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Abstract—Recent advances in underwater applications, such
as ocean-observatory systems and sensor networks, led to the
need for high data-rate and robust underwater wireless com-
munications. However, these applications require mid to long
range underwater communications, and can only be achieved by
acoustic waves, due to high attenuation for electromagnetic or
radio waves. The underwater acoustic environment is character-
ized by limited bandwidth and significant time-variability and
frequency-selectivity, thus severely restricting acoustic communi-
cations underwater and posing major challenges for designing
communication links with suitable rate and reliability for the
envisioned applications.

Re-enacting its massive success in terrestrial wireless radio
communications, Orthogonal Frequency-Division Multiplexing
(OFDM) has recently emerged as a powerful and widely popular
modulation for coherent underwater communication that can
attain good bandwidth efficiency (and high data rates) even in
difficult channels while keeping a relatively simple transmitter
and receiver structure. The work presented in this thesis
originates from a broader project to develop an adaptable
underwater OFDM modem based on the Software-Defined Radio
(SDR) paradigm. The specific goal of this work is to develop and
assess the baseline signal processing blocks for a point-to-point
OFDM link, which would lie at the core of any feedback scheme
(beyond the scope of this work) to compute quality metrics and
accordingly set the modulation parameters (bandwidth, number
of carriers, constellation size, coding rate, etc.) for optimal
modem performance.

The thesis discusses algorithms for packet synchronization,
coarse and fine-grained Doppler correction, channel estima-
tion, channel equalization and coding. Their performance is
characterized in simulation with realistic models of underwater
propagation (using the Bellhop ray tracer) and with at-sea data
collected in Faro, Portugal, in January 2017.

Index Terms—Underwater Acoustic Communications; Orthog-
onal Frequency Division Multiplexing; Software Defined Radio.

I. INTRODUCTION

The research and development of underwater acoustic com-
munications increased significantly in the last three decades.
The number of surging underwater applications that are sup-
ported by wireless communications is growing fast, resulting
on an increasing interest in this area. [1]

The need of ocean-observation systems and sensor networks
led to the development of autonomous underwater vehicles,
and motivated the need of underwater wireless communica-
tions. However, due to high attenuation, the optical, radio-
frequency and electromagnetic communications can’t support

mid to wide range communications needed for the developed
technologies. For this reason, most underwater communication
systems developed are acoustic based systems.

The use of acoustic waves in underwater environments,
although allowing longer ranges, has limited and distance-
dependent bandwidth, facing time-varying multipath propa-
gation and low sound speed. [2] These constraints result on
a channel with poor quality and high latency, turning the
communications of extreme difficulty.

A. Related Work

Recent advances in underwater peer-to-peer communica-
tions are focused on multi-carrier modulation techniques, such
as Orthogonal Frequency Division Multiplexing, and spacial
multiplexing, based on Multiple-Input Multiple-Out (MIMO)
systems. The use of OFDM modulation in UWAC has achieved
significantly better results than previous techniques based on
broadband single-carrier modulation schemes [3]. Following
OFDM based-system validation for UWAC, the use of MIMO
with OFDM attracted a great interest seeking for further
increase in data-rates. However the use of MIMO for OFDM
brings new constraints since each receiver would receive a
combination of the transmitted signals of the multiple inputs.
Nonetheless, its validation for UWAC has been demonstrated
in several works, such as [4].

One of the biggest challenges in UWAC is the fast time-
varying channel. The environment conditions vary with both
time and space, and these variations affect significantly the
performance of the communications system. It is then possible
to understand why no communication system with a fixed spe-
cific parametrization achieves the best results, since it depends
on the environment. With the development of Software-defined
radios for wireless communications, their adaptation to UWAC
have been attracting attention. The real-time modification
of the physical layer without hardware adaptation allows,
based on the system feedback, to reconfigure the system
parameters that allow the highest data-rate based on a defined
BER threshold. Studies [5] have develop tests where the
system performance has shown to improve by proper real-time
adaptation of the system parameters.
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B. Proposed Aproach

This thesis was build based on the works developed in the
Sinais, Multimı́dia e Telecomunicações (SMT) laboratory of
UFRJ (Universidade Federal do Rio de Janeiro), where part of
this work was conducted, included in an internship program.
The use of SDR for UWAC is advantegeous if it includes real-
time feedback of the channel environment in order to set the
optimal parameters for the given channel, adapting the system
parameters acording to the channel conditions.

