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Abstract: In order to enhance the signal-to-noise ratio (SNR) of a distributed optical fiber vibration
sensor based on coherent optical time domain reflectometry (COTDR), a high extinction ratio cascade
structure of an acousto-optic modulator and semiconductor optical amplifier is applied. The prior
time-frequency analysis and least mean square error algorithm are adopted in the COTDR system for
amplitude demodulation and phase demodulation, in order to improve the SNR by noise elimination.
The experimental results show that the adaptive filter based on the least mean square error algorithm
could realize the extraction of a three-order sinusoidal harmonic signal from strong background noise
along the optical fiber and the SNR improvement from 10.4 dB to 42.2 dB. The proposed demodulation
algorithm is suitable for the detection of vibration signals with characteristic frequencies in the
application of acoustic fault diagnosis for electromechanical devices.

Keywords: optical fiber vibration sensor; coherent optical time domain reflectometry; semiconductor
optical amplifier; least mean square error algorithm

1. Introduction

Vibration signal detection is critical for fault diagnosis of electromechanical devices, such as railway
roller bearings [1] and internal combustion engines [2]. Owing to the ability of distributed sensing
and transmission [3], anti-electromagnetic interference [4], and convenient installation, the optical
fiber vibration sensor has grown significantly and has great potential in the field of fault diagnosis [5].
In practical application, because the position information and time-frequency characteristics of vibration
signal need to be obtained simultaneously, the optical fiber vibration sensor based on coherent optical
time domain reflectometry (COTDR) becomes an important choice, which is suitable for long-distance
vibration positioning [6] and vibration phase recovery [7].

The electromechanical devices usually work in a noisy environment, which results in the difficult
identification for characteristic frequency components of device fault [8]. Therefore, the COTDR
sensing system needs to improve effectively its signal-to-noise ratio (SNR) to increase the detection
sensitivity of the vibration signal. In recent years, many researchers study different methods for the
improvement of SNR for COTDR sensing system, which could be summarized by the following two
aspects: signal enhancement and noise elimination.

On the one hand, the signal enhancement of COTDR sensing system mainly relies on quality
improvement of sensing pulsed light [9,10]. The effective modulation methods for sensing light
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have been research hotspots to improve the SNR. A variety of optical pulse modulation schemes are
thus successively applied to generate sensing pulsed light with high extinction ratio (ER), such as:
acousto-optic modulator (AOM) [11,12], electro-optic modulator (EOM) [13,14], two-level EOM [15].
However, ER values achieved by AOM and EOM are limited. So the research of optical pulse
modulation is of practical importance to the signal enhancement.

On the other hand, the noise elimination is mainly dependent on a signal processing algorithm in
time domain and frequency domain [16–19]. A fast Fourier transform is performed on the original signal
matrix to separate the noise and vibration signals in the frequency domain to obtain a high SNR for the
vibration location [16]. An active frequency scanning method is combined with a cross-correlation
algorithm to dynamically reduce the noise caused by frequency drift [17]. A multi-scale wavelet
decomposition method is used to decompose the time signal by the selective rearrangement in order to
improve the SNR [18]. Therefore, an effective denoising algorithm of the COTDR sensing system has
significant practical demands for the fault diagnosis of electromechanical devices.

As mentioned above, the vibration information of device faults to be detected has normally
characteristic frequency components in the strong background noise environment. A cascade structure
of AOM and a semiconductor optical amplifier (SOA) is firstly applied in this paper, because the SOA
is a current-sensitive device which can generate stable pulsed light with a high ER [20]. The function
of AOM in this structure is to offer the frequency shifting for the heterodyne detection in a COTDR
sensing system. Moreover, the least mean square error (LMS) algorithm is adopted for the signal
denoising. The LMS algorithm has the advantages of signal reduction and stability [21], it is thus
suitable to realize the target vibration signal extraction in the strong background noise environment.
In order to realize the LMS adoptive filter, the envelope demodulation algorithm [22] is applied on the
processing of amplitude signal to obtain the reference frequency information of the vibration signal.

2. High ER System Based on the Cascade Structure

In the COTDR sensing system, continuous light is modulated into pulsed light. The ER value
of modulation devices could affect the detection sensitivity of the sensing system. As shown in
Figure 1, the modulated light is composed of the background level light and the effective pulsed light.
Considering the optical fiber as a series of scatters along the direction of optical fiber, the background
level light could excite and superpose the backscattered Rayleigh light at every scatter. It cannot
represent the characteristics of the backscattered Rayleigh light at a certain scatter, corresponding to
the vibration position, and turns into noise finally. The effective pulsed light only excites backscattered
Rayleigh light at the scatters within the pulse range, which can reflect the information of the vibration
signal. In fact, multi-point vibrations could be monitored by the COTDR sensing system. The external
vibration signal could affect any scatter of the optical fiber, so the coherent light within the pulse range
could be modulated by the external vibration at any position of the optical fiber. Therefore, the ER
value of the modulation device is determined by the background level power value of optical pulse
and the peak power value of optical pulse, which can be expressed as ER = Ppeak/Pbackground.

