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Abstract. The problem addressed in this paper is adaptable long range
underwater acoustic communications. We use low frequency underwa-
ter acoustic waves that have potential for long range communications.
Underwater propagation conditions can vary considerably. We define pro-
tocol elements for adaptable underwater communications. They comprise
six frame formats with a wide range of robustness with respect to the
underwater communication conditions. We vary the interval of symbols of
4-tone Frequency-Shift Keying modulation from one format to another.
This has the effect of increasing the SNR. Hence, the ability to operate
in less favorable conditions. The performance of our design is evaluated
through simulation.
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1 Introduction

The underwater environment is a relatively new data communication challenge.
The need for underwater communication is related to applications such as mon-
itoring and surveillance of coastal waters [21], submarine activity sensors [22],
autonomous undersea vehicles [10], underwater robots [7] and submerged air-
plane locator beacons [29].

In this paper, we focus on low frequency acoustic communications [11,16]. We
aim at long-range underwater acoustic communications that are robust to envi-
ronmental changes. They are critical for wide-area surveillance systems devel-
oped for the Canadian Arctic [12]. Recent studies [13] tend to demonstrate that
underwater communications in high frequencies ranges can reach up to 10-to-20
km with reasonable power levels. In contrast to high frequencies, Stojanovic has
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pointed out that attenuation is lower in low frequencies [26]. The potential for
very-long distance transmissions in low frequencies has been established [15].

In our research, we focus on the acoustic 200 Hz to 2 kHz frequency band
for long-rang underwater communications. We also acknowledge that the narrow
half-power bandwidth, associated with low underwater acoustic frequencies and
long distances, limits applications to low data rates. In Refs. [1–4,8,18,19], we
describe the design of a physical and frame layer protocol for long range under-
water communications. In a recent companion paper, we have been able to show
that we can achieve source-receiver separation distances well above 30 km in
the Canadian Arctic environment [9]. The goal of the research presented in this
paper is to improve the robustness of our communication system. We aim to
achieve much larger source-receiver separation distances (in the order of 100-to-
500 km) and introduce adaptability to environmental changes (such as variations
in the nature or magnitude of noise, ice presence, and sound speed profile). The
intention is to realize a design that can achieve long-range communications in
the Canadian Arctic environment, in all seasons.

In this paper, we define six frame formats with increasing degree of robust-
ness. Our strategy is to increase robustness by augmenting the Signal-to-Noise
Ratio (SNR), in particular the energy contained in every 4-tone Frequency-Shift
Keying (4-FSK) symbol. The performance of the six frame formats is char-
acterized through simulation. Building on these six frame formats, we define
adaptability protocols to variable underwater propagation conditions.

Related work is reviewed in Sect. 2. The underwater communication system
design is reviewed in Sect. 3. The design of the receiver is outlined in Sect. 4. Its
Matlab™ implementation is discussed in Sect. 5. Performance evaluation results
are presented in Sect. 6. The adaptability protocols are specified in Sect. 7.
Section 8 concludes the paper.

2 Related Work

Song et al. emphasized that one of the key underwater communication issues is
adaptability to changing propagation conditions [25]. Most of the adaptability
techniques rely on the use of feedback returned by the receiver to the source
to dynamically adapt transmission parameters, such as modulation or Forward
Error Correction (FEC) [5,6,24,28].

In this paper, we adapt the SNR to the propagation conditions. The SNR is
defined as the following equation:

SNR =
P

N
=

EbR

BN0
(1)

This equation tells that the SNR is equal to the ratio of the signal power (P ) over
the channel noise power (N). In turn, the signal power is equal to the product of
the energy per bit (Eb) times the data rate (R). While the channel noise power is
equal to the product of the channel bandwidth (B) times the noise power spectral
density (N0). It is a well-established fact that augmenting the SNR increases the
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robustness of communications [23]. Indeed, higher SNR does achieve better Bit
Error Rate (BER) and Frame Error Rate (FER). To increase the SNR, we can
either augment the values of the numerators Eb or R or lower the values of
the denominators B or N0. The noise power spectral density is function of the
environment. The transmission power, hence the quantity Eb, can be cranked up
at the expense of energy consumption. The transmission power is constrained
by the capabilities of the equipment. The bandwidth can be narrowed. We do
use a very narrow bandwidth signal already (4.4 Hz). In this paper, we make
the choice of lengthening the time interval of symbols to improve robustness of
underwater communications. The data rate R is reduced. For a given power level
P , there is more energy in every bit (Eb). The bit SNR (Eb/N0) is augmented,
proportionally to the reduction of R.

