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Abstract: In recent years, underwater acoustic applications have attracted much attention, for
example, for underwater environmental monitoring, underwater exploration, etc. Hydrophones play
a particularly important role. Although hydrophone design has been in multifarious application
forms, it still needs to consider increasing demand for low-cost, low-consumption, and multiple-
function devices, as well as issues around miniaturization, lossless data collection, etc. In this paper,
we design a compact underwater acoustic device that has the capability of underwater acoustic
signal storage, underwater acoustic signal transmission via the Internet, and decoding based on
the direct sequences spread spectrum (DSSS). The key problem is how to implement multiple
functions in only one micro-controller unit (MCU). The hardware and software of the proposed
multi-function hydrophone are described in detail. In particular, the MCU, the pre-amplifier with
gain control, and the analog-to-digital integrated chip are introduced. Moreover, underwater acoustic
data storage, underwater acoustic transmission, and the DSSS receiver are depicted in terms of
software. The different functions of the hydrophone are verified in sea trial experiments. The results
show that the proposed multi-function hydrophone is able to sample underwater acoustic data at
high quality. In addition, to demonstrate configurable parameters, the DSSS receiver with different
carrier frequencies is provided. The proposed multi-function hydrophone realizes zero bit error rate
(BER) when carrier frequency fc = 9 kHz, and the BER with 10−3 order of magnitude when carrier
frequency fc = 15.5 kHz. The results show that the proposed multi-function hydrophone has great
potential to explore the ocean.

Keywords: multi-function hydrophone; underwater acoustic data acquisition; real-time transmission;
parameter configuration; DSSS receiver

1. Introduction

The electromagnetic signal attenuates significantly in the water, hence it cannot trans-
mit over a long range. On the contrary, the underwater acoustic signal attenuates far less
than the electromagnetic signal, and as a result, underwater sounds widely exist in the
ocean from the surface to the bottom. For example, the sound of raindrops and tides,
the sound of marine animals, and the sound of tsunamis and under-sea earthquakes. In
addition, there is plentiful sound produced by human activities, for example, ship noise,
signals for underwater acoustic communication, signals for underwater acoustic ranging,
etc. As a result, underwater sound monitoring, storage, and processing become more and
more important.

More than 70% of the Earth’s surface is covered by ocean and most of the ocean
remains unexplored. While rapidly exploring the ocean, more and more in situ data are
required to be transmitted or saved. However, devices for recording such in situ data
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are not widely developed, or the function of such devices is unitary. The design and
implementation of smart ocean equipment are urgent and significant issues.

To date, there have been some systems for underwater acoustic applications. Passive
acoustic monitoring systems are extremely valuable for long-term research in the marine en-
vironment [1]. With increasing concern about underwater acoustics, numerous studies have
proposed analyzing ocean sound [2]. Some surface buoys are capable of streaming acoustic
data to shore stations in real time for processing [3]. Ref. [4] described a distributed system
for real-time environmental monitoring. Other methods used to measure acoustic signals
are moving platforms, such as moored autonomous recorders, underwater gliders [5,6], etc.
Although the systems mentioned above easily acquire underwater acoustic signals, they
have some shortcomings, for example, the size is quite big, the power consumption is high,
the function is unitary, and the parameters are not configurable.

Despite the passive acoustic measurements, active underwater acoustic measurement
is very important for exploring the ocean. In one paper [7], a real-time underwater ranging
system between commodity hydrophones was designed. To address the severe underwater
multi-path, a dual-microphone optimization algorithm that identify the direct path more
reliably was researched. The proposed system had median errors of 0.48–0.86 m at distances
of up to 35 m.

