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Abstract—With the increasing demand for marine-sensing
information, more and more research has been investi-
gated on underwater wireless sensor networks (UWSNs).
Underwater acoustic communication (UWAC) modulators &
demodulators (MODEMs) that are used to exchange marine-
sensing data have attracted wide attention because they
are the most important part of UWSNs. Orthogonal signal-
division multiplexing (OSDM) is a compromise between
single-carrier communication and multiple-carrier communi-
cation. The OSDM communication system is less sensitive to
multipath and Doppler shift and has lower peak-to-average
power ratio (PAPR). The OSDM UWAC recently has been
investigated in theoretical analysis, but as far as we know,
there is extremely limited research on real-time OSDM UWAC MODEM design. Aiming at addressing this gap, in this
article, a real-time OSDM MODEM is researched and implemented for UWAC, including hardware and software.
Specifically, the preamplifier, the bandpass filter, the power amplifier, and the signal processor are introduced. Moreover,
detailed procedures for modulation and demodulation are also presented. In addition, to accommodate the different
underwater acoustic channels and to get the balance between bit error rate (BER) and data rate, the parameters such
as the number of zero vectors and pilot vectors are investigated. Our OSDM MODEM achieves error-free with the data
rate of 4.35 kb/s by using the minimum-mean-square-error (MMSE) equalizer and polar decoding under slow time-varying
channels, and the communication range reaches larger than 5 km.

Index Terms— Hardware and software design, real-time orthogonal signal-division multiplexing (OSDM) MODEM,
underwater acoustic communication (UWAC), underwater wireless sensor networks (UWSNs).

I. INTRODUCTION

UNDERWATER wireless sensor networks (UWSNs) have
attracted wide attention. It plays a pivotal role in

many marine applications, such as marine environmental
monitoring [1], marine resource exploration [2], data collec-
tion [3], marine disaster warning [4], military applications [5],
autonomous underwater vehicles (AUVs) [6], and so on. As we
know, underwater acoustic communication (UWAC) modula-
tors & demodulators (MODEMs) are the most fundamental
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and important part of UWSNs. Hence, UWAC MODEMs are
researched and implemented in this article.

Compared with wireless channels, underwater acoustic
channels are much more complicated. First, radio-frequency
electromagnetic waves and optical waves are widely used in
terrestrial communication. However, they are rapidly atten-
uated due to severe propagation loss and scattering in
underwater channels. In addition, the attenuation of propaga-
tion increases with higher frequencies. As a result, acoustic
communication at a frequency below 100 kHz is the only
choice for long-range communication [7]. Second, the Doppler
effect is responsible for the frequency shift and compresses or
expands the signal in the time domain, because of the relative
movement between the transmitter and the receiver. Third, due
to the gradient of acoustic velocity and nonuniform water,
the reflection and refraction result in significant multipath
propagation, which may lead to several milliseconds to several
hundreds of milliseconds. The delay not only causes serious
intersymbol interference (ISI), but also causes frequency selec-
tive fading. Fourth, ocean environmental noise is much more
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complex, including turbulence, shipping, waves, thermal, and
man-made noise. The complex underwater acoustic channels
bring great challenges for UWAC.

UWAC MODEMs are an essential component of UWAC
technology in many aspects, such as underwater wireless com-
munication networks (UWCNs), UWSNs, the formation and
operation of AUVs, and so on. The noncoherent underwater
acoustic MODEMs are first designed because of their low
complexity. Generally speaking, in noncoherent MODEMs,
to address the multipath effect, the duration of one symbol
should be longer than that of the multipath delay. Therefore,
the bandwidth efficiency and the data rate of noncoher-
ent systems are usually low. Currently, the noncoherence
UWAC includes amplitude shift keying (ASK), on-off keying
(OOK), frequency shift keying (FSK), frequency hopping,
direct sequence spread spectrum (DSSS), M-ary different chirp
spread signals (MCSS), and so on.

The ASK acoustic MODEMs with low power and low bit
error rate (BER) were designed by using STM32F103 in [8],
[9], and [10]. The communication range was limited to 500 m.
The OOK acoustic MODEMs were designed for video-capable
with a high data rate of more than 1 Mb/s in [11] and [12].
A turbo resampling equalizer and a reprogrammable technol-
ogy were adopted in [11] and [12], respectively. However, the
communication range was limited to only 20 m. Zhao et al.
[13] designed a MODEM that achieved the data rate of 500 b/s
at the range of 2000 m for UWCNs based on the time division
multiple access mechanism. A novel underwater acoustic
MODEM prototype based on MCSS was designed in [14].
DSSS acoustic MODEMs have been extensively researched
in [15], [16], and [17]. The passive time reversal approach
was adopted in [15], which improved the performance in
a realistic underwater environment. Zheng et al. [16] used a
low-complexity hardware method to compensate Doppler with
1–3 knots in a small-sized AUV. Noncoherent FSK modulation
was also applied on UWAC in [18] and [19].

The merit of noncoherent underwater acoustic MODEMs
is that they are robust to underwater channels. However, with
the increasing demand for high data-rate UWAC, noncoherent
systems no longer satisfy the requirement due to their low data
rate and low bandwidth efficiency. Coherent systems improve
the data rate and the bandwidth efficiency significantly, but
coherent UWAC typically requires channel estimation and
channel equalization, which result in high complexity. In [20],
the turbo equalization algorithms were adopted for a variable-
spread-rate DSSS UWAC MODEM based on a digital signal
processor (DSP). In [21], a low-power and high-performance
underwater acoustic MODEM was designed by integrating
Doppler shift compensation, an adaptive equalizer, and a turbo
decoder. The MODEM could switch modulation between mul-
tiple FSK (MFSK) and multiple phase shift keying (MPSK).
As part of the EU FP7 project CADDY, Neasham et al. [22]
designed a DSSS underwater acoustic MODEM based on the
least mean squares (LMS) algorithm, which could reach the
maximum data rate of 1.39 kb/s over 1.6 km. To reduce
the computational complexity of equalization, the iterative
estimation and equalization by using the turbo principle and
soft LMS algorithm were adopted in a single-carrier MODEM

in [23]. The satisfactory performance was demonstrated in sea
trials, and the best BER was less than 10−4 over 1000 m.
To speed up convergence and improve performance, a low-
complexity recursive least-squares (RLS) adaptive filter with
dichotomous coordinate descent iterations was adopted in [24].
The experimental results demonstrated that up to 46 dB of self-
interference was canceled in the full-duplex binary phase shift
keying (BPSK) MODEM. In [25], the algorithm that combined
the time reversal with a decision feedback equalizer (DFE)
was adopted in SHINKAI6500 using quadrature amplitude
modulation (QAM). The MODEM reached the effective data
rate of 69.24 kb/s at the vertical range of 3600 m with
error-free using the bandwidth of 10 kHz. Considering the
deep-sea vertical channel that had a sparse structure, in [26],
an improved proportionate normalized minimum-symbol error
rate (IPNMSER) algorithm was adopted for adaptive turbo
equalization, which outperformed the normalized minimum-
symbol error rate (NMSER) algorithm and other well-known
proportionate-type algorithms. In [27], the JANUS packet
in a BPSK or quadrature phase shift keying (QPSK)-based
underwater acoustic MODEM was adopted for high-frequency
communication from 100 to 130 kHz, which realized 23 kb/s
in a pool.

All the above-mentioned references [8], [9], [10], [11], [12],
[13], [14], [15], [16], [17], [18], [19], [20], [21], [22], [23],
[24], [25], [26], [27], [28], [29] are single-carrier systems. The
multiple-carrier communication MODEMs that are represented
by orthogonal frequency division multiplexing (OFDM) also
provide an alternative for UWAC. OFDM is the most promis-
ing system for UWAC due to its robustness to the multipath
effect, high spectral efficiency, and low computational com-
plexity. Hence, many great efforts were taken in [30], [31],
[32], [33], and [34]. For example, in [30], an OFDM acoustic
communication MODEM was designed, which reached the
data rate of 3.1 kb/s. In [31], a multiple-input–multiple-output
(MIMO) underwater acoustic MODEM was implemented to
achieve the high data rate of 6.4 kb/s by using spatial diversity
technology. To overcome the complexity of the underwater
environment, Qiao et al. [32] applied many algorithms on
OFDM MODEM, including Doppler compensation, channel
equalization, and frequency diversity. The MODEM achieved
the magnitude of 10−3 order BER with the data rate of 426 b/s
over 36 km in the shallow sea. To achieve the objectives
of high throughput rate and high bandwidth efficiency, field
reconfigurable and multiuser operation-capable MODEMs
were designed, for example, in [33], a full-duplex underwater
acoustic MODEM was designed, the MODEM achieved error-
free with the data rate of 710 b/s at the distance of 3 km.
In [34] and [35], a networked acoustic MODEM system and an
HEU OFDM MODEM were also implemented for underwater
networks, respectively. To resist the severe fast time-varying
multipath interference and environmental noise, an adaptive
communication algorithm based on constellation aggregation
was implemented in an OFDM MODEM (Seatrix Modem)
in [36]. The effectiveness and practicability of the proposed
algorithm were demonstrated in the Yellow Sea over 5.5 km.

Because of the complexity of underwater acoustic chan-
nels, the single fixed-parameter modulation techniques for
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TABLE I
DEVELOPMENT OF UWAC MODEMS IN THE RECENT FIVE YEARS

underwater acoustic MODEM are not able to accommodate the
channel variation. Therefore, many adaptive, reconfigurable,
multimode underwater acoustic MODEMs have been investi-
gated. An adaptive MODEM that had six different data rates
from 50 to 500 b/s was designed in [37], sea trial demon-
strated that the proposed adaptive MODEM could change its
modulation schemes and data rate automatically according to
channel conditions in real time. In [38], an integrated low-cost
underwater sensor node was designed for the reconfigurable
FSK MODEM named Proteus II, in which symbol rate, Ham-
ming error correction, and time-of-arrival estimation could be
reconfigurable. To accommodate complex underwater acous-
tic channels, a parameter-configurable OFDM MODEM was
designed in [7]. To adapt to highly diverse underwater channels
and various missions, the number of receivers, the number of
zero subcarriers, and the number of pilot subcarriers were able
to be reconfigured, as well as the type of channel estimation
algorithms. The effectiveness of the reconfigurable OFDM
MODEM was demonstrated by two sea experiments. Different
modulation schemes were integrated into a MODEM, for
example, a multimode MODEM containing noncoherent and
coherent demodulation was implemented in [39].

Recently, software-defined underwater acoustic MODEMs
have become a research hotspot due to their flexibility and
extensibility. The UNET-2 [40], SEANet [41], and SEANet
G2 [42] software-defined MODEMs were introduced. Many
underwater acoustic MODEMs are still in laboratory exploita-
tion. So far, there are several commercial underwater acoustic
MODEMs, such as Teledyne Benthos, LinkQuest, EvoLogics,
Develogic, Kongsberg, SonarDyne, DSPCOMM, AquaSeNT,
and so on. A few MODEMs in the last five years are shown
in Table I.

Although OFDM has been well implemented in underwater
acoustic MODEMs, OFDM systems still suffer from serious
peak-to-average power ratio (PAPR) and a high sensitivity to
the Doppler effect. On the contrary, single-carrier systems

offer lower PAPR and better Doppler tolerance, however,
single-carrier systems are very sensitive to multipath and
traditionally have high computational complexity due to the
time-domain equalizations. As a compromise between single-
carrier and OFDM, orthogonal signal-division multiplexing
(OSDM) was first proposed in [43] and [44], and further
research was carried out for UWAC in [45], [46], [47], [48],
[49], [50], and [51].