For this work it was decided to focus on the transmis-
sion/receiver system with OFDM modulation, including a
thorough analysis of each DSP block in the communication
system, understanding how each configurable parameter af-
fects the results based on the channel environment. This work
aims to develop a communication system with a configurable
OFDM modulation scheme for SDR deployment. With the
developed system, the validation is achieved, in a first step,
by computer simulations, and in a second step, by field tests.

II. UNDERWATER ACOUSTIC CHANNEL

The underwater acoustic channel is one of the most chal-
lenging propagation channels for communication systems.
To develop an underwater communication system, as any
wireless communications system, one has to comprehend all
the channel characteristics and how affect communications.

The underwater acoustic channel varies per region, for
instance, the sound speed profile in the Mediterranean is not
the same as the one in Atlantic Ocean. And even in the same
region the channel has fast time-variations, in the order of
seconds, and sometimes in the order of milliseconds, so the
communication system has to adapt over the time in order to
successfully decode the received data.

There are 4 major factors that affect and limit the UWAC
channel:

1) Attenuation, that strongly depends on the signal fre-
quency, and limits the bandwidth;

2) Multipath propagation, as result, in shorter distances,
of wave reflections on the surface and bottom of the
sea, and for longer distances (tens and hundreds of km)
the internal refractions, leading to long, time-variant,
impulse responses;

3) Low and depth-dependent sound speed, of approxi-
mately 1500m/s .

4) Broadband Doppler scaling (time expan-
sion/compression of the waveforms), due to low
sound speed.

III. OFDM MODULATION

The concept of OFDM modulation is to transmit data over
different subcarriers at the same time. Using a wideband chan-
nel, it is possible to energize several narrowband subcarriers
simultaneously. A OFDM symbol consists of a window of
time where each subcarrier transmits a symbol. In OFDM
modulation, the subcarriers must be orthogonal, i.e. the cross-
correlation between two subcarriers must be zero. Considering
M the number of subcarriers, with each subcarrier is denoted

as m ∈ {0, 1, ...,M − 1}, and for each m corresponds
to a central frequency fm and the distance between two
consecutive subcarriers is described by 1/∆ = fm − fm−1.

The correspondent nth OFDM symbol, which is the sum of
each subcarrier energized by a symbol in time-domain, can be
represented as:

sn(t) =
1√
T

M−1∑
m=0

Bm(n)ej2π
m
∆ (t−nT ) (1)

where sn(t) is the temporal OFDM symbol, T is the OFDM
symbol duration, and Bm(n) the nth symbol for the mth

subcarrier. The orthogonality can only be achieved if T = α∆
[6]. Considering α = 1, the discrete-time signal, considering
a sample frequency fs = M

T (lower fs higher than the Nyquist
frequency), is:

sn(kTs) =
1√
T

M−1∑
m=0

Sm(n)ej2π
m
M k (2)

The OFDM system can be described as:

Fig. 1. OFDM transmission Scheme

Where the data stream is converted to symbols (QAM,
PSK), converted to time-domain, added a guard interval and
converted to passband. The receiver is the backwards process,
adding a channel equalizer when the signal is in frequency-
domain.

A. Cyclic-Prefix and Zero-Padding

The need for a guard-interval between two OFDM symbols
is vital due to:

• Inter-Block Interference (IBI), due to channel multipath;
• Channel Transient between OFDM symbols.

The most common guard-interval techniques used are Cyclic-
Prefix (CP) and Zero-Padding (ZP). The CP consists on a time
extension of the symbol, from T to T + TG, being TG the
guard interval. This time-extension consists on filling [0, TG]
samples with the last [T, T + TG samples of the OFDM. CP
prevents both IBI and channel transient effect on the OFDM
symbol.

ZP consists on zero-padding the guard interval. The main
advantage of the use of ZP is its lower required power to
its trailing zeros. The use of ZP corrects the IBI, however, it
doesn’t prevent the channel transient of the OFDM symbols.
A good approach to correct it is to use the overlap-and-add
(OLA) strategy.
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B. Equalizers for OFDM

The equalizer is responsible to revert the multipath effect
on the receiver. In OFDM, the most common used equalizers
are the Least Squares (LS) and Minimum mean square error
(MMSE), based on ZF equalizers, where the channel is
estimated, and the received signal equalized, in frequency
domain (The orthogonality among subcarriers allows the use
of ZF equalizers). Consider Y a vector, at frequency domain,
of M samples, associated with the M subcarriers of an OFDM
symbol, and Ĥ(f) a vector of M samples corresponding to a
channel estimation. The LS equalizer is:

X̂ =
Y

Ĥ
(3)

The MMSE equalizer tries to solve the noise amplification
when there are high channel attenuation and consists of [7]:

X̂ =
Ĥ∗

|Ĥ|2 +
σ2
n

σ2
s

Y (4)

where σ2
n is the noise variation and σ2

s is the transmitted signal
variation. The channel estimation is based on pilot insertion
on OFDM symbols, detailed in subsection V-A.