According to earlier reports [20,23], the SOA device can obtain the higher ER value with good
stability. Figure 2 shows the experimental verification results of ER value for different modulation
devices, which are obtained by the spectrum analyzer. As shown in Figure 2a–c, the blue curves are
the noise floor of the spectrum analyzer, which are about −82 dBm. The background level power value
of optical pulses (Pbackground) are about −64.6 dBm in Figure 2a, −64 dBm in Figure 2b, and −79.9 dBm
in Figure 2c, which means that the SOA has the least leakage light. Moreover, the peak power value
of the optical pulse (Ppeak) are −9.3 dBm in Figure 2a, −30.1 dBm in Figure 2b, and −14.6 dBm in
Figure 2c. Therefore, the ER value of SOA, AOM, and EOM can be calculated to be 65.3 dB, 55.3 dB,
and 34.5 dB, respectively.
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(EOM), and (c) semiconductor optical amplifier (SOA). (d) ER stability evaluation results of AOM, 
SOA, and EOM. 
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Figure 2. ER measurement results of (a) acousto-optic modulator (AOM), (b) electro-optic modulator
(EOM), and (c) semiconductor optical amplifier (SOA). (d) ER stability evaluation results of AOM, SOA,
and EOM.

In addition, the ER stability of three modulation devices is measured. The measurement time
is set to be 4 h, and the experimental data is recorded every 5 min to obtain the stability curves.
Figure 2d shows that the average ER value of SOA is about 65.5 dB and the fluctuating range is 3.6 dB.
The average ER value of AOM is about 55.9 dB and the fluctuating range is 2.4 dB. The average ER
value of EOM controlled by the bias control panel is about 33.4 dB and the fluctuating range is 11.9 dB.
The experimental results show that the pulse modulation scheme based on SOA can obtain the highest
ER with good stability, thus it is suitable for the COTDR sensing system with strong background noise
in this paper.
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Figure 3 shows the experimental setup of the COTDR sensing system. The ultra-narrow linewidth
laser (NLL) emits continuous light with a linewidth of 100 Hz and a center wavelength of 1550.12 nm.
It is split into two paths by a 1:99 coupler. The 1% path is used as the reference light for heterodyne
detection, and the 99% path is used as signal light to be modulated by the cascade structure composed
by the SOA and AOM.
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Figure 3. Experimental setup of coherent optical time domain reflectometry (COTDR) system.

The modulated optical frequency is shifted by 200 MHz based on the original light, and the AOM
from the product of Gooch and Housego is driven by the direct current (DC) power source with a
voltage of 3.3 V. The variable optical attenuator (VOA) achieves appropriate power attenuation for
continuous light to meet the input power requirements of −6 dBm for the SOA. The SOA could then
modulate the continuous light into the pulsed light with a repetition rate of 8 kHz and a pulse width of
200 ns.

The pulsed light is amplified by an erbium-doped fiber amplifier (EDFA1), and filtered by a dense
wavelength division multiplexer (DWDM1). The pulsed light is incident into the sensing fiber by
the circulator. The Rayleigh backscattered light including the vibration information is then returned
from the circulator, amplified by EDFA2, and filtered by the DWDM2 to remove the useless frequency
component. Finally, the amplified Rayleigh backscattered light beats with the reference light, the beat
signal is detected by a balanced photo-detector (PD).

After photoelectric conversion, the data is collected and transmitted to the upper computer (UC)
for the signal analysis and processing. The sampling rate of data acquisition is 1000 Msps. The length
of sensing fiber under test (FUT) is 2000 m. The piezoelectric transducer (PZT) module is used to
generate the vibration signal, which is driven by an arbitrary signal generator (AWG) and placed
1001 m away from the input end of sensing fiber. The winding length of optical fiber around the PZT
module is 1.5 m.

3. Coherent Optical Time Domain Reflectometry (COTDR) System Based on Least Mean Square
Error (LMS) Algorithm

3.1. Signal Demodulation for COTDR System

The signal demodulation principle of the COTDR system is shown in Figure 4. The ultra-narrow
linewidth laser (NLL) emits continuous light with a center frequency of f 0, which is split into two
paths. One path is used as the reference light for heterodyne detection, and the other path is used as
sensing light which need to be modulated into pulsed light.
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The conventional modulation unit is the AOM which could also realize the frequency shift
with a fixed value ∆f. The parameters of optical pulse are the key factors for evaluating the sensing
performance. The repetition rate could affect the sensing distance and the signal’s bandwidth, and
the pulse width could affect the spatial resolution (SR) of the system. In addition, the performance
of ER of the modulation unit could greatly affect the incident optical power and thus the SNR of the
sensing system.