Table 1. Frame formats of the six communication modes.

Mode T (sec.) F (sec.) R (bps) Efficiency k Samples/
symbol

FFT bin
width (Hz)

1 min 0.34 55.30 0.90 0.21 1 128 1.46

2 min 0.68 110.59 0.45 0.10 2 256 0.73

4 min 1.37 221.18 0.23 0.05 4 512 0.37

8 min 2.73 442.37 0.11 0.03 8 1024 0.18

16 min 5.46 884.74 0.06 0.01 16 2048 0.09

20 min 6.83 1105.92 0.05 0.01 20 2560 0.07

3 Communication System Design

To support various underwater communication propagation conditions, we define
six different modes of communications. Every mode has a corresponding frame
format. Table 1 shows key design parameters for every format.

The formats have common and specific parameters. For all modes, every
frame comprises 162 channel symbols that encode 50 data bits. Convolutional
FEC of the data bits yields 162 code bits. Every code bit is paired with a
synchronization bit. Each pair makes a channel symbol. The 4-FSK complex
modulation envelope frequencies are −2.2, −0.73, 0.73 and 2.2 Hz, corresponding
to the channel symbols 11, 10, 01 and 00. The signal bandwidth is 4.4 Hz. Every
mode has a specific symbol time interval (T ) and, consequently a specific frame
interval (F ), the second and third columns in Table 1. The value of the third
column results from the product of the number of symbols (162) time the symbol
time interval. For each frame format, the fourth column shows the achieved
effective data rate (the ratio 50/F ). Defining the bandwidth efficiency as the
ratio effective data rate over bandwidth, (the ratio R/4.4), the fifth column
shows the bandwidth efficiency for every mode.

In previous papers, we described several aspects of our communication system
design. [1–4,8,18,19]. In the sequel, we focus on the aspects that are new and
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required for the support of the six frame formats. We also briefly summarize the
mechanisms that have been described in our previous papers.

3.1 Physical Layer: 4-FSK

We use 4-FSK modulation, a specific kind of Multiple Frequency-Shift Keying
(MFSK). Orthogonality of MFSK symbols is guaranteed when the frequency sep-
aration between symbols Δf is equal to the ratio k/(2T ), for a positive integer
k (see Ref. [20], P. 110). As a function of the supported mode, the sixth column
of Table 1 shows the value of the positive integer k. The resulting frequency sep-
aration between symbols and signal bandwidth are the same for all modes, i.e.,
1.46 and 4.4 Hz. Despite the fact that six different frame formats are defined, solely
on type of modulation needs to be supported. This simplifies the implementation.

4 Receiver Design

The receiver uses a common sampling rate for all supported modes, 375 samples
per second. It means, that 187 Hz of signal bandwidth is simultaneously processed.
The receiver searches for frames in a frequency domain representation of the signal
bandwidth. This achieves an auto tune capability that can deal with frequency
drifts due to Doppler effects and source-receiver miss frequency alignments.

4.1 Frequency Domain Representation

The seventh column of Table 1 shows the number of samples per symbol for
every mode. The receiver constructs a frequency domain representation of the
signal bandwidth using the Fast Fourier Transform (FFT). Every FFT spans the
duration of two symbols. The eight column of Table 1 provides for every mode
the FFT bin width (Hertz). The bin width is calculated dividing the sample rate
by two times the number of samples per symbol.

Using the frequency-domain representation, candidate frequencies are identi-
fied as the presence of local Signal-to-Noise Ratio (SNR) peaks and correlation
with the bit synchronization pattern. To find the peaks, the smoothed average
magnitude level at each frequency bin is calculated. The magnitude is smoothed
taking, for each frequency, the sum of the magnitudes of signals within the sig-
nal bandwidth (4.4 Hz). The frequency domain representation is normalized with
respect to the noise level. The smoothed representation of the spectrum yields can-
didate frequencies, that is, signal peaks with potential frames. Candidate frequen-
cies are examined to evaluate correlation with the 162-bit synchronization pat-
tern. There is correlation when there is consistently energy peaks at signal posi-
tions corresponding to synchronization bits. When a correlation with the bit pat-
tern is confirmed, candidate frequencies are analyzed deeper. Following that sec-
ond frequency-domain analysis, relevant parameters are obtained that include the
estimated time shift (relative to the sample window start) and SNR. The next step
resolves time delays and demodulate the signals at the candidate frequencies.
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4.2 Soft Symbol Calculation