IV. TRANSMISSION SYSTEM

The transmission system was designed in order to send
OFDM packets with sets of OFDM symbols, with a duration
of 2s. Each OFDM packet has an ID which identifies the
modulation parameters in the packet. An OFDM packet is
composed by four sections:

• Packet Preamble;
• OFDM symbols;
• End of Packet Marker;
• Silence Period (Zero Padding).

A. Packet Detection and Identification

Prior to the OFDM symbols demodulation in the receiver,
the receiver, for one hand, has to locate the time-stamps where
the OFDM symbols started and stopped to be transmitted, for
the other hand, since each packet has an ID, its ID has to be
identified before the demodulation.

I Studies show [8] that Linear Frequency Modulation (LFM)
chirps based symbol synchronization is the most suited due
to its better synchronization accuracy in presence of different
SNR and multipath.

In this work, we used LFM chirp signals for time synchro-
nization and as packet identifier. An LFM chirp signal can be
defined as:

s(t) = A cos((w0 ±
1

2
µt)t), 0 ≤ t ≤ T (5)

where w0 is the initial modulated frequency, T is the time
duration of the chirp, and µ = 2πBT , where B is the signal
bandwidth. The LFM chirp signal has two main characteristics
that make this signal widely used in time synchronization
techniques.

• Near rectangle amplitude in frequency response;

• Sharp correlation peak.
The insertion of one chirp in the beginning and another at

the end of the packet (end of packet marker), by the received
signal correlation with the chirp it is possible to locate the
beginning and end of the transmission of the OFDM symbols,
by the peaks location of the resulting correlated signal.

In addition, since the system has different packet’s IDs that
defines the packet parameters, the packet ID can be transmitted
in the chirps. It was defined (in section V-B) 16 types of
packets, which means that the packet ID varies from [0, 15].
Converting the ID from decimal to a binary number, the packet
ID is represented by four bits. The proposed approach is that,
in the packet preamble, instead of only transmitting one chirp
to packet detection in the receiver, one can transmit four chirps
in the preamble, where each chirp carries one bit of the ID.

V. CONVOLUTIONAL CODING

The signal distortion caused by the environmental noise
is not corrected by channel equalization. Since in UWAC,
due to external factors, the noise can be significant, this can
lead to poor system performance, even with a robust channel
equalizer. The channel coding prevents the destructive effect
of the noise in the signal, coding the bit stream to lower the
BER. For this work it was used a convolutional coding. The
convolutional coding consists on passing a set of bits trough
a linear finite-state shift register, such that the encoder can be
viewed as a FIR digital filter.

Considering that for each time window the input is K bits,
and the output is N bits. The coding rate is K

N . As in a FIR
digital filter, the coder has memory of the last M bits, whereas
the memory size is called the constraint length. For each output
bit there is a polynomial generator gi, which determines the
impulse response of the coder. The outputs carry the parity
bits, so considering each output parity bit pi[n] and input bit
x[n], the coder can be writen as:

pi[n] =

M−1∑
m=0

gi[m]x[n−m] (6)

In this work for the convolutional coder the variables decided
were k = 1/2, M = 7, and g = [133, 171], in octal numbers,
based on [9] - table 8.3-1.

A. Pilot-Tone Subcarriers

In an OFDM based system, due to the frequency selective
and time-varying channel, both characteristics of an UWA
channel, a dynamic channel estimation over time is necessary
before the signal demodulation. Channel estimation in OFDM
can be achieved by inserting a number of pilot symbols
in subcarriers in order to, at the receiver,by knowing their
location, estimate the channel response. There are two sets of
arrangements for pilot insertion. The first one is a block-type
pilot arrangement, where, time to time, there is an OFDM
symbol with all the subcarriers as pilots. The second one
consists on inserting a number of pilot tones in each OFDM
symbol. This method is called comb-type pilot arrangement
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Fig. 2. Transmission Scheme

TABLE I
PACKET PARAMETERS

PSK-Constellation 4-PSK 8-PSK 16-PSK 32-PSK
Pilot Ratio p=1/8 p=1/16 p=1/8 p=1/8 p=1/8

Number of Subcarriers M=128 M=256 M=512 M=1024 M=128 M=256 M=512 M=1024 M=128 M=256 M=512 M=1024 M=512 M=1024 M=256 M=512
Packet ID 0 1 2 3 4 5 6 7 8 9 10 11 12 13 14 15

[10]. Since UWA channels are time-variant, and the block-type
arrangement implies a complete loss of the estimated channel
parameters for each update it was decided the use of comb-
type arrangement [10] . In the comb-type pilot arrangement,
the pilot insertion for each OFDM symbol, considering a 1/p
pilot ratio, will be uniformly distributed in the transmitted
symbols X based on X(k) = X(nL + l) = Xp(n) if l = 0,
and in the remaining subcarriers l = 1, 2, ...L− 1 the data
symbols to be transmitted. Being L = ncarriers/p and Xp(n)
the nth pilot symbol. As for the channel estimation based on
comb-type arrangement is detailed in VI-D.