The phase and amplitude of the vibration signal is normally obtained by the In-phase and
Quadrature (IQ) demodulation algorithm, which could reduce interference caused by external
environmental changes.

The detected electronic power of the beat signal is PBS(t), which is given as follows:

PBS(t) = 4kERELO cos(∆ωt + ϕ(t)) (1)

where ER is the amplitude of Rayleigh backscattered light, ELO is the amplitude of reference light, k
is the photoelectric conversion coefficient, ∆ω is the frequency shift introduced by AOM, ϕ(t) is the
phase difference between reference light and sensing light.

Figure 4 shows also the schematic diagram of the IQ demodulation process. The first step is to
retain the effective vibration information which is modulated at the carrier frequency ∆ω, by a finite
impulse response (FIR) bandpass filter.

In step 2, the filtered signal is divided into two paths, which are respectively multiplied by a
standard frequency shift (∆ω) sine and cosine signal. Therefore, two components including double
frequency and zero frequency are obtained, and the zero frequency component is retained. The two
orthogonal components I(t) and Q(t) carrying the amplitude and phase of light intensity signal are
given by the following equations [24]:

I(t) = ERELO cos(ϕ(t)) (2)

Q(t) = ERELO sin(ϕ(t)) (3)
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In step 3, the amplitude of light intensity ALI(t) and the phase of light intensity ΦLI(t) are obtained
by the trigonometric function’s operation [25], which are given as follows:

ALI(t) =
√

I(t)2 + Q(t)2 (4)

ΦLI(t) = arctan
(

I(t)
Q(t)

)
(5)

In step 4, because one optical pulse corresponds to one scattering curve, the amplitude of light
intensity ALI(t) could be considered as a series of amplitude curves of single pulsed light. These
amplitude curves of single pulsed light could form an time-space amplitude matrix ALI(l,∆t), where
the length of optical fiber l = (ct)/(2nf), c is the speed of light in vacuum, nf is the refractive index of
optical fiber, ∆t is the time interval between two adjacent optical pulses. Therefore, the positioning
curve is obtained by a moving differential algorithm [26], and the vibration position can be located.
There will be obvious peaks at the vibration positions in the positioning curve. Suppose Ai(l) is the i-th
of the N amplitude curves, the vibration point will be evidently shown in the positioning curve P(l),
which is expressed by:

P(l) =
N∑

i=∆s+1

Ai(l) −Ai−∆s(l)
Ai(l)

(6)

where the ∆s is the curve step. For example, if the curve step ∆s is 3, it means that the first amplitude
curve will be subtracted from the forth amplitude curve, the second amplitude curve will be subtracted
from the fifth amplitude curve, and so on. Finally, all the results of subtraction need to be normalized
and cumulatively averaged.

In step 5, the phase of light intensity ΦLI(t) could be considered as a series of phase curves of
single pulsed light. These phase curves of single pulsed light could also form an time-space phase
matrixΦLI(l,∆t). According to the vibration position obtained in step 4, the phase curve at the vibration
position could be obtained along the time axis by the phase unwrapping process, which can be used to
characterize the vibration signal generated by the device fault.

3.2. Adaptive Filtering Based on LMS Algorithm

However, because the environmental noise has a prominent effect on the detection performance,
the vibration signal with characteristic frequency components is difficult to identify directly by the
conventional IQ demodulation process. So the adaptive filtering based on LMS algorithm is applied in
the COTDR sensing system to filter out the complex environmental noise.

Figure 5 shows the schematic diagram of adaptive filtering based on the LMS algorithm. The phase
curve obtained in the step 5 of IQ demodulation process could be original signal, and then considered
as D(n) after the discretization process. The input signal D(n) is processed by a parameter-adjustable
digital filter. The reference signal X(n) of the filter is given by the prior time-frequency analysis of the
vibration signal. The output signal Y(n) of the filter is approximated as possible closed to the reference
signal by means of the iteration of weight vector W(n), which results from reference signal X(n) via the
comparison with the error signal E(n). The weight vector W(n) and the output signal Y(n) are given as
follows [27]:

W(n + 1) = W(n) + βE(n)X(n) (7)

Y(n) = WT(n)X(n) (8)

where β is the iterative step size of the weight vector. For proper stability, convergence speed and
signal tracking capability of the filter, the step size needs to be constantly adjusted. Theoretically, a
signal waveform highly similar to the reference signal could be obtained after LMS filtering.
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3.3. Prior Time-Frequency Analysis for the Construction of Reference Signal

In the design process of LMS adaptive filter, the prior statistical characteristics of the reference
signal could be given by the prior time-frequency analysis of the vibration signal. Because the vibration
signal generated by the device fault is not an irregular random signal, it contains a series of characteristic
components. Based on these characteristic components, we can construct the reference signal.