Underwater acoustic communication and networking have been paid more attention
since more information from underwater sensors is required to be exchanged remotely.
Many hydrophones have been parts of underwater acoustic MODEMs. For example, in [8],
low-power and low bit error rate (BER) amplitude shift keying (ASK), acoustic MODEMs
were designed by using STM32F103 (STMicroelectronics, Paris, France), the BER was about
10−3 at the distance of 100 m, while when the distance was about 500 m, the BER was
approximately 10−1. A hydrophone was used to design on-off keying (OOK) acoustic
MODEMs for video-capable with a high data rate in excess of 1 Mbps over 100 m in
shallow water [9,10]. In one paper [11], an underwater acoustic orthogonal frequency
division multiplexing (OFDM) MODEM was designed, the maximum data rate could reach
5200 bps at a distance of 1000 m. Moreover, the number of null sub-carriers, pilot sub-
carriers, and receivers in the MODEM in [11] were all configurable. In another paper [12],
an underwater acoustic orthogonal signal division multiplexing (OSDM) MODEM was
designed. The OSDM communication method is a compromise between single carriers and
the OFDM, so the OSDM MODEM was state-of-the-art. Both shallow-water experiments
and deep-sea experiments verified the robustness of the proposed OSDM MODEM.

Currently, there is some related literature about recording underwater acoustic data
streams. In one work [1], cost-efficient, innovative, and interoperable ocean passive acoustic
sensor systems were developed. The first digital hydrophone system was standalone and
was used to record the raw underwater acoustic data. The second digital hydrophone sys-
tem was a digital passive acoustic transducer array whose main capability was to provide
directional sound source information for hydroacoustic surveys. In another work [13], the
raw underwater acoustic data stream was recorded by an underwater acoustic MODE, and
a secure digital (SD) card with 64 GB capacity was used to store raw signals. Unfortunately,
such application costs high power consumption, and the storage is limited. An underwater
acoustic recorder was designed using a single board computer [14], the maximum sampling
frequency was 48 kilo-symbols per second (kSPS), and the power consumption was about
1.5 watts.

The current design of digital hydrophones has become more mature. From the per-
spective of new products launched in recent years, many devices were developed by
different famous companies. For example, the smart digital hydrophone named icListen
was developed by Ocean Sonics [15]. IcListen can be used as an acoustic recorder, it has
ultra-low noise and a wide bandwidth range from 10 Hz to 200 kHz. There are many series
of icListens for different applications, for more details, please refer to the website [15]. A
snap recorder for storing the underwater acoustic data stream was developed by Logger-
head Instruments company [16], the maximum sampling frequency was 96 kHz, and the
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maximum working depth was 7000 m when a titanium case was used. There are also some
other commercial smart hydrophones. For example, the remote underwater digital acoustic
recorder was designed by Cetacean Research Technology [17], the SoundTrap recorder
was designed by Ocean Instruments [18], and the DORI underwater acoustic recorder was
designed by Abyssens [19].

Many different underwater acoustic devices have been designed in recent years. How-
ever, such devices typically have a single function, or their parameters are not configurable,
or they have high power consumption, do not have a compact size, etc. In addition, the
use of commercial underwater recorders is not the best and feasible choice, since their
high cost and lack of flexibility. Multi-function and parameters-configurable underwater
acoustic device design is a new trend and requirement, since it is suitable for autonomous
underwater vehicles (AUVs), unmanned underwater vehicles (UUVs), etc. The key tech-
nical difficulty is how to implement such multiple functions under the limited resources
of a micro-controller unit (MCU). To address the problems mentioned above, a compact,
multi-function, parameters-configurable hydrophone is designed and implemented in this
paper. In particular, the multiple functions include local data preservation, real-time raw
data upload, and direct sequence spread spectrum (DSSS) receiver. The software and the
hardware of the proposed multi-function hydrophone are introduced in detail. Specifically,
the principles and the flowcharts of different functions are described. The pre-amplifier,
the analog-to-digital converter (ADC), and MCU are also depicted. To address the limited
resources of MCU, memory multiplex is used, and some integrated algorithms from the
digital signal processing (DSP) library are used to improve efficiency. Finally, sea trials
verified the proposed multi-function hydrophone. The trial results demonstrate that the
proposed multi-function hydrophone has good potential to explore the ocean. The pro-
posed multi-function hydrophone can be used for underwater acoustic communication,
underwater ambient noise collection and analysis, marine pre-warning, etc.

The remaining paper is organized as follows. Section 2 describes the system overview
including the hardware and the software. In Section 3, the experimental results are de-
scribed and analyzed in detail. Finally, some conclusions are drawn in Section 4.