Recently, OSDM has been applied to underwater acoustic
communication. Ebihara and Mizutani [45] compared the
OSDM and other existing schemes (single-carrier DFE and
OFDM) using simulation and experiment. The excellent com-
munication quality of OSDM with a multichannel receiver in
both static and dynamic underwater acoustic channels was ver-
ified, which was very competitive with other existing schemes.
Ebihara and Leus [46] also proposed Doppler-resilient OSDM
(D-OSDM), the results of simulation and test-tank experiments
both suggested that the D-OSDM could provide low-power
and high-quality communication performance in the under-
water channel with severe Doppler and time delay. A lot
of efforts focused on underwater acoustic OSDM have been
taken in [47], [48], [49], [50], and [51]. In [47], the per-vector
channel equalizer and iterative detection were designed to real-
ize intervector interference (IVI) and ISI cancellation, which
significantly reduced the computational complexity. To further
reduce computational complexity, a low-complexity block and
serial OSDM equalization algorithm based on block LDLH

factorization and block iterative matrix inversion was proposed
in [48]. To achieve an enhanced frequency diversity gain,
a time-domain oversampled OSDM system using multiple
virtual channels was designed in [49]. Moreover, an MIMO-
OSDM system was proposed to achieve high spectral and
power efficiency in [50], and the low-complexity per-vector
and block equalization algorithms were proposed to reduce
the complexity of channel equalization. To further improve the
reliability of the OSDM system under time-varying channels,
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a joint channel impulse response (CIR) and Doppler estimation
algorithm was proposed, instead of an alternating least-squares
(ALS) algorithm in [51].

The OSDM communication scheme is a novel high-
bandwidth-efficiency technology for UWAC and shows better
communication performance. However, this new communica-
tion scheme still stays in theoretical analysis [43], [44], [45],
[46], [47], [48], [49], [50], [51]. So far, there is no practical
underwater acoustic OSDM MODEM. To address this gap and
utilize the merits of the OSDM scheme, in this article, a real-
time OSDM UWAC MODEM is designed and implemented
in an embedded system. The hardware and software parts are
designed and implemented in our MODEM. Specifically, the
hardware includes a DSP, a power amplifier, an analog-to-
digital converter (ADC), a digital-to-analog converter (DAC),
preamplifiers, and a bandpass filter. The software includes
channel coding, Doppler estimation and compensation, chan-
nel estimation, channel equalization, and maximum ratio
combining (MRC). To accommodate the different underwater
acoustic channels and get the balance between the data rate
and performance of our OSDM MODEM, the configuration of
the number of zero vectors and pilot vectors is researched in a
sea trial. Finally, the performance of the OSDM MODEM is
evaluated in terms of BER and equalizer output scatterplots,
and the effectiveness of the OSDM MODEM is verified by
three sea experiments.

The contribution of our work is the following points.
1) To our best knowledge, this is the first trial that a real-

time underwater acoustic OSDM MODEM is designed
and implemented in an embedded system.

2) The structure of our underwater acoustic OSDM
MODEM is presented, including analog signal process-
ing and digital signal processing.

3) To reduce the computational complexity, new methods
that accommodate the embedded system are proposed,
and the runtime for different modules is presented.

4) Due to the complex underwater acoustic channels, the
research on the balance between data rate and perfor-
mance with the different numbers of zero vectors and
pilot vectors is investigated.

5) The performance of our real-time underwater acoustic
OSDM MODEM is demonstrated by three sea trial
experiments.

Compared with our previous OFDM MODEM in [7], our
proposed OSDM MODEM achieves a longer communication
range, better communication performance, and lower PAPR.
In addition, since the runtime for demodulating one OSDM
symbol is less than that for demodulating one OFDM symbol,
the shorter runtime allows the MODEM to use more complex
algorithms, for example, using a FARROW filter to resample
the large-Doppler OSDM signal on the moving platform.

The remainder of this article is organized as follows: the
software design of OSDM MODEM is proposed in Section II.
In Section III, the hardware design schemes are introduced in
detail. In Section IV, three sea trial experiments are conducted,
and the results are analyzed and discussed. In Section V, the
conclusion of this article is presented. Finally, future work
prospects are in Section VI.

Notation: Notation (·)∗, (·)T , (.)H , and (.)−1 denote con-
jugate, transpose, Hermitian transpose, and inverse of a
matrix, respectively. Notation ∥ · ∥2 denotes L2-norm. Nota-
tions ⊗ and ⊙ denote convolution and the Kronecker
product, respectively. Notation upper case X denotes a matrix,
and lower case x denotes a vector. Notations FN and IM
denote the N × N unitary discrete Fourier transform (DFT)
matrix and the M × M identity matrix, respectively. Nota-
tion diag(x0, x1, . . . , xN−1) defines a diagonal matrix with
(x0, x1, . . . , xN−1) on its diagonal. Similarly, circ(x) defines a
circulant matrix whose first column is x. Notation 0N defines
the N × 1 all-zero vector. Notation C N×N defines the N × N
matrix in the complex field. Notation FK (:, p : q) denotes the
submatrix of FK from column p to q . Notation iN (m) denotes
the mth column of IN .

II. SOFTWARE DESIGN

Our real-time OSDM MODEM includes software and hard-
ware. The flowchart of the UWAC OSDM system is shown
in Fig. 1.

Transmission is shown in the top half of Fig. 1. First,
the binary sources are encoded by the polar encoding strat-
egy [52], a specific number of binary sources are mapped
as a symbol, for example, two binary sources are mapped
as QPSK. The OSDM modulation is performed to transform
the signal from the frequency domain to the time domain,
as shown in Fig. 2. In the time domain, cyclic prefix (CP)
adding, upsampling, pulse shaping, and carrier modulation
are conducted in sequence. Finally, the OSDM symbols are
transmitted to the underwater acoustic channel after the DAC
and the power amplifier.

Reception is shown in the bottom half of Fig. 1. The ampli-
tude of received signals from the hydrophone is quite weak,
and there are all kinds of ambient noise whose bandwidth may
be wide, hence, the preamplifications and the bandpass filter
are designed to enlarge the signal and improve the SNR. The
analog signal is converted to the digital signal by ADCs. The
procedure of processing received digital signals is the opposite
of transmission. Carrier demodulation, downsampling, and
CP removal are processed in order. The detailed OSDM
demodulation of the baseband signals is shown in Fig. 3. The
zero vectors are adopted for Doppler estimation, and the pilot
vectors are adopted for channel estimation. Symbol demapping
and polar decoding are executed after channel estimation and
channel equalization.

In this section, the software design of our OSDM MODEM
system is introduced, including OSDM modulation, OSDM
demodulation, Doppler estimation and compensation, channel
estimation, channel equalization, and frame format.

A. Modulation
In this section, the OSDM system model and the implemen-

tation of our OSDM MODEM are introduced step by step. The
OSDM system modulation model is shown in Fig. 2. A symbol
stream x with the size of K1 = M × D is produced after polar
encoding, source coding, and mapping. Different from OFDM
systems, in OSDM systems, the K1 symbols are segmented
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Fig. 1. Flowchart of our UWAC OSDM system.

Fig. 2. Structure of OSDM modulation.

into M vectors, and each vector contains D symbols. Then the
pilot symbols from the pilot vector p and the zero symbols
from the zero vector z are inserted sequentially into each data
vector, as shown in Fig. 2, hence the length of one vector is
N = D+P+Z . It is assumed that the index set of data vectors
is Sd = (nd

0 , nd
1 , . . . , nd

D−1), the index set of pilot vectors is
Sp = (n p

0 , n p
1 , . . . , n p

P−1), and the index set of zero vectors
is Sz = (nz

0, nz
1, . . . , nz

Z−1). The transmitted symbols can be
written in the matrix form X shown in the following equation:

X = [x0, x1, . . . , xM−1]

=



x0 x1 · · · xM−1
xM xM+1 · · · x2M−1
...

...
. . .

...

p0 p0 · · · p0
z0 z0 · · · z0
...

...
. . .

...

x(D−1)M x(D−1)M+1 · · · xDM−1
pP−1 pP−1 · · · pP−1
zZ−1 zZ−1 · · · zZ−1


. (1)

The OSDM modulation process from the frequency domain
to the time domain can be expressed as

s̃ =

(
FH

N ⊙ IM

)
x̃ (2)

Where x̃ = (xT
0 , . . . , xT

M−1)
T with the size of CK×1, and

K = N × M . Equation (2) needs the Kronecker process
and needs matrix multiplication with CK×K

× CK×1. For
an embedded system, implementation of (2) costs not only
memory, but also CPU resources, which causes long runtime,
hence, it is not the optimal choice. In our design, N -point
inverse DFT (IDFT) is executed, and M times of IDFT are
performed. For example, performing N -point IDFT for the
kth vector in X is characterized as

sk = FH
N xk (3)

where sk is defined as sk=[sk, sM+k, . . . , s(N−1)M+k]
T . Since

the DFT matrix FN is frequently used in the modulation and
demodulation, it is saved in the memory in advance. The
computational consumption then needs the multiplication with
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Fig. 3. Structure of OSDM demodulation.

CM×N , thus the memory and the CPU resources are decreased
significantly.

After M times of IDFT, the time-domain transmit matrix is
obtained as shown in the following equation:

S = [s0, s1, . . . , sM−1]

=


s0 s1 · · · sM−1
sM sM+1 · · · s2M−1
...

...
. . .

...

s(N−1)M s(N−1)M+1 · · · sN M−1

 . (4)

Finally, the final OSDM modulation transmission vector s
is generated via reading out the transmission matrix from (4)
in a row

s = [s0, . . . , sM−1, sM , . . . , s(N−1)M , . . . , sN M−1]
T . (5)

Then the signal is transmitted by a transducer after CP
adding, upsampling, carrier modulation, the DAC, and the
power amplifier, as shown in Fig. 1.

B. Demodulation
In the receiver, the received signal is distorted because

of the complex underwater acoustic channel, for example,
the nonnegligible multipath effect and Doppler effect. The
digital received signal undergoes carrier demodulation, low-
pass filtering, downsampling, and CP removal. Considering
the double-selective fading channel, the received time-domain
baseband signal can be written as

y(i) = e( j2π iθ B/K )s(i) ⊗ h(i) + w(i) (6)

where y(i), h(i), and w(i) are the discrete signal, channel,
and ambient noise, respectively. Notation i denotes the symbol

index, θ denotes the Doppler in Hz, and B denotes the
bandwidth.

It is assumed that the multipath and the Doppler keep
constant within one OSDM symbol, and it is also assumed
that the Doppler shift is uniform among all paths. Equation (6)
can be written in vector-matrix form, for example,

y = 2Hs + w (7)

where 2 is defined as 2 = diag(e j2π0θ B/K , . . . ,

e j2π(K−1)θ B/K ), which is K × K diagonal phase distortion.
Notation H is defined as H = circ(hT , 0T

K−L−1)
T , which

is a K × K circulant CIR matrix. Notation h is defined as
h = (h0, . . . , hL−1)

T , where L is the channel length. Notation
w is defined as w = (w0, . . . , wK−1)

T .
Traditionally, to obtain the frequency-domain signal from

(7), the DFT is performed

q = (FN ⊙ IM )y. (8)

Analogously, implementation of (8) costs large memory and
CPU resources.

To simplify the process that transforms the signal from the
time domain to the frequency domain, the OSDM demodula-
tion in Fig. 3 is implemented by a three-step process. First,
the received signal y is segmented into M vectors with the
size of N . At kth received vector, it can be denoted as

rk = (yk, yM+k, . . . , y(N−1)M+k)
T . (9)

Then the N -point DFT is performed, such as qk = FN rk .
Since FN is constant, it is written into a “.c” file in advance.
The data subcarriers, pilot subcarriers, and zero subcarriers are
easy to obtain from qk . After M times of DFT, all the data
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subcarriers, pilot subcarriers, and zero subcarriers are fetched
via ak = Pdqk , bk = Ppqk , and ck = Pzqk , where Pd , Pp,
and Pz are the selection matrices. In fact, in our design, we do
not need the selection matrices, since the positions of data
subcarriers, pilot subcarriers, and zero subcarriers are known,
and the corresponding subcarriers are easily fetched from qk to
form vectors. As a result, the memory and the CPU resources
are saved. The mth data vector, mth pilot vector, and mth zero
vector can be formed as

vdm = (a0(m), a1(m), . . . , aM−1(m))T

m = 0, 1, . . . , D − 1 (10a)

vpm = (b0(m), b1(m), . . . , bM−1(m))T

m = 0, 1, . . . , P − 1 (10b)

vzm = (c0(m), c1(m), . . . , cM−1(m))T

m = 0, 1, . . . , Z − 1. (10c)

After obtaining all the data vectors, pilot vectors, and zero
vectors, Doppler estimation and compensation, channel esti-
mation, and channel equalization are performed sequentially.

1) Doppler Estimation and Compensation: If the Doppler is
not compensated, the vectors will be contaminated which is
caused by IVI, thus degrading the performance of channel
estimation and channel equalization. In our OSDM MODEM
design, it is assumed that the Doppler remains the same within
one OSDM symbol, and varies among different symbols.
Hence, Doppler estimation and compensation can be per-
formed symbol by symbol. To measure the Doppler, the goal
is to minimize the energy of the zero vectors by compensating
different tentative Doppler, and therefore, a cost function can
be formulated as

f (θ) = argmin
θ

{Z−1∑
k=0

∥PzFN 2(θ, k)rk∥
2
2

}
(11)

where 2(θ, k) is defined as 2(θ, k) = diag(e− j2πkθ B/K ,

e− j2π(k+M)θ B/K , . . . , e− j2π((N−1)M+k)θ B/K ). The tentative
Doppler is usually symmetric, for example, from −ϵ to ϵ,
and the Doppler resolution is ρ, then (11) is performed
2ϵ/ρ + 1 times. To reduce the complexity, the bisectional
method is utilized.

In our design, the initial tentative Doppler is from −20
to 20 Hz, the initial Doppler resolution ρ0 = 4 Hz, and iter =

10. Hence, the final resolution of Doppler is ρ0/2iter−1
=

0.0078125 Hz. If the traditional ergodic method is used, the
iteration is 5121, while the iteration of the bisectional method
is 38.

Assuming that the Doppler is θ̂ , then the compensated
received signal can be expressed as

ŷ = 2̂
H

2Hs + 2̂
H

w = Hs + ŵ. (12)

2) Channel Estimation: Channel estimation plays an essen-
tial role in coherent communication, which provides priority
information for the channel equalizer. After Doppler compen-
sation, the received vectors in the frequency domain can be
written as [51]

v̂m = Amh + ω (13)

Algorithm 1 Doppler Estimation Algorithm
Input: the received time domain signal y, the zero

vector selection matrix Pz , the absolute value
of the initial tentative Doppler ϵ0, the number
of vector (M), the size of vector (N ),
bandwidth B;

Output: estimated Doppler estimate θ̂ ;
1 Initialize ρ0, i ter , θmin = −1 × ϵ0, θmax = 1 × ϵ0;
2 for k=1:M do
3 perform (9);
4 end
5 for g = 1 : i ter do
6 ρ = ρ0/2g−1;
7 θ = θmin:ρ:θmax;
8 perform (11);
9 θmin = θ̂ − ρ/2;

10 θmax = θ̂ + ρ/2;
11 end

where ω is the ambient noise in the frequency domain,
Am = UH

m Dm0m is an M × L matrix with Um =

FM3m
M , Dm = diag(Umxm), and 0m = (IM ⊙ iTN (m))

FK (:, 0 : L − 1). The notation 3m
M is defined as 3m

M =

diag(1, e− j2πm/K , . . . , e− j2πm(M−1)/K ).
In our design, the pilot vectors are utilized to perform

channel estimation. By stacking all the pilot vectors together,
based on (13), the channel model is written as

vp = Aph + ωp (14)

where vp = (vT
p0

, . . . , vT
pP−1

)T , Ap = (AT
n p

0
, . . . , AT

n p
P−1

)T , and

ωp = (ωn p
0
, . . . ,ωn p

P−1
)T .

The least-square method is adopted to measure the under-
water acoustic channel shown in (14), it is measured as

ĥ =

(
AH

p Ap

)−1
AH

p vp. (15)

Equation (15) needs a matrix-inverse process, and it needs
a long time to be measured, which results in a nonreal-time
system. Fortunately, the pilot vectors are known and remain
the same among different OSDM symbols, as a result, the
matrix (AH

p Ap)
−1AH

p is constant. Inspired by this, the matrix

(AH
p Ap)

−1AH
p is measured and written into a “.c” file in

advance. Measuring the channel becomes a matrix multiplying
a vector, and the computational complexity reduces signifi-
cantly. The computational complexity of the proposed method
is affordable in an embedded system.

After the channel estimate is obtained, the time-domain
channel is transformed to the frequency domain via DFT

η = (η0, . . . , ηK−1) = FK (:, 0 : L − 1)ĥ. (16)

Since notation FK (:, 0 : L − 1) is constant, and it is written
into a “.c” file in advance.

3) Channel Equalization: The frequency-domain equalizer is
usually adopted since it has lower computational complexity.
It should be noticed that, in a one-tap frequency-domain equal-
izer, the complexity is mainly the complexity of the DFTs,
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Fig. 4. Structure of one OSDM frame.

hence, a minimum mean square error (MMSE) equalizer is
adopted in our OSDM MODEM without hurting the real-time
implementation feasibility. The formulation of the equalized
symbols in the mth vector is [47]

x̂m = 3m H
M FH

M (Ĥ)−1
m FM3m

M vdm (17)

where (Ĥ)−1
m = diag{1/(ηm + σ 2), 1/(ηN+m + σ 2), . . . ,

1/(η(M−1)N+m) + σ 2)}. One may see that the frequency-
domain equalizer avoids the matrix inverse. Since the matrix
FM is constant, it is written into a “.c” file in advance.

If a single-input–multiple-output (SIMO) underwater acous-
tic system is adopted, the multichannel combining can be
expressed as

x̂m =

χ∑
i=1

(
3m H

M FH
M (Ĥ)−1

m,i FM3m
M vdm ,i

)
(18)

notation (Ĥ)−1
m,i is defined as

(Ĥ)−1
m,i = diag

(
η∗

m,i∑χ
i=1

∣∣ηm,i
∣∣2 + σ 2

i

, . . . ,

η∗

(M−1)N+m,i∑χ
i=1

∣∣η(M−1)N+m,i
∣∣2 + σ 2

i

)
. (19)

Notation i in (18) and (19) denotes the index of the
hydrophone, and χ denotes the number of total hydrophones.
It should be noticed that when σ 2

= 0, the MMSE equalizer
reduces to the zero-forcing (ZF) equalizer.

C. Frame Format Design
The structure of one OSDM frame is shown in Fig. 4,

including coarse synchronization, guard intervals, fine syn-
chronization, and OSDM symbols. Usually, synchronization
signals have excellent autocorrelation. The purpose of the
guard interval is to prevent multipath. Specifically, the linear
frequency modulation signal is used as synchronization with
a duration of 53.13 ms. The durations of guard interval 1,
guard interval 2, and guard interval 3 are 35.20, 176.67,
and 176.67 ms, respectively. For instructions on how to
synchronize one frame and capture the beginning of data, refer
to our previous work in [7]. After the fine synchronization
and subsequent guard interval, the OSDM symbols with CP
inserted at their beginning are generated. There are 32 OSDM
symbols in one frame.

In fact, in our MODEM design, the double-buffered method
and enhanced direct memory access (EDMA) are utilized.
In the transmitter, when one buffer is transmitting one OSDM
signal, the other buffer is generating the next OSDM signal.
In the receiver, when one buffer is receiving one OSDM signal,
the other buffer is processing the previous OSDM signal. The
length of one buffer is equal to the duration of one OSDM

TABLE II
RUNTIME OF SPECIFIC PROCESSES

and its CP. The mechanism of the double-buffered method
and EDMA can be found in our previous work in [7].

D. Evaluation of Runtime
In our MODEM design, the OMAPL138 processor which

contains a C674x DSP and an ARM processor is adopted. The
details about OMAPL138 are introduced in [7]. To improve
the CPU’s efficiency, the integrated digital signal processing
library is used. For example, the functions cossp() and sinsp()
are used to generate carrier and matrix 3m

M . The pulse shaping
and lowpass filter are performed via convolution, and the con-
volution is implemented by fast Fourier transform (FFT) and
inverse FFT (IFFT). The FFT and IFFT processes are imple-
mented by DSPF_sp_fftSPxSP() and DSPF_sp_ifftSPxSP().
The function DSPF_sp_mat_mul_cplx() is used for matrix or
vector multiplication which is frequently called in channel
estimation, channel equalization, DFT, and IDFT. In addi-
tion to the integrated digital signal processing library, some
functions written by ANSI C are optimized by hand, for exam-
ple, complex vectors multiplying functions, measuring the
maximum value, and so on.

The runtime of each component is shown in Table II.
The runtime of generating one OSDM symbol shown in the

top part of Fig. 1 is 35.71 ms, and the runtime of decoding one
OSDM symbol using two channels shown in the bottom part
of Fig. 1 is 100.00 ms. Since the duration of one OSDM and
its CP is 176.67 ms, it can be seen that our OSDM MODEM
is a real-time MODEM. One may notice that the runtime of
demodulation for a 2 × 2 MIMO-OSDM MODEM is about
164 ms, implementing an MIMO-OSDM MODEM is possible
under the SIMO-OSDM framework.

III. HARDWARE DESIGN

The prototype of our OSDM MODEM is shown in Fig. 5.
It consists of the transducers, the case, and the cable. The dry
end is sealed into the case, including the DSP, analog circuit
board, power amplifier, and battery. Our MODEM supports
two transducers that support SIMO and MIMO systems. The
information is exchanged via the cable using Ethernet. Also,
the power supply or battery charging can be carried out via
the cable. The detailed descriptions of the DSP, preampli-
fier, power amplifier, and bandpass filter are introduced in
Sections III-A–III-C. In our OSDM MODEM, the SIMO
communication system is adopted, where two transducers
receive signals and only one transducer transmits signals.
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Fig. 5. Prototype of our OSDM MODEM.

Fig. 6. Main structure we used for the OMAPL138.

A. Digital Signal Processor and Peripheral
Our OSDM MODEM chooses an OMAPL138 processor

which has the balance between computation and power con-
sumption. The OMAPL138 contains one TMS320C6748 and
one ARM dual core, as shown in Fig. 6. The TMS320C6748
core is mainly used for modulation and demodulation, while
the ARM core which runs in a Linux operating system is
used to exchange messages via Ethernet, and record received
signals into an SD card. The information exchange between the
two cores is called syslink. The general purpose input/output
(GPIO) is used to adjust the gain of the preamplifier, to control
the relay that determines if the MODEM works in transmitting
mode or receiving mode. The capacity of external DDR2 is
128 MB which can be accessed by both TMS320C6748 and
ARM. Since the communication bandwidth of our MODEM
works in audio frequency, the TLV320AIC3106 audio chip
that integrated ADCs and DACs is adopted directly. The
TLV320AIC3106 supports sampling rates from 8 to 96 kHz,
and it supports two ADCs and two DACs, which are conve-
niently designed for SIMO or MIMO systems. The syslink
is used for sharing data between DSP and ARM. In our
OSDM MODEM, when the acoustic data is achieved via the
TLV320AIC3106, it will pass through the shared memory;
when the DSP core is demodulating, the ARM core is record-
ing the raw acoustic data into an SD card simultaneously. As a
result, the MODEM also acts as a self-contained hydrophone.
By using the function of a self-contained hydrophone, we can
analyze the signal offline.

B. Power Amplifiers
Considering the working bandwidth of our MODEM is

less than 20 kHz, an efficient class-D power amplifier named
TPA3251 is used. Fig. 7 is the schematic circuit of the
TPA3251 in our MODEM. Since our MODEM needs only

Fig. 7. Schematic circuit of the TPA3251.

Fig. 8. Schematic circuit. (a) Schematic circuit of the LTC6910-1.
(b) Schematic circuit of a second-order bandpass filter.

one transmitter, the power amplifier is configured in the PBTL
mode, in which the maximum power can reach 350 W at
10% total harmonic distortion (THD) + N or 285 W at
1% THD + N , while the maximum power of the TDA7498E
can only reach 220 W [7]. The power amplifier integrates
components that prevent over-temperature and over-current.
Pin 21, Pin 19, and Pin 18 are connected to the TMS320C6748
to monitor the power amplifier. In fact, the power amplifier
also can be configured in a stereo mode that supports an
MIMO system. In a word, the merit of the TPA3251 power
amplifier is threefold, first, the high power can be used to reach
a long communication range; second, the over-temperature and
over-current components can protect the OSDM MODEM;
third, the size of the power amplifier is small which enables
to design smart MODEMs.

C. Preamplifiers and Bandpass Filters
Due to the severe propagation loss and absorption and ambi-

ent noise with a large bandwidth in the underwater acoustic
channels, the received signal is quite weak. To improve the
received SNR, a bandpass filter and a preamplifier are adopted
in our OSDM MODEN. The LTC6910-1 is adopted to amplify
the received signal, and an eight-order bandpass filter based
on Chebyshev [7] is adopted to cancel noise whose bandwidth
is located outside our MODEM’s bandwidth. The gain of the
LTC6910-1 is adjustable using a 3-bit digital input to select
gains of 0, 1, 2, 5, 10, 20, 50, and 100 V/V. The bandwidth
of the LTC6910-1 is up to 11 MHz. By using digital control,
automatic gain control (AGC) is easily implemented. Fig. 8(a)
is the schematic circuit of the LTC6910-1, and one second-
order bandpass filter is shown in Fig. 8(b).
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Fig. 9. Doppler estimation and CIRs in case15. (a) Doppler estimation from the first frame. (b) CIR of CH1. (c) CIR of CH2.

TABLE III
PARAMETERS OF OUR OSDM MODEM

Compared with our previous work in [7], our preamplifier
does not need a DAC to control the gain, instead, three digital
pins can control the gain. Since the OMAPL138 contains
rich digital pins, avoiding the DAC results in a lower cost.
Moreover, the structure of the bandpass filter makes it easy
to adjust the center frequency and bandwidth. The size and
power consumption of the bandpass filter in the design are
smaller than those in [7].

IV. EXPERIMENTAL RESULTS AND ANALYSIS

To accommodate different underwater environments, the
performance of our proposed OSDM MODEM under different
pilot vectors, data vectors, and zero vectors is investigated.
An offshore sea trial experiment was conducted in Wuyuan
Bay, Xiamen, China, to verify the performance of different
settings. In addition, to verify the effectiveness and reliability
of our OSDM MODEM under slow time-varying channels,
two other sea trials were conducted in Xiamen Harbor and the
Taiwan Strait, respectively. The three sea trials are introduced
and analyzed in Sections IV-A–IV-C.

The parameters of our proposed OSDM MODEM are shown
in Table III. The sampling frequency is 48 000 Hz, the carrier
frequency is 11 000 Hz, the bandwidth is 4800 Hz, and the
QPSK mapping method is used. To reduce the error further,
polar encoding and decoding methods [52] are used with the
length of 768/1024, and the coding rate is 3/4. The CIRs from
the transmitter to the lower receiver and the upper receiver are
denoted as CH1 and CH2, respectively.

A. First Sea Trial in Wuyuan Bay
To compare the performance of our OSDM MODEM with

the 15 different configurations, the first sea trial was conducted

TABLE IV
DIFFERENT SCENARIOS AND CORRESPONDING DATA RATES

in Wuyuan Bay, Xiamen, China. The average SNR was
21.63 dB. The 15 configurations of the different parameters
are shown in Table IV, and the different data rates before
channel decoding and after channel decoding are also shown
in Table IV. To better describe, the scenarios of different
parameters are denoted as case1 to case15 shown in Table IV.

The transducers were set at the depths of 2 and 6 m for both
OSDM MODEMs, and the horizontal distance between the
two MODEMs was about 1 km. Signals from case1 to case15
are modulated by our OSDM MODEM and transmitted ten
times for each case.

Fig. 9(a) shows the Doppler estimation of 32 symbols from
the first frame in case15. One may see that the range of
Doppler is from −0.4 to 0.5 Hz, and the reason is that the
receiver and the transmitter are stationary and the Doppler shift
is caused by the heavy current. In addition, it can be seen that
the tendency of Doppler from different channels shows similar.

Fig. 9(b) and (c) shows the CIRs after Doppler compensa-
tion from the first frame in case15. The least-square method
is adopted for channel estimation shown in (15), and the
channel length is 33.3 ms. One may see that from Fig. 9
that the complex multipath is obvious with the maximum
delay of 30 ms, and the structures of the two channels are
quite different. Such channel diversity can be used to improve
communication performance. It can also be seen that the
channels show slow time-varying. The long time-delay channel
may be caused by the closed experimental area.
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Fig. 10. Results of different parameters. (a) Results obtained from case1 to case5. (b) Results obtained from case6 to case10. (c) Results obtained
from case11 to case15.

Fig. 11. Diagram of deployment and the SSP from Xiamen Harbor. (a) Diagram of deployment. (b) SSP.

Finally, the results of all kinds of configurations are shown
in Fig. 10. The channel length is set to 33.33 ms, and the
parameter σ 2 in (19) is set to 0.01. Focusing on the same
number of zero vectors and the different number of pilot
vectors, the larger number of pilot vectors leads to lower BER,
the reason is that more pilot vectors lead to accurate channel
estimation when the least-square method is used. For example,
when the number of zero vectors is 3, the average BER before
polar decoding obtained by MMSE from case6 and case10 is
48.90‰ and 26.99‰ , respectively. From the point of view
of the same number of pilot vectors and the different number
of zero vectors, the higher number of zero vectors leads to
lower BER. The reason is that the more zero vectors result in
better Doppler estimation shown in (11). For example, when
the number of pilot vectors is 12, the average BER before
polar decoding obtained by MMSE from case5 and case15 is
42.97‰ and 26.66 ‰ , respectively.

From Fig. 10, it can be concluded that, first of all, our
proposed OSDM MODEM can handle the relative long-time
and slow time-varying channel. The more zero vectors and
pilot vectors achieve lower BER, unfortunately, the data rate
is decreased. In our OSDM MODEM, the parameters can
be adjusted to get the balance between BER and data rate.
Moreover, the MMSE equalizer achieves lower BER than that
obtained by the ZF equalizer. In addition, the polar decoding
method can correct the error furthermore, especially when the
BER before polar decoding is less than about 3e−3, the polar

decoding strategy will correct all the error bits, which leads to
free-error communication. Finally, although the Doppler shift
is insignificant, the number of zero vectors should be greater
than 5 to guarantee considerable communication performance.

B. Second Trial in Xiamen Harbor
The second experiment was conducted in Xiamen Harbor,

Xiamen, China. The configuration of our OSDM MODEM
used case13 where the number of zero vectors was 5, and the
number of pilot vectors was 8, thus the maximum channel
length can be reached at 26.67 ms. The average depth was
12 m, the average air temperature was 32.7 ◦C, and the average
wind velocity was 4.14 m/s. One MODEM was suspended to
a ship, and the other was suspended to a buoy. The transducers
were set at the depths of 4 and 8 m for both OSDM MODEMs
shown in Fig. 11(a). The horizontal distance between the two
MODEMs was 1.5 km. The sound speed profile (SSP) is
shown in Fig. 11(b), and the gradient of sound velocity shows
a slight positive. The average SNR was 18.70 dB. In this
experiment, 12 frames were transmitted, and the total binary
data was 294 912.

Fig. 12(a) shows the Doppler estimation of 32 symbols
from the first frame, and the range of Doppler is from −2
to 3 Hz. Fig. 12(b) and (c) shows the CIRs from two channels
after Doppler compensation, respectively. The channel length
is 10.5 ms, and the delay of multipath is less than 5 ms.
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Fig. 12. Doppler estimation and CIRs from the first data frame. (a) Doppler estimation. (b) CIR of CH1. (c) CIR of CH2.

Fig. 13. Equalizer output scatterplot of OSDM MODEM in Xiamen
Harbor from the first data frame.

The channels show the time-varying characteristic which may
be caused by heavy currents and heavy wind.

The equalizer output scatterplot in Fig. 13 is obtained by
MRC from the equalizer in (19). It can be seen that the
equalizer output scatterplot is clearly separated, which implies
low BER.

Finally, all 12 frames are analyzed in terms of BER before
and after polar decoding. The result is shown in Fig. 14.
The maximum BER using the ZF equalizer before and after
channel decoding is 20.94‰ and 2.75‰ , respectively. The
maximum BER using the MMSE equalizer before and after
channel decoding is 12.73‰ and 0‰ , respectively. The
MMSE equalizer outperforms the ZF equalizer. Since the
experimental field was in the main lane, there were different
kinds of noise, such as impulsive noise, ship noise, and so on,
and the noisy underwater environment caused a nonnegligible
error bit. Fortunately, the final BER using the MMSE equalizer
after polar decoding achieves free error.

C. Third Trial in the Taiwan Strait
To further verify the validity of our OSDM MODEM in

different marine environments, one data frame containing
the 32 OSDM symbols was transmitted in the Taiwan Strait.
The average depth of the field was 49.9 m, the average
air temperature was 32.5 ◦C, and the average wind velocity

Fig. 14. BER of OSDM frames before and after polar decoding.

was 1.86 m/s. The two MODEMs were suspended at two
boats, and the depths of the two transducers were 7 and
12 m, respectively. The horizontal distance between the two
MODEMs was 5 km. The average SNR was 12.86 dB. The
SSP is shown in Fig. 15(a), and the sound speed varied within
5 m/s. It should be noticed that the sound channel axis [53]
appears at 25 m.

Fig. 15(b) shows the BER among all the OSDM sym-
bols. The average BER using the ZF equalizer before and
after channel decoding is 2.20 × 10−3 and 9.35 × 10−4,
respectively. The average BER using the MMSE equalizer
before and after channel decoding is 1.56 × 10−3 and 0,
respectively. Fig. 15(c) shows the equalizer output scatterplot
which also shows certain separations. Our OSDM MODEM
achieved error-free transmission with a data rate of 4.35 kb/s
over 5 km.

According to the three experiments, our OSDM MODEM
achieved satisfactory performance under slow time-varying
channels. Compared to our previous OFDM MODEM
work [7], our OSDM MODEM has lower PAPR, higher data
rate, lower bit error rate, and achieves error-free transmission
over longer distances.
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Fig. 15. SSP, BER, and equalizer output scatterplot of the experiment in the Taiwan Strait. (a) SSP from the Taiwan Strait. (b) BER of OSDM
symbols before and after channel decoding. (c) Equalizer output scatterplot of the experiment in the Taiwan Strait.

V. CONCLUSION
The OSDM is a compromise between single-carrier com-

munication and multicarrier communication. In this article,
an OSDM underwater acoustic MODEM was researched and
designed, as far as we know, it was the first trial to design a
real-time underwater acoustic OSDM MODEM. The software
and hardware design for our OSDM MODEM were introduced
in detail. In the software design, OSDM modulation, OSDM
demodulation, Doppler estimation and compensation, channel
estimation, and channel equalization were carefully researched
and implemented; in the hardware design, the preamplifier,
the bandpass filter, and the power amplifier were introduced.
Different from the theoretical analysis, the modulation and
demodulation were performed vector by vector to avoid large
matrix multiplications. Some constant matrices were generated
and saved to RAM in advance, so the runtime of the embedded
systems was reduced. Moreover, some functions from the
digital signal processing library were introduced to reduce
runtime further. To accommodate different underwater acoustic
channels and get the balance between BER and data rate, our
proposed OSDM MODEM was able to set different numbers
of pilot vectors and zero vectors. Three sea trials demonstrated
the effectiveness of the proposed OSDM MODEM. Especially,
our OSDM MODEM achieved free error after channel decod-
ing when the number of zero vectors was 5, and the number
of pilot vectors was no less than 8, the corresponding data rate
was more than 4.35 kb/s after channel decoding. Satisfactory
performance was achieved under slow time-varying acoustic
channels.

VI. FUTURE WORK
In order to enrich some functionality of our proposed

MODEM, we will consider the following future work:
1) Based on the structure, a soft-defined MODEM will be

considered in the future.
2) The impulsive noise usually appears in shallow water

near shore, which would degrade the communication
performance. In the future, impulsive noise cancellation
will be implemented.

3) Our OSDM MODEM was successfully applied on the
underwater static scenes with a small Doppler effect,
in the future, the underwater mobile scenes with a
large Doppler effect will be considered, for example,

a FARROW filter can be used to compensate for the
large Doppler with low computational complexity.

4) The strategy that automatically changes the number of
pilot vectors, and the number of zero vectors based on
the underwater acoustic channel will be considered and
researched.

5) Network protocols will be implemented in the ARM
core to support underwater network technology for
UWSNs.
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