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Abstract

In underwater acoustic (UWA) communications, the propagated signal undergoes severe Doppler and multipath
distortions. The Doppler estimation/compensation and channel estimation/equalization techniques required to deal with
these distortions contribute significantly to the overall complexity of UWA modems. In this paper, we propose a data
packet structure for high data rate transmission in time-varying UWA channels with the channel dynamic modelled
by velocity and acceleration between the transmitter and receiver. The data packet consists of superimposed data and
periodic pilot sequences. The superposition allows achievement of a high spectral efficiency for data transmission. The
repeated pilot symbols allow the use of a low-complexity multi-branch autocorrelation method for coarse estimation
of Doppler parameters related to the velocity and acceleration. To refine these estimates, we further propose a low-
complexity fine Doppler estimator based on dichotomous iterations. We also present a low complexity frequency
domain channel estimator exploiting the channel sparsity. The proposed modem design has been evaluated using
simulation and practical sea trials. The experiments demonstrate high detection performance of the proposed design,
in particular in comparison with a more traditional design that ignores the acceleration between the transmitter and

receiver.

A part of this work was presented in the UCOMMS’2018 conference [1].
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Index Terms

Channel estimation, data packet, Doppler estimation, low complexity, sparse channel, time varying channel,

underwater acoustic communication.

I. INTRODUCTION

In underwater acoustic (UWA) communications, the propagated signal experiences severe multipath and Doppler
distortions. The Doppler estimation, channel estimation and equalization techniques significantly contribute to the
high complexity of UWA modems. Such complexity may depend upon the signal waveform structure. Modems
with multicarrier modulation, such as Orthogonal Frequency Division Multiplexing (OFDM) [2]-[5], exhibit good
performance and relatively low complexity channel estimation and equalization, as most of the signal processing is
performed in the frequency domain. However, OFDM signals are sensitive to Doppler distortions in the channel,
thus requiring complicated Doppler estimators [6]. OFDM signals also have a high peak to average power ratio
(PAPR), which places severe demands on the power amplifier at the transmitter. Single-carrier transmission on the
other hand is less sensitive to the Doppler effect and has lower PAPR. There are accurate and computationally
efficient Doppler estimators proposed for single-carrier transmission in UWA channels, e.g. see [7]-[12]. These
techniques are used for fine Doppler estimation and correction in the receiver. Such estimation is applied after
the data packet has been detected and initial coarse (yet still sufficiently accurate) Doppler estimates have been
obtained.

One of most accurate methods for the initial coarse Doppler estimation in multipath UWA channels is based on
computing the cross-ambiguity function (CAF) between the received and transmitted signals [13]-[15]. The CAF
is computed on a two-dimensional (2D) grid of channel delay and Doppler compression factor. The position of
the maximum CAF magnitude on the Doppler grid provides an estimate of the Doppler compression due to the
transmitter/receiver velocity. However, a large number of Doppler estimation channels are required, which make
the CAF method computationally intensive, even if the fast Fourier transform (FFT) and a two-step (coarse and
fine estimation) approach are used to speed up the computations [5], [16], [17]. The CAF method is based on the
assumption that the compression factor is time-invariant over the observation time interval, and therefore it may

result in errors in scenarios with time-varying compression factor, e.g., due to transmitter/receiver acceleration.
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In [18], [19], a technique based on computation of multi-branch autocorrelation (MBA) was proposed that provides
accurate estimates of the Doppler compression caused by the transmitter/receiver velocity and acceleration and that
requires significantly fewer computations than the CAF method. In this paper we exploit the MBA Doppler estimator

and propose:

o a data packet structure that allows design of low-complexity modems operating in dynamic propagation
environments, in particular for high data rate transmission;

« an example modem design for the proposed data packet structure, that can be implemented on real-time design
platforms;

o alow-complexity channel estimator for multipath sparse channels and a low-complexity fine Doppler estimator.

We also present results from simulation and sea trials that illustrate excellent detection performance of the proposed
design, in particular in comparison with the performance of a design using the more traditional approach to the
Doppler estimation, based on computation of single-branch autocorrelation (SBA) [13], [17], [20]-[22], that ignores
the acceleration.

