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A B S T R A C T   

Noise radiated from an autonomous underwater vehicle (AUV) is one of the major sources of interference that 
impact the acoustic performance of its towed array sensor, especially during passive detection under low ambient 
noise conditions. In this paper, an adaptive noise canceller (ANC) based on the partitioned fast block least-mean- 
square adaptive algorithm is designed and applied to mitigate the AUV-radiated noise to improve the detection 
performance of a linear array towed by an AUV platform. The gain, defined as the ratio of the output signal-to- 
noise ratio (SNR) to the input SNR, is taken as the metric for our ANC. Results obtained from processing the 
experimental data indicate that the gain of the ANC is up to 20 dB.   

1. Introduction 

The mobility and autonomy of autonomous underwater vehicles 
(AUVs) allow them to operate without intervention, and over larger 
areas, making them very attractive for underwater applications (Holmes 
et al., 2006; Newhall et al., 2017; Glegg et al., 2001; Ferri et al., 2018; 
Munafὸ et al., 2017; Chotiros and Pallayil, 2013). An array of hydro-
phones towed by AUVs is able to provide a larger aperture for directional 
sensing underwater, than a single hydrophone or an array of hydro-
phones mounted on AUVs, especially at low frequencies. AUVs fitted 
with towed arrays hence provide a useful tool for underwater detection 
and surveillance applications (Holmes et al., 2005; Pallayil et al., 2007, 
2009; Maguer et al., 2008). 

The radiated noise from an AUV is a major concern for towed arrays 
and needs to be addressed to improve the detection performance. Fig. 1 
shows the spectrogram of data collected by using an AUV-towed array 
system during one of our experiments with and without the AUV in 
motion. It can be found that there is significant AUV noise could 
potentially mask detection of some of the underwater objects of interest. 
There are other studies conducted on the characteristics of noise radi-
ated from AUVs, leading to similar conclusions that it could reduce the 
passive detection capabilities of towed arrays, especially under low 
ambient noise conditions (Munafὸ et al., 2017; Cheng and Pallayil, 
2017; Holmes et al., 2010; Zimmerman et al., 2005; Griffiths et al., 
2001). It is therefore necessary to mitigate the effect of AUV noise on the 
array to improve its detection performance. 

Many researchers have investigated the effect of ship-radiated noise 
on conventional large towed arrays and how to reduce their impact on 
array performance (Candy and Sullivan, 2005; Sullivan and Candy, 
2005). Most studies provide only a theoretical framework, and are based 
on reference signals. They have also not discussed how to choose the 
reference signals for their proposed methods. In reference Cederholm 
and J€onsson (2008), results from processing of real data are given, but 
their methods require prior knowledge of ship noise, which may be 
difficult to obtain in many cases. The characteristic of AUV-radiated 
noise is however different from that of ship-radiated noise, as AUVs 
employ electrical motors. For their propulsion system, the speed of an 
AUV is generally low, which means that cavitation noise is not very 
significant, when compared with ship noise (Arveson and Vendittis, 
2000; Hodges, 2011). From references Munafὸ et al. (2017), Holmes 
et al. (2010), Zimmerman et al. (2005), and Griffiths et al. (2001), it can 
be found that the noise sources of AUV under study are dominated by the 
acoustic noise due to AUV vibration. The noise spectrum of AUV mainly 
consists of a few strong narrowband components, and the frequency 
range is higher than that of ship-radiated noise (Arveson and Vendittis, 
2000; Holmes et al., 2010; Zimmerman et al., 2005; Hodges, 2011). 
Therefore, suppressing AUV-radiated noise at the towed array sensors 
may require a modified approach, different from the existing techniques 
applied to ship-based towed arrays. 

There is limited information available in open literature on how to 
design an adaptive noise canceller (ANC) for AUV-towed array systems. 
We address the gap by proposing an ANC and evaluate its performance 
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by applying to the data collected using an AUV-towed array system. The 
ANC is realized by employing an adaptive filter (Widrow et al., 1975; 
Harrison et al., 1986; Farhang-Boroujeny, 2013; Haykin, 2002). To 
design the ANC, we need to determine a reference signal, filter length 
and an adaptive algorithm. The filter length is the number of taps used in 
the adaptive filter. Due to the complexity of the noise propagation from 
AUVs to towed arrays, the required filter length tends to be large, as will 
be explained in the next section. Considering both the AUV-noise 
spectral characteristics and the large filter length needed, the parti-
tioned fast block least-mean-square (PFBLMS) algorithm (Farhang-Bor-
oujeny, 2013) is employed in the designed ANC. 

The gain of the ANC, defined as the ratio of the output signal-to-noise 
ratio (SNR) to input SNR of the ANC is used to evaluate the performance 
(Widrow et al., 1975). The noise in the definition of the gain refers to the 
AUV noise received. The results of processing data from the array show 
that the gain of the ANC designed is up to 20 dB. We also evaluate the 
performance of the ANC through beamforming the array output and by 
injecting a source which is embedded below the interfering signal. The 
results show that a source 20 dB below the interfering signal could be 
successfully detected by using the ANC. 

The contributions of this paper can be summarized as follows:  

� extending the technique of adaptive noise cancellation into a new 
application, mitigating AUV noise on its towed array system; 
� designing a special and promising ANC with considering the char-

acteristics of the AUV noise received at the array. 

This paper is organized as follows. Section 2 discusses the charac-
teristics of AUV noise received at towed arrays. The ANC design is 
presented in Section 3. Section 4 evaluates the performance and 
computational complexity of the designed ANC. The outcomes of the 
study are concluded in Section 5. 

2. Characteristics of the AUV radiated noise 

Before designing an ANC, it is necessary to figure out the charac-
teristics of the AUV noise received at our towed linear array. We analyze 
the characteristics of the noise spectrum, its propagation, and autocor-
relation time in this section. 

2.1. Spectrum of the received noise 

The spectral characteristic of the AUV noise is an important 
consideration, when choosing or designing an adaptive algorithm for the 
ANC. Fig. 1 shows that the spectrum of the AUV noise consists of several 
strong narrowband components. For comparison, the spectrogram of the 
data received by the array when the AUV propulsion is switched off, is 
also provided in the same figure. From Fig. 1, it can be observed that the 
noise level received at the array drops substantially when the AUV 
propulsion is switched off, indicating that the dominant noise contri-
bution is from the AUV propulsion system. 

A schematic of the experimental arrangement used for our data 
collection is shown in Fig. 2. The platform employed in the experiment 
was a mid-sized AUV of 2.50 m long, 0.32 m in diameter and weighing 
150 kg. The AUV was moving at a speed of approximately 3 knots. The 
array has 12 acoustic channels, uniformly distributed with a channel 
spacing of 0.51 m. 

2.2. Noise propagation from the AUV to the array 

It is reasonable to assume that the majority of the AUV noise sources 
are nearly omni-directional (Holmes et al., 2010). The noise propagation 
from AUVs to towed arrays can be thought of as a complex near-field 
problem, limited by the bottom and surface of the ocean (Kuperman 
et al., 1985). The characteristics of the bottom and surface will influence 
noise propagation. The simple multipath model cannot describe noise 
propagation accurately. The complexity must be considered when 
determining the filter length of the ANC. 

2.3. Autocorrelation time 

The autocorrelation function of one segment of the AUV noise (from 
500 Hz to 3000 Hz) is shown in Fig. 3. The reason we choose the fre-
quency band from 500 Hz to 3000 Hz is that most of the power from the 
AUV generated noise in our experiment is distributed in this band. It is 
also the band of interest in the passive detection using the AUV towed 
array. When the correlation coefficient between two samples, namely 
the autocorrelation function value is low enough, the two samples are 
thought as uncorrelated. From Fig. 3, it can be found that the correlation 
coefficient decreases from 1 to 0.1. It is hence thought as in this paper 
that the two samples which have the correlation coefficient of 0.1 are 
uncorrelated. The autocorrelation time of the AUV noise received is 
referred to as the minimum delay between the two uncorrelated sam-
ples. From the autocorrelation function of the AUV noise in Fig. 3, we 

Fig. 1. Spectrogram of the signal received by the first channel of AUV-towed 
array. (a) When the AUV was moving steadily at a speed of 3 knots; (b) 
When the AUV propulsion system was turned off. 

Fig. 2. Schematic of the expertimental arrangement of AUV-towed array.  
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obtain that the minimum delay is 0.20 s. Thus, the autocorrelation time 
of the AUV noise received is 0.20 s. 

The autocorrelation time of the AUV noise received at the towed 
array can be taken as a reference to determine the adaptive filter length. 
For a sampling frequency of 10 kHz, based on the autocorrelation time 
0.20 s, the adaptive filter length in our ANC should be larger than or 
equal to 0.20 � 10,000 ¼ 2000. This large adaptive filter length poses a 
computational load problem in real-time noise cancellation, when using 
the time-domain adaptive algorithms. This problem is resolved by 
employing the frequency-domain adaptive algorithm based on the fast 
Fourier transform (FFT). 

3. Design of ANC 

The schematic of the designed ANC is shown in Fig. 4. As stated 
previously, to design an ANC for AUV-based towed array systems, we 
need to determine the reference signal, the adaptive filter length and the 
corresponding adaptive algorithm. 

3.1. Reference signal 

Usually, an additional sensor is placed next to the AUV for generating 
the reference signal. However, the additional sensor does not only in-
crease the hardware complexity, but also potentially introduces its own 
noise sources which are uncorrelated to the AUV noise received by the 
sensors of the array, thereby impacting the performance of the ANC. 
Besides, the additional sensor increases the power consumption and 
hardware cost. In our approach, we choose the array beamformer output 
along the AUV direction as the reference. 

It is reasonable to assume that the AUV and the towed array are lying 
in a straight line. This assumption has been further verified by 
comparing the depth and heading of the array and AUV using engi-
neering sensors, available inside the array and also on the AUV. For a 
uniformly weighted line array with 12 elements, the width (3 dB) of the 

end-fire beam is around 25� (from 65� to 90�, when using the angle 
definition in Fig. 6). If we steer the array beam to the AUV and weak 
signals which interest the AUV-towed array are not from the direction of 
the end-fire beam, the conventional beamforming output will amplify 
the AUV noise by approximately N times (Van Trees, 2004), compared to 
the AUV noise received at each sensor of the array. Because they are not 
from the direction of the AUV noise, the weak signals will not be 
amplified. The above analysis reveals that when using the end-fire 
beamformer output as the reference of the proposed ANC, if the weak 
signals are from the direction of the end-fire beam, the proposed ANC 
may not work. The blind directions of the proposed ANC will be 
analyzed in detail in Section 4. Every sensor of the array has a designed 
noise canceller. After cancelling the AUV noise received by all the sen-
sors, the performance of the array will be improved significantly. 

3.2. Adaptive filter length 

Although the noise propagation from the AUV to the towed array is 
complex, the propagation delays calculated based on the geometry of 
the surface and bottom can still be taken as a reference for estimating the 
adaptive filter length. When calculating the delay, the simple multipath 
model is assumed. We only considered the paths reflected by the bottom 
or surface. As shown in Fig. 5, d is the distance between the AUV and 
first sensor of the array, l is the length of the array, h1 is the ocean depth, 
and h2 is the operating depth of the array. When h2< h1/2, the delay for 
determining the adaptive filter length can be determined by the 

Fig. 3. Autocorrelation function of the AUV noise received by the first sensor of 
the array. (a) the whole view; (b) the zoom-in view of (a). 

Fig. 4. The schematic of our adaptive noise canceller (ANC) for the AUV-towed 
linear array. The ANC takes the beamformer output with its beam steered to the 
AUV, as the reference signal. The input of the ANC is the signal received by the 
sensors of the array. The partitioned fast block least-mean-square algorithm 
(Farhang-Boroujeny, 2013) is used in the ANC. 

Fig. 5. Geometry of AUV towing a linear array in a shallow-water environment.  
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propagation delay corresponding to the path reflected via the bottom. 
Similarly, when h2> h1/2, the delay for determining the adaptive filter 
length is determined by the propagation delay related to the path re-
flected via the surface. The propagation delay due to the bottom re-
flected path can be calculated by the following formula: 

τ0¼

2

ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi"�
lþd

2

�2

þ ðh1 � h2Þ
2

#v
u
u
t

c
; (1)  

where c is the sound speed. Let fs denote the sampling frequency. If we 
use the delay to estimate the adaptive filter length required, it can be 
expressed as 

N¼bfsτ0c; (2)  

where ‘⌊:⌋’ represents the operation of obtaining the minimum integer, 
larger than or equal to fsτ0. 

The ANC is designed to be robust to the shallow-water environment, 
as one would expect large delays due to multiple reflections at the ocean 
boundaries. For illustration, we choose a typical shallow-water envi-
ronment, with parameters are as follows: h1 ¼ 80 m, h2 ¼ 10 m, d ¼
15 m, l ¼ 6 m, c ¼ 1500 m=s, and fs ¼ 10 kHz. According to Eqs. (1) 
and (2), N ¼ 944. In a more practical case, more paths reflected by the 
bottom and surface may arrive at the towed array. Further, the propa-
gation of the AUV noise from the AUV to the array is a near-field 
problem, which is more complex than the multipath model. Therefore, 
when designing the ANC, which is robust to the shallow-water envi-
ronment, the adaptive filter length should be much larger than 944. 

The above multipath analysis of using the propagation delays shows 
that the adaptive filter length should be larger than 944. Based on the 
analysis of the autocorrelation time in Section 2.3, to make sure that all 
the correlated samples can be canceled, the adaptive filter duration 
should longer than the autocorrelation time of 0.20 s, which means the 
adaptive filter length required should be larger than 2000 (0.20 �
10,000), with the sampling frequency of 10,000 Hz. In our adaptive 
algorithm shown in the following section, FFT is used, which requires 
the adaptive filter length to be a power of two. Hence, we have chosen an 
adaptive filter length of 2048 in our design. 

3.3. Adaptive algorithm 

Having determined the reference signal and adaptive filter length, 
we need to choose what kind of adaptive algorithms to be used, based on 
the noise characteristics and the filter length. Two factors that we have 
considered in the choice of adaptive algorithm are fast convergence 
behavior and efficient implementation. 

The large adaptive filter length increases the computational load, 
leading to slow convergence when using the time-domain least-mean- 
square (LMS) adaptive algorithm. The fast block realization of the 
frequency-domain adaptive algorithm (Farhang-Boroujeny, 2013) will 
reduce the computational load and is therefore used in this study. 

The convergence behavior of the time-domain LMS adaptive algo-
rithms is generally determined by the eigenvalues of the correlation 
matrix R. The correlation matrix is defined as 

R¼E
�
xðnÞxHðnÞ

�
; (3)  

where E½⋅� denotes statistical expectation, the superscript H denotes 
Hermitian transpose, and xðnÞ is an observation vector of a wide-sense 
stationary stochastic process fxðnÞg of an adaptive filter input. R can 
be estimated by using time average. The eigenvalues of R are directly 
related to the power spectral density (PSD) of the adaptive filter input 
process (Farhang-Boroujeny, 2013). The PSD reflects the spectral con-
tent of the underlying process as a function of frequency. The PSD can be 
estimated by using the discrete Fourier transform of the obtained cor-
relation function of fxðnÞg. The convergence behavior of the 
time-domain LMS algorithm is frequency dependent. Assume the 
transfer function of an adaptive filter is WðejωÞ. The rate of convergence 
of WðejωÞ towards its optimum value WoðejωÞ, at a frequency ω ¼ ω0, is 
determined by the relative value of the PSD of the input signal at ω ¼
ω0. A large value of the PSD (relative to the values in other frequencies) 
means that the adaptive filter is well excited at ω ¼ ω0. This results in 
fast convergence around ω ¼ ω0. The time-domain LMS adaptive algo-
rithm converges slowly over those frequencies in which the values of the 
PSD are low. As mentioned in Section 2, the PSD of AUV-radiated noise 
consists of several narrowband components. If the time-domain LMS 
adaptive algorithm is used to cancel the AUV noise, the relatively small 
values in most of the frequencies of the AUV noise will result in slow 
convergence of the algorithm. 

When the adaptive algorithm is realized in the frequency domain, the 
step-normalization adaptation operation can be employed to normalize 
the input PSD at all frequencies, which means the corresponding PSD 
values after normalization will become consistent. Then we use the 
normalized frequency-domain signal for the adaptation of the filter tap 
weights. In this situation, the convergence speed of adaptive algorithm 
will increase greatly according to the analysis of the previous paragraph. 
Therefore, considering that the PSD of AUV-radiated noise consists of 
several narrowband components mainly, the frequency-domain step- 
normalization adaptation will be a good choice. 

The fast block least-mean-square (FBLMS) algorithm realizes the step 
adaptation in the frequency domain and includes the operation of the 
step-normalization adaptation (Farhang-Boroujeny, 2013; Haykin, 
2002). Hence, for our application, the FBLMS algorithm is a good choice 
in terms of convergence speed. In fact, we choose the partitioned FBLMS 
algorithm, namely the PFBLMS algorithm as it is highly efficient and 
well suited for implementing large adaptive filters (Farhang-Boroujeny, 
2013). 

The FBLMS algorithm makes use of the FFT and inverse FFT (IFFT) to 
improve the efficiency of the adaptive filter (Farhang-Boroujeny, 2013). 
The efficiency of the FBLMS algorithm is high, when the block length is 
comparable to the adaptive filter length. However, in our application, 
the adaptive filter length is large, and selecting an equivalent block 
length translates to high delay, which cannot satisfy real-time re-
quirements. The block adaptation in the FBLMS algorithm incorporates 
the estimate of the correlation matrix (related to the gradient vector of 
the adaptive filter) (Haykin, 2002). In practice, AUV-radiated noise 
received by the array is non-stationary. Thus, if the block is too long, 
estimation of the correlation matrix will not be accurate, leading to poor 
performance of the FBLMS algorithm. Therefore, for our application, 
block length should be much shorter than the adaptive filter length, and 
this is where the PFBLMS algorithm demonstrates its efficiency over the 
FBLMS algorithm. In our design, the adaptive filter length is 2048 and 
the block length is 128. If the block length becomes longer, we find that 
the performance of the adaptive algorithm will start to deteriorate. For 
these reasons, we employed the PFBLMS algorithm (Farhang-Boroujeny, 
2013). 

A brief description of the PFBLMS algorithm (Farhang-Boroujeny, 

Fig. 6. Schematic of the operational considered for applying the ANC.  

C. Chi et al.                                                                                                                                                                                                                                      



Ocean Engineering 202 (2020) 106886

5

2013) is given here. Let sðnÞ denote a signal received at the towed array. 
The strong AUV noise received at one of the sensors of the array is 
denoted by v0ðnÞ, where n is the sample number. Then, the received 
signal xðnÞ can be expressed as 

xðnÞ¼ sðnÞ þ v0ðnÞ: (4) 

The adaptive filter length is denoted by N. For the PFBLMS algo-
rithm, N is expressed as 

N¼P⋅M; (5)  

where P is the number of partitions, and M is the partition length. Let L 
denote the block length in the PFBLMS algorithm. M is expressed as 

M¼ pL; (6)  

where p is an integer. Letter k denotes block index. The input vector of 
the adaptive filter (Farhang-Boroujeny, 2013) is 

~x0ðkÞ ¼ ½xðkL � MÞ xðkL � M þ 1Þ … xðkLþ L � 1Þ�:
ðk ¼ 1; 2;…; ðP � 1ÞpÞ (7) 

The frequency-domain vector of ~x0ðkÞ is 

xF;0ðkÞ ¼FFTð~x0ðkÞÞ; (8)  

where ‘FFTðÞ’ means the fast Fourier transform operation. The output 
vector of the adaptive filter is 

yðkÞ¼ the  last  L  elements  of  IFFT

 
XP� 1

l¼0
wF;lðkÞ � xF;lðk � plÞ

!

; (9)  

where ‘IFFTðÞ’ means the operation of the inverse fast Fourier transform, 
‘� ’ denotes element-by-element multiplication of vectors, wF;lðkÞ is the 
tap weight vector. The update of the tap weight vector is given as 

wF;lðkþ 1Þ¼wF;lðkÞ þ 2μðkÞ� x*
F;lðk � plÞ � eFðkÞ; (10)  

where μðkÞ is the step size vector, obtained by the step normalization, 
and eFðkÞ is the frequency-domain error estimate, given as 

eFðkÞ¼FFT
��

0
eðkÞ

��

; (11)  

where eðkÞ is the time-domain error, given as 

eðkÞ¼ dðkÞ � yðkÞ; (12)  

where dðkÞ is the desired output vector. μðkÞ is expressed as 

μðkÞ¼ ½μ0ðkÞ μ1ðkÞ … μM0 � 1ðkÞ�
T
; (13)  

where M0

¼ Mþ L. The step normalization of the PFBLMS algorithm is 
given as 

μiðkÞ ¼
μ0

bσ2
F;0;iðkÞ

; ði¼ 0 …M0

� 1Þ; (14)  

where μ0 is a common unnormalized, bσ2
F;0;iðkÞs are the power estimates 

of the samples of the filter frequency-domain input xF;0ðkÞ, expressed as 

bσ2
F;0;iðkÞ¼ βbσ2

F;0;iðk � 1Þ þ ð1 � βÞ
�
�xF;0;iðkÞ

�
�2; (15)  

where β is a constant close to, but smaller than 1. The frequency-domain 
step normalization is the key to the proposed ANC. The detailed steps of 
the PFBLMS algorithm are shown in the Appendix. 

4. Performance evaluation 

The performance of our designed ANC in cancelling the AUV noise, 
and its computational complexity are given in this section. 

4.1. AUV noise cancellation performance 

The designed ANC, was applied to the data collected from a sea trial. 
Fig. 6 shows the operational scenario during the AUV noise data 
collection and the injected signal. The ocean depth was 20 m. The depth 
of AUV was 5 m. The AUV speed was approximately 3 knots. The dis-
tance between the AUV and first sensor of the array was 15 m. The 12 
hydrophone channels of the array were uniformly distributed with a 
channel spacing of 0.5 m, corresponding to halfwavelength at 1.5 kHz. 
To test the functionality of the algorithm in detecting the object signal 
under the AUV nosie, a weak signal was numerically added into the 
collected noise data. The power ratio of the weak signal to the AUV noise 
received by the first sensor of the array was set to � 20 dB. Two fre-
quencies of the weak signals with the same amplitude: 1300 Hz and 
1405 Hz were used in our evaluation.The frequency of 1405 Hz was in 
one of the prominent AUV noise bands. The frequency of 1300 Hz was 
not overlapped with the AUV noise bands. Using the geometry definition 
in Fig. 6, the direction of the weak signal varied from 0� to 90�, to 
evaluate the ANC performance for signals from different directions. 

The adaptive technique: inverse beamforming, has been successfully 
applied to cancel ship noise for towed line arrays (Li, 2012; Robert and 
Beerens, 2002). Even though the inverse beamforming method has not 
been applied to cancel noise for AUV-based towed array systems, we 
chose it as the reference method to verify our ANC. The reference 
method assumes that interferences or noise received at each sensor are 
the same except for the differences of propagation delays. The steps of 
the reference method are briefly given as follows:  

1) Do conventional beamforming in all the directions and find the beam 
with the maximum magnitude;  

2) Attenuate the maximum beam output by N times for the array with N 
sensors, and delay the attenuated beam output with different delays 
for different sensors;  

3) Substract the signal received at each sensor by the corresponding 
delayed and attenuated beam output;  

4) Repeat steps 1)-3), until that the weak signal is found. 

The gain of a noise canceller was used as a parameter for evaluating 
the performance of the ANC (Widrow et al., 1975). This parameter is 
explained in Fig. 7 and written as 

G¼
SNRout

SNRin
(16)  

where SNRin is the input signal-to-noise ratio (SNR) of the noise 
canceller, and SNRout is the output SNR. Here, it should emphasized that 
the signal is from the far-field weak target, and the noise is the AUV- 
radiated noise received at the sensors of the array, which dominates 
the received noise and hence is required to be cancelled. 

First, we evaluate the performance of the proposed ANC at different 
frequencies (1300 Hz and 1405 Hz), where the direction of the weak 
signal is 50�. Fig. 8 (a) and (b) show the PSDs of data without and with 
the ANC for the two frequencies used. Ideally, the weak signal should 
not be influenced by use of the ANC to cancel the AUV noise. From Fig. 8 
(a), it can be found that when the frequency of the weak signal is not 
overlapped with the AUV noise band, the ANC has no observable in-
fluence on the weak signal. While Fig. 8 (b) shows that when frequency 

Fig. 7. Definition of the gain for evaluating the performance of adaptive 
noise canceller. 
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of the weak signal is overlapped with the AUV noise band, the compo-
nent of the weak signal is slightly decreased. This means the situation 
that the signal frequency is in the frequency band of the AUV noise is 
more challenging for the proposed ANC. To better verify the ANC, the 
frequency of 1405 Hz of the weak signal is used in the following 
evaluation. 

Data from the sea trial showed that the amplitudes of the AUV noise 
received at different sensors are different. Because the ANC should be 
robust to the sensor location, it is necessary to illustrate the processing 
results of different sensors. We picked up two sensor locations where the 
expected levels of AUV noise is maximum (sensor 1 and sensor 12). 
Fig. 9 (a) shows the PSDs of data from the first sensor of the array 
without and with the designed ANC. Fig. 10 (a) shows similar PSDs 
curves for the 12th sensor of the array. For comparison, the results from 

the reference method (the inverse beamforming (Li, 2012; Robert and 
Beerens, 2002)) are also provided in Figs. 9 (c) and Fig. 10 (c). It can be 
seen that with the ANC, the AUV noise is cancelled well and the weak 
signal is well identified. The performance of the reference method is not 
as good as that of the ANC. The reference method is based on the 
assumption that the AUV noise received at different sensors is the same 
except for the different propagation delays. The ANC in this paper has no 
such an assumption. The received AUV noise differs for different sensors, 
which is the main reason that the reference method cannot perform as 
good as the proposed ANC. The comparison between Figs. 9 and 10 
demonstrates that the designed ANC performs well for different sensors 
and is robust to the noise levels at different sensors. The gain of the ANC 
in the frequency band around 1400 Hz, is 20 dB. 

Next, we evaluate the performance of the ANC for different signal 

Fig. 8. Results of processing sensor 1 of our array with different signal frequencies: (a) 1300 Hz and (b) 1405 Hz, showing performance of the proposed adaptive 
noise canceller (ANC). 

Fig. 9. Results of processing sensor 1 of our array, showing performance of the proposed adaptive noise canceller (ANC) and the reference method. (a) Power spectral 
densities (PSDs) of the original signal of sensor 1 and that using the proposed ANC; (b) zoomed-in view of (a) around the weak signal frequency; (c) Power spectral 
densities of using the reference method; (d) zoomed-in view of (c) around the weak signal frequency. (The weak signal frequency is 1405 Hz. Black curve represents 
the PSD of the original signal (AUV noise þ added weak signal), Red curve represents the PSD afterr applying the proposed ANC and Magenta curve represents the 
PSD after applying the reference method.). (For interpretation of the references to colour in this figure legend, the reader is referred to the Web version of this article.) 
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directions. Fig. 11 shows the gain of the ANC from the broadside (0�) to 
the endfire (90�). It can be found that the performance of the ANC de-
teriorates for the signal direction of 60� onwards. When using the pro-
posed ANC, this shortcoming should be noted. 

Finally, the beamformed outputs of the array before and after noise 
cancellation are given in Fig. 12. The conventional delay-and-sum 
method in the time domain was used to do beamforming. From 
Fig. 12, it can be seen that because the AUV noise is strong, the beam-
formed output is not able to resolve the signal added at the relevant look 
direction. After using the ANC, the signal is recovered reasonably well, 
at the expected look angle of 50�. The arrival at broadside can be found 
from Fig. 12. It is caused by the electronic noise component in each 
sensor coupled from the same circuit. Because there is no delay among 
the electronic noise components of all the sensors, with beamforming, 
the electronic noise component is enhanced at broadside and the 
broadside arrival appears in Fig. 12. The problem of the electronic noise 
can be solved by designing a better circuit, and is not the focus of our 
research. This does not influence the performance evaluation of the 

ANC. 

4.2. Computational complexity 

The per sample computational complexity of the PFBLMS algorithm 
used in our ANC can be evaluated using Eq. (8.99) of reference Far-
hang-Boroujeny (2013), given as 

C¼ðpþ 1ÞLPþ
3
4
ðpþ 1Þlog2

ðpþ 1ÞL
2

: (17) 

Fig. 10. Results of processing sensor 12 of our array, showing performance of the proposed adaptive noise canceller (ANC) and the reference method. (a) Power 
spectral densities (PSDs) of the original signal of sensor 12 and that using the proposed ANC; (b) zoomed-in view of (a) around the weak signal frequency; (c) Power 
spectral densities of using the reference method; (d) zoomed-in view of (c) around the weak signal frequency. (The weak signal frequency is 1405 Hz. Black curve 
represents the PSD of the original signal (AUV noise þ added weak signal), Red curve represents the PSD after applying the proposed ANC and Magenta curve 
represents the PSD after applying the reference method.). (For interpretation of the references to colour in this figure legend, the reader is referred to the Web version 
of this article.) 

Fig. 11. The gain of the proposed ANC versus different signal directions.  

Fig. 12. Conventional array beamformer outputs for test case shown in Fig. 6. 
(Original: before AUV noise cancellation; Reference method: after AUV noise 
cancellation using the reference method; Proposed ANC: after AUV noise 
cancellation using the proposed adaptive noise canceller.) 
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The per sample computational complexity of the adaptive algorithm 
means the number of operations including multiplication and addition, 
required for processing one sample. According to Eq. (17), the per 
sample computational complexity of the PFBLMS algorithm used in the 
ANC is 50. As for the time-domain LMS-based algorithm with the filter 
length of 2048, 2048 multiplications are performed to compute the 
output (Haykin, 2002) per sample, and a further 2048 multiplications 
are required to update the tap weights. The per sample computational 
complexity of the time-domain LMS-based algorithms should be equal to 
or higher than 4096. Therefore, it can be concluded that the designed 
ANC is of much higher efficiency. 

5. Conclusion 

The design of an ANC to mitigate the impact of noise of an AUV on its 
towed array system is explored in detail in this paper. The experimental 
data used in this study showed that noise generated by an AUV can 
significantly interfere and thus limit the detection performance of its 
towed array system. The AUV noise spectrum mainly consisted of tonal 
components. The designed ANC employed the PBFLMS algorithm to 
obtain fast convergence speed and high efficiency, and took the beam 
output steered towards the AUV as the reference. The results indicated 
that the proposed ANC was able to recover a source signal embedded in a 
noise, which is 20 dB higher than the source signal. In terms of beam-
forming performance, it was observed that the reference method did not 

perform as good as the proposed ANC. The proposed ANC also has a 
shortcoming that its performance deteriorates for the signal direction of 
60� onwards. 

In our study, we injected a target signal numerically to test the 
performance of the ANC in recovering it in the presence of AUV noise. In 
the future, we plan to test the designed ANC with sources in water. 
Another area of interest is the study how the AUV speed impacts the 
noise characteristics and how the ANC can be adapted accordingly. 
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Appendix 

In order to facilitate better understanding of the proposed ANC, Table 1 below summarizes the steps of the PFBLMS algorithm (Farhang-Boroujeny, 
2013).  

Table 1 
Summary of the PFBLMS algorithm  

Input: 
Tap � weight  vector; wF;lðkÞ; l ¼ 0; 1;…; P � 1;
Extended input vector; ~x0ðkÞ ¼ ½xðkL � MÞ xðkL � Mþ 1Þ … xðkLþ L � 1Þ�T;
The past frequency  domain  vectors  of input;  xF;0ðk � lÞ; for k ¼ 1;2;…; ðP � 1Þp;
Desired  output  vector;  dðkÞ ¼ ½dðkLÞ dðkLþ 1Þ … dðkLþ L � 1Þ�T:
Output: 
Filter  output; yðkÞ ¼ ½yðkLÞ yðkLþ 1Þ … yðkLþ L � 1Þ�T;
Tap � weight  vector  update;wF;lðkÞ; l ¼ 0; 1;…; P � 1:

1 Filtering: 
xF;0ðkÞ ¼ FFTð~x0ðkÞÞ;

yðkÞ ¼ the  last  L  elements  of  IFFTð
XP� 1

l¼0
wF;lðkÞ � xF;0ðk � plÞÞ

2 Error estimation: 
eðkÞ ¼ dðkÞ � yðkÞ
3 Step-normalization: 
for i ¼ 0 to M0

bσ2
xF;0;i
ðkÞ ¼ βbσ2

xF;0;i
ðk � 1Þ þ ð1 � βÞ

�
�xF;0;iðkÞ

�
�2

μiðkÞ ¼ μ0=bσ
2
xF;0;i
ðkÞ

μðkÞ ¼ ½μ0ðkÞ μ1ðkÞ …μM0 � 1ðkÞ �
T  

4 Tap-weight adaptation: 

eFðkÞ ¼ FFT
�� 0

eðkÞ

��

for i ¼ 0 to P � 1
wF;lðkþ 1Þ ¼ wF;lðkÞ þ 2μðkÞ � x*

F;0ðk � plÞ � eFðkÞ
5 Tap-weight constraint: 
for i ¼ 0 to P � 1
wF;lðkþ 1Þ ¼

��
the  first  M  elements  of  IFFTðwF;lðkþ 1ÞÞ

0

��

Notes. 
◆ M: partition length; L: block length.M0

¼ Mþ L:
◆ β is a constant close to, but smaller than 1. 
◆ 0 denotes column zero vectors with appropriate length to extend vectors to the length M0 . 
◆ � denotes element-by-element multiplication of vectors; * denotes the conjugate operation. 
◆ Step 5 is applicable only for the constrained PFBLMS algorithm. 
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