We use Fano sequential decoding of convolutional codes [14,17]. It is sub-optimal,
but it can process codes with long coding sequences, 32 bits in our case. Fano
sequential decoding requires the calculation of soft symbols. We explain how
we calculate soft symbols. Let x0, x1, . . . , xn−1 represent the discrete complex
samples of channel data. In 4-FSK, at every symbol position there are four
possible symbol values. For every of the four 4-FSK possibilities, the power of
the signal at every position is calculated. Over a symbol interval of length T ,
signal samples xt correlated with the waveform values e−j2πft are added together
to obtain the total signal magnitude at every symbol frequency, i = 0, . . . , 161
and f = −2.2,−0.73, 0.73, 2.2:

Pi,f =

∣
∣
∣
∣
∣
∣

(i+1)T+τ−1
∑

t=iT+τ

xt · e−j2πft

∣
∣
∣
∣
∣
∣

This calculation of cumulative power is represented in the diagram of Fig. 1.

Fig. 1. At symbol position i, cumulative power for every of the four 4-FSK possible
symbols (red-dotted line delimited). (Color figure online)

The corresponding channel symbols, in binary, are also shown, 00, 01, 10 and
11. Every box, delimited by red dotted lines, represents a frequency-symbol-
amplitude space where sample values xt for symbol i are correlated with wave-
form values e−j2πft and summed up resulting into a magnitude denoted as Pi,f .
For every channel symbol, note that the most significant bit is the data bit while
the least significant bit is the synchronization bit.

For every symbol index i, soft symbol σi is calculated, according to the value
of synchronization bit at position si:

σi = si · (Pi,2.2 − Pi,−0.73) + ¬si · (Pi,0.73 − Pi,−2.2) (2)
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When the synchronization bit (si) is one, the term Pi,2.2 − Pi,−0.73 represents
the difference of power at the symbol corresponding to data bit one versus the
power at the symbol corresponding to data bit zero. The term Pi,0.73 − Pi,−2.2

does the same when the synchronization bit at position i is a zero. A positive
σi value proportionally indicates that the symbol at position i is a one, whereas
a value of σi in the negative indicates proportionally, in the negative direction,
that it is a zero. A near-zero σi corresponds to an ambiguous symbol.

The soft symbol σi is mapped to a normalized score zi. Let SD denote the
standard deviation of the 162 soft symbols. The score zi expresses soft symbol
σi in scaled units of standard deviation SD, that is:

zi = 50
σi

SD
(3)

The multiplicand 50 is the scaling factor. When the standard deviation SD is
null, the score zi is equal to the product 50σi. Finally, every score is mapped in
the [1, 256] interval, adding value 129 to each of them. Figure 2 shows the scores
obtained in non-noisy conditions (standard deviation is 265.55). Binary value
zero is scored 79, while binary value one is scored value 179. Figure 3 shows the
scores obtained in noisy conditions, with a 2.5 kHz SNR of −27 dB (standard
deviation 30.02). The lowest values represent the most definite binary zeros,
while the highest values represent the most definite binary ones. Finally, every
score zi is mapped to a quality metrics qi. Figure 4 shows the quality metrics
versus the scores. Small scores correspond to good quality zeros or poor quality
ones, while it is the opposite for high scores. While the search is conducted for
mapping channel symbols to data bits, quality symbols are tried first. When the
decoding fails, alternative decoding with lower quality symbols is attempted.

5 Matlab Implementation

Using the Matlab™ app designer, the Oceanus application has been developed.
It supports all communication modes explained in this paper. Using the inter-
face, the user has the option of choosing one of the available six frame formats
(Table 1). The interface comprises two panels, see Fig. 5. The first panel is for
the transmitter. It contains the option of typing hexadecimal data or generating
random frames. The user also has the option of choosing the output device and
carrier frequency. Moreover, quiet time, sampling rate and the type of output
file are options the user can pick. The transmitter enables the user to either play
signals directly to output devices or to save to files, giving the option to replay
signals with many of the available audio applications. For simulation purposes,
the user can add white noise to signals and generate signals with different SNRs.
Oceanus also supports generating a probe signal. The probe signal can be used
for adaptability. The user can choose frequency, sampling frequency, and file type
in case the user chose to save the signal. The probe signal consists of six frames
each in a different mode. Starting with mode 1 up to mode 6. The second panel
is dedicated to the receiver. The user can click start the receiving state. The
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Fig. 2. Non-noisy symbol scores.

application starts listening for frames through the chosen input device. The user
may choose the carrier and sampling frequencies. Oceanus provides the option of
decoding in real-time from an input device or from files, in various audio formats
(WAV, FLAC, OGG or MP4). Moreover, the receiver also supports adaptability.
In the receiver panel, the start probe mode button would make the receiver start
listening and try decoding the received signal using all the six modes in order to
find the best mode. The code of the application is available online [27].