The paper is organized as follows. Section II introduces the proposed structure of the transmitted data packet.
Section III describes the channel model. The receiver design is presented in Section IV with the frequency domain
sparse channel estimator and the fine Doppler estimator presented in subsections IV-A and IV-B, respectively.

Section V describes simulation and sea experiments. Section VI concludes the paper.

II. STRUCTURE OF THE TRANSMITTED DATA PACKET

In dynamic UWA channels, the complexity of Doppler estimation represents a substantial part of the overall
complexity of the receiver. The Doppler estimation normally refers to the estimation of the time compression factor
of the received signal compared to the transmitted signal. In practice, such estimation is often implemented by
computing the CAF between the received and transmitted (pilot) signals or the SBA of the received signal, or their
variants. The CAF estimator provides a higher accuracy, while the SBA estimator is less complicated. Note that
both the estimation approaches are based on the assumption that the time compression factor is constant over an
observation interval. This assumption may be applicable when the transmitter and receiver are moving with constant
speeds in a time-invariant environment. In highly dynamic environments and/or with a non-zero acceleration between

the transmitter and receiver, this assumption is not valid.
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In [19], a multi-branch autocorrelation (MBA) Doppler estimator was proposed, which has been shown to offer
performance similar to that of the CAF method in application to OFDM signals recorded in sea experiments, while
being significantly less complicated. The MBA estimator is an extension of the SBA estimator; it estimates the
Doppler time compression not only due to transmitter/receiver velocity but also due to the acceleration. This is
achieved by introducing several processing branches in a similar way to the computation in the CAF method, but
with fewer branches and thus with lower complexity.

In the CAF method, the number of processing branches N, is defined by the maximum speed v,; between
the transmitter and receiver. More specifically, Ny = ~vvar, where v = f./(cAy), f. is the carrier frequency,
¢ = 1500 m/s is the sound speed, Ay is a Doppler frequency step (typically chosen as Ay = 1/0), and © is the
signal duration. In the MBA method, the number of processing branches is defined by the maximum acceleration
ajps between the transmitter and receiver. More specifically, it is given by Ny = vA,, where A, is the maximum
variation of the speed between the transmitter and receiver over the signal duration ©: A, = a,;©. Since, for most
practical scenarios, A, < vy, and the complexity of processing in a single branch is almost the same for both the
CAF and MBA methods, the MBA method is significantly less complicated. However, the MBA estimator requires
a specific structure of transmitted signals, namely, the signal should be repeated within the observation interval.

Another consideration, when deciding on the data packet structure, is the efficient use of available time-frequency
resources to achieve a high spectral efficiency. In practice, data transmission requires pilot signals and guard intervals,
which can occupy a substantial part of the resources. The UWA channel is highly frequency-selective due to the
wide delay spread of multipaths, and this requires dense pilot transmission in frequency. In highly dynamic (time-
varying) UWA channels, dense pilot transmission in time is also necessary. Therefore, the resources left for the
data transmission are significantly reduced.

The superimposed transmission of the data and pilot signals in the same frequency bandwidth and in the same time
interval, on the other hand, completely avoids wasting the time-frequency resources, though the energy resources
are still required for transmitting the pilot signal. Such combining requires half of the signal energy to be allocated
to the pilot, i.e., half of signal energy can be considered as wasted. The channel capacity however is proportional
to the logarithm of the signal energy, whereas it is directly proportional to the available frequency bandwidth.
Therefore, it is considered beneficial if the pilot does not waste the time-frequency resources. See more discussion

on using resources in the superimposed transmission in [5], [23]-[25].
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This approach however requires signal processing techniques in the receiver to cancel the self-interference from
the data when estimating the channel and from the pilot signal when demodulating the data. The self-interference can
be efficiently dealt with using turbo-iterations. This has been shown in application to multi-carrier transmission [5].
Section IV describes the self-interference cancellation in the turbo-iterations and Section V shows its efficiency in
the proposed modem.