2. System Overview

The prototype of the proposed multi-function hydrophone is shown in Figure 1. The
multi-function hydrophone consists of a piezoelectric ceramic hydrophone, a watertight
compartment, and a connection. Respectively, the purposes of those components are
to transform the acoustic signals to electromagnetic signals, to protect the battery and
hardware, and to connect cables. The length of the multi-function hydrophone is 450 mm,
and the diameter is 60 mm. The weight in the air is approximately 2.5 kg, and the power
consumption in continuous working mode is about 1.8 watts. The duration of continuous
working time is 7 days. The maximum capacity of the SD card is 2 TB. The working
frequency band is 20 Hz to 200 kHz. The average receiving sensitivity is about −205 dB
@ 1 V/µPa. The maximum sampling frequency is 256 kSPS, and the maximum gain of
pre-amplifier is 56.1 dB. The parameters of our multi-function hydrophone are summarized
in Table 1.

Figure 1. The overview of hardware.

In the following subsections, the details of the multi-function hydrophone are de-
scribed in terms of hardware and software.
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Table 1. Parameters of the multi-function hydrophone.

Parameter Value Parameter Value

Height 450 mm Diameter 60 mm
Weight ≈2.5 kg in the air Power consumption 1.8 Watt

Working time 7 days Capacity of SD card maximum 2 TB
Bandwidth 20 Hz–200 kHz Sensitivity −205 dB @ V/µPa

Maximum sampling
frequency 256 kSPS Maximum gain 56.1 dB

Average self-noise no more than 0.1 mV

2.1. Hardware Design

Since the voltage received by hydrophones is ultra-low, the weak signals should be
enlarged by a pre-amplifier, and then processed by MCU after ADC as shown in Figure 2.
In the following subsections, each component is introduced.

pre-amplifier ADC MCU

Figure 2. Signal process component.

2.1.1. The Pre-Amplifier

In order to amplify the weak signals, a second-order pre-amplifier is utilized. The
integrated chip AD620 is used as the first pre-amplifier. AD620 chip is an instruction
amplifier [20], and the gain range is from 1 V/V to 10,000 V/V with extremely low noise,
where V/V represents the ratio unit of output voltage to input voltage. The gain of AD620
can be adjusted by a resistor R3 as shown in Figure 3a. The input for AD620 can be single
end or differential. The input impedance of AD620 (Analog Devices, Inc., Norwood, MA,
USA) is 10 MΩ, which is good for improving the signal to noise ratio (SNR). Moreover,
the AD620 chip has some characteristics, e.g., low input offset voltage and input offset
drift, high common-mode rejection ratio, etc. A pre-amplifier with an adjustable gain
is a good method to counteract the attenuation. Since the MCU contains rich general
purpose input output (GPIO) , digitally controlled programmable gain amplifier is chosen
in our proposed system. As a result, the integrated chip LTC6910-2 ((Analog Devices,
Inc., Norwood, MA, USA)) is adopted as a second pre-amplifier as shown in Figure 3b.
The gain can be configured as 0 V/V, 1 V/V, 2 V/V, 4 V/V, 8 V/V, 16 V/V, 32 V/V, and
64 V/V, respectively, [21]. Especially, 0 V/V means the input circuit is open while the
output is active.
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Figure 3. Pre-amplifier. (a) The circuit of AD620. (b) The circuit of LTC6910-2.
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2.1.2. The Analog-to-Digital Converter

Considering the sampling rate and the sampling precision, the AD7768-4 chip (Analog
Devices, Inc., Norwood, MA, USA) is chosen. Developed by the Analog Device company,
the AD7768-4 is widely used in underwater acoustic applications because of its high
performance. The AD7768-4 is integrated with four identical and simultaneous channels.
The sampling frequency can be configured as 32 kSPS, 64 kSPS, 128 kSPS, and 256 kSPS,
respectively. The dynamic range is 108 dB, and the sampling precision is 24 bits, which are
able to measure the tiny variations of acoustic signals. The highest power consumption of
each channel is 51.5 mW, which is suitable for long-time signal acquisition. In our system,
the first channel is used, and the remaining channels are reserved for further use and
working in sleep mode. The serial peripheral interface (SPI) is used to set the parameters,
and the multichannel audio serial port (MCASP) is used for digital signal transmission.

