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ABSTRACT: Underwater acoustic channels are characterized by time-varying and multi-path features.
Underwater experiments conducted to test communication systems are expensive. Simulation techniques
that model underwater acoustic signal in a realistic sense, which is still an open issue, are useful for
verification of new communication techniques before experiments and for comparison of different
systems in the same scenario. In this paper, we propose a new approach to model the underwater
acoustic channel for communication. This approach is unified for any kind of movements in any
scenario in the sense that the time varying channel is introduced according to the movements. The
viability of this approach is evaluated by modeling signal of real experiment in both shallow water and
deep water scenarios. It is shown that the numerical results in simulation are well matched to those in the
experiments from the aspects of modeling channel Doppler spread, the signal for matched field
localization, and the effect of motion fluctuations.

Index Terms— underwater acoustics, channel modeling, Doppler spread, channel simulator
1. INTRODUCTION

Communication through underwater acoustic channels is difficult due to the time varying multi-path
structures of the channels, considerable Doppler spread and shift caused by the low speed of sound
(1500 m/s) and the unavoidable relative movement between transmitters and receivers [1]. In the literature
[2, 3, 4], many techniques have been proposed to overcome the difficulties in underwater acoustic
communication. However, due to the expensive cost of experimentation and the time varying feature of the
channel, examining and comparing the performance of these techniques in the same underwater
environment is difficult to conduct. Therefore, impulse responses. However, for a fast moving source or a
source moving for a long distance, the structure of the impulse responses, i.e., the number of eigen path and
the delay of each eigen path, may change significantly. In these cases, it is difficult to find a proper statistic
approximation of these variations.

Thus, Doppler effect is not considered in such channel simulators. A more advanced channel simulator [8]
models the fluctuations of the amplitude and phase of each eigenpath, which are assumed to be caused by
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source and receiver motions. However, this model fails to give a physical relation between these fluctuations
and the motions, where y(t) is the received signal and h(t) is the channel impulse response. To take account
for the Doppler effect in the simulated signal caused by transmitter and receiver motions, we consider the
channel impulse response as time variant in the sense that different source and receiver positions have
different transmission channels. therefore, it cannot be used to model signal for arbitrary source and receiver
motions. However, for a fast moving source or a source moving for a long distance, the structure of the
impulse responses, i.e., the number of eigen path and the delay of each eigen path, may change significantly.
In these cases, it is difficult to find a proper statistic approximation of these variations.

In this work, we propose a unified approach for simulating underwater acoustic signal propagating
through a Doppler spread channel caused by transmitters and receivers motions. The basic impulse
responses are interpolated to obtain intermediate impulse responses to match the sampling rate of the
source signal. The simulated received signals are then modeled by computing the convolution of the
impulse responses and the trans- mitted signals. In this approach, the time variant of the channel is
introduced according to the movement, and the impulse responses can be calculated provided that the
environmental parameters are known. Therefore, the proposed simulation approach can deal with arbitrary
movement in arbitrary scenario.

In the next section, a brief description of the proposed approach is given. The methods of computing
and interpolating the impulse responses are discussed. In section 3 and section 4, the proposed approach is
applied to model signals in a shallow water experiment SWellEx-96 Event S5 and a deep water experiment
in the Pacific ocean, respectively. The simulation results are compared with the experiments. Finally,
section 5 draws the conclusions.

2. ACOUSTIC CHANNEL SIMULATOR FOR COMMUNICATION

In a time invariant channel, signal at a receiver generated by a stationary source is characterized by the
convolution of the source signal and the channel impulse response:

0

y(t)= [ s(x)h(t-7)dr, )

—00

Therefore, the received signal for a moving communication system can be characterized by:

0

y(t) = [ s(oh(x (2), t-r)dz,
P @)
= j s(o)h(z, t—r)dr,

where x(t) is the source/receiver position, which is a function of time.
In digital signal processing, the continuous signal is converted to discrete form by sampling at some
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specific frequencies fs. Rewriting (2), we get:

0

y(nT) = Z s(iT)h(iT, (n-)T), (3)

I=—00

where T = (1/Fs).

2.1. Generating Channel Impulse responses

Eq. 3 yields impulse responses at different sampling time. The wave equation for point source s(t) in
a range independent scenario, is given by [10]:

v-Evp-—2t p=-WOs5c_7 ) @)
Yo pCc(2) r

From the point of computing the impulse responses, there are mainly two ways, one of which is to
compute the acoustic field for a source which is generating a continuous harmonic signal [11]. A
straightforward method for doing these is the normal mode method [6]. The impulse responses are then
obtained from Fourier synthesis of the resulted complex acoustic field for different frequencies. The other
way of computing the channel impulse responses is using ray tracing method [7], which is able to
compute the eigenpath, starting from the source and hitting the receiver in the end. The
propagation delay and the complex amplitude of each eigenpath can be used to compute the impulse
response for a given bandwidth.

There are many well developed programs for solving the wave equation and generating the results that
we are interested in. By providing accurate environment descriptions, these acoustic field computation
programs can provide results very close to those in realistic cases [12]. In this work, we use a normal
mode method KRAKEN [6] for field computation at low frequencies, which pro- vides accurate acoustic
field with relative fast speed.

2.2. Interpolation for Channel Impulse responses
According to (3), the impulse responses and the source signal should be sampled at the same rate as the

received signal, which results in the same sampling rate on the movement trajectory. For each sample of
the trajectory, a channel impulse response should be generated.
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Fig. 1. Interpolation for impulse responses: (a) Basic impulse re- sponses before interpolation; (b)
Direct interpolated impulse re- sponses; (c) Impulse responses with removed relative delay; (d) In-
terpolated impulse responses after removing relative delay; (e) Final

However, computing channel impulse responses by solving wave equation at all sampling time requires

large amount of field computation (To model a 10-sec signal at a sampling rate of 12k Hz, over 10°
impulse responses are needed). Therefore, to reduce the computational complexity, we sample the
trajectory at a lower rate, and only compute a smaller number of basic impulse responses interpolated
impulse response by field computation, based on which, the intermediate impulse responses, required
by (3), can be calculated by interpolation. In such case, for the previous example, assumed that the source
IS moving at a constant speed of 5 m/s, we can sample the range trajectory at 5 Hz. Only 50, instead of

10, impulse responses are calculated by field computation.

Directly interpolation on the basic impulse responses is problematic, especially when the sampling rate
of the trajectory is much smaller than that of the signal and the structure of impulse response changes
significantly due to the movement. As shown, in Fig.1 (a), due to the movement in range by 1 m, the
relative delay between the first arrivals of the two impulse responses is about Td = 0.67 ms, which
results in approximately 8 intermediate samples for sampling rate at 12k Hz. The intermediate impulse
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responses interpolated, probably with two multipath components that corresponds to the arrivals of the
basic impulse responses, will not contain any multipath component at the intermediate samples where the
arrival should exist, as shown in Fig.1 (b). In order to achieve valid interpolation results, we removed the
relative delay Td between these two impulse responses before interpolation, shown in Fig.1 (c). We also
need to make sure that the sampling rate of the trajectory is high enough so that the basic impulse
responses of adjacent samples have similar multipath structures after removing the relative delays. In this
case, we can achieve accurate interpolation results based on impulse responses of several neighboring
samples, as shown in Fig.1 (d). In this work, we use the local B-spline for interpolation. After
interpolation, the relative delay of each intermediate impulse response, which is estimated according to Td,
is added (Fig.1 (e)).
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Fig. 2. (a) Range trajectory; (b) Depth trajectory.
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Fig. 3. Acoustic pressure spectrogram over the 10— 710 Hz for a range of 1.8 —2.4 km (the source depth
and the receiver depth are fixed at 54 m and 94.125 m, respectively.)

Fig.3 shows the frequency spectrum we obtained using KRAKEN program from a range of 1.8 km to 2.4
km for fixed source and receiver depths. From this figure, the acoustic waveguide invariant 8 is about 1.1,
which is evaluated according to [17]:

AF/F = B(Ar/r) ®)

where (AT /T) and (Ar/r) are, of striations of constant sound intensity, the rate of change of the phase
along the waveguide and the envelope group delay, respectively. This reasonable value of [B] further verifies
the reliability of the field computation.

To ensure the impulse responses we generated have enough length to cover all the multi-path
components and the propagation time, we computed the frequency responses in a band- width from 0
Hz to 750 Hz with an increment of 0.125 Hz, based on which the inverse Fourier synthesis were computed
to produce 8-sec impulse responses.
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Fig. 4.  Computed basic channel impulse responses at different source ranges before interpolation: (a)
with relative propagation de- lay; (b) without relative propagation delay (Horizontal axis is the delay in
second and the vertical axis is range in km.

3. NUMERICAL RESULTS

In this work, we apply the proposed simulation approach to model the data received by the VLA in
the SWellEx-96 Event S5 experiment. The impulse responses for different source positions, as required in
(3), were generated according to the estimated positions in Fig.2.

Fig.4(a)(b) show the impulse responses computed before interpolation (with and without relative
propagation delay), which are obtained at different source ranges from 4.631 km to 4.723 km,
corresponding to a 40-sec movement of the source in the experiment. In the figures, the length of each
impulse response is about 0.5 sec, which contains all the significant multi-path components. We find that
with a range resolution of 1 m as shown in Fig. 4(b), there is no significant change of impulse response
structure, which will provide accurate interpolation results.
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Fig. 5. Averaged Doppler spreads for different carrier frequencies fc obtained from the proposed
simulator and the experiment: (a) fc = 49 Hz; (b) fc = 112 Hz;(c) fc = 201 Hz;(d) fc = 388 Hz.

Fig.5 compares the averaged Doppler spreads for different carrier frequencies fc obtained by the
proposed simulator with those of the experiment, both of which are obtained by averaging the frequencies
spectrum over snapshots and receiver hydrophones. For both the simulation and the processing of the
experimental data, we used 40 sec snapshot to produce frequency spectrum with a resolution of 0.025 Hz.
Before averaging the frequency spectrums of all the snapshots, the frequency shifts of each carrier
frequency are compensated so that each carrier frequency has the maximum amplitude within a frequency
bandwidth [fc — 1, fc + 1] Hz. From Fig.5, we can see that the modeled Doppler spreads are well
matched to those of the experimental data. The only mismatch is due to the noise in experimental data,
which was not considered in the simulation. As in Fig. 5(d), this mismatch between the modeled and the
experimental curves decreases as the signal to noise ratio increases.
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Fig. 6. Original range trajectory used for modeling the data received by the VLA and the estimated
trajectory obtained by using a multi- frequency Bartlett matched-field processor.)

With the knowledge of environment parameters and the position of the receiver hydrophone array, the
VLA, in the SWellEx-96 experiment, we used our proposed simulation approach to model the data
received by the VLA from a moving source, which transmit- ted acoustic signal at the first 13 tones as
used in the experiment. The acoustic source was at a depth of 65 m and moved according to a range
trajectory as we defined, which is very similar as the experiment. A multi-frequency Bartlett matched-
field processor [18] was applied to the modeled received data for source localization. Fig.6 shows that the
estimated range trajectory obtained by the multi- frequency Bartlett matched-field processor is well
matched to the original range trajectory as we defined for source movement.

4. NUMERICAL RESULTS FOR AN EXPERIMENT IN THE INDIAN OCEAN

Fig.8 (a) shows the estimated impulse responses obtained by employing a channel estimator [5] to the
experimental data. It is observed that there are some fluctuations of delay for each multipath
component, which have similar shape for all the multipath arrivals, e.g., if the delay of the first arrival
at a time instant increases, the delay of later arrivals will also increase, and vice versa. This feature is
due to the fluctuation of the source movement in range instead of in depth, which will result in opposite
shape for adjacent multipath arrivals. Therefore, in the simulation, the source is assumed to be moving at a
sinusoidal time varying speed plus a constant speed.
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Fig. 7. Measured and averaged SSP for the Pacific Ocean experiment.

The range of the source can be characterized by:
r(t) =ro —vot+ asin(2at/T), (6)

where rQ = 42.16 km, vo is the constant part of the speed at 6 m/s and a = 0.6. The variation period of
the speed is set at T = 10 sec. The moving trajectory is sampled at every 0.5 sec, which gives basic
impulse responses obtained by computing the eigen arrays using BELLHOP program for approximately
every 3 m. This ensures that there is no significant change of the multipath structure for neigh- boring
samples. Simulated data is generated for a period of about 6 min to compare with the experimental data.
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Fig. 8. Estimated Impulse responses for a period of 6 min from: (a) real experimental data; (b) simulated
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data.

Doppler spread spectrums of the simulated data are well matched to those of the experimental data. The
simulated signal can be used in matched field processing for source localization, as the real signal can
do. Itis also shown that the simulator can effectively take account for the motion fluctuations.

5. CONCLUSION

In this paper, we proposed a unified underwater acoustic channel simulator for communication, which can
be used to model the signals in arbitrary scenario for arbitrary motion. It is useful for testing performance
of new techniques before conducting field experiment and comparing different communication system in
the same environment. Doppler effect is taken into account in a realistic manner by introducing the
motions of source and receiver and the complexity of simulation is reduced by performing valid
interpolation of impulse responses. The reliability of this simulator is successfully demonstrated by
comparing the simulated data to the real experimental data in both shallow water and deep water scenarios.
We have shown that
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