According to the principle of Fourier series, the reference signal X(n) can be superimposed by a
series of characteristic components, which are sine waves of different harmonics, shown as follows:

X(n) =
N∑

i=1

Ai sin(2π fin) (9)

where N is an integer greater than 1, i is the index of Fourier series, Ai is the amplitude of i-th
characteristic component, f i is the frequency of i-th characteristic component. So we should carry out
the prior time-frequency analysis of vibration signal in order to obtain these characteristic components
Aisin(2πfin). The prior time-frequency analysis means that a small part of beat signal PBS(t) in Equation
(1) should be pre-processed for the construction of reference signal. After the reference signal is obtained,
the rest of beat signal could be demodulated and filtered by the constructed LMS adaptive filter.

In order to obtain the frequency of characteristic component f i, and the amplitude of characteristic
component Ai, the schematic diagram of prior time-frequency analysis for the construction of reference
signal is shown in Figure 6.

Firstly, we use the conventional IQ demodulation method to process the small part of beat signal,
and obtain the amplitude of light intensity ALI(t) from the Equation (4) and the phase of light intensity
ΦLI(t) from Equation (5). According to the time interval between two adjacent optical pulses ∆t, we
could construct the time-space amplitude matrix ALI(l,∆t) and the time-space phase matrix ΦLI(l,∆t).

Secondly, the positioning curve P(l) could be obtained after the processing step 4 of Figure 4 by
using the moving differential algorithm. Supposing only one vibration signal is applied at the optical
fiber, the vibration position could be located at the peak position l0. Therefore, we can carry out the
signal extraction along the time axis. The amplitude curve ALI(l0,∆t) at the vibration position l0 and
the phase curve ΦLI(l0,∆t) at the vibration position l0 could be obtained.
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Thirdly, according to the envelope demodulation algorithm proposed by our group [22], the noise
reduction could be applied for the amplitude curve without the loss of vibration frequency information.
The DC component of amplitude curve ALI(l0,∆t) is removed and the alternating current (AC)
component of amplitude curve ALI(l0,∆t) is unitized. So most of the noise could be eliminated and
the vibration frequency information could be preserved. But due to the processing of envelope
extraction, the amplitude information of a characteristic component will be also removed and result
in inconsistency with the vibration signal. Therefore, after the envelope demodulation algorithm,
the frequency spectrum of amplitude curve ALI(l0,∆t) could be obtained. With the help of peak
identification, all the frequencies of characteristic component fi could be obtained.

Finally, although the phase curve has a lot of noise, we can obtain the frequency spectrum of
the phase curve by the Fast Fourier Transform (FFT) method. Because the phase curve has the linear
relationship with vibration signal, we can carry out the amplitude determination at the obtained
frequencies fi. and obtain all the amplitudes of characteristic component Ai. Based on the obtained
amplitudes of characteristic component Ai and the obtained frequencies of characteristic component fi,
we can construct the reference signal from Equation (9).

4. Results and Discussion

In order to evaluating the performance of LMS adaptive filtering for the detection of vibration
signal, some experiments based on the COTDR system are performed with strong background noise.
The vibration signal is simulated by the PZT module, which is driven by an AWG to generate the
arbitrary signal. Therefore, a three-order sinusoidal harmonic signal s (s = 10·sin(2πft) + 7·sin(4πft) +

5·sin(6πft), with f = 500 Hz) is programmed and generated by the AWG, with the frequencies of 500 Hz,
1000 Hz, and 1500 Hz. The corresponding peak-to-peak amplitudes are 10 V, 7 V, and 5 V, respectively.

Figure 7a shows one of the original coherence curves of beat signal detected by the PD, along the
optical fiber from 0 m to 2000 m. Figure 7b shows the enlargement of the original coherence curve
between 330 m and 340 m. A quasi sinusoidal waveform is plotted, and the amplitude fluctuation is
related with the interference of Rayleigh backscattered light within the optical pulse. Figure 7c shows
the frequency spectrum of the original coherence curve, and a marked peak at 200 MHz is observed
which corresponds to the frequency shift of 200 MHz generated by AOM.
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Because the vibration information is modulated around 200 MHz, the original coherence curve
could be filtered by a FIR band-pass filter with the cut-off frequencies at 150 MHz and 250 MHz.
The process of IQ demodulation is then realized to obtain the amplitude curve and the phase curve,
according to the schematic diagram in Figure 4.