2.1.3. The Micro-Controller and Peripheral

The MCU is a STM32H743 (STMicroelectronics, Paris, France) which is developed by
STMicroelectronics (ST). Integrated with the ARM® Cortex®-M7 core, the STM32H743 is a
compromise between power consumption and computability. When STM32H743 works
in standby mode, the current reaches as low as 2.95 µA. The STM32H743 is integrated
with a double-precision floating point unit (FPU) and L1 cache, the frequency is up to
480 MHz, and the computability can reach 2424 CoreMark/1027 dhrystone million in-
structions per second (DMIPS) [22]. The peripherals are shown in Figure 4. The universal
synchronous/asynchronous receiver/transmitter (USART) is used for interacting with the
host computer when debugging the program; the Ethernet is used for setting parameters
and uploading raw acoustic signals, the purpose of the real-time clock (RTC) is to trace
the time, and the function of SD card is used to store the raw acoustic data and log files.
In addition, the power management is used to provide different voltages and control the
power consumption. Finally, the GPIO is used to control the gain of the pre-amplifier.

EthernetUSART

GPIO

RTC
Power

Management

SD

STM32H743

SRAM

Figure 4. The MCU and its peripherals.

2.2. Software Design

Figure 5 shows the overview of software design, and each rectangle represents a
thread. A real-time operating system named FreeRTOS is utilized for the proposed multi-
function hydrophone, because it is easy to add different components, such as file system,
transmission control protocol/internet protocol (TCP/IP) stack, etc. Moreover, FreeRTOS
is a preemptive scheduling system, which is fast to respond to different events. In the
proposed multi-function hydrophone design, the Fat32 file system is used. As a result, the
computer can read the files directly. In the TCP/IP stack, file transfer protocol (FTP) service,
Web service, user datagram protocol (UDP) communication, and TCP communication
are easily configured and used. The main thread is used for interaction between threads
and users, the controlling data are used for creating or terminating the four sub-threads.
Specifically, the “raw data storage” thread, the “raw data transmission” thread, and the



J. Mar. Sci. Eng. 2023, 11, 2203 6 of 15

“DSSS demodulation” thread are mutually exclusive, that is to say, only one thread can be
executed at one time. In the following, the four sub-threads are introduced.

Pre-

amplifier
ADC MCU

Ping 

Buff

Pong 

Buff

AD7768 SD

Ring buff
Raw Data 

Storage

Raw Data 

Transmission

Main 

Thread

DSSS

Demodulation

Parameters

Setting

  TCP/IP

  Stack

Figure 5. The flowchart of different threads.

2.2.1. Local Data Preservation

The purpose of the “raw data storage” thread is to sample raw acoustic data and save
it into the SD card. Unfortunately, the STM32H743 only has one MCU, and the two tasks
cannot be performed by one MCU simultaneously. Thanks to the direct memory access
(DMA) mechanism which transmits digital data via bus without MCU interaction, the data
from AD7768 via MCASP can be fetched to memory, then central processing unit (CPU)
writes the data into SD card. Those two processes are performed simultaneously. The data
flowchart of “raw data storage” thread is shown in Figure 6. There are two buffers which
are named ping buffer and pong buffer, respectively. To avoid data loss when writing
data onto the SD card, a ring buffer is used. The purpose of the ring buffer is to manage
the writing speed of the SD card. When the ping buffer fetches the acoustic data which is
occupied by DMA, the pong buffer is free, so the MCU copies the data to the ring buffer,
and the MCU writes the data from the ring buffer to the SD card, and vice versa. The
switching between ping buffer and pong buffer is performed by a DMA controller. The
raw acoustic data are stored in waveform (WAV) format, and the name of the file is made
up of time and date, which can be obtained from the RTC.

Pre-

amplifier
ADC MCU

Ping 

Buff

Pong 

Buff

AD7768

Ring buff

SD Card

Figure 6. Data flowchart of “raw data storage” thread.

This thread is defined as “mode 1”.

2.2.2. Data Uploading

Since the limitation of MCU for digital signal processing, some emergency data cannot
be processed in real time. To address it, such emergency data can be uploaded to a
powerful host computer, therefore the results can be measured at once. The diagram of
data uploading is shown in Figure 7. When using this function, an additional cable and
gateway are required. The gateway can communicate with satellites, or establish local
area networks such as WIFI, so researchers in the laboratory or on the ship can receive
and analyze the raw acoustic data in time. UDP is a good choice because when it loses
connection, it does not require a re-connection, and the transmission will continue. In this
mode, the ring buffer is no longer required. When the ping buffer is occupied by DMA, the
data from the pong buffer is uploaded to the gateway, and vice versa.
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Figure 7. The diagram of data uploading.

This thread is defined as “mode 2”.

2.2.3. Spread Spectrum Communication Technology

The spread spectrum technology has the advantages of anti-noise, anti-interception,
and anti-multipath. DSSS can effectively improve the communication range by making full
use of the autocorrelation and cross-correlation performance of pseudorandom codes. And
because the pseudorandom sequences in use are only known by the transmitter and the
receiver, spectrum surveillance is difficult [23]. Thus, DSSS is used in secure communication
systems and even in military systems. The DSSS receiver is implemented in the proposed
multi-function hydrophone.

Figure 8 shows the diagram of the DSSS receiver. In this mode, the double-buffered
mechanism is also used. Please refer to our previous work for how to synchronize the
signal frame. After synchronization, the received signal is fetched symbol by symbol, then
the digital bandpass filter is adopted to improve SNR, and then carrier demodulation and
lowpass filtering are performed symbol by symbol, as shown in (1),

ŷ = LPF(r. ∗ c) , (1)

where LPF(·) denotes the lowpass filtering, r denotes the received DSSS symbol in the
passband, c denotes the local carrier, and .∗ denotes vector multiplication. The downsam-
pling is performed to obtain the baseband signal which is denoted as y. The next step is the
despreading process whose main algorithm is matched filtering. The received baseband
signal correlates with multiple local Pseudo noise (PN) sequences, and then find the index
of local PN that has the best correlation with the received signals,

λ = arg max(max(y⊗ γi)) . (2)

The binary bits are obtained via symbol demapping from λ. Finally, the transmitted bits are
recovered after convolutional decoding. For more details about DSSS, please refer to [24].

This thread is defined as “mode 3”.
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Despread
Carrier 

demodulation

Symbol 

demapping

Convoluation

decoding

Local 

carrier
Local PN

Received 

signal   
Recovered

  sources

Digital

filtering

Figure 8. Schematic diagram of M-ary spread spectrum.

2.2.4. Parameters Setting

In our proposed multi-function hydrophone, some parameters are configurable. To
ease operation, we designed a graphical user interface (GUI) to control the configurable
parameters as shown in Figure 9. The working mode, the sampling frequency, the file
length which is written into SD card, and the gain of pre-amplifier can be configured by
drop-down lists. Also, the IP and port are configurable which avoids conflicts in the local
area network. In addition, the purpose of the “set time” button is to set the RTC with the
current time. The two graphs are used to show the signals in the time domain and the
frequency domain, respectively, in mode 2.

Demodulation result

Show

Time

F
re

qu
en

cy

Control

Mode 2Mode 128 KFS File length 60 S Gain 32

Ethernet

IP 192.168.1.30 Port 8080 Connect

Time

Set time

Figure 9. Control interface of the host computer.

3. Results and Analysis

To verify the reliability and stability of the multi-function hydrophone, an experiment
was conducted in Wuyuan Bay, Xiamen City, Fujian Province, China. The deployment
of the experiment is shown in Figure 10a. The depth of the experimental area was about
10 m. The distance between the transmitter and the proposed hydrophone was about 1 km.
And seven multi-function hydrophones were deployed at different depths with a uniform
space of 1.2 m. Two transducers with different center frequencies were used to evaluate
the performance, the source level of the two transducers is 190 dB @ µPa. The depth of the
transmitters was about 5 m. In the experiment, the sea was relatively calm with level 2
sea conditions.

Figure 10b shows the sound speed profile (SSP). Due to the sun exposure, the SSP
shows a negative gradient.
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Figure 10. The diagram of deployment and the sound speed profile. (a) The diagram of deployment.
(b) The sound speed profile.

The gain of AD620 was fixed at 10 V/V, and the gain of LTC6910-2 was 64 V/V, so the
total gain was 56.1 dB (640 V/V). In mode 1, the sampling frequency was 128 kHz, while
in mode 2 and mode 3, the sampling frequency was 64 kHz.

3.1. Experimental Results in Mode 1

In mode 1, raw underwater acoustic data are stored on an SD card. The file names
consist of the serial number, date, time, and file number. By using such a file name, the users
can read and analyze the corresponding signals. Figure 11a shows a signal waveform of the
underwater acoustic data saved on the SD card, the signal was linear frequency modulation
(LFM). From Figure 11a, one may see that the SNR is very high, which demonstrates the
effectiveness of the data reception and preservation. Figure 11b shows the corresponding
spectrum, the bandwidth of the LFM signal was 13 kHz to 18 kHz. After the bandpass
filter, the average SNR is 19.9 dB.

In a word, the proposed multi-function hydrophone acquires underwater acoustic
signals with high resolution and accuracy.
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Figure 11. Diagram of the received signal. (a) Time domain diagram. (b) The spectrum diagram.

3.2. Experimental Results in Mode 2

In this subsection, the results of mode 2 are described. The experiment was also
conducted in Wuyuan Bay, Xiamen, China. The depths of the hydrophones at 3 m, 6 m,
and 9 m were chosen. Three multi-function hydrophones were connected to a router, and
the router was connected to a gateway called “Bulltin”. The “Bulltin” transmitted the
wired signals to WIFI, and a host computer on the shore received the signals. There are
two threads in the host computer, the first thread retrieves raw acoustic signal and saves
it into a cache, and the second thread acts as a receiver, which decodes the transmitted
symbol online. For single-carrier underwater acoustic communication, the common channel
equalization approaches in the time domain are the channel estimation-based decision
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feedback equalizer (CE-DFE), and the direct adaptive decision feedback equalizer (DA-
DFE). The DA-DFE requires long training sequences to achieve convergence. Compared
to DA-DFE, the CE-DFE approach directly measures the channel via shorter training
sequences and calculates the channel equalizer’s filters based on channel estimation [25]. It
needs less controlling parameters to achieve faster convergence and obtains lower output
error. Considering the merit of CE-DFE, a receiver based on CE-DFE was used in the
host computer.

The structure of CE-DFE is shown in Figure 12. In Figure 12, notations y1, y2, and y3
are the received signals from three multi-function hydrophones, xs is the soft output of
CE-DFE, and x̂ is the hard output of CE-DFE. The soft output of CE-DFE can be written as

xs(i) = fHr, (3)

where f is defined as f = (gH
f f1

, gH
f f2

, gH
f f3

, gH
f b)

H , r is defined as r=(yH
1 , yH

2 , yH
3 , x̂H)H . Then

the optimal filter can be obtained by solving the cost function

f̂ = arg min
f
‖fHr− s(i)‖2

2. (4)

Finally, the filters can be obtained

g f f = (ggH + D)−1g (5)

g f b = −FH(ggH + D)−1g (6)

In (5), g f f is defined as g f f = (gH
f f1

, gH
f f2

, gH
f f3

)H . Please refer to [25] for more details about
the derivation of (5), (6), F, and g.
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Figure 12. Structure of CE-DFE.

Some parameters in this experiment are shown in Table 2. Based on [26], the longer
the length of the feedback filter, the better communication performance it achieves. And
the length of the feedback filter should be less than the channel length. Considering the
computational complexity and our previous work in [25,27], the length of the feedforward
filter is set three times of channel length, and the length of the feedback filter is set approxi-
mate to the channel length. The discrete channel length is 100 corresponding to 25 ms, and
the lengths of the feedforward filter and feedback filter are 75 ms and 25 ms, respectively.
In this mode, the quadrature phase shift keying (QPSK) constellation mapping is utilized.

Before channel estimation and channel equalization, the Doppler is estimated and
compensated using match filtering [27]. In the CE-DFE receiver, the channel is estimated via
training sequences or symbols after the decision, and the algorithm for channel estimation
is the least square. The filter coefficients are obtained by (5) and (6). In order to avoid error
propagation, the training symbols are periodically inserted in the transmitted signals, and
low-density parity-check (LDPC) coding with a rate of 3/4 is utilized.
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Table 2. Parameters setting in mode 2.

Parameter Notation Value

Sample frequency (kHz) fs 64
Center frequency (kHz) fc 15.5

Bandwidth (kHz) B 4
Modulation system - QPSK

Channel length L 25 ms (100 samples)
Length of feedforward filter N f f 75 ms (300 samples)

Length of feedback filter N f b 24.8 ms (99 samples)

Figure 13 shows the results in mode 2. Figure 13a shows the transmitted Sonar picture1.
The transmitted picture is compressed with three colors, where the green part denotes
no target, and the blue and yellow colors denote detected targets with different strengths.
The SNR of the signals in each hydrophone is 21.5 dB, 29.3 dB, and 25 dB, respectively.
Figure 13b shows the picture using the first hydrophone, one may see that, although there
is much noise, the outline can be observed. The BER after LDPC decoding in Figure 13b
is 0.1721. Looking at Figure 13c, the picture is clearly recovered, and the noise level is
extremely low. The BER in Figure 13c is 2.7778× 10−4. Since the multiple reception is
used, the vertical diversity is used to enhance received SNR. Finally, Figure 13d shows the
recovered picture using three hydrophones, one may see that the recovered picture is the
same with in Figure 13a, and the BER in Figure 13d is 0.
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Figure 13. Image transmission results. (a) The transmitted picture. (b) Recovered image through one
channel. (c) Recovered image through two channels. (d) Recovered image through three channels.

Mode 2 builds a bridge of signal transmission between the underwater and non-
underwater, providing a new solution when some urgent information needs to be recovered
in time. Moreover, mode 2 can connect with Cloudy.
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3.3. Experimental Results in Mode 3

Since the digital signal processing is performed in the MCU in mode 3, the parameters
should be balanced between computational complexity and communication performance.
To demonstrate the high reconfigurability, in this mode, the DSSS receiver with different
center frequencies is implemented. The parameter setting is shown in Table 3. The sampling
frequency was set at 64 kHz, the bandwidth was fixed at 4 kHz, and the length of the gold
code is 127. As a result, the length of the DSSS symbol is 32 ms, and the DSSS receiver
can handle multi-path that is less than 32 ms. The number of gold codes was set to 128,
as a result, the raw data rate is 187.5 bps. The center frequency can be easily adjusted, for
example, 9 kHz and 15.5 kHz in this experiment. To avoid the error bits, the convolutional
coding technology with a coding rate of 1/2 was used, so the data rate after channel
decoding was 93.75 bps.

Table 3. Parameters of DSSS receivers in mode 3.

Parameter Notation Value

Sampling frequency (kHz) fs 64
Center frequency (kHz) fc 9/15.5

Bandwidth (kHz) B 4
Number of gold code - 128
Length of gold code L 127
Symbol length (ms) Ts 42.7

Code rate of convolutional encoding - 1/2
Data rate before channel decoding (bps) R1 187.5
Data rate after channel decoding (bps) R2 93.75

Figure 14 shows the channel estimation results using the signal in mode 3. The signal
is obtained from the hydrophone near the surface. It can be seen that the channels exhibit
rich multi-path, and the delay is about 80 ms.
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Figure 14. Channel estimation results. (a) Channel estimation result when fc = 9 kHz. (b) Channel
estimation result when fc = 15.5 kHz.

Figure 15 shows the corresponding Doppler estimation. From the two subfigures, we
can see that the Doppler is insignificant. Since the transmitter and the hydrophones were
fixed, the Doppler may be caused by current.

The parameter BER is used to evaluate the communication performance of the DSSS re-
ceiver. Figure 16a displays the average BER of the received DSSS signals when fc = 15.5 kHz,
the BER is obtained before channel decoding. The BER of seven multi-function hy-
drophones, numbered sequentially from NO. 1 to NO. 7, are counted, and each multi-
function hydrophone contributed 33 frames. It can be found that except for NO. 1 and
NO. 2 multi-function hydrophones, the other hydrophones achieved BER, free. Although
the first two did not perform perfectly, the BER is still under 10−3, and after convolutional
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decoding, the BER is free. Figure 16b shows the BER of the first 19 frames from the first
two multi-function hydrophones in detail. It should be noted that the last 14 frames have
zero BER. In NO. 1 multi-function hydrophone, only 5 frames exist error bits, while in
NO. 2 multi-function hydrophone, the number of frames that exist error bits is 4. It is worth
noting that the BER of those nine frames is in the order of 10−2. After channel decoding,
the error bits are all corrected, which are error free.
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Figure 15. Doppler estimation results. (a) Doppler estimation result when fc = 9 kHz. (b) Doppler
estimation result when fc = 15.5 kHz.

The BER obtained from the DSSS receiver whose center frequency is fc = 9 kHz is
0 before and after channel decoding. The reason may be that the low-frequency acoustic
signal has lower attenuation, which results in higher SNR.

In conclusion, from the experiments, our proposed multi-function hydrophone has
good acquisition and communication quality.
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Figure 16. BER when fc = 15.5 kHz. (a) Average BER of each hydrophone. (b) BER of every frame
before decoding.

4. Conclusions

Since the increasing development and exploration of the ocean, underwater acoustic
transmission and reception have been paid significant attention. In this paper, a multi-
function hydrophone for underwater acoustic application was proposed and designed
in terms of hardware and software. Particularly, in the hardware part, we added a pre-
amplifier with gain control and a high-performance ADC chip, and the MCU was intro-
duced. Moreover, the connection and control among different components were demon-
strated. In the software part, the functions of different threads were introduced. Finally,
three experiments were conducted to verify the proposed multi-function hydrophone.
High-quality underwater signal reception and storage were verified using mode (1). Clear
picture recovery was achieved by mode (2). Extremely low BER was obtained via mode (3).
The proposed multi-function hydrophone gives a new solution to receive and process
the underwater acoustic signals, having potential to build an air-land-ocean Internet of
Things network.
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Abbreviations
The following abbreviations are used in this manuscript:

ADC Analog-to-Digital Converter
ASK Amplitude Shift Keying
AUV Autonomous Underwater Vehicle
BER Bit Error Rate
CE-DFE Channel Estimation based Decision Feedback Equalizer
CPU Central Processing Unit
DA-DFE Direct Adaptive Decision Feedback Equalizer
DMIPS Dhrystone Million Instructions Per Second
DSP Digital Signal Processor
DSSS Direct Sequence Spread Spectrum
DMA Direct Memory Access
FPU Floating Point Unit
FTP File Transfer Protocol
GPIO General Purpose Input Output
GUI Graphical User Interface
kSPS Kilo-Symbols Per Second
LDPC Low-density Parity-check
LFM Linear Frequency Modulation
MCASP Multichannel Audio Serial Port
MCU Micro-controller Unit
OFDM Orthogonal Frequency Division Multiplexing
OOK On-off Keying
OSDM Orthogonal Signal Division Multiplexing
PN Pseudo Noise
QPSK Quadrature Phase Shift Keying
RTC Real-time Clock
SD Secure Digital
SNR Signal to Noise Ratio
SPI Serial Peripheral Interface
SSP Sound Speed Profile
ST STMicroelectronics
TCP/IP Transmission Control Protocol/Internet Protocol
UDP User Datagram Protocol
USART Universal Synchronous/Asynchronous Receiver/Transmitter
UUV Unmanned Underwater Vehicle
WAV Waveform

Notes
1 This picture is from Acoustic and Navigation Laboratory (ANL) in Haifa University, Israel.
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