In the data packet, the transmitted signal s(¢) represented by its samples s() at a sampling frequency f is given

by

N TN A o de
s(i) =R<e de(n)g i an , (1)

n=0

where d,(n) is a sequence of superimposed data and pilot symbols, N the number of symbols in the data packet,
g(i) a pulse-shaping waveform, f. the carrier frequency, F,; the symbol rate, and R{-} denotes the real part of a
complex number.

In our example design, the superimposed symbols in the data packet are generated as
dy(n) =p(n)+jdn), n=0,...,N —1, 2)

where p(n) and d(n) are pilot and data symbols, respectively, and j = v/—1. In the receiver, the pilot symbols p(n)
are used for Doppler estimation, channel estimation, time synchronization, and estimation of the signal-to-noise

ratio (SNR) in diversity branches. The pilot symbol sequence is given by
p(n) =po(n) +po(n —Np), n=0,...,N—1, 3)

where po(n) is a pseudo-noise sequence of length N, = N/2, po(n) = 0 for n < 0 and n > N, — 1, and py(n)
and d(n) are BPSK symbols with values + 1. More generally, the symbols p(n) and d(n) in (2) can be taken from
different QAM constellations.

To ease understanding of further material in this paper, here we present parameters of an example data packet:

o the carrier frequency f. = 24 kHz;

o the sampling frequency f, = 96 kHz;

« the symbol rate F; = 6 x 10% symbols/s; thus, the original data rate is 6 kbps;
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h(t, )
s | — .
h(t, )2 6(t — t4(t)) ?_)r( )
noise
Fig. 1. Representation of the channel as a time-variant filter.
o the pulse shaping waveform ¢(i), ¢ = —Lggc, - - - , Lrrc Of length 2Lgrc + 1 is the impulse response of the

truncated root-raised cosine (RRC) filter [26], Lgrc = 80; the RRC roll-off factor [26] o = 0.2 and thus the
frequency bandwidth of the transmitted signal is (1 + «)Fy = 7.2 kHz;
e« N = 6000, so that the packet duration is ©® = 1.00167 s, of which 0.00167 s accounts for the length of the
pulse-shaping waveform;
« convolutional coding at a code rate 1/2 with polynomials (561, 753) in octal [27] is applied to the transmitted
data to generate the data sequence d(n); thus, a single data packet carries 3 kbits of useful data.
In our experiments, we will be using this and some other data packet examples. Note that other data and pilot

signals, including multi-carrier signals, can be used with such a data packet structure.

III. CHANNEL MODEL

The UWA channel is often modelled as a time-variant linear system with an impulse response h (¢, 7) that describes

both the multipath and Doppler spread. The noise-free signal at the receiver input is given by

o) = [ nter)ste =i @
and the received signal r(t) is given by
r(t) = y(t) +n(t), (5)

where n(t) is a noise signal. To recover the transmitted signal, the receiver should equalize the channel. With a fast
moving transmitter and/or receiver, direct equalization of the fast-varying impulse response h(t,7) is complicated.
In these scenarios, another approach is used.

The dynamic UWA channel can be represented using two time-varying components, described by a fast-time-

varying channel delay 7,4(¢) and a slower-time-varying channel impulse response h(t,7), as shown in Fig. 1 [5],
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[19], [28]. This channel representation is often implicitly used for designing UWA receivers [2], [6], [8], [29]. The
time-variant delay line described by the impulse response d(7 — 74(t)), where d(7) is the Dirac delta function,
is associated with the fastest channel variations caused by the varying distance between the transmitter and the
receiver. However, it can be described by a few parameters, and therefore reliably estimated using a coarse Doppler
estimator. In practice, this channel component is equalized via resampling, by introducing a compensating delay
—714(t) into the received signal, i.e., essentially the resampling is represented as a time-variant delay line with
the impulse response §(7 + 74(t)). However, different multipath components of the received signal experience
different variations in their delays, i.e., different time-compressions. Therefore, the resampled received signal still
contains residual Doppler distortions. These distortions are described in Fig. 1 by the component with the impulse
response h(t, 7). This channel component incorporates differential variations in the lengths of acoustic rays due to
the transmitter/receiver movement, and it is typically slower varying in time than the impulse response A(t, 7). In
some cases, this component can be assumed to be time-invariant over the data packet.

