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ABSTRACT: Aiming at two problems of the low radiation efficiency of the transmitted antennas and facing strong interference in
extremely-low-frequency (ELF) communication, a new structure of a receiving array is proposed, and the signal preprocessing scheme in
the receiver front-end is designed, which can suppress 50 Hz interference and its harmonic components effectively, thereby enhancing the
detective ability on the weak desired signal. In order to suppress the interference within signal bandwidth, a novel improved generalized
sidelobe cancellation algorithm (IGSCA) is proposed. By combining with the proposed receiving array structure, the problem on the
desired signal radiated into the reference antennas has been addressed effectively. In order to test the proposed algorithm’s performance,
an experimental platform is set up under the laboratory environment, mainly adopting a data acquisition unit named NI 9184. The results
show that the proposed algorithm can improve the better signal-to-noise-plus-interference ratio (SINR) to a great extent, and the more
the number of reference antennas is, the higher the improved performance is.

1. INTRODUCTION

LF communication [1] is considered a reliable underwa-

ter communication method due to its low attenuation, sta-
ble signal propagation in seawater, and strong anti-interference
ability. However, the radiation efficiency of the antenna is
rather low (about 10~°) [2]. In addition, within signal band-
width, the received signal also faces strong background noise
interference, resulting in extremely low SINR in ELF commu-
nication. To address the aforementioned problems, receiver
backend typically employs traditional algorithms, including
linear filtering (LF) [3], adaptive filtering (AF) algorithm [4, 5],
signal subspace decomposition (SSD) [6], beamforming algo-
rithms [7, 8], etc. However, in actual ELF communication, due
to the inability to know the direction of the desired signal in
advance, the reference antenna inevitably receives the desired
signal component. Therefore, traditional algorithms partially
cancel out the desired signal component when performing in-
terference suppression, resulting in less SINR significant im-
provement.

At present, there are related research reports on interference
suppression in ELF communication based on our previous re-
search works [9—13]. The proposed algorithm is different from
our previous research works. The differences mainly include
structure of the receiving array, structure of algorithm, the input
signals of blocking module, the desired signal and interference
signals arrival directions.

In order to solve the problem of insufficient performance im-
provement in traditional algorithms, this paper focuses on the
generalized sidelobe cancellation (GSC) algorithm widely used
in speech signal enhancement [14]. The GSC algorithm re-
lies on the characteristics of main channel signal enhancement,
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sidelobe channel blocking, and post-processing algorithm, and
has better application prospects in interference suppression of
ELF communication. However, there are some issues that need
to be addressed when this algorithm is applied into ELF com-
munication. Firstly, the performance of the fixed beamforming
algorithm (FBA) [7, 8] used in the main channel is limited by
the number of main antennas, and FBA requires prior informa-
tion about the desired signal direction. Secondly, the design
of the partitioning algorithm is too simple, resulting in the ref-
erence antennas being unable to obtain interference reference
information without the desired signal. Again, the adaptive al-
gorithms used in the post-processing scheme often increase the
noise floor and cannot guarantee the convergence of each set
of data, which means that there may be unstable interference
suppression results.

Starting from the actual ELF communication environment,
this paper considers the interference suppression problem un-
der harsh conditions, that is, strong interference and the desired
signal have the same incident wave direction, both located in
the 45 degree direction of the receiving array. In this case,
the reference antenna will receive more desired signal compo-
nent, which has a negative impact on interference suppression.
To overcome this difficulty, a signal preprocessing scheme is
proposed at the front end of the receiver to filter out 50 Hz in-
terference and its harmonic components. Combined with an
improved GSC algorithm, the post-processing algorithm can
concentrate on processing strong interference within the signal
bandwidth. Some improvements have been made to the orig-
inal GSC algorithm. Firstly, the main channel adopts the LF
algorithm instead of the FBA algorithm to send the enhanced
signal to the adaptive blocking algorithm (ABA), improving the
algorithm’s ability to suppress incoherent noise. Secondly, in
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response to the problem of signal leakage in ELF communi-
cation, a receiving array structure with high sensitivity of the
main antenna and low sensitivity of the reference antenna is
designed to address the weak signal required in ELF communi-
cation. This reduces the possibility of the reference antenna re-
ceiving the desired signal to a certain extent. Based on the prin-
ciple of the lowest SINR within the signal bandwidth, an adap-
tive grouping algorithm is proposed. Basically, it can solve the
above-mentioned leakage problem of the desired signal, pro-
viding more reference information for estimating the noise and
interference of the main channel by eliminating the output sig-
nal of the sidelobe channel. Finally, applying the LF algorithm
to the post-processing stage of sidelobe cancellation channels,
although the performance slightly decreases, the computational
efficiency is improved, and the interference suppression results
are relatively stable, which is crucial for achieving reliable ELF
communication. Through the above improvement scheme, var-
ious strong interferences have been effectively suppressed, and
SINR improvement within the signal bandwidth has been suc-
cessfully achieved. The more reference antennas there are, the
more obvious the improvement effect is.

2. SIGNAL MODEL

Magnetic antennas are mainly composed of induction coils and
magnetic cores. The selection of magnetic cores is important
for the performance of magnetic antennas. The ratio of mag-
netic core length to diameter is directly proportional to the ef-
fective magnetic permeability. When the above ratio remains
constant, in order to ensure that the effective magnetic perme-
ability remains constant, the initial magnetic permeability must
be greater than a certain value. Therefore, when a magnetic
core is chosen, the above factors must be considered. The mag-
netic core material used in this paper is nanocrystalline alloy,
which is a kind of soft material with high magnetic permeability
and saturation strength [15]. The material size is 6003030 mm,
with a length to diameter ratio of 20. Compared with other
metal soft magnetic materials, this material has better perfor-
mance and lower price.

When producing magnetic antennas, the motor and reducer
are combined into a winding machine to achieve automatic
winding instead of manual winding. A counter is installed on
the winding machine to automatically record the number of
turns, improving winding efficiency and accuracy. In order
to reduce the distributed capacitance of the magnetic antenna,
acrylic partition segmented windings were used. In addition,
soak the made magnetic antenna in varnish for a period of time
to firmly fix the coil on the magnetic core. The specific de-
sign and fabrication process of the magnetic antennas has been
described in the literature [9]. The parameters of the final pro-
duced magnetic antenna with higher sensitivity are as follows.
Winding diameter is 0.2 mm; number of winding turns is 12000;
the length of the acrylic is 200 mm; the distance of the each
acrylic framework is 40 mm; the number of turns of the coil in
each winding slot of the acrylic framework is 3000. The param-
eters of the final produced magnetic antenna with lower sensi-
tivity are different in terms of number of winding turns and the
length of the acrylic, and other parameters are the same. The

number of winding turns is 8000, and the length of the acrylic
is 100 mm. The sensitivities of Cm1 and Cm2 are the same,
about 115 fT/v/Hz@135 Hz, and the sensitivities of Cr1, Cr2,
Cr3, and C'r4 are the same, about 780 fT/v/Hz@135 Hz.

In order to effectively suppress the 50 Hz interference and
its harmonic components, several signal preprocessing schemes
are proposed that combine the analog filtering with digital fil-
tering method at the receiver front-end. The weak desired sig-
nal at the front-end is amplified under the premise of introduc-
ing the less noise. The difference between the filtered signals
in the main antennas is narrowed, and the better effect on in-
terference suppression is achieved. This paper proposes three
kinds of signal preprocessing schemes, and the digital filtering
method in each scheme is the same, adopting 8 Hz bandwidth,
16 Hz bandstop, and 60 dB attenuation factor. The difference
in each scheme is the analog filtering method. The first scheme
adopts the AD797 chip as preamplifier and 195 Hz low pass
filter; the second scheme adopts the same preamplifier as the
first scheme and combines 195 Hz low-pass filter with 130 Hz
narrow band filter with 10 Hz bandwidth; and the third scheme
adopts the same preamplifier as the first scheme and two stage
above-mentioned narrow band filters. Different filtering results
are shown in Fig. 1.

Through the comparison of experimental results, it is found
that the analog filtering method that adopts the AD797 chip as
preamplifier and cascades two stage narrow band filters com-
bining with the above-mentioned digital filtering method can
achieve the best suppression effect. Therefore, this scheme
is adopted as the signal preprocessing scheme of the receiver
front-end, and the schematic diagram of parts of the analog fil-
tering in this scheme is shown in Fig. 2.

The structure of the receiving array composed of the mag-
netic antennas designed in this paper is shown in Fig. 3. The
magnetic antennas Cm1 and Cm?2 labeled 1 and 3 are the two
main antennas with higher sensitivity, while the other antennas
are reference antennas with lower sensitivity. The reference an-
tennas Crl and Cr2 labeled 2 and 4 are orthogonally arranged
to the main antennas, and the reference antennas Cr3 and Cr4
labeled 5 and 6 are respectively placed in 45 degree directions
of the main antenna Cm1.

Assume that the received signal of one of the antennas in
the receiving array is y; (k) (: = 1,2, ...,6), which can be ex-
pressed as

yi (k) = Pi (i) x (k) + P (0:) v (k) +n; (k) (1)

Among them, i is the label of the antenna; k is the index of the
sampled data; P;(-) is the projection operator; «; is the angle
between the desired signal and the ¢th antenna of the receiving
array; 6; is the angle between strong interference and the ¢th
antenna of the receiving array; (k) is the desired signal; v(k)
is the strong interference within the signal bandwidth range;
and n; (k) is the background noise.

Since the signal preprocessing scheme in the receiver front-
end has filtered the 50 Hz interference and its harmonic com-
ponents, those parts of interferences are ignored in above equa-
tion, and the post-end algorithm of the receiver can concentrate
on suppressing the strong interference v (k).
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The Filtering Results of Low Pass Filter

The Filtering Results Combining Low Pass Filter with Narrow-band Filter
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FIGURE 1. The filtering results of different signal preprocessing schemes. (a) The result of first scheme. (b) The result of second scheme. (c) The

result of three scheme.
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FIGURE 2. The schematic diagram of the part of the analog filtering in this scheme.

3. IMPROVED GENERALIZED SIDELOBE CANCELLA-
TION ALGORITHM

The GSC algorithm belongs to an unconstrained time-domain
adaptive beamforming method proposed by Griffith and Jim in
1982 [14]. An improved generalized sidelobe cancellation al-
gorithm (IGSCA) is proposed to address the above issues, and
its schematic diagram is shown in Fig. 4. IGSCA consists of LF
algorithm, ABA algorithm, and a selection module for receiv-
ing signals from two main antennas. This selection module is

based on the principle of superior SINR and mainly improves
SINR performance by enhancing the desired signal of the main
antenna and reducing the leakage of the desired signal in the
reference antennas.

From Fig. 3, it can be seen that there are two main antennas
and four reference antennas in the receiving array. The algo-
rithm proposed in this paper firstly selects the received signal
with the higher SINR from the signals received by the two main
antennas as the main signal. Due to the limited production level
of magnetic antennas and analog filtering circuits, it is difficult
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FIGURE 3. The structure of the proposed receiving array.

to ensure that the signals received by each antenna are com-
pletely consistent. In order to avoid false performance gain,
this paper selects the signal with better SINR between the two
received signals obtained from two main antennas as the main
signal of IGSCA. This paper assumes that the signal received
by the magnetic antenna labeled 1 is the main signal.

The main function of ABA is to eliminate the desired signal
component received by the reference antennas, providing ref-
erence information for interference estimation and signal en-
hancement of the main channel in the absence of the desired
signal. From the ABA module in the upper part of Fig. 4, it can
be seen that the blocking reference signal yy,; (k) (i = 3,4, 5, 6)
can be described as

ot () = { minSIN R (yr (k) = i (k + 7)., fe)

s.t. T € la: 0] @

wherein, f,. indicates the frequency of the desired signal; 7; (i =
3,4, 5, 6) respectively indicate the range of delay time for each

reference antenna; a and b respectively indicate the upper and
lower limits of delay time; the calculation process of the ABA
is as follows. Firstly, the root mean square (RMS) values of
the main signal y; (k) and four reference signals y;(k) (i =
3,4, 5, 6) are separately calculated, and the RMS values of four
reference signals y; (k) (i = 3,4, 5,6) are adjusted according
to the RMS value of the main signal y; (k), so that the ampli-
tude of the desired signal component in each reference signal
is substantially the same as the amplitude of that in the main
signal. Then, the reference signals of the adjusted amplitude
yi(k) (i = 3,4, 5, 6) are respectively aligned with the main sig-
nal by setting some delay units. Finally, the subtracted signals
are respectively obtained by subtracting the aligned reference
signal from the main signal y; (k). By adaptively searching
for the optimal value of 7; based on the principle of the low-
est SINR within the range of signal bandwidth, the subtracted
signals with the lowest SINR obtained are considered as the
blocked reference signals yp; (k) (i = 3,4, 5, 6).
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FIGURE 4. The schematic diagram of the proposed IGSCA.

In term of the signal enhancement in the main channel, main
signal y; (k), received signal y2 (k) obtained by the other main
antenna, and the two blocked reference signals y;(k) (i =
3,4) are sent to the main channel for signal grouping, mak-
ing each grouped sequence g;(k) (¢ = 1,2) only contain one
received signal obtained by the main channels, that is, g;(k) =
Jy1(k), yps (k), ypa(k)]. The grouped sequence is sent to the LF
algorithm, which is composed of the optimal filter based on the
minimum mean square error criterion. By the LF algorithm,
the approximate solution of the filter coefficient is obtained.
Therefore, the i-th coefficient can be expressed as

Woi =R, B[t (k)i (k)]

3)

wherein, 77 (k) = [yp3(k); ypa(k)]2x > N represents the num-

ber of data points contained in the received signal; R,, repre-
sents the covariance matrix formed by two blocked reference
signals; and superscript 7 represents the transpose operation of
a vector. Thus, the enhanced received signal obtained by the
main antennas can be respectively expressed as

Yi (k) = yi (k) — W (k) 4)

The reason that the received signal y» (k) by the other main an-
tenna with lower SINR is also enhanced is mainly that it can
provide the input signals for the ABA in the sidelobe cancel-
lation channel. Considering that the amplitude of the desired
signals received by the two main antennas is not much different
according to the structure in Fig. 3, there is no need to adjust the
signal amplitude. In addition, the aligned operation mentioned
in ABA needs to search for a longer time, but for the block-
ing algorithm between two enhanced signals received by the
two main antennas, the best blocking coefficient may be found
in a relatively smaller range. Therefore, in order to improve
the computational efficiency, referring to the ABA, a simpler
blocking form is designed based on the principle of the lowest
SINR within the signal bandwidth. The blocked main signal
ymo (k) can be described as

Ymo (K _{ mﬁinSINR (Y21 (k) — Byx2 (k) , fe) .

s.t. B €[0:0.01: Ts]

wherein, (3 is the adaptive blocking coefficient; T’s is the thresh-
old value, which is used to control the range of parameter 3; the
adjustment step is set to 0.01.

The two other blocked reference signals yp; (k) (i = 5,6)
and the blocked main signal y,,,,(k) are sent to the latter LF
algorithm, and the filter coefficients are solved based on Equa-
tion (3), thereby obtaining the estimation v (k) of the noise and
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FIGURE 5. The schematic diagram of the experimental scene from the top view.

interference component in main channel. Finally, the estima-
tion U4 (k) is subtracted from the enhanced main signal y.1 (k),
and the desired signal Z(k) is obtained.

4. EXPERIMENT RESULTS AND DISCUSSIONS

In order to test the effectiveness of the algorithm on interfer-
ence suppression in actual environment, an experimental plat-
form was built in the laboratory. The schematic diagram of the
experimental scene can be seen from Fig. 5, and the physical
structure of the data acquisition unit is shown in Fig. 6. Some
parameter settings are explained as follow: in Equation (2), the
upper and lower limits of delay time 7; are set as [2, 100], and
in Equation (5), it is found through experiments that when the
threshold is set to 2.5, the blocking algorithm can achieve better
blocking effect.

The signal generator TDK AFG3021 generates the desired
signal with a frequency of 130 Hz and an amplitude of 10 mV,
which is sent to a receiving array at a distance of 1.5 me-
ters through the transmitting coil 1. The function generator
DG1022U generates broadband Gaussian white noise of 5V
amplitude and sends it to the signal generator GFG-8016G,
which performs random phase modulation to generate strong
interference. Strong interference is transmitted to the receiv-
ing array at a distance of 1.5 meters through transmitting coil
2. The transmitting coils 1 and 2 are both located in the 45 de-
gree direction of the receiving array. The signal obtained by the
receiving array is sent to the data acquisition unit NI 9239 for
real-time interference suppression. The sampling frequency is
set to 5 kHz, and the interference suppression results are shown
in Fig. 7. In addition, the influence of the number of reference
antennas on the interference suppression effect was also com-
pared. The third subgraph in Fig. 7 shows the interference sup-
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pression effect of a receiving array composed of four magnetic
antennas {C,1, Crna, Cr1, Cra}.

It can be seen from Fig. 7 that compared with the original
GSC algorithm, the proposed IGSCA in this paper greatly im-
proves the SINR gain (about 12 dB) within the signal band-
width. The experimental results are consistent with the theoret-
ical derivation of the previous section. On one hand, the pro-
posed receiving array structure composed of the main antennas
with higher sensitivity and the reference antennas with lower
sensitivity reduces the possibility of the reference antenna re-
ceiving the desired signal to some extent. On the other hand, the
main signals and reference signals are respectively blocked by
the ABA, which can address the leakage problem of the desired
signal effectively. Besides, those blocked signals can provide
more reference information without the desired signal compo-
nent for estimating the noise and interference in the main chan-
nel, thereby improving the estimation accuracy. By comparing
with the latter two subfigures in Fig. 7, the more the number
of reference antennas is, the more obvious the performance im-
provement is. This is mainly because the reference antennas in
the receiving array proposed in this paper can collect the noise
and interference information from different directions, and af-
ter being processed by the ABA, can provide more reference
information without the desired signal. For the receiving ar-
ray containing only two reference antennas, due to the insuf-
ficient number of reference antennas, the LF algorithm in the
sidelobe cancellation channel has reused the reference signals
that have already been used in the signal enhancement of the
main channel. In this case, it is difficult for the LF algorithm to
obtain other useful reference information from the used refer-
ence signals, which limits the performance improvement of the
algorithm to some extent.

The experimental results(Filter bandwidth= 8Hz,Center frequency= 130Hz)
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FIGURE 7. The interference suppression result of IGSCA.

5. CONCLUSIONS

In order to improve the quality of ELF communication, a new
receiving array structure was designed to address two prob-
lems in ELF communication. A signal preprocessing scheme
for the receiving front-end was proposed, effectively suppress-
ing 50 Hz interference and its harmonic components. The GSC
algorithm used widely in speech signal enhancement is intro-
duced into the ELF communication. Based on the principle
of the lowest SINR within the signal bandwidth and combined
with the LF algorithm, an IGSCA algorithm based on ABA is
proposed, which solves the problem of signal leakage in tra-
ditional algorithm, improves the estimation accuracy of noise
and interference in main channel, and achieves a relatively sta-
ble suppression effect. This provides a new approach to solving
the interference suppression problem in ELF communication.
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