B. System Fixed and Variable Parameters

There is a set of variables in any communication system
that has to be defined. In this system, for instance, is has to
be decided how the OFDM parameters are set, and, besides
that, how to choose other overall parameters of the system.

The first thing to be set is the bandwidth of the signal, the
central frequency, the sample rate in baseband and sample rate
at the output. The other parameters to be set are related to the
OFDM based system. They are:

• Number of Carriers;
• Number of Pilots;
• Convolutional Coding Settings;
• Size of Constellation PSK;
• Guard Interval.

The chosen guard interval was 25ms, based on the works
[11] and [12] The convolutional coding settings are defined
in section V.

The table I shows the remaining variables for each ID.

C. Baseband to Passband Modulation

The generated signal mentioned in the sections above was
in all steps in baseband frequency. To enable the signal to be

transmitted is mandatory to convert the signal to the desired
transmitting band. This conversion is done by the SDR in
two processing steps, one digital and another analog. The
first consists on a Field-programmable gate array (FPGA)
that is responsible by the digital upconversion of the signal
to an intermediate frequency IF, and the signal conversion
from digital to analog (DAC). This process starts with the
complex baseband signal generated by the DSP block (in
the proposed system the DSP block includes all the blocks
responsible for the generation of the OFDM packets). The
signal is split by its in-phase and quadrature components.
Each component is upsampled by an interpolator with a user-
defined ratio. This interpolation filter is defined in [13]. Then
the signal is multiplied by sine or cossine of the digital local
oscilator (DLO) with the intermediate frequency. The in-phase
and quadrature are summed. With the signal in the IF it is
converted from digital do analog (DAC). The analog signal is
converted from the intermediate frequency to the defined radio
frequency, amplified and send to the transmitter.

VI. RECEIVER SYSTEM

The DSP tools of the receiver system to convert the received
signal into a recovered data stream are composed by three
main parts:

• Real passband to complex baseband signal conversion
(performed by the SDR);

• Packet detection and identification;
• OFDM symbols demodulation.

The receiver system has a similar architecture as the transmis-
sion system, but in reverse order.

In the Figure 3 is a block diagram of the receiver system.

A. Passband to Baseband Conversion
The passband to baseband conversion is similar to the

baseband to passband conversion, reversing the blocks. This
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Fig. 3. Receiver Scheme

subsection details how the conversion is processed in the SDR,
most specifically in the USRP N210, the SDR used in this
work. The passband to baseband conversion performed in
USRP N210 has the equivalent backwards process as the one
detailed in subsection V-C. With the input signal from the
receiver, the signal is amplified and, pass through an analog
frequency converter, from the transmitted radio frequency to
the IF. It is then converted from analog to digital (ADC)
and processed by the FPGA. The FPGA multiplies the signal
by the sine and cossine of a local oscilator frequency with
frequency IF, the signal is decimated by the same factor as it
was interpolated, based on the process detailed in [13]. The
DSP blocks detailed in the next sections receives both the in-
phase and quadrature of the signal already in baseband.

B. Packet Detection and Identification

Subsection IV-A detailed the transmitted signal containing
dedicated elements to ensure the packet detection and synchro-
nization. Four LFM chirps are transmitted as a preamble of the
packet and another one at the end of the packet. The overall
algorithm used consistS on, first, finding the region of the
preamble, finding one of the preamble chirps. After, knowing
the packet preamble region the goal is to identify which four
chirps were transmitted to identify the packet for one hand,
and where the OFDM symbols started to be transmitted for the
other hand. Last step is, after the packet preamble detection
and identification, to find the transmitted LFM chirp in the
end of the packet.