Figure 8 shows the demodulated amplitude curves between 978 m and 1062 m, and these eight
superimposed curves are chosen at different times between the instant t1 = 0 s and the instant t8 =

1.75 ms with a time step of 0.25 ms. The amplitude curves at no vibration areas are stable and basically
coincident with each other, while the amplitude curves at the vibration area nearby the position of
1000 m are obviously varying, which could reflect the disturbance caused by the vibration signal. This
phenomenon exists in the whole optical fiber. When there are many vibrations acting on the optical
fiber, there will be many varying areas.Sensors 2020, 20, 2000 10 of 15 
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The complete vibration information including the waveform and the location needs an accurate
positioning process. The moving difference algorithm is thus taken by the subtraction between two
adjacent amplitude curves with different curve steps in order to obtain the vibration position from
Equation (6). In addition, the wavelet algorithm is used to denoise the positioning curve for the
identification of vibration position.

Figure 9 shows the positioning curves with different curve steps. The obvious peaks corresponding
to the vibration position are obtained. The other peaks correspond to the noise signals, because the
whole sensing fiber may be affected by the environmental noise. Here, two points in the positioning
curve corresponding to the 10% of the peak value at the rising edge and the falling edge are chosen as
the start and end of effective vibration area. So the middle value of these two points in the coordinate
axis of distance is considered as the vibration position, which are 1000.7 m with the curve step of 19 in
Figure 9a, 1001.5 m with the curve step of 20 in Figure 9b, and 1001.1 m with the curve step of 21 in
Figure 9c. Moreover, in order to get a more accurate vibration position, the cumulative average of
these three positioning values with different curve steps is performed, thus the final vibration position
is chosen as 1001.1 m.
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Based on the construction schematic of LMS adaptive filter in Figure 6, the amplitude curve at
the vibration position is extracted and processed by the envelope demodulation algorithm. Figure 10
shows the frequency spectrum of amplitude curve after the envelope demodulation algorithm. There
are three peaks corresponding to the frequencies of 500 Hz, 1000 Hz, 1500 Hz, which are consistent with
the frequencies of the applied vibration signal by PZT. According to these three frequencies obtained
by the enveloped amplitude signal, the amplitude of above frequencies could be obtained in the FFT
result of phase signal at vibration position, and could be used to generate the reference signal in the
LMS adaptive filter.
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According to the vibration position obtained by the moving difference algorithm, the phase curve
at the vibration position of 1001.1 m could be extracted. Because the winding length of optical fiber is
1.5 m in the PZT module, the phase unwrapping process needs a subtraction between the phase curve
at the vibration position of 1001.1 m and the phase curve at the no vibration area, which is separated
from the vibration position by 40 points (4 m). This subtraction could eliminate the initial phase
difference due to the time interval of different input optical pulses. The final phase curve between
0.3 s and 0.6 s is shown in Figure 11a and the partial enlargement of the phase curve between 0.35 s
and 0.37 s is shown in Figure 11b. There are a lot of disturbed noises in the phase curve and the
characteristic of three order sinusoidal harmonics could hardly be observed.
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Figure 11. (a) Phase curve and (b) its partial enlargement at the vibration position.

Figure 12 shows the frequency spectrum of phase curve. An obvious noise distribution over all
frequency ranges verifies the phenomena of disturbed noises in Figure 11. It is especially noted that
there are more noise components in the low-frequency area (circled by a rectangle in red) up to 300 Hz,
which lead to an inaccurate phase restoration. Moreover, the effective frequency components of 500 Hz,
1000 Hz and 1500 Hz are buried in the noise and the coefficient of 500 Hz, 1000 Hz and 1500 Hz is 10:
6.9: 5.2. The unexpected harmonics at 2000 Hz, 2500 Hz, and 3000 Hz are also visualized. Besides
the complex and strong noise area in the low-frequency range, the SNR of the peak at 500 Hz in the
frequency spectrum is only 10.4 dB.
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Figure 12. Frequency spectrum of phase curve.

Therefore, the LMS adaptive algorithm is needed to filter the noised phase curve. According to
the three frequency components of 500 Hz, 1000 Hz, 1500 Hz, the corresponding amplitudes in the
frequency spectrum of the phase curve is obtained. So the reference signal is generated to be s′ (s′ =

10·sin(2πft) + 6.9·sin(4πft) + 5.2·sin(6πft), with f = 500 Hz). With the filter parameter optimization, the
iterative step size of the weight vector β in Equation (7) is chosen to be 6 × 10−6, and the filter order
is set to be 2000. After the dynamic acquisition of frequencies and amplitudes of vibration signals,
the dynamic measuring of vibration signals in strong background noise based on the LMS algorithm
can be achieved.

The filtering result between 0.3 s and 0.6 s is shown in Figure 13a, and the amplitude distribution
is regular and more stable. Figure 13b shows the filtered signal between 0.35 s and 0.37 s, which
demonstrates the consistent characteristic of three order sinusoidal harmonic with the applied vibration
signal. Figure 13c shows the frequency spectrum of the filtered phase curve. There are three frequency
peaks at 500 Hz, 1000 Hz and 1500 Hz and the amplitude ratio is 10:7:5.2, which is approximately
consistent with the amplitudes of the applied three-order sinusoidal harmonic vibration signal s. It
proves that the extraction of vibration waveform is successful. In addition, the filtered signal obtains a
SNR enhancement up to 42.2 dB at 500 Hz in the frequency spectrum.
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Figure 13. (a) Filtered phase curve and (b) its partial enlargement, (c) the frequency spectrum of the
filtered phase curve.



Sensors 2020, 20, 2000 13 of 15

In order to further evaluate the effectiveness of the vibration signal restoration based on the LMS
adaptive filtering algorithm, 10 phase curves are filtered by the LMS adaptive filter along the optical
fiber length within the range of 200 m to 2000 m with the step of 200 m. The spectrum analysis is
performed on the filtered results, and the frequency amplitudes of 500 Hz, 1000 Hz, and 1500 Hz in the
spectrogram are separately recorded. Figure 14 shows three frequency components (500 Hz in green,
1000 Hz in red and 1500 Hz in blue) of filtered phase curves at different positions. As can be seen
from the figure, three frequency components at the vibration position of 1001.1 m have the highest
amplitudes and have a fixed proportional relationship corresponding to the applied vibration signal.
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Figure 14. Amplitudes of 500 Hz, 1000 Hz and 1500 Hz in filtered phase curve along the optical fiber.

The amplitudes of three frequency components are largely weakened at no vibration positions.
The thumbnail in the figure shows the amplification of amplitude curves from 350 m to 650 m marked
by an ellipse in red, and the amplitudes of three frequency components are less than the level of 4 ×
10−5, which means that there is huge magnitude difference as large as 104 times. In addition, three
frequency components do not have a linear relationship at no vibration positions. The spectrum
analysis of filtered phase curves along the whole optical fiber proves that the LMS adaptive filtering
algorithm can effectively extract the vibration signal in the strong noise environment.

5. Conclusions

In this paper, a distributed acoustic sensing system based on the cascade structure of AOM
and SOA is proposed. Moreover, the phase signal is filtered by the LMS adaptive filter combined
with prior time-frequency analysis. Thus, the dynamic phase change caused by the vibration can be
extracted under strong noise. The SNR is improved from 10.4 dB to 42.2 dB. The proposed approach
has great potential for the application of vibration signal detection during the fault diagnosis process
of electromechanical devices in a strong noise environment.

Author Contributions: Conceptualization, Y.W.; Data curation, J.Z.; Investigation, X.L. and Q.B.; Methodology,
Y.W.; Project administration, Y.X.; Resources, B.J. and Y.X.; Software, J.Z.; Visualization, Y.C.; Writing—original
draft, J.Z.; Writing—review and editing, Y.W. and B.J. All authors have read and agreed to the published version
of the manuscript.

Funding: This work was supported in part by the National Natural Science Foundation of China under Grant
No. 61975142, was supported in part by the Foundation of Science and Technology on Near-Surface Detection
Laboratory under Grant No. 6142414180206, was supported in part by the National Natural Science Foundation of
China under Grant No. 61501468, was supported in part by the Key Research and Development (R&D) Projects of
Shanxi Province under Grant No. 201803D121071, was supported in part by the Coal-Bed Methane Joint Research
Fund of Shanxi Province under Grant No. 2015012005 and Grant No. 2016012011, and was supported in part
by Scientific and Technologial Innovation Programs of Higher Education Institutions in Shanxi under Grant
No. 2019L0296.

Conflicts of Interest: The authors declare no conflict of interest.



Sensors 2020, 20, 2000 14 of 15

References

1. Chen, B.; Yan, Z.; Cheng, X.; Liu, W. Fault diagnosis of railway roller bearing based on vibration analysis and
information fusion. J. Acoust. Soc. Am. 2012, 131, 3307. [CrossRef]

2. Wu, J.-D.; Chuang, C.-Q. Fault diagnosis of internal combustion engines using visual dot patterns of acoustic
and vibration signals. NDT E Int. 2005, 38, 605–614. [CrossRef]

3. Sha, Z.; Feng, H.; Shi, Y.; Zhang, W.; Zeng, Z. Phase-Sensitive OTDR with 75-km Single-End Sensing Distance
Based on RP-EDF Amplification. IEEE Photon Technol. Lett. 2017, 29, 1308–1311. [CrossRef]

4. Sifta, R.; Munster, P.; Sysel, P.; Horvath, T.; Novotný, V.; Krajsa, O.; Filka, M. Distributed Fiber-Optic Sensor
for Detection and Localization of Acoustic Vibrations. Metrol. Meas. Syst. 2015, 22, 111–118. [CrossRef]

5. Wang, Y.; Yuan, H.; Liu, X.; Bai, Q.; Zhang, H.; Gao, Y.; Jin, B. A Comprehensive Study of Optical Fiber
Acoustic Sensing. IEEE Access 2019, 7, 85821–85837. [CrossRef]

6. Wang, Z.; Zeng, J.J.; Li, J.; Fan, M.Q.; Wu, H.; Peng, F.; Zhang, L.; Zhou, Y.; Rao, Y.J. Ultra-long phase-sensitive
OTDR with hybrid distributed amplification. Opt. Lett. 2014, 39, 5866–5869. [CrossRef]

7. Dong, Y.; Chen, X.; Liu, E.; Fu, C.; Zhang, H.; Lu, Z. Quantitative measurement of dynamic nanostrain based
on a phase-sensitive optical time domain reflectometer. Appl. Opt. 2016, 55, 7810. [CrossRef]

8. Hu, J.; Duan, J.; Chen, Z.; Li, H.; Xie, J.; Chen, H. Detecting impact signal in mechanical fault diagnosis under
chaotic and Gaussian background noise. Mech. Syst. Signal Process. 2018, 99, 702–710. [CrossRef]

9. Zhong, X.; Zhang, C.; Li, L.; Liang, S.; Li, H.; Sun, C. Influences of pulse on phase-sensitivity optical time
domain reflectometer based distributed vibration sensor. Opt. Commun. 2016, 361, 1–5. [CrossRef]

10. Wang, Z.; Li, J.; Fan, M.Q.; Zhang, L.; Peng, F.; Wu, H.; Zeng, J.J.; Zhou, Y.; Rao, Y.J. Phase-sensitive optical
time-domain reflectometry with Brillouin amplification. Opt. Lett. 2014, 39, 4313–4316. [CrossRef]

11. Wang, C.; Shang, Y.; Zhao, W.A.; Liu, X.H.; Wang, C.; Peng, G.D. Investigation and Comparison of φ-OTDR
and OTDR-Interferometry via Phase Demodulation. IEEE Sens. J. 2018, 18, 1501–1505. [CrossRef]

12. Wang, Y.; Jin, B.Q.; Wang, Y.C.; Wang, D.; Liu, X.; Bai, Q. Real-time distributed vibration monitoring system
using Φ-OTDR. IEEE Sens. J. 2017, 17, 1333–1341. [CrossRef]

13. Koyamada, Y.; Sakairi, Y.; Takeuchi, N.; Adachi, S. Novel Technique to Improve Spatial Resolution in Brillouin
Optical Time-Domain Reflectometry. IEEE Photon Technol. Lett. 2007, 19, 1910–1912. [CrossRef]

14. Hui, X.; Zheng, S.; Zhou, J.; Xu, C.; Chi, H.; Jin, X.; Zhang, X. Electro-optic modulator feedback control
in phase-sensitive optical time-domain reflectometer distributed sensor. Appl. Opt. 2013, 52, 8581–8585.
[CrossRef] [PubMed]

15. Lu, Y.; Yao, Y.; Zhao, X.; Wang, F.; Zhang, X. Influence of non-perfect extinction ratio of electro-optic
modulator on signal-to-noise ratio of BOTDR. Opt. Commun. 2013, 297, 48–54. [CrossRef]

16. Yue, H.; Zhang, B.; Wu, Y.; Zhao, B.; Li, J.; Ou, Z.; Liu, Y. Simultaneous and signal-to-noise ratio
enhancement extraction of vibration location and frequency information in phase-sensitive optical time
domain reflectometry distributed sensing system. Opt. Eng. 2015, 54, 47101. [CrossRef]

17. Zhu, F.; Zhang, X.; Xia, L.; Guo, Z.; Zhang, Y. Active Compensation Method for Light Source Frequency
Drifting in ΦΦ-OTDR Sensing System. IEEE Photon Technol. Lett. 2015, 27, 2523–2526. [CrossRef]

18. Wu, H.; Li, X.; Li, H.; Wu, Y.; Gong, Y.; Rao, Y. An effective signal separation and extraction method using
multi-scale wavelet decomposition for phase-sensitive OTDR system. Int. Symp. Precis. Mech. Meas. 2013,
8916, 89160.

19. Qin, Z.; Chen, L.; Bao, X. Continuous wavelet transform for non-stationary vibration detection with
phase-OTDR. Opt. Express 2012, 20, 20459–20465. [CrossRef]

20. Sulaiman, A.H.; Yusoff, N.M.; Hitam, S.; Abas, A.F.; Mahdi, M. Investigation of continuously adjustable
extinction ratio in a multiwavelength SOA fiber laser based on intensity dependent transmission effect.
In Proceedings of the 2013 IEEE 4th International Conference on Photonics (ICP), Melaka, Malaysia, 28–30
October 2013; pp. 151–153.

21. Widrow, B.; McCool, J.; Larimore, M.; Johnson, C. Stationary and nonstationary learning characteristics of
the LMS adaptive filter. Proc. IEEE 1976, 64, 1151–1162. [CrossRef]

22. Wang, Y.; Ding, K.; Xu, Y.; Ying, Q.; Zhang, J.; Liu, X.; Bai, Q.; Wang, N.; Jin, B. Optical fiber microphones
based on twice envelope demodulation algorithm. Sens. Actuators A Phys. 2019, 297, 111555. [CrossRef]

23. Bai, Q.; Xue, B.; Gu, H.; Wang, N.; Wang, Y.; Zhang, M.; Jin, B.; Wang, Y. Enhancing the SNR of BOTDR by
Gain-Switched Modulation. IEEE Photon Technol. Lett. 2018, 31, 283–286. [CrossRef]

http://dx.doi.org/10.1121/1.4708364
http://dx.doi.org/10.1016/j.ndteint.2005.02.007
http://dx.doi.org/10.1109/LPT.2017.2721963
http://dx.doi.org/10.1515/mms-2015-0009
http://dx.doi.org/10.1109/ACCESS.2019.2924736
http://dx.doi.org/10.1364/OL.39.005866
http://dx.doi.org/10.1364/AO.55.007810
http://dx.doi.org/10.1016/j.ymssp.2017.06.038
http://dx.doi.org/10.1016/j.optcom.2015.10.038
http://dx.doi.org/10.1364/OL.39.004313
http://dx.doi.org/10.1109/JSEN.2017.2785358
http://dx.doi.org/10.1109/JSEN.2016.2642221
http://dx.doi.org/10.1109/LPT.2007.908651
http://dx.doi.org/10.1364/AO.52.008581
http://www.ncbi.nlm.nih.gov/pubmed/24513905
http://dx.doi.org/10.1016/j.optcom.2013.01.080
http://dx.doi.org/10.1117/1.OE.54.4.047101
http://dx.doi.org/10.1109/LPT.2015.2468075
http://dx.doi.org/10.1364/OE.20.020459
http://dx.doi.org/10.1109/PROC.1976.10286
http://dx.doi.org/10.1016/j.sna.2019.111555
http://dx.doi.org/10.1109/LPT.2018.2889812


Sensors 2020, 20, 2000 15 of 15

24. Wang, Z.; Zhang, L.; Wang, S.; Xue, N.; Peng, F.; Fan, M.; Sun, W.; Qian, X.; Rao, J.; Rao, Y. Coherent Φ-OTDR
based on I/Q demodulation and homodyne detection. Opt. Express 2016, 24, 853–858. [CrossRef] [PubMed]

25. Fu, Y.; Xue, N.; Wang, Z.; Zhang, B.; Xiong, J.; Rao, Y. Impact of I/Q Amplitude Imbalance on Coherent
Φ-OTDR. J. Lightwave Technol. 2018, 36, 1069–1075. [CrossRef]

26. Lu, Y.; Zhu, T.; Chen, L.; Bao, X. Distributed Vibration Sensor Based on Coherent Detection of Phase-OTDR.
J. Light. Technol. 2010, 28, 3243–3249.

27. Bermudez, J.C.M.; Bershad, N.J.; Eweda, E. Stochastic analysis of the LMS algorithm for cyclostationary
colored Gaussian inputs. Signal Process. 2019, 160, 127–136. [CrossRef]

© 2020 by the authors. Licensee MDPI, Basel, Switzerland. This article is an open access
article distributed under the terms and conditions of the Creative Commons Attribution
(CC BY) license (http://creativecommons.org/licenses/by/4.0/).

http://dx.doi.org/10.1364/OE.24.000853
http://www.ncbi.nlm.nih.gov/pubmed/26832468
http://dx.doi.org/10.1109/JLT.2017.2768587
http://dx.doi.org/10.1016/j.sigpro.2019.02.018
http://creativecommons.org/
http://creativecommons.org/licenses/by/4.0/.

	Introduction 
	High ER System Based on the Cascade Structure 
	Coherent Optical Time Domain Reflectometry (COTDR) System Based on Least Mean Square Error (LMS) Algorithm 
	Signal Demodulation for COTDR System 
	Adaptive Filtering Based on LMS Algorithm 
	Prior Time-Frequency Analysis for the Construction of Reference Signal 

	Results and Discussion 
	Conclusions 
	References