6 Performance Evaluation Through Simulation

Figure 6 shows the FER versus SNR obtained through simulation for every
frame format described in Table 1. Every data point is the average of 10 trials.
For this simulation, the reference bandwidth is 6 kHz. A frame is considered
error-free when it is transmitted and received with no bit error. When a frame
contains one or more errors, the whole frame is in error. To obtain the target
SNRs, white Gaussian noise is added to the signals. Every frame format exhibits
a waterfall behavior, that is, an abrupt transition from a 100% to a null FER.
This is a well-known phenomenon associated with convolutional coding. From
the one minute to the 20 min formats, there is increase in robustness, that is,
the ability to equally perform with a three dB drop SNR, from one format to
another. Simulation results confirm the expected relative performance from one
format to another. The symbol interval time, energy and SNR, in linear form
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Fig. 3. Noisy symbol scores.

are consistently multiplied by two from one format to the other. From the two
minutes to the 20 min mode, the crest of the waterfall is shifted −10 dB, which
is consistent with the fact that symbols contain 10 times more energy.

7 Adaptability

In this section, we discuss adaptability to propagation conditions leveraging the
six frame formats defined in Sect. 3. Three two-way handshake protocols are
outlined to select between two peers, an Initiator and a Responder, a frame
format suitable to the propagation conditions. The goal is to select the less
robust frame format that can be supported, since it is also the most efficient.
Feedback based, the protocols are half duplex, full duplex or parallel.

7.1 Half Duplex Feedback Protocol

Figure 7 illustrates the first protocol, where half-duplex communications are
assumed. There is an Initiator and a Responder. The Initiator starts the execu-
tion of the protocol by sending a sequence of six frames. The frames are in the
one to the 20 min modes. That is from the less robust, but most efficient, to
the most robust, but least efficient. The goal is to determine the most efficient
format that can be supported by the propagation conditions. After each frame
transmission, the Initiator remains silent for a duration corresponding to the
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frame time interval. It listens. In Fig. 7, at time t1 the Initiator completes the
transmission of the frame in the four minutes mode. The frame is received with
success. The Responder confirms by sending a frame in the same format. From
time t2, both the Initiator and Responder continue the conversation in the two
minutes modes. For the sake of simplicity, Fig. 7 makes abstraction of processing
time and propagation delays. Symmetric propagation conditions are assumed.
The Initiator and Responder can periodically repeat the handshake to update
the choice of frame format to changing propagation conditions.

7.2 Full Duplex Feedback Protocol

Figure 8 illustrates the second feedback protocol, where the six supported frame
formats are sent sequentially by the Initiator, one after the other from time t0.
Transmission completion is expected after a time corresponding to the sum of
the time intervals all six modes. Slightly after time t1, the Responder receives
with success the frame in the four minutes mode. It acknowledges with a frame
in the same mode. Starting from time t2, the Initiator-Responder conversation
can carry on in the four minutes mode.
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Fig. 7. Half duplex feedback protocol.

Fig. 8. Full duplex feedback protocol.

7.3 Parallel Feedback Protocol

Figure 9 depicts a third feedback protocol. At time t0, the Initiator sends the
six frame formats in parallel. Slightly after time t1, the Responder receives with
success the frame in the four minutes mode. It acknowledges with a frame in
the same mode, reaching the Initiator at time t2. The sequel of the Initiator-
Responder conversation can carry on in the four minutes mode, full duplex.
This feedback scheme is possible only when the Initiator and Responder have
the capacity to send and receive frames in parallel.
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Fig. 9. Parallel feedback protocol.

8 Conclusion

We have introduced the design of six frame formats for underwater acoustic com-
munications. The design addresses physical and link layer issues. The design has
been implemented and evaluated through simulation in the Matlab™ environ-
ment. Simulation results confirm a robustness increase from one format to the
other. This is due to the fact that the symbol interval is doubled from format-
to-format. It has proportionally the same effect on the bit SNR, for a given
transmission power level. The six formats can be used for adaptable underwater
acoustic communications. We have described three adaptability protocols, that
can be chosen according to available acoustic communication resources. Note
that the system design does not require dynamic memory allocation anywhere.
Hence, the amount of required hardware resources is predictable, in particular
memory. The system design can easily be implemented on resource constrained
devices.
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