C. Doppler Estimation and Correction

In an underwater environment, even a small Doppler effect
induces a significant distortion effect in the received signal.
Considering y(t) the received OFDM modulated signal, that
suffered an α Doppler scaling , the channel multipath, time-
invariant response would be h(t) =

∑
pApδ(t − τp) and an

additive noise ñ(t).

y(t) =

K/2−1∑
k=−K/2

{
d(k)ej2πk∆ftej2παfkt×[∑

p

Ape
−j2πfkτpg((1 + α)t− τp)

]}
+ n(t)

(7)

being fk = fc + k∆f . From equation (7) it is possible
to observe that the signal is scaled in time by a factor
1 + α and that each subcarrier has a Doppler frequency-
dependent shift of ej2παfkt. The latter term does not allow
a narrowband approximation where Doppler shift is constant
over the bandwidth. In this case there is a significant ICI,
since the Doppler non-uniform frequency shift affects the
orthogonality of subcarriers.

The introduction of a Doppler estimation and correction
scheme is required before the demodulation in order to prevent
ICI. An approach to solve the frequency-dependent Doppler
shift requires two steps. First we resample the signal, which
compensates the time scaling and converts the wideband
problem to a narrowband one, as demonstrated below. The
second step is to estimate the Carrier Frequency Offset (CFO)
and apply its correction [14]. A good approximation to the
time scale α is to calculate the transmitted size of the packet
and compare to the estimated size of the received packet.
Based on the number of OFDM symbols transmitted N , the
number of subcarriers K, the number of guard samples G and
the sample frequency fs, the transmitted packet duration is
Tt = N(fs(K + G)). The estimated received packet size is
the difference between the end of packet chirp location and
the last preamble chirp plus the chirp duration.

The estimation of the time scaling α is given by:

T̂r(1 + α̂) = Tt ↔ α̂ =
Tt
Tr
− 1 (8)

With α̂ available, it is possible to proceed to resample the
signal to compensate the time scaling through a change of
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variable r(t) = y( t
1+α̂ ). Since the goal is to achieve α ≈ α̂,

the resulting resampled signal can be written as:

r(t) ≈ ej2π
α

1+α̂ fct

K/2−1∑
k=−K/2

{
d(k)ej2πk∆ft

×

[∑
p

Ape
−j2πfkτpg(t− τp)

]}
+ w(t)

(9)

The resampling of the signal will solve two problems. First
it corrects the time scale, second converts the frequency-
dependent Doppler shift for each subcarrier, to a constant CFO
of ε = α

1+α̂fc.
By finding the best estimation for ε, the correction of the

CFO is compensated by:

r̃(t) = e−j2πεtr(t) (10)

The second step of the Doppler compensation scheme is to
estimate the CFO. The estimation can be achieved by a variety
of methods, however the two most common are the use of null
subcarriers and the use of the CP. In this work it was decided
the use of CP for CFO estimation. The concept of CP is based
on the fact that the first G samples of an OFDM symbol are
equal to the last G samples. As a result, x(t) = x(t+T ), t ∈
[0, T g], according to equation (9), is it possible to show that
y(t) ≈ e−j2πεT y(t+ T ). Therefore, at a given time:

ε(t) =
1

2πT
arg(y∗(t)y(t+ T )), t ∈ [0, T g] (11)

So that a good approximation of ε̂ would be:

ε̂ =
1

2πT
arg(E{y∗(t)y(t+ T )}), t ∈ [0, T g] (12)

The estimation of ε allows the CFO correction through
equation (10).

D. Equalizer
In the defined OFDM based system for this work, it was

chosen to employ, as pilot subcarriers distribution, a comb-type
pilot arrangement, as seen in section V-A. This means that,
for channel estimation, there are equally distributed pilot-tone
subcarriers in each OFDM symbol. The channel estimation in
this pilot arrangement is performed in two steps:

1) Estimate the channel response in the pilot subcarriers;
2) Interpolate the channel response over the bandwidth

based on the pilot subcarriers channel estimation.
For the given pilot distribution and pilot values, the pilot sub-
carriers in frequency would be Yp = [Yp(1)Yp(2) · · ·Yp(P )],
where P is the number of pilot subcarriers. As seen in sub-
section III-B, by using LS estimation, the channel estimation
in the pilot subcarriers would be:

HP =
[
Yp(0)
Xp(0)

Yp(1)
Xp(1) · · · Yp(M)

Xp(P )

]
(13)

For the pilot interpolation, in order to have a channel esti-
mation over the bandwidth, was used a low-pass interpolation
[15] (interpolate with zeros and then applying a FIR filter
with MMSE). The equalization then, is performed with a LS
equalizer as detailed in III-B.

E. Convolutional Decoder
After symbol demodulation and conversion into bits, the

data message has to be decoded in order to recover the
transmitted bits. As described in section V, the transmitted
data was coded by a convolutional coder, with rate k = 1/2,
constraint length M = 7 and with the polynomial generators
g = [133, 171] (in octal). Decoding is based on the Trellis
diagram, where the actual output is compared to the one
derived from a given path, and the decoder decides which
path will provide the best match.