The delay 74(t) over an interval of interest is often represented as a linear function of time [3], [4], [17]:
T4(t) = ag + art, (6)

where aq is a constant delay, normally associated with the time difference between the transmitter and receiver;
and with perfect time synchronization, ag = 0. The parameter a; is associated with a constant velocity v between
the transmitter and receiver, and, more specifically, a; = v/c, where ¢ is the sound speed (e.g., ¢ = 1500 m/s).
However, for highly dynamic movements of the transmitter and/or receiver, the linear model of 74(¢) in (6) becomes
inaccurate.

A more accurate model is given by [19]
T4(t) = ag + art + ast?, 7

where a1 = v/c and v is the initial velocity at ¢ = 0, a is associated with the acceleration a between the transmitter
and receiver, and more specifically, as = a/(2¢). We will show that, even in moderately dynamic UWA channels,
the receiver developed using the model (7) can significantly outperform one based on the model (6).

The second component of the channel representation, described by the impulse response A(t,7), contains many

parameters to be estimated, such as the multipath delays and complex amplitudes. However, these parameters are
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(D) l

Complex demodulation
& downsampling

7pe(M) \l'

Initial timing & Coarse
Doppler estimation

Initial

Coarse Doppler
timing

estimates

Turbo iterations

l

Decoding

l

Decoded data

Fig. 2. General structure of the receiver. The received signal () is represented by samples (%) at the high sampling frequency fs; the low-pass

equivalent (LPE) signal is represented by samples rpg(n) at the lower sampling frequency Fys.

usually more slowly varying in time compared to the channel response h(t, 7). Consequently, equalization of this
channel component is easier than the direct equalization of h(t, 7).

In the receiver, we will model 74(¢) as in (7). To simplify the signal processing algorithms in the receiver, they
are developed assuming that h(t,7) = h(7) is time invariant over the packet duration. However, when testing the

modem (see Section V), this assumption may not be applied to the UWA channel in the test.

IV. RECEIVER

The general structure of the receiver is shown in Fig. 2. The signal processing is performed at two sampling
rates. The highest sampling rate f; is chosen to avoid distortions due to the analog-to-digital conversion of the
received passband signal: f; > 2f. + (1 + «)F,. The complex demodulation transforms the passband signal into
a baseband (low-pass equivalent (LPE)) signal with overall bandwidth (1 4+ «)F}, at the lower sampling rate F;,
which, in our design, is set to Fizs = 2F}.

The coarse Doppler estimation, based on the MBA method, provides estimates of the Doppler parameters a;

and a9 for reasampling the LPE signal in the turbo iterations. It also provides the timing synchronization for
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windowing the received data for further processing in the turbo iterations. After the turbo iterations, the equalized
and demodulated symbols are decoded. Details of the processing are presented below.
1) Complex demodulation and downsampling: The input signal r(t) to the receiver is represented by real-valued

samples (i) at the sampling rate fs. The LPE signal samples are computed as:

Lgre
ripe(n) = Z g(i)r(i — nK)e I¥mfe/f)i=nk) (8)

i=—Lgrc

where K = f;/F,s is the downsampling factor and n is the time index at the sampling rate Fys.

In our realization, this processing requires about 2 x 109 real-valued MAC (multiply/accumulate) [30], [31]
operations per second. This takes into account that the RRC filter has 161 taps and there are Fy, samples per
second. This also takes into account the specific ratio f; = 4f., for which the real and imaginary parts of the
complex exponential in (8) have 50% zeros and the remaining values are £1. Note that low-power DSP processors
can provide 200 x 10° MACs per second, e.g., see [32], therefore this processing can be easily implemented in real-
time. More advanced DSP processors have FIR-accelerators [33] for efