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Instantaneous modal identification under varying structural
characteristics: a decentralized algorithm

Said Quqa®*, Luca Landi?, Pier Paolo Diotallevi®

@ Department DICAM, University of Bologna, Viale Risorgimento 2, 40136 Bologna, Italy

ABSTRACT

One of the latest trends in structural health monitoring involves the use of wireless decentralized
sensing systems, developed to reduce costs and speed up the whole monitoring process. The main
purpose of this paper is to present a novel decentralized procedure for the instantaneous modal
identification of time-varying structures, also suitable in the presence of environmental variations
and non-stationary ambient excitation. In particular, a modal assurance criterion (MAC)-based
clustered filter bank (CFB) is obtained, capable of decomposing structural responses into modal
components for the evaluation of time-varying natural frequencies and modal shapes through a
nonlinear energy operator. The proposed algorithm is relatively simple and usable with low-cost
smart sensing systems, as it requires low computational effort and works with few data at a time.
To prove the effectiveness of the presented method, a simulated near-real-time modal
identification procedure has been performed on a full-scale bridge under progressive damage
scenarios. The estimated modal parameters have then been used for damage diagnosis. The results
reveal a good correspondence between identified modal parameters and reference values, showing
also promising outcomes for both damage detection and localization.

KEYWORDS: output-only modal identification; structural health monitoring; wavelet filters;
Teager energy operator; damage identification.

Declaration of interests: none.
1. INTRODUCTION

Most engineering structures exhibit characteristics that vary with time. Some variations, for
example due to environmental effects (e.g., temperature and humidity) or degradation of structural
performance, are slow or infrequent. For the purposes of structural health monitoring (SHM), it
is possible to apply the classical methods for identifying modal parameters even in the presence
of such variations, assuming the quasi-stationarity of the system [1]. In this wayj, it is also possible
to plan data acquisition intervals, checking the structural state of health periodically [2,3]. For
other time-varying systems [4], such as bridges with vehicular traffic [5-7], civil structures in
evolving construction phases [8-10], rotating machinery under variable load conditions [11], time-
periodic systems like wind turbines [12], robotic or aerospace structures with variable geometry
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[13,14], the application of classical methods for the identification of modal parameters may not
be admissible, since the hypotheses of quasi-stationarity could be far from the real situation. In
these circumstances, the instantaneous identification of time-varying dynamic features is
preferable. Moreover, real-time approaches may be desirable for visualizing identified parameters
or to enable prompt decision making [15].

In recent years, many methods have been presented for the identification of time-varying
structures. These techniques can be mainly divided into two categories: time-domain methods,
which are generally parametric, and time-frequency-domain methods, generally nonparametric or
unstructured. As regards the former category, Poulimenos and Fassois [16] presented a survey of
methods based upon time-dependent autoregressive moving average (TARMA) representations
for modeling non-stationary random vibration and compared them with traditional non-parametric
methods. Among the analyzed methods, the functional-series TARMA based technique, presented
in [17], has also been employed to achieve damage identification [18]. In further developments,
Spiridonakos and Fassois [19] presented a novel class of adaptable functional series TARMA
models whose basis functions are estimated based on the modeled signal, while Yang et al. [20]
faced the problem of sudden changes proposing a Moving Kriging (MK) shape function modeling
method.

As for non-parametric methods, those based on the Hilbert-Huang transform (HHT), the short-
time Fourier transform (STFT), and the wavelet transform (WT) are among the most used.
Different algorithms based on these techniques have been presented by Nagarajaiah and Basu [21]
to demonstrate the ease of implementation and the capabilities of time-frequency methods for
modal identification in output-only conditions. The abilities of these techniques to track time-
varying modal parameters have been also demonstrated by Kijewski and Kareem [22]. Moreover,
different solutions to separate non-stationary multicomponent signals have been proposed. Klepka
and Uhl [1] presented an adaptive wavelet-based filtering method, while Wang et al. [23]
exploited the limited memory recursive principal component analysis. Both these techniques are
based on the assumption of slowly time-varying systems. Bhowmik et al. [4] presented an efficient
algorithm to perform blind source separation (BSS) in real time involving a recursive canonical
correlation analysis (RCCA), while Amini and Ghaseni [24] used the equivariant adaptive
separation via independence (EASI) approach. Ditommaso et al. [25] used a band-variable filter
based on the Stockwell transform, employed in further studies [26,27] for damage diagnosis. This
method, however, requires prior knowledge of the entire signal in order to perform the analysis.

Some SHM applications may involve limited space for sensor installation, obstacles which may
hinder cable deployment, and continuous movement of the workforce which could damage parts
of the monitoring system. In these cases, as when the deployment of long cables may increase
considerably the overall costs, wireless transmission technologies are preferable [10]. However,
continuous high-rate data streaming is impractical through wireless systems, especially for dense
sensor networks. Fu et al. [28] proposed an event-triggered sensing system to collect high-fidelity
data at the occurrence of strong events, intending to perform prompt decision making with
minimal data transmissions. Although this system has shown particularly effective in detecting
strong motions, in some applications, damage states may also appear without detectable
acceleration peaks, making continuous monitoring preferable.



Recently, technologically innovative wireless sensing systems have been introduced [29-31] that
have new generation micro electro-mechanical system (MEMS) sensors connected to
microcontrollers capable of performing simple onboard operations. Their limited computational
capacity can be exploited through decentralized algorithms [32] in which part of the signal
processing procedures (e.g., filtering and downsampling) is performed at the node level. In this
way, the data transferred to the monitoring station are lighter and the computational burden is
significantly reduced, making it easier to carry out the online monitoring process.

Several authors [33-35] proposed decentralized-topology algorithms based on traditional time-
domain or frequency-domain identification methods. These identification techniques are based on
the strict assumption of uncorrelated white noise input excitation, not always verified, especially
in case of continuous monitoring under environmental conditions. Recently, Yun et al. [36]
implemented a new method suitable for wireless smart sensor nodes employing wavelet entropy
analysis. In this study, the excitation has been assumed as band-limited white noise. Sadhu and
Narasimhan [37] proposed a static filtering method based on the stationary wavelet packet
transform (SWPT) for signal decomposition, and Fourier transform for identification of modal
parameters. Other authors presented methods based on HHT, that however is not suitable for
online applications in the traditional form because of its “global” rather than “local” nature [38].
Wang and Chen [39] proposed a method for online identification of time-varying properties of
structures employing a recursive HHT-based procedure. Bao et al. [40] applied the HHT on cross-
correlated data windows to improve the robustness to noise contamination. To avoid the
difficulties related to the Hilbert transform, as the computation of analytical signals during online
applications, some authors experimented with other techniques for the extraction of instantaneous
parameters. Ghazali et al. [41] presented a comparative study illustrating the performance of
Hilbert transform and other methods, as cepstrum, direct quadrature, and Teager energy operator
(TEO), showing how the last is simple and suitable for online applications, but very sensitive to
noise. Moreover, this method can only be applied to mono-component signals and therefore
requires prior decomposition.

Battery life is one of the most critical issues for wireless monitoring systems, especially when
continuous onboard procedures are implemented. Nevertheless, processing and transmissions can
be optimized [42], considering an acceptable latency in parameter identification and gaining in
network efficiency.

The main contribution of this work is to present a new method for modal identification capable
of estimating instantaneous natural frequencies and modal shapes in near real time, even under
non-stationary excitation and during changes in structural behavior due to environmental effects
or damage. The algorithm consists of two steps. The first involves an initialization procedure in
which a wavelet clustered filter bank (CFB) is defined by analyzing a window of acquired signals.
By performing the discrete wavelet transform and a clustering procedure based on the modal
assurance criterion (MAC) coefficients, it is possible to define the parameters of a filter bank by
which modal responses can be directly extracted from the acquired signals by convolution. In a
second step, after filter bank construction, microcontrollers at the node levels are able to extract,
downsample, and transfer modal responses to the central monitoring station, where the data can
be analyzed by means of modal identification techniques as responses of single degree of freedom
(SDOF) structures through a TEO-based procedure. Due to the filtering procedure, the noise



sensitivity of TEO is mitigated. Since the modal parameters may vary consistently if damage or
strong variations in environmental conditions occur, a recursive updating of the CFB could be
necessary. In this context, an adaptive variant to the two-step CFB decomposition algorithm is
also proposed.

The main advantages of the presented method are listed below, along with the related

assumptions:

- Since the extraction of modal responses is achieved by filtering the data through signal-adapted
CFB and the estimation of instantaneous frequencies is performed by means of a local method
which considers only few samples, the identified modal parameters are time-dependent.
Therefore, the method proposed is capable of tracking the variations of modal parameters due
either to varying environmental or operational conditions, or ongoing damage, assuming that
the signal window used to generate the filter bank (or most of them in case of the adaptive
procedure) is recorded under broadband excitation;

- The method is capable of identifying also abrupt changes in modal parameters in near real time
(considering the delay introduced by filtering). For the two-step procedure, the ability to
identify changes in modal shapes and natural frequencies is related only with the entity of
changes in terms of frequency. For the adaptive variant it depends also on setup parameters
(i.e. how frequently the filter bank is updated);

- The continuous signal decomposition is not affected by the end-effects of windowing
functions, but only by delay, which depends on the filter bank size;

- The method is relatively simple and suitable for the innovative wireless smart sensor networks
(WSSN) since most of the computational burden can be spread throughout the sensing system.

Following a summary of the theoretical background and the description of the proposed algorithm,
the second part of this paper is focused on the application of the proposed method to a real case
study. In particular, the algorithm has been validated using the data recorded during an
experimental campaign performed by the Vienna Consulting Engineers (VCE) together with the
University of Tokyo in 2008 on the S101 Bridge, in Austria. The results of instantaneous modal
identification are reported and discussed, illustrating a comparison between the identified
parameters and the analyses conducted by the VCE. Moreover, as a practical example of
exploiting the identified parameters, a simulated near-real-time flexibility-based damage
identification procedure is also performed.

2. WAVELET TRANSFORM AND FILTER BANKS

Wavelet transform is a widely used instrument in the field of signal processing, as an alternative
to the Fourier transform, especially when dealing with non-stationary signals, since it is capable
of capturing both time and frequency information [21-23,43,44].

One of the most used versions of WT is the “non-redundant” discrete wavelet transform (DWT),
which entails the application of a recursive filter bank, consisting of low-pass and high-pass filters
[45]. For each subsequent transformation level, only the approximations (obtained from low-pass
filtering) are further filtered. Although this transform is characterized by a low computational
effort, a drawback is that it does not possess the time-invariance property and therefore it is not



suitable for real-time processing of non-stationary signals [46]. Another widely used version of
WT is the wavelet packet transform (WPT), in which both the details and the approximations are
decomposed at each level. If the WPT coefficients are not decimated after each filter bank
application, the transform is known as stationary wavelet packet transform (SWPT). In this
version, the analyzed signal is transformed into a series of components characterized by a narrow
frequency band, each with the same number of samples of the original signal. Given the
redundancy, SWPT is characterized by the shift-invariance property, which makes it ideal for
estimating dynamic parameters in real time [47,48].

Wavelet filter banks can be built both to decompose (analysis filters) and reconstruct (synthesis
filters) the signal [49]. In order to build such filters, three fundamental parameters have to be
determined: the type of function, its order, and the transform level. The first parameter consists
of the choice of the function by which the basis of transformation is generated [49]. The second
parameter is related to the number of vanishing moments: the higher the number of vanishing
moments, the more the filter is close to an ideal one (involving an increase of the support size,
1.e., filter length) [50]. The third parameter specifies how many times the transform has to be
performed.

The choice of these parameters depends on the purposes of the analysis: in the field of structural
health monitoring, several authors use Daubechies [50,51], Symlet [52], and Meyer [53]
functions, selecting the wavelets and their orders to be effective with the implemented algorithms.
In Fig. 1, six different choices of decomposition parameters are compared as an example (the
decomposition level is fixed to 4 for each graph). In particular, the diagrams in the first column
show the comparison between the Fejér-Korovkin function of order 14 and the Daubechies
function of order 7, which have the same filter length. The gray area represents the filter overlap,
corresponding to undesired frequency bands included in the designed bandpass filters. The larger
this area, the higher is the eventuality of obtaining multi-component responses as an output of the
decomposition procedure (i.e., representing more than one modal response). As reported in
[54,55], filter length being equal, the Fejér-Korovkin filter is the closest to an ideal sinc (i.e.,
cardinal sine) bandpass filter. It can also be noted from Fig. 1 that, even doubling the filter length
(see Appendix B for more details on the filter length), Daubechies and Symlet functions (db14
and sym14) are still characterized by higher error when compared to the Fejér-Korovkin function.

Once the decomposition filter bank is built, a convolution of the signal for each generated filter
has to be carried out in order to perform the transform. At the last level (n), for the SWPT, 2™
series of coefficients are generated, each referred to a frequency band whose characteristics
depend on the chosen parameters. In particular, the higher the transform level, the narrower is the
frequency content for each wavelet component. Moreover, the higher the order of wavelet
function, the more condensed is the energy in the frequency domain.

It is also possible to reconstruct the original signal from the set of wavelet coefficients by
performing the sum of convolutions computed between each wavelet component and the
corresponding synthesis filter [49].
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Fig. 1: Comparison of decomposition filter banks in frequency domain (decomposition level 4).
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3. DETAILS OF THE ALGORITHM PROPOSED

An identification procedure is suitable for WSSN-based systems if the algorithm is designed in
order to allow each node to perform part of the processing operations independently, without
knowing the information collected by the other nodes. Moreover, in order to perform the
identification procedure in near real time, onboard operations must be simple and fast since the

computational capacity of nodes is usually low.

In this context, we propose a two-step identification method (Fig. 2): the first phase (i.e.,
initialization step) consists of the construction of a CFB, while the second phase entails real-time
analysis. In particular, in the latter phase, the signal is first decomposed into modal components
at the node level and then transmitted to the monitoring base, which performs the modal

identification.
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Fig. 2: Workflow of the algorithm presented.

3.1 Choice of the filter bank

In order to implement the n-level wavelet transform of a signal, it can be convoluted with the
equivalent filters obtained by cascading the lowpass and highpass filters associated with the
selected wavelet, up to level n. The transform is therefore conducted through the application of a
filter bank of equivalent filters [49].

In this study, in order to decompose a signal x into a finite set of components y, characterized by
different frequency bands, whose linear combination lead to the original signal, the wavelet
decomposition and reconstruction equivalent filters are applied in series, exploiting the perfect
reconstruction property of wavelet filter banks [49]. Since the convolution operator (*) is linear
and time-invariant [56], a sequence of filtering operations can be performed in any order without
changing the output result. It follows that the convolution of the original signal with a
decomposition filter and then with a reconstruction filter gives the same output of a convolution
between the original signal and the convolution of decomposition and reconstruction filters. By
representing the signal and filters as discrete sequences in the time domain:

Yieltl = ((x * d) * 1 )[e] = (x = by)[e] (D

where y;, is the k-th component of the original signal x, d; and r;, are respectively the impulse
responses of the k-th equivalent decomposition and reconstruction filters corresponding to the
selected level of the transform, and by, is the impulse response of the resulting filter obtained by
the convolution between d;, and ry.

Since convolution is distributive over addition, the filtered version of the signal referred to m
frequency bands (from the k;-th to k,,-th), can be computed as:
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where by is a filter obtained by summing the filters by associated with the considered m

components. By considering the system as linear, time-invariant and causal, the 7-th sample of
the filtered signal can be represented as:

N-
1
ykl,km = m Z — h] bkl,km [A] (3)
h=0

where N — 1 is the filter order, N = 2N — 1 is the length of by, and N is the length of dj, and 7.
From this last relation it emerges that the filtering procedure can be carried out in real time by
using only a subset of past samples of the input signal. This process introduces a delay in the
output signal, which depends on the choice of parameters used to build the filter bank. Because
of the choice of by, by properly selecting ky, ..., k., the component yy, ;. may be assumed as

one of the structural modal responses which are linearly combined in the collected signal x.

3.2 Step 1: Initialization

In a pre-processing stage, each sensor collects an acceleration time history (of user-defined
duration) which is directly transmitted to the central monitoring station. Here, the signal collected
at each node is decomposed by SWPT, through the convolution with a decomposition filter bank,
generating 2™ wavelet components at transformation level n. As discussed in Section 2, each
component is related to a different frequency band, the energy of which can be represented by the
amplitude of wavelet coefficients.

By selecting a master sensor position (e.g., the first sensor), it is possible to evaluate the operating
deflection shapes by computing the mean over time of ratios between the k-th wavelet
components of the master time history and other collected signals. In this way, 2™ shapes can be
computed as:

S
10 wiklT]

Pk =5 Lawpi[T]
=1

(4)

where @;  is the i-th element of the k-th operating deflection shape @y, w; ; [7] is the 7-th sample
of the k-th wavelet component, computed on the signal collected by the i-th sensor, and s is the
number of samples for each signal (i.e., the length of the initialization signal window). For more
robust results, the average can also be performed after excluding outliers. The MAC coefficient
for each couple of shapes (related to the k;-th and k,-th components) can then be evaluated as:

e 1<Pik1<Pik2|2
(Zl l(plkl)(zl 1901k2)

MAC k, = (5)



where 7 is the number of sensors. In order to generate a filter bank for decomposing the signal
through convolution during a following real-time analysis, a clustering procedure is then
performed by grouping the consecutive bandpass filters b, defined in equation (1), the
decomposition counterparts of which (dj) generate wavelet components with similar deflection
shapes (i.e., producing high MAC values). In particular, for each couple of consecutive bandpass
filters by, by,

bkl’bkz € C] = MACkl,kz =t (6)

where C; is a generic cluster, and t; is a user-defined threshold. Furthermore, an energy-based
selection procedure can be performed to discard the clusters the corresponding global energy E;
of which is lower than a chosen threshold t,:

CjEF@EthZ (7)
where T is the set of selected high-energy clusters. In this work, the global energy associated with

the j-th cluster, which groups the wavelet components from the k;-th to the k,,-th, has been
computed as:

(8)

The bandpass filters contained in each selected cluster can thus be summed as shown in relation
(2), in order to obtain the resulting filters forming the CFB used in Step 2. The CFB, therefore,
consists of bandpass filters by which high-energy signal components associated with different
deflection shapes (i.e., decoupled modal responses) are extracted.

The length of the signal window analyzed in the initialization phase is a user-defined parameter
that strongly influences the analysis results. In fact, the choice of a short window under non-
stationary input excitation could result in a wrong clustering procedure and energy-based
selection, since not all the modes of interest could be sufficiently excited. In particular, if the input
excitation is characterized by a narrow frequency band, only a low number of vibration modes
would be activated, generating low-energy wavelet components associated with the natural
frequencies excluded due to the excitation characteristics. In this way, the estimate of operating
deflection shapes would be inaccurate due to the low signal-to-noise ratio (SNR) of these
components. Moreover, clusters associated with natural vibration modes could also be discarded
due to the disturbed energy distribution generated by narrow-band excitation.

At the end of the initialization phase, the monitoring station transmits to each node the CFB, by
which the signal decomposition can be directly performed onboard by convolution. It should be
noted that, after CFB construction, small variations in frequency and even important variation in
modal shapes can be registered since the decomposition is performed by using larger band-pass
filters with respect to those associated with single wavelet components, as done in other works
[47]. This allows the changes in modal parameters associated with environmental variations or
damage to be taken into account in the decoupled modal responses. On the other hand, because



of relations (7) and (8), a signal component must exhibit a persistently high energy value in the
interval analyzed during Step 1 in order to imply the inclusion of the corresponding frequency
band in the final filter bank. For this reason, high-energy peaks generated by transient features of
the non-stationary exciting input are generally filtered out during Step 2, not involving the
identification of spurious resonant frequencies. The quality of extracted modal responses could
also be further evaluated for example by observing their probabilistic features (e.g., kurtosis
[47,57]) in order to discard spurious modes generated by persistent harmonic components in the
excitation.

The total complexity of Step 1, as reported in detail in Appendix A, is mainly due to the SWPT
and is relatively high compared with that of the rest of the algorithm. However, although low-cost
systems could take some seconds to perform the necessary initialization procedures, Step 1 only
takes place when particular conditions occur (i.e., at the beginning of the procedure or as described
in Section 3.4) and, once finished, gives way to Step 2 that consists of real-time analysis.

3.3 Step 2: Real-time analysis

Once the initialization phase is completed, each node has the same CFB which allows for the real-
time decomposition of collected signals into decoupled modal responses, performable
independently from other nodes. Therefore, in each node, the signal recorded through the
connected sensor is processed by convolution, as shown in equation (3), with each bandpass filter
of the CFB generated in Step 1. In particular, to calculate a new sample of the filtered signal y[7],
a window of new-coming data from x[t — N + 1] to x[t] with the same length as the filter must
be considered. After filtering, each component could also be downsampled (up to the Nyquist
rate), in order to reduce the weight of data and easily transmit it to the monitoring station.

After obtaining the decoupled modal responses, these can be analyzed as responses of SDOF
structures. In order to implement procedures in real time, a nonlinear energy operator-based local
method has been used in this work. In particular, the discrete-time energy separation algorithm-1
(DESA-1), which involves the Teager energy operator (TEO), has been chosen. In the case of
discrete signal analysis, the TEO is defined as [58]:

Y[ylz]] = y*[r] — y[r — 1] y[r + 1] (9)

where y[t] is the 7-th sample of a digital signal. Several methods have been implemented for the
extraction of frequency and amplitude characteristics of non-stationary signals by using this
operator [59]. In particular, in DESA-1 [60], the instantaneous digital frequency {2 can be
estimated as:

lz"[z[r]] + ‘P[Z[T + 1]]) (10)

(1[t] = arccos| 1 —
il ( [y]
where (2 is the digital frequency, w = QF; is the circular natural frequency, F; is the sampling
frequency, and z[t] = y[t] — y[t — 1]. Since in this application the frequency is estimated online
(i.e., as new data is available), at the instant 7, the values of y[cg] with ¢ > T are unknown. For
this reason, in equations (9-10), y[t + 2] must be intended as the last available value obtained
from convolution. In other words, an additional delay of 2 samples is introduced by using this

10



algorithm for the estimation of instantaneous frequencies. The mathematical description of the
total delay is reported in Appendix B.

From each modal response, it is possible to extract an instantaneous trend of the corresponding
natural frequency through relation (10). Since a single frequency line per mode is sufficient to
characterize the structure over time, it is possible to consider the modal responses extracted at
only one sensor position or, alternatively, to evaluate the multivariate instantaneous frequency as
an amplitude-based weighted average of the instantaneous frequencies obtained in each position
[61], in order to avoid inaccurate estimates due to noisy recordings collected at the nodes of modal
shapes. It is possible indeed to capture also the instantaneous amplitude through the TEO [60].
Moreover, as the algorithm uses only a few input samples, it is highly sensitive to noise. In order
to remove spikes from the output data, a median filter can be applied on a window of the last u +
1 estimated values, obtaining the de-noised frequency £2[7] as:

Q] = median|[Q[t — u], Q[ — pu+ 1], [t — u + 2], ..., 2[7]] (11)

An estimation of the i-th element of the j-th instantaneous modal shape ¢ ;[7] can be simply
computed as the ratio between the components y; ;[7] and y, ;[7] obtained by the convolution of
signals registered at different positions (i.e., x;[7] and x;[7]) with the same filter b;:

_Yij [7]
Y1,j [7]

¢ijlt] (12)

In this study, the instantaneous estimation of damping has not been considered, for which, to date,
robust identification methods are still lacking [62]. Furthermore, damping is not yet clearly
correlated with damage and environmental conditions, therefore further studies that go beyond
the purposes of this work need to be conducted.

As demonstrated in Appendix A, Step 2 implies a computational burden in the order of O(N) per
input sample onboard each node. This makes it possible to obtain near-real-time estimates of
instantaneous modal parameters even using low-cost systems (see Section 4.2 for a numeric
estimate of timing for the onboard procedures). Most of the traditional identification techniques
used in a decentralized fashion for the identification of instantaneous modal parameters require a
higher computational burden and are often related to other disadvantages. In particular, processing
a signal window of length N through the STFT would imply a computational complexity in the
order of O(N log N) per sample, using the Fast Fourier Transform (FFT) [49]. Moreover, it would
also be necessary to extract the instantaneous trend of natural frequencies and modal shapes for
each identified mode through a further ridge-extraction procedure, increasing the overall
complexity. Considering the HHT, such as in the algorithm used by [40], which does not require
ridge extraction, the computational burden can be considered as proportional to that of the FFT
[63], but the results obtained are often affected by problems such as mode-mixing. Furthermore,
in a decentralized topology, the intrinsic mode functions (IMFs) computed by analyzing the
signals collected in different positions may have different frequencies (and then be associated
with different vibration modes) on each node, leading to a wrong estimation of modal shapes.

11



The computational cost of Step 2 for the monitoring station is moreover particularly low if
compared to other recent centralized algorithms. Considering, for example, the method based on
recursive correlation analysis (RCCA) presented in [4], the most demanding part related to the
eigenspace update has a complexity in the order of O(m3?) per input sample, with m denoting the
number of eigenvectors of the block covariance matrix of structural responses, which depends on
the number of data channels and is generally higher than the number of identified modes p which
governs the computational complexity of the presented algorithm without considering any post-
processing operation (see Appendix A.2). Similarly, the equivariant adaptive separation via
independence (EASI) algorithm used in [24] has a complexity in the order of 0(gq3) where q is
the number of data channels [64]. Moreover, it should be noted that the decentralized fashion of
the proposed algorithm enables suitable downsampling of data before transmission, which makes
it suitable for wireless systems. On the other hand, the algorithms presented in [4] and [24] require
the data from all sensors available in the monitoring station in order to update the time-varying
models.

3.4 Adaptive variant of the procedure

During long-term monitoring, modal parameters may undergo higher variations than those
allowed by the CFB generated in the initialization phase. In order to improve signal
decomposition, the filter bank should thus be periodically updated. The updating procedure
consists of a repetition of Step 1 at determined time intervals, at the occurrence of situations in
which it may be convenient to update the filter bank (e.g., when the signal amplitude is high, SNR
increases and the effects of noise less affect the procedure), or when significant changes are
noticed in the evaluated instantaneous frequencies. The updating procedure also reduces the risk
of carrying out an incorrect identification based on a filter bank generated in the presence of
narrow-band excitation.

If one of the conditions selected to start the updating procedure arises, the sensing nodes collect
and transmit a limited signal window to the monitoring station, as it occurs during the initialization
phase. Then, the procedures illustrated in Section 3.2 are repeated and the updated CBF is finally
transmitted to each node, where real-time analyses start again using the new filters until the next
update. The recursive clustering procedure to determine the updated filter bank can be performed
by taking into account not only the parameters evaluated within the new signal window but also
those computed at previous steps, by performing a weighted average. In particular, we propose
the updating procedure described in Fig. 3, in which an average between the new and old MAC
coefficients is performed at each updating step, and then used for the clustering procedure.
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The weighted MAC value between the components k; and k, used during the [-th update is given

by:
l

¢
MAC’?LRZ Z MACkLkz

EYo.Val —
MACkLkz - 21 21-{+1 (13)

¢=1

where MAC ,81,,( , 18 the value computed during the first initialization procedure and MAC, ’ilsz are

the values calculated during the subsequent updates, up to the [-th. At each iteration, the new part
gains the same weight of the whole set of previous values, the older of which become negligible
after a few updates.

If low-cost hardware with limited computational capacity is implemented to realize the
monitoring system, it may be necessary to interrupt the real-time analysis during the filter updates,
since clustering is an energy-consuming centralized operation (as shown in Appendix A). To limit
this issue and optimize resources, the filter update procedure should be shortened as much as
possible. For this purpose, a limited number of sensor positions can be selected as a reference and
used to calculate the parameters on which the cluster procedure is based. The MAC coefficients
can therefore be evaluated considering only the signals coming from the selected reference
positions. In this case, relation (5) becomes:
_ |er=1 Pik,Pik, |2
(i 07 (5 97,)

MAC, ., (14)

where MACy, i, is the coefficient computed by considering only 7 reference positions, with 2 <
7 < r. Moreover, if only two reference positions are selected, the average ratio between the
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filtered components reported in equation (4) can be directly used as clustering variable. In this
case, the condition (6) becomes:

Ww. T Wp T
biy, bi, € G Z( e “"‘2“>St3 (15)

WTZ kl T Wf'z,kz [T]

with 74 and 7, the selected reference positions, and t; a user-defined threshold. Using a small
number of signals for clustering leads to a consistent reduction in the computational burden of the
updating procedure. This can be seen in detail in Appendix A, since the value of r reported in
Tab. A.1 decreases to 7. However, this simplified method could lead to the construction of a less
accurate filter bank, depending on the choice of master positions. In order to make the optimal
selection, the positions have to be chosen at the points where maximum amplitudes of first modal
shapes occur, avoiding the nodes, where the recorded accelerations are low and inaccurate.

Both for the original approach and for the simplified method, the computational complexity of
the identification procedure, as well as the accuracy and delay of identified quantities, depend on
the choice of setup parameters, as shown in Appendices A and B. In particular, the parameters
concerning the wavelet transform (i.e., the type of function, its order, and the transform level), the
length of post-processing window, the MAC threshold used for filter bank construction, and its
updating rate play a central role. The criterion for choosing these parameters may however vary
according to the specific case study. For structures with quite distant vibration modes (in terms of
natural frequency) and low-noise recordings, it is advisable to build a small filter bank in order to
obtain modal parameters with little delay; on the other hand, in the case of noisy recordings and
closely-spaced vibration modes, filter order and transform level must be increased, also increasing
the delay. In this case, a more frequent filter update may also be necessary. Thus, high
transformation levels and wavelet orders lead to more precise filtering, with the disadvantage of
higher computational effort and long delays due to demanding convolution procedures. Regarding
the MAC threshold, the selection of a low value generally leads to filters with a wider band, which
may result in the extraction of modal responses with low SNR or multi-component signals (in the
case of consecutive modes with similar shapes). On the other hand, if the decomposition level is
high and the signal analyzed is noisy or the window selected for the initialization phase is short,
a low threshold could help in merging components of the same vibration mode, the shapes of
which are slightly different due to estimation errors. A large value of the threshold however leads
to narrow-band filters which must be frequently updated if estimated modal parameters fluctuate
either for physical reasons or estimation uncertainties. A practical example of the effects of MAC
threshold selection is given in Section 4.2.

It should also be noted that the method presented is designed for the online identification of modal
parameters, but it could also be used for periodic inspections. In this case, after the initialization,
the sensing nodes could be periodically switched on for collecting signal in a given time interval,
which is decomposed and downsampled onboard each node, and then transmitted to the
monitoring station. This procedure however allows the reduction of data transmissions, and
therefore of energy consumption, since modal responses can be suitably downsampled after
filtering. Moreover, time information is preserved, allowing the analysis of short-time non-
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stationary sequences recorded for example at the occurrence of strong seismic events or particular
operating conditions.

In the case of damage diagnosis for civil structures, it is also important to consider the long-term
variability of identified parameters [65,66]. First, the knowledge of their variation under different
environmental conditions allows the construction of a statistical distribution that may be used to
limit the possibility of false alarms [67,68]. This may be done, for example, by correlating the
variation of estimated parameters with measured environmental conditions (such as temperature
and humidity) and anthropic sources (such as the intensity of vehicular traffic) [69-71]. Moreover,
in order to restrain the fluctuation of identified parameters due to continuously changing
operational conditions (e.g., moving cars on a bridge), a suitable post-processing phase is
necessary. For example, by using a wide window for median filtering, as shown in equation (11)
and Appendix B, the robustness of the algorithm to operational uncertainties will increase, as the
latency of resulting identified quantities.

4. APPLICATIONS

In this section, a practical application of the CFB decomposition is shown. The case study
analyzed is the full-scale S101 Bridge in Vienna, on which the Vienna Consulting Engineers
(VCE), together with the University of Tokyo, conducted an experimental campaign in 2008,
collecting acceleration time histories under ambient vibration and different structural health
conditions [72-73].

In this work, the data has been analyzed a posteriori, with the complete data set available.
However, the analyses are conducted by considering only few samples at a time, simulating a
real-time monitoring process.

4.1 Description of the case study configuration

The case study analyzed (Fig. 4 and 5) is a three-span post-tensioned concrete bridge built in the
1960s and demolished in 2008 due to the need for an additional lane underneath. The bridge slab
was continuous, supported by two pairs of piers. The central and side spans were respectively 32
meters and 12 meters long. The cross section was 7.2 meters wide, formed by beams with variable
height along the longitudinal direction, equal to 0.9 meters in the middle of the central span, up
to 1.7 meters at the piers.

Fig. 4: View of the S101 Bridge [72].
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Before the demolition, a three-day experimental campaign was carried out, aimed at identifying
the structural damage under progressive artificially induced damage scenarios, consisting of
north-western pier settlements and loss of post-tension forces. In this application, only the
conditions referred to the pier settlement have been considered (summarized in Fig. 6 and Tab.
1). In particular, after unloading the pier by means of a hydraulic jack, it was cut at the base
(scenario A) and a slice 10 cm thick was extracted (Fig. 7). Then, the jack was lowered in three
progressive steps, each by 1 cm (scenarios B, C, and D). In the first two steps, the pier followed
the whole lowering, while at the end of the third step the final measured settlement was 2.7 cm
and the column was completely suspended. Afterward, some compensating plates were inserted
at the bottom of the pier (scenario E).

i

" — = T
I | ] i
Supporting
steel column
Hydraulic '
|| jack || )
[ Cut [_| Lowering | | ‘L Plates _
1 Wi
Scenario U Scenario A Scenarios B, C, D Scenario E

Fig. 6: Schematic of progressively induced damage scenarios.
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Tab. 1: Summary of progressively induced damage scenarios

Description
Undamaged structure
Cut of the north-western column
First step of lowering — 1 cm
Second step of lowering — 2 cm
Third step of lowering — 3 cm
Insertion of compensating plates

Damage scenario

mg|Q|w > c

Fig. 7: Photographic documentation of the pier settlement process [72].

The data were collected by using a dense BRIMOS [74] sensor grid consisting of 15 three-
directional FBA-23 force balance accelerometers from Kinemetrics, with a sensitivity of 2.5 V/g
under full-scale range of 1 g, and a resolution of 10% g. Raw signals were logged by means of a
16-bit analog-to-digital converter (ADC). The sensors were arranged on the structure as shown in
Fig. 5: 14 of them were positioned along the west side and 1 along the east side in order to also
identify torsional modes. The original data were collected with a sampling frequency of 500 Hz.
More details about the geometry and the instrumentation used can be found in [72,75]. In Tab. 2
the results of identification procedures shown in [72] for the scenarios from U to E are reported.
The percentage variation of natural frequencies with respect to the undamaged condition have
also been computed and noted in Tab. 3. The reference frequencies shown in Tab. 2 were
calculated by the VCE using the BRIMOS software, which extracts the peaks of an averaged
normalized power spectral density (ANPSD) obtained from windowed data [75].

Tab. 2: Natural frequencies identified during the experimental campaign conducted in 2008,

reported in [72]
Mode Damage scenario
U A B C D E
1 4.05 Hz 3.95 Hz 3.96 Hz 3.92 Hz 3.62 Hz 3.98 Hz
2 6.30 Hz 6.08 Hz 6.01 Hz 5.88 Hz 5.39 Hz 591 Hz
3 9.69 Hz 9.44 Hz 9.44 Hz 9.28 Hz 8.22 Hz 9.34 Hz
4 13.29 Hz 12.15 Hz 11.65 Hz 10.79 Hz 10.06 Hz 10.92 Hz

Tab. 3: Percentage variation of natural frequencies with respect to the undamaged condition
(with reference to data reported in Tab. 2)
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Damage scenario
Mode A B C D E
1 -2.47% -2.22% -3.21% -10.62% -1.73%
2 -3.49% -4.60% -6.67% -14.44% -6.19%
3 -2.58% -2.58% -4.23% -15.17% -3.61%
4 -8.58% -12.34% -18.81% -24.30% -17.83%

4.2 Two-step algorithm implementation

In this paper, only the data recorded in the vertical direction has been used, downsampled at 100
Hz. In order to set up the two-step procedure, a 100-second signal window for damage scenario
U, recorded at each sensor position, has been used in the initialization phase. Those signals have
been decomposed through a decomposition filter bank built by choosing the 14-th order Fejér-
Korovkin wavelet (fk14) and decomposition level 6.

Afterward, the operating deflection shapes associated with each component and their MAC
coefficients have been computed as shown in Section 3.2. Then, a clustering procedure has been
performed in order to group the components characterized by high MAC value and similar
frequency contents. To this aim, a threshold of 0.8 has been chosen for MAC-based clustering,
and only consecutive components have been assigned to the same cluster.

Consequently, an energy-based selection procedure has been performed on the obtained clusters
in order to select only the high-energy components. In Fig. 8, the bandpass filters associated with
the MAC-based clusters are represented in the frequency domain, together with their RMS energy
values (represented as circles). In this phase, being interested in the identification of the first
modes, only the frequency band from 0 to 15 Hz has been analyzed. Only the clusters with high
energy values (i.e., the outliers with respect to the mean) have been selected to form the final
CFB, which is then transmitted to the sensor nodes.
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Fig. 8: Representation of the filter bank in the frequency domain and the energy level (RMS) for
each cluster (full circles indicate energy values over the average level, represented as a dashed
line).

In Fig. 9, the filter banks obtained by selecting different values of MAC threshold are reported.
As explained in Section 3.4, higher values lead to narrow-band filters, which may be unsuitable
for noisy data. Moreover, the RMS energy threshold for selecting high-energy components
changes, generally resulting in a larger number of high-energy components for low values of
MAC threshold. Superimposed to the filter banks, in Fig. 9, a tree structure shows how filters are

divided as the MAC threshold increases.
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Fig. 9: Filter banks obtained using different values of MAC threshold. Each filter is represented
as a rectangle (empty for low-energy components and filled for high-energy components).

Once completed the initialization phase, each node has the filter bank that allows for real-time
decomposition. A signal set obtained by merging 6 subsets related to different damage scenarios
has been analyzed in order to perform the modal identification under structural time-variant
behavior. In particular, 15 acceleration time histories (i.e., one for each sensor position) of 33
minutes have been generated by merging the 5.5 minutes recordings related to scenarios U, A, B,
C, D, and E, with reference to Tab. 1. Each signal has been decomposed individually, simulating
the operations performed onboard every sensor node (i.e., convolution with the CFB).

While the decomposition is in progress, each sample obtained by convolution (or a subset of them
in case of downsampling) can be transmitted to the monitoring station, which performs the real-
time modal identification. In this application all the modal responses have been downsampled by
a factor 3 (with a final sampling period of 0.03 seconds). Natural frequencies and modal shapes
have been estimated through the use of TEO, as shown in Section 3.3. In order to obtain more
accurate results, a median filter has been applied using a window of 300 samples (i.e., each sample
of the resulting instantaneous parameters has been computed as the median of the last 300
instantaneous values). The results in terms of frequency, which in this study have been computed
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only considering the signal collected by sensor 9, are reported in Fig. 10, where the trend obtained
in this analysis is also compared with the reference values of Tab. 2, with the natural frequencies
obtained by performing a frequency domain decomposition (FDD) over each damage scenario,
and with the trend computed by using the adaptive technique, as shown in Section. 3.4, which will
be discussed in the next section. In the figure, these plots are also superimposed on the
spectrogram obtained by means of the STFT performed on the unfiltered signal collected in the
same position.
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Fig. 10: Comparison of identified natural frequencies over time. The lines of identified
frequencies are superimposed on the spectrogram obtained by means of STFT (gray shade).

In Fig. 10, the vertical black dashed lines represent the entry into a different damage condition. In
this figure, the identification latency due to convolution, DESA-1 algorithm, and median filtering
is not represented. It can be computed as shown in Appendix B, resulting respectively in 8.76,
0.06 and 4.50 seconds (i.e., 876 samples under the original sampling frequency, and 152 samples
after downsampling by a factor 3), for a total of 13.32 seconds. This latency would involve a
uniform translation of the diagrams in Fig. 10 to the right.

In Tab. 4, the average frequency values identified for each damage condition are reported, along
with the percentage difference between identified and reference values of Tab. 2. It is possible to
notice how, for small variations in the natural frequencies, the results of the two-step procedure
are in agreement with reference values and coincide with those of the adaptive variant, since the
filters in CFB have the same cut-off frequencies. On the other hand, when considerable variations
occur, a static CFB leads to increasing errors in identified modal parameters, especially for higher
modes. In these cases, an adaptive updating in preferable.

Tab. 4: Average natural frequencies identified through the proposed algorithm and percentage
difference with respect to reference values of Tab. 2
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Mode | Algorithm U A gamage scenérlo D B

Two-step 398Hz | 3.93 Hz 3.85 Hz 3.85Hz 3.73 Hz 3.86 Hz

1 [-1.73%] | [-0.51%] | [-2.78%] | [-1.79%] | [+3.04%] | [-3.02%]
Adaptive 398Hz | 393 Hz 3.85Hz 3.85 Hz 3.56 Hz 3.85 Hz
[-1.73%] | [-0.51%] | [-2.78%] | [-1.79%] [-1.66%] [-3.27%]
Two-step 6.18Hz | 6.19 Hz 6.04 Hz 5.87 Hz 6.13 Hz 5.87 Hz

) [-1.90%] | [+1.81%] | [+0.50%] | [-0.17%] | [+13.73%] | [-0.68%]
Adaptive 6.18Hz | 6.19 Hz 6.04 Hz 5.80 Hz 5.41 Hz 5.74 Hz
[-1.90%] | [+1.81%] | [+0.50%] | [-1.36%] | [+0.37%] | [-2.88%]
Two-step 9.61 Hz | 9.62 Hz 9.47 Hz 9.46 Hz 9.70 Hz 9.57 Hz

3 [-0.83%] | [+1.91%] | [t0.32%] | [+1.94%] | [+18.00%] | [+2.46%]
Adaptive 9.61 Hz | 9.62 Hz 9.27 Hz 9.03 Hz 8.16 Hz 8.83 Hz
[-0.83%] | [+1.91%] | [-1.80%] | [-2.69%] [-0.73%] [-5.46%]

Two-ste 12.47Hz | 12.55Hz | 12.10Hz | 12.36 Hz | 12.38Hz | 12.34 Hz

4 p [-6.17%] | [+3.29%] | [+3.86%] | [+14.55%] | [+23.06%] | [+13.00%]
Adaptive 12.47Hz | 12.55Hz | 11.77Hz | 10.58 Hz 9.76 Hz 10.34 Hz
[-6.17%] | [+3.29%] | [+1.03%] | [-1.95%] [-2.98%] [-5.31%)]

In Fig. 11, the identified modal shapes are represented over time: the plotted mesh interpolates
the values estimated by sensors 1-14, while the black line plotted on the time-amplitude plane
represents the component associated with sensor 15, positioned on the opposite side of the bridge.

In Fig. 12, the MAC coefficients computed by using the modal shapes identified through the two-
step method and those reported in [72] are shown. In particular, each MAC coefficient has been
computed considering the modal shape identified by means of the algorithm proposed, averaged
over the entire duration of the considered damage scenario, and the corresponding modal shape
(i.e., related to the same mode and damage scenario) reported in [72].
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Fig. 11: Mesh interpolation of the instantaneous modal shapes identified by the two-step
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Fig. 12: MAC coefficients computed by using the averaged modal shapes identified through the
two-step method and those reported in [72].
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From these results, it can be noted that both in terms of frequencies and modal shapes, the first
mode has been successfully identified for all the damage scenarios, since the variation in terms of
frequencies are modest (see Tab. 3) and the CFB generated in the initialization phase is able to
catch the whole frequency band associated with the evolution of the selected mode over time. As
concerns the second mode, the two-step CFB decomposition e is efficient for all the damage
scenarios except for condition D, in which the percentage variation in terms of frequency is about
15%. The fourth mode is characterized by frequency variations higher than 10% already for
condition B, and therefore the identification results are poorly accurate for the following
scenarios.

While for the monitoring station Step 2 is much less demanding than Step 1 in terms of
computational complexity, considering also that the monitoring station generally consists of a
wired system with a larger computing footprint, the computational cost of Step 2 is of fundamental
importance for sensing nodes. As shown in Appendix A.2, the computational complexity of step
2 for sensing nodes depends on the number of filters (i.e., the number of modes identified) and
their length. In this application, considering 4 modes extracted by using filters of 1753 taps each
(see Appendix B for more details), a total amount of 7012 multiply-accumulate operations is
performed for decomposing each new sample of data by convolution. In particular, the signed
long multiply with accumulate (SMLAL) instruction is considered, which is more suitable for
high-accuracy signal processing (e.g., when operating with 16-bit or 24-bit ADC data) [76].
Considering, for example, the low-power X-scale PXA271processor (i.e., the same implemented
on the Imote2, an advanced platform largely used for SHM purposes [2,31,32]), working at 13
MHz, and assuming an average value of 4 cycles per instruction (CPI) for the SMLAL [77,78],
each new sample of data requires an execution time of about 2.15 ms to be decomposed into four
separate double-precision samples of modal responses. The reason why an average value is
selected for the number of cycles is that it depends on the early termination of registers. However,
the selected value is precautionary, as it is exceeded only in the event of an overflow [76-78]. It
is also possible to optimize the convolution procedure using the integrated performance primitives
(IPP) [78], achieving even better performances.

Simulating the extraction of four modal responses from a signal of 2048 samples by means of the
method proposed, about 57.442-10° clock cycles are overall necessary, regardless of the nature of
the signal analyzed. The HHT is one of the most used methods for the identification of
instantaneous frequencies and amplitudes in different fields of engineering. In particular, recent
implementations in the civil field have been proposed [29], together with online variants [63]
which enable the real-time extraction of modal responses [39,40]. Implementing onboard each
node the empirical mode decomposition (EMD), that is the first step of the HHT in which the
signal is decomposed into IMFs, the computational cost would be strongly related to the signal
features [79] and could be different for each node. Wang et al. [79] measured an average of
22.528:10° clock cycles per extracted IMF on an electrocardiography (ECG) signal of 2048
samples processed through a Nios II processor and using the stopping criterion proposed in [80].
However, a simulation of the most time-consuming condition, analyzed in the same work, lead to
1.380-10° clock cycles per sifting iteration, which is more than 10 times higher than the initial test
with the ECG signal. Considering the computational complexity estimated by [63] in the worst
case, instead, the total number of cycles involved in the decomposition of a 2048-sample sliding
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window with extra 256 samples overlap (in both sides, for a total of 2560 samples) for the
extraction of 11 IMFs (assuming EMD as a dyadic filter bank) is 55.757:10°, which is comparable
with the effort of the presented algorithm. In this evaluation, 10 sifting iterations have been
assumed per IMF; moreover, 3 clock cycles have been assumed for simple multiplications, 1 for
additions, 1 for comparisons, and 50 for divisions, which can generally take between 20 and 100
cycles [77]. However, IMFs have not pre-determined frequency values and it is difficult to discern
between physical and noise-generated components onboard the microcontroller, requiring the
transmission of all identified IMFs without downsampling. This issue makes online
implementations on WSNs unfeasible. Comparing the method proposed with another wavelet-
based approach for online identification of modal parameters presented in [1], the computational
complexity of the signal decomposition part is exactly the same since it involves a filtering process
through an adaptive wavelet filter bank. However, the wavelet function selected in [1] is complex,
increasing the necessary number of cycles per operation, and the online recursive least squares
algorithm for the identification of modal parameters is not suitable for onboard processing and
filter updating since it requires matrix multiplications at each data sample acquired. Moreover, a
centralized identification of modal parameters with instantaneous feedback updating of the filter
bank would involve high wireless transmission rates, making the algorithm unsuitable for
implementation on WSNs.

4.3 Adaptive algorithm implementation

In order to mitigate the problems associated with a static definition of the CFB, an adaptive
procedure can be applied by updating the filter bank at user-defined intervals or at the occurrence
of particular conditions (e.g., upon reaching a user-defined variance value in the modal parameters
estimation). In Section. 3.4 of this paper, an adaptive variant of the decomposition algorithm has
been proposed, and the related results are discussed in this section.

To evaluate the efficacy of the proposed method, the identification has been performed by
considering the first CFB as the one already used in Section. 4.2, followed by 5 updating steps
(one every 5.5 minutes, at the beginning of the signal segments related to different damage
conditions). For each step, a signal decomposition has been carried out by considering a time
window of 30 seconds, and the matrix of MAC coefficients has been computed by using the
operating deflection shapes of each signal component. With the aim of speeding up the procedure,
the decomposition can be carried out by considering a reduced frequency band: in this work, only
the interval [0-15 Hz] has been considered. The MAC matrices related to each updating step are
reported in Fig. 13 (first row). In order to avoid the inaccurate estimation of modal parameters
due to the inefficient choice of the signal windows necessary to build the filter banks, an average
procedure has been performed on the MAC matrices, as explained in Section 3.4. For each step,
the novel filter bank is then evaluated by using the related averaged MAC matrix, reported in the
second row of Fig. 13 for each update.
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Fig. 13: MAC matrices computed for each step (first row) and related average matrices used for
updating the CFB (second row).
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It is observable that high values in the MAC matrices related to the condition A are quite
widespread (not only close to the diagonal), but the matrices used to build the filter banks are less
sensitive to this fact due to the performed average procedure. In Fig. 10, 14 and 15 the
instantaneous modal parameters identified through the adaptive method are shown, together with
the related MAC coefficients, computed by using the modal shapes reported in [74] as references.
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Fig. 15: MAC coefficients computed by using the averaged modal shapes identified through the
adaptive method and those reported in [72].
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It is worth noting that, in Fig. 10, considering the adaptive procedure, the delay in estimated modal
parameters seems to increase when important variations in frequency occur and the filter bank is
updated. This is due to the fact that 30-seconds windows at the beginning of each damage
scenarios (i.e., the interval between the black and green vertical dashed lines) are processed
through the filter bank of the previous scenario while a new window of data is recorded to perform
the updating procedure. The parameters identified in these intervals are generally characterized
by higher error with respect to the values identified after filter updating. However, the
identification latency is the same as the two-step implementation. Considering also filter updates,
which nevertheless take place only at the occurrence of specific conditions, the maximum latency
in the estimation of modal parameters through the updated filters would be 43.27 seconds in this
application. By comparing the frequency values of Fig. 10, it can be noted that, except for the
fourth mode in conditions U and A, the parameters estimated by the adaptive procedure
approximate the reference ones even under substantial variations, with latency due to filter
updating. It is also possible to observe how estimated instantaneous natural frequencies
correspond to the ridges of the spectrogram obtained by means of the STFT, also reported in Fig.
10.

Both instantaneous frequencies obtained through the two proposed variants have been processed
through a median filter with the same window of 300 samples in order to make instantaneous
trends more readable since DESA-1 produces results that are very sensitive to noise. However, in
Fig. 10, it can be observed that the adaptive method generally produces smoother trends. In fact,
by applying the adaptive procedure, even if structural characteristics vary over time, each filter is
always centered on the maximum frequency peak of the identified mode and, through the
recursive clustering, the noise is minimized by eliminating the frequency components associated
with different ODSs. Conversely, if natural frequencies vary and the filters are static, the noise
components gradually gain in importance, making identification results noisier. By observing the
MAC coefficients of Fig. 12 and 15, considerable improvement can be noticed especially for
damage scenario D. In particular, the first three modes are characterized by MAC values higher
than 0.93 for every damage scenario, except D, which has a value of 0.85 for the third mode. The
fourth mode has undergone an average increment in the accuracy of 0.21, mainly due to the MAC
values related to scenarios C and E.

As explained in Section. 3.4, a simplified clustering method that does not involve the calculation
of the whole set of operating deflection shapes can also be performed, especially when the length
of filters and the decomposition level are high, involving a high computational effort. In a further
analysis, considering the fk22 function (see Fig. 1 for the frequency domain representation of the
filter bank) and a decomposition level 7, the ratios between the wavelet components have been
directly considered as clustering variables. In particular, two different cases have been analyzed:
the first involves sensor positions 4 and 6 as masters, while the second is referred to positions 4
and 15. In Fig. 16 the results of the clustering procedure for the two mentioned cases have been
reported. With the small circles, the signal components associated with each filter have been
represented in the frequency-signal ratio plane. The filled circles refer to case 1, while the empty
circles refer to case 2; the gray circles represent low-energy components, while the black ones
represent high-energy components. The high-energy components have been organized in clusters,
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represented by larger circles, with a radius proportional to the energy component of each cluster
and solid borders for case 1 and dashed for case 2.
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Fig. 16: Simplified clustering procedure.

By observing the diagrams of Fig. 16, as concerns the first case (master sensors 4 and 6), it can
be noted that the first two modes are difficult to identify as different clusters, as the ratios between
components are very similar, especially for the undamaged condition. On the other hand, as
regards the second case (master sensors 4 and 15), the first modes are clearly recognizable, as
sensor 15 is arranged on the opposite side with respect to sensor 4 and allows the identification of
torsional modes. However, for the third and fourth modes, the signal ratios are poorly accurate in
this case, since sensor 15 is close to the nodes of modal shapes. It has to be noted that the clustering
procedure can be correctly performed by simultaneously observing both the considered cases.
However, by using the MAC-based method the risk of incurring errors that could affect the
evaluation of modal parameters is minimized.

4.4 Damage identification

As an example of using the identified modal parameters, a damage identification procedure is
applied through the evaluation of the uniform load surface (ULS) [81]. From the knowledge of p
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natural frequencies and mass-normalized modal vectors, it is possible to estimate an
approximation of the structural flexibility matrix as:

p
~ 1 T
F:;w—qu)j Y (16)

where ¢ j 1s the j-th mass-normalized modal vector. Assuming that a unit load vector p =
[1,1,...,1]7 is applied to the analyzed structure, it is possible to estimate the corresponding
displacement vector as:

u=Fp (17)

Generally, the vector u is known as the uniform load surface, which in the case of one-dimensional
structures degenerates into a line.

In this phase, the natural frequencies of the first three modes, identified through the MAC-based
adaptive algorithm, and the related modal shapes have been considered. Only the sensor positions
from 1 to 14 (representing the behavior of the west side of the bridge) have been taken into account
in the following analyses. Since the mass matrix of the structure is unknown, the modal matrix
cannot be mass-normalized. However, if masses are equally distributed along the structure, the
mass matrix could be assumed as diagonal, such that M = ul, where u is a constant value, equal
to the mass associated with each DOF of the structure, and I is the identity matrix. In this way, a
matrix proportional to F can be evaluated. In this application, the mass matrix has been assumed
as the identity matrix, since masses are not significantly variable along the longitudinal axis of
the bridge.

In Fig. 17(a), the instantaneous uniform load line (ULL) is represented over time, while in Fig.
17(b) the averaged lines for each damage scenario are reported. Since the used flexibility matrix
is not mass-normalized, the displacements are not representative of real physical quantities.
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Fig. 17: Mesh interpolation of the instantaneous uniform load lines (a) and averaged lines over
time for each damage scenario (b).

In order to perform the damage identification, the absolute variation in terms of displacements (A)
with respect to the values of the undamaged condition has been considered as a damage-sensitive
feature. Both the detection and the localization have been investigated: for the first purpose, the
presence of damage is recognized if outliers are identified in the set of computed variations, while
the second purpose is accomplished by seeking the outlier position. In Fig. 18(a) the real-time
damage identification is represented: the instantaneous A values computed by using the ULL
estimated during the first initialization procedure and the instantaneous ULLs reported in Fig.
17(a) are represented. In Fig. 18(b) the percentage variations computed by using the ULLs of Fig.
17(b) are plotted versus sensor positions (the origin of position axis has been considered on the
south border). For both the instantaneous and averaged analyses, the outliers have been evaluated
as terms higher than two standard deviations from the mean. In the first case, the outliers have
been computed for each time instant, with the instantaneous mean calculated over the sensor
positions, while in the second case the analysis has been performed on the static values
represented in Fig. 18(b), for each damage scenario.
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Fig. 18: Instantaneous damage identification (a) and averaged results (b).

It is observable that, for the instantaneous analysis, even by using few modes (i.e., the first three
modes in this application), the damage identification has been successfully achieved for each
damage scenario from A to E, since a persistent outlier in damage features occurs at the sensor
position 11 (i.e., at the damaged pier location). On the other hand, the static evaluation leads to
some uncertainty for scenarios A and B, where the maximum value of the damage index is at the
sensor position 1 but is also comparable with the variation registered at the position 2. The analysis
of instantaneous variation allows therefore the evaluation of the persistence of the identified state
of damage. Considering also this aspect, the results of damage identification become more robust
to short-term variations due to operational conditions or estimation uncertainties.
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5. CONCLUSIONS

In this work, the clustered filter bank decomposition has been proposed as a novel decentralized
algorithm for near-real-time identification of instantaneous modal parameters. In particular, the
CBF decomposition consists of two main phases: initialization, in which a CFB is built on the
basis of a window of collected data, and real-time analysis, in which the sensor nodes process the
recorded signals and the monitoring station performs the instantaneous modal identification and
post-processing operations. An adaptive variant of the procedure has also been proposed, which
consists of the recursive updating of CFB, in order to minimize errors and also efficiently register
important variations in modal parameters. It has been shown that the Fejér-Korovkin function is
particularly suitable for implementation in this algorithm since it allows the construction of
accurate filter banks of modest length.

The identification procedure performed by using TEO has been shown to be particularly fast and
sufficiently accurate after the application of a median filter, which however involves an increase
of the delay. In particular, by performing the two-step procedure, the natural frequencies and
modal shapes have been accurately estimated within a percentage variation in terms of frequencies
of about 10% with respect to the initial condition. Performing the adaptive procedure instead, the
accuracy of estimated modal parameters has been increased for the whole set of damage
conditions, with better results for the lower modes.

A simplified variant for the clustering procedure has also been applied by considering only a
subset of recordings for the filter bank construction. The results have shown that the efficacy of
this method strongly depends on the choice of master sensor positions. However, good results
with less computational burden can be obtained by selecting the master sensors not too close to
the nodes of the main modal shapes.

In order to test the quality of estimated parameters, an example of near-real-time damage
identification has been performed by using the uniform load surface method. For this purpose, the
instantaneous uniform load lines have been computed over time and the percentage variation in
terms of displacements has been considered as a damage-sensitive feature. Then, outlier analyses
have been performed in order to detect and locate the damage. Both with the instantaneous
estimates and the averaged results, damage localization has been successfully fulfilled.

The proposed algorithm has thus demonstrated that it can provide good estimates of time-varying
modal parameters under non-stationary excitation together with operational speed and low
computational burden. The characteristics of the algorithm make it particularly suitable for
emerging WSSN-based monitoring systems. Moreover, different parameters for the construction
of the most suitable CFB can be selected based on the specific application, controlling the latency
of'identified parameters, the noise sensitivity, and the decomposition efficiency for closely-spaced
modes.
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APPENDIX A: COMPUTATIONAL COMPLEXITY

A.1 Computational complexity of Step 1

Initialization is a centralized procedure consisting of the processes described in Section 3.2. Since
in this phase SWPT is performed through convolutions between a-priori known sequences, the
considered complexity is that of the fast convolution algorithm, which allows the computation of
each convolution as:

yi[t] = IDFTy{DFTy {x[t]} - DFTy{dy [t]}} (A.1)

where DFTy,{ } and IDFT,{ } denote the Discrete Fourier Transform of length M and its inverse,
respectively. In relation (A.1), in order to allow simple multiplications between the terms of DFTs,
they have to be of the same length. To this aim, it is possible to extend x[t] and d[t] through
zero-padding, in order to have a common length of M = s + N — 1. Since the length of the
analyzed signal is user-defined, it is also possible to choose s such that s > N and M = 29, with
q € Z*. In this case, the DFTs in (A.1) can be computed through radix-2 FFT and the
computational complexity of the SWPT can be expressed as reported in Tab. A.1, together with
the complexity and storage space required by each process of Step 1. Here, the storage space is
intended as the number of elements stored in memory for each process. Moreover, the values in
Oaaa> Omus Oaivs Oecom> and (Jsqre denote the number of additions/subtractions,
multiplications, divisions, comparisons, and root square operations, respectively, r is the number
of sensors, while c¢ is the number of clusters identified before the energy-based selection.

In order to reduce the computational burden of Step 1, it is possible to limit the analysis to a
selected frequency range, computing only a subset of the 2™ wavelet components, and therefore
generating a CFB able to identify the vibration modes whose frequencies are contained in the
considered range. Therefore, in Tab. A.1, W < 2" denotes the number of wavelet components
considered in the initialization step.

Tab. A.1: Computational complexity of each process of Step 1

Process Complexity Storage space
M M _
SWPT 3Wr [(M logy M) gaqa + (71082 M — E) ] W([N + rM]
mul
ODS W(T — 1) [(S — 1)add + (s)mul + (1)div] Wr
MAC (W — 1) [3(T — 1)add + (37" + 2)mul + (1)div] w-1
Clustering W = 1D com -
RMS energy WT‘[(S +r— 1)add + (S)mul + (l)div + (1)sqrt] - (C)add Wr
Energy-based (€) com -
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In this evaluation, only the strictly necessary operations have been counted. In fact, the
coefficients of a complete MAC matrix would be W? but, in this case, since only consecutive
components can be grouped in the same cluster, the MAC coefficients necessary to verify the
condition (6) of Section 3.2 are W — 1, corresponding to the elements next to the main diagonal
of the complete MAC matrix (i.e., MACy 41, With k = 1, ..., W — 1). At the end of Step 1, the
CFB has to be built by summing the bandpass filters associated to the decomposition filters
contained in each cluster, as described in Section 3.1. Therefore, if the b, bandpass filters are
already stored in the device memory (using WN storage space), up to (WN — N) .44 additional
operations are necessary to obtain the CFB.

A.2 Computational complexity of Step 2

Following the centralized initialization step, the monitoring system enters a decentralized
processing phase. This section describes the computational complexity of the activities performed
to obtain each instantaneous parameter, calculated as new data is recorded.

Assuming N the length of the generic filter by , = in the relation (3) of Section 3.1, the
computational complexity of convolution for p identified modes is given by:

Ce = (M + (N = Dgaal (A.2)

per input sample. This procedure needs N(p + 1) + p elements stored in memory (i.e., pN
elements for the filter bank, N elements for the sliding window of collected data, and p output
values). Since convolution is aimed at bandpass filtering, the rate at which it is performed can be
reduced according to the frequency band of each filter [49], providing a smaller quantity of new
samples for low-frequency components. In this way, the number of operations per second is
reduced, making the procedure more efficient and reducing also the number of output values, that
can be transferred to the monitoring station with a transfer rate which may even be lower than that
of the simple transmission of the unfiltered signal.

Each new value obtained through convolution is then sent to the monitoring station, temporarily
stored, and used to compute the instantaneous natural frequencies and modal shapes. In Tab. A.2,
the computational complexity of DESA-1 is analyzed, indicating the number of mathematical
operations needed to obtain each element of relations (9-10) of Section 3.3 for a given identified
mode, computed by using the data collected at a given sensor position. Here, the value in () 4cos
denotes the number of arccosines calculated. Since some values are used to compute the
instantaneous frequency at different consecutive instants, the reported number of mathematical
operations considers only the elements evaluated for each new sample of data, assuming that the
previous values are stored rather than calculated each time. Also, the number of elements stored
in memory is shown in Tab. A.2.

Tab. A.2: Computational complexity and storage space for the estimation of instantaneous
frequency
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The computational complexity of the instantaneous frequency calculation does not depend on the
filter length, but only depends on the number of identified modes p. It can be expressed as:

Cf = [(S)add + (S)mul + (l)div + (1)acos] p (A.3)

per input sample. The computational complexity of instantaneous shapes depends instead on the
number of identified modes and on the number of sensors 7

Cs = [(r = Dawlp (A4)

In this last computation, no additional memory is needed, except for the (r — 1)p output elements,
since the latest values obtained through convolution are directly used, as shown in equation (12)
of Section 3.3. Considering also median filtering for de-noising purposes, the complexity
increases of:

Cm = [ —Deomlp (A.5)

per input sample, for each quantity to which the filter is applied. It is observable that, in the
decentralized configuration, a consistent part of the computational burden (aC, per second) is
carried out onboard each node, while a(Cy + Cs + 2Cy,) per second lies with the monitoring
station, considering the median filter applied to both natural frequencies and modal shapes, where
a is a coefficient that takes into account any downsampling (a < F;, with F, the sampling
frequency of the original signal). Considering p and r modest with respect to N and u, the
computational complexity of the instantaneous filtering process can be expressed in the order of
O(N) per input sample, while that related to the activities of the monitoring station is not
dependent on N, and therefore assumable in the order of O(u). On the other hand, using the
proposed algorithm in a centralized topology would imply a computational burden of a(rC., +
Cr + G5 + 2Cy,) per second on the monitoring station, which can be expressed in the order of
O(N) per input sample, assuming that N is proportional to .

APPENDIX B: EVALUATION OF DELAY

Both due to the convolution and the application of DESA-1, a delay is introduced in the estimated
modal parameters. In addition, by applying further post-processing operations to restrain the
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fluctuations of modal parameters, the delay increases further. In particular, for the proposed
algorithm, the total delay § is given by the sum of three contributions:

§=08.+84+ 6, (B.1)

where . is due to the convolution procedure (6, = (N — 1)/2) [56], &, is associated with the
DESA-1 (64 = 2), and §,, is related to the smoothing technique: in case of median filtering, §,, =
u/2, with the notations used in equation (11) of Section 3.3.

Since the filter bank related to the SWPT is generated through convolutions between dyadic
upsampled filters [45], the length of the obtained analysis and synthesis filters increases with the
order of the wavelet function and with the level of decomposition. In particular, considering a
wavelet with filters length A, the length of the filters contained in the decomposition (or
reconstruction) filter bank related to the n-th level is:

N=1@"-1)-n+1 (B.2)

The length of the final filters used for online signal analysis is thus N = 2N — 1, because of
relation (1) of Section 3.1. In Tab. B.1, the length of the decomposition and reconstruction filters
associated with the wavelets already analyzed in Fig. 1 of Section 2 are reported for different
levels.

Tab. B.1: Length of the decomposition and reconstruction filters related to the wavelets fki4,
dbl4, syml4, db7, fk22, and db22, at different decomposition levels

Level fk14 and db7 db14 and sym14 k22 db22
4 207 417 327 657
5 430 864 678 1360
6 877 1759 1381 2767
7 1722 3550 2788 5582

In general, filters with high order are suitable for applications in the civil field, where closely-
spaced modes and high noise components are present. On the other hand, short filters are
preferable for real-time identifications in other engineering fields (e.g., flutter tests [1]).
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