The most common decoder algorithm is the Viterbi decoder,
first proposed in [16].

VII. SIMULATIONS

To perform the simulations it was emulated different un-
derwater acoustic channels, using the Bellhop simulated. In
order to do so, a proper underwater acoustic channel has
to be emulated for different environment features. Since at
high acoustic frequencies sound propagation can be modeled
similarly to ray optics, the Bellhop [17] simulator relies on a
model that allows to trace each ray path over space. Bellhop is
part of the Acoustics Toolbox, which conveniently interfaces
to MATLAB to streamline the simulations.

A. Simulation environment
The simulation environment was based on the CALCOM’10

sea trial [18], which was conducted in Vilamoura, Portugal, in
June 2010. The sound speed profile and the bathimetry are
shown in figure 4. It was also defined the bottom reflection
coefficients.

(a) Sound Speed Profile (b) Batimetry

Fig. 4. CALCOM’10 environment

With the environment variables established, there is the
need to define the source and receiver positions, as well as
the SNR. In a first setup, the source depth was set to 20m,
the distance between source and receiver was varied from
1 to 2.5km, with the receiver depth fixed at 20m. In the
second step, the source depth was also fixed at 20m, the
receiver depth was varied from 10 to 100m, with the range
fixed at 2km. The other simulation was performed by fixing
the source and receiver depth at 20m and the range between
them at 2km, and with the SNR varying between 0 to 40dB.
For the performed simulations it was defined a bandwidth
of 20KHz, and a central frequency of 15KHz, for the
transmitted signals. It was transmitted a set of OFDM packets
with different, randomly distributed ID’s, corresponding to its
different modulation parameters, set in section V-B.
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B. Simulation Results

Having an overview of the underwater channel, we can
proceed to the overall simulation results.

The results for the detection, synchronization and identi-
fication of the packet are in table II. These results show,

TABLE II
PACKET DETECTION, SYNCHRONIZATION AN IDENTIFICATION

SNR (dB) Detection Synchronization Identification
0 79.1% 2.1% 8.3%
2 98% 10.4% 14.58%
>2 100% 100% 100%

for the transmitted packets in each simulation, the percentage
of packets that were detected in the receiver (detection), the
percentage of them that detect the exact time-stamps of the
beginning and end of the packet (synchronization), and the
percentage of the ones that, at the receiver, correctly identify
the packet ID. For an UWAC channel with SNR higher than
2dB, the packet detection, synchronization and identification
works with 100% accuracy. The use of LFM chirps for UWAC
has great results for synchronization,since the SNR in UWAC
channel is usually higher than 2dB at the communication
ranges of interest, on the order of 1− 5 km.

The overall results for different SNR and number of taps
simulation were compared changing the parameters such as:
the number of subcarriers, simulations with and without
coding, the size of the PSK constellation, and the pilot ratio.
Most of the testing was based on Uncoded OFDM, which
facilitates the interpretation of the effect of each parameter in
the results. The graphical results are displayed in figure 5.

Low SNR leads to significantly higher BER results, as
expected. The coding decreases significantly the BER, with
the drawback of reducing in half the data-rate. For low SNR
the coding is essential. The number of subcarriers also affects
the results, where for higher M , higher BER. The results also
show, for high SNR, the equalization only leads to 0 BER
with coding, for M = [128, 256]. Regarding the pilot ratio,
whose results are shown in figure 5c for the cases of M =
[256, 512, 1024], a pilot ratio of 1/16 achieves slightly better
results in terms of BER than a pilot ratio of 1/8. However,
for an M = 128 modulation, a pilot ratio of 1/4 achieves
better results, which can be justified by the use of 1/8 pilot
ratio with 128 subcarriers isn’t enough to correctly estimate
the channel. The PSK constellation size (figure 5b) leads to
the strongest variations with SNR, where for constellations
bigger than 4 − PSK the performance is significantly poor.
The same conclusions can be made with the BER vs. Number
of paths results. Based on the emulated channels described in
subsection VII-A, the simulation results were grouped based
on the number of paths for each simulation. The results show
the average errors for the simulations with the same number
of paths.

The number of taps per se can’t be directly correlated with
the BER, since the number of taps is an important factor, but

also how long the impulse response is, and the amplitude of
each tap are also important factors that affect the BER in a
communication system. However the trend seen in the results
of 5, is that an higher number of taps leads to a lower BER.

To design an UWAC system, a maximum reliability value
must be defined. The choice of parameters for UWAC with
OFDM modulation depends on the reliability value, and it
also depends on a channel estimation for the communications
environment. In table III is shown the highest possible data-
rates for different reliability values, and three different channel
environments. For instance, if one wants to design a system
with a 99% reliability, for a channel with 30dB SNR, and
2 paths, the system can achieve 16.230Kb/s, however, if in
presence of a 20dB SNR and 4 paths channel, this data-rate
would decrease to 10.560. This results show the importance
of real-time feedback of the channel from the receiver to the
transmitter, which allows higher data-rates for one hand, and
doesn’t compromise the system reliability for the other hand.

TABLE III
TRANSMISSION RATES FOR DIFFERENT RELIABILITY VALUES AND

CHANNEL ENVIRONMENTS

Channel Environment
Reliability 30dB and 2-tap Channel 20dB and 2-tap Channel 20dB and 4-tap Channel
>99.99% 5.520Kb/s - -
>99.9% 11.040Kb/s 3.080Kb/s -
>99% 16.230Kb/s 12.880Kb/s 10.560Kb/s

VIII. EXPERIMENTAL RESULTS

A. Use of SDR for UWAC tests

The first tests were performed with the collaboration of
SMT laboratory, in UFRJ. The SMT provided two SDR, whose
model was Ettus USRP N210, and two hydrophones. The goal
was to setup a test with the two USRP with the copulated
hydrophones, that performed a real-time communication. The
tests were to perform in the oceanic tank in COPPE/UFRJ. For
underwater communications, due to low RF of the acoustic
signals, the USRP uses two daugtherboards (responsible for
the analog IF/RF conversion) LFTX(Low frequency transmis-
sion) and LFRX (Low frequency reception), which operate
in [DC − 30MHz] frequencies. In the control tests it was
observed that the LFTX daughterboard didn’t work, inhibiting
the experiment with the USRP. Consequently, it was performed
alternative tests on site.

B. Test Environment

The tests were performed in Ria Formosa, Algarve, in
January 2017, and the material used was provided by CIN-
TAL/Universidade do Algarve. The tests performed in Ria
Formosa were made between two peers, with a 203.4m
distance between them. The acoustic source used was a Lubell
911. Both the source and the receiver were at a 1.2m depth.
The bottom, on the receiver peer, was at 4.76m depth, and
the bottom, on the source peer, was at 2.5m depth. The wave
height was around 15/20cm.

The source transmits in the band [7, 17] KHz. Based on this,
it the central frequency for the transmitted signal as being fc =
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(a) BER vs. SNR for Coded OFDM - Comparison between
number of subcarriers for 4-PSK constellation

(b) BER vs. SNR for Uncoded OFDM - Comparison between size of
PSK constellation for M=512

(c) BER vs. SNR for Uncoded OFDM - Comparison between
number of subcarriers and pilot ratio for 4-PSK constellation

(d) BER vs. number of taps for Coded OFDM - Comparison between
number of subcarriers for 4-PSK constellation

(e) BER vs. number of taps for Uncoded OFDM -
Comparison between size of PSK constellation for M=512

(f) BER vs. number of taps for Uncoded OFDM - Comparison between
number of subcarriers and pilot ratio for 4-PSK constellation

Fig. 5. BER vs. SNR and Number of Taps - Simulation Results
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12KHz, and the bandwidth of the signal to 10KHz. A signal
was generated with 144 packets, 9 packets for each packet ID
with a total duration of 4.23 min. This generated signal was
replayed 15 times in the tests. In the tests performed, in 20% of
the transmitted signals, there was a motorboat passing through
the peers, that distorted completely the signal, inhibiting its
demodulation. The results shown in the next sections only
reflects the remaining 80% of transmitted signals.

C. Underwater Acoustic Channel Estimation

1) Channel multipath: The use of LFM chirps not only
allows the packet detection and synchronization but also, by
correlating the received with the transmitted chirp, allows
us to see the channel impulse response over time, and, by
calculating its FFT, the channel frequency response. Those
results can help us to interpret the channel. Figure 6 show the
impulse response of the channel for each transmitted packet
in one transmitted signal.

Fig. 6. Channel Impulse Response - Time Domain

Figure 6 shows that the channel has 3 dominant taps, that
can be described approximately as:

h(t) = δ(t) + 0.2δ(t− 0.0011) + 0.06δ(t− 0.016) (14)

2) Doppler Effect: Besides multipath, the UWAC channel
exhibits Doppler scaling. OFDM is quite sensible to Doppler
since the time synchronization has to be precise, and any
frequency deviation could result in non-orthogonality between
subcarriers.

The estimated Doppler scaling factor over time is shown in
figure 7. These results can be explained by the sea waves,
which would depend on the wind and were not constant,
and would imply both source and receiver movements which
originates unpredictable Doppler effect on the received signal.

D. Receiver performance and analysis

This section shows the overall results of the performed
tests, based of the mean BER for each type of packet. It also
analyses how each variable parameter in the communication

Fig. 7. Doppler scaling estimation over time

system affects the results and why. The transmitted packets
and its parameters can be seen in table I.

The results achieved with this test were compared based on
the resulting mean BER for the transmitted signals. Figure
8 displays the BER results as function of the number of
subcarriers, and also compares the results for OFDM with and
without coding. The impact of the pilot ratio is also assessed.

Fig. 8. BER results

From the results shown in figure 8 it is possible to
take some conclusions. In the first place, the results for
COFDM are significantly better than for uncoded OFDM,
which was expected. However, the use of COFDM implies
a transmission rate of half of uncoded OFDM. The pilot ratio
also affects the BER results, since higher pilot ratio means
higher number of known values in the OFDM symbols, and,
consequently, better channel estimation, but lower throughput.
Another less obvious conclusion, is that for higher number
of subcarriers there is a decay of the BER. This can mean
that the subcarrier orthogonality is maintained even for higher
number of subcarriers (which is not obvious since the higher
the number of subcarriers, the smaller the distance between
subcarriers, which means that it would be more sensible to
carrier frequency offset and time synchronization). However,
the higher the number of subcarriers, the higher the number of
samples of the frequency spectrum, which means a more ac-
curate channel estimation. The overall results are displayed in
table IV. Compared to other studies, for instance in [19], where
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TABLE IV
COMPLETE TEST RESULTS

4-PSK 8-PSK 16-PSK 32-PSK
p=1/8 p=1/16 p=1/8 p=1/8 p=1/8

M=128 M=256 M=512 M=1024 M=128 M=256 M=512 M=1024 M=128 M=256 M=512 M=1024 M=512 M=1024 M=256 M=512
2*C-OFDM Transmission Rate (bits/s) 4032 4320 3808 4080 4928 5280 5824 6240 6048 5712 7392 8736 10560 12480 9520 12320

BER 0.003 0.0036 0.0016 0.0019 0.00049 0.0010 0.0004 0.00096 0.0065 0.0039 0.0030 0.0019 0.0109 0.0091 0.0111 0.0113
2*OFDM Transmission Rate (bits/s) 8064 8640 7616 8160 9856 10560 11648 12480 12096 11424 14784 17472 21120 24960 19040 24640

BER 0.054 0.0604 0.0138 0.0265 0.0062 0.0133 0.0059 0.0092 0.1069 0.0606 0.0451 0.0484 0.1614 0.1527 0.2683 0.2262

the communication system, and the testing conditions were
similar, the overall results were significantly better. However,
in UWAC a comparison of results between tests in different
locations could not mean a better system performance, since
the performance of the system varies significantly with the
channel.

IX. CONCLUSIONS

The focus of this work was on developing OFDM modula-
tion techniques for UWAC, and on understanding the impact
of system parameters and external factors on the system
performance (most importantly the cannel effect, including
multipath profile and noise). As for the simulation results with
different acoustic channels, there is significant variability in
the results in terms of BER. One can thus conclude that there
are clear advantages to fine-tuning the modulation parameters
to the specific channel conditions, rather than adopting a fixed
configuration devised for a worst-case scenario. As a side note,
spectral efficiencies on the order of 1 bit/s/Hz such as these
are in line with what is usually regarded as being technically
feasible using a single source and hydrophone (i.e., single-
input/single-output channel).

At-sea testing attained great results, better than other studies
for similar environments, achieving for a spectral efficiency of
1.248bit/Hz/s a system reliability ¿ 99% and for 0.624bit/Hz/s
a reliability ¿ 99.9%. While impressive, it is fair to note that
these results were obtained on a particularly calm day, in a
secluded site with little shipping activity. Results for harsher
conditions are expected to be worse.

Unfortunately, failure of the USRP SDR hardware boards
precluded testing of SMT’s envisioned modem platform. Con-
sequently, it meant that transmission had to be buffered
through files and real-time streaming between the transmitter
and receiver thus became unfeasible. However, at-sea testing
and simulation were not affected, as demonstrated in previous
chapters. A natural future development would be to fix the
USRP issue and test the acoustic link performance with real-
time streaming. One might also envision moving some of the
more compute-intensive blocks in the OFDM modem to the
FPGA onboard the USRP, for faster and more power-efficient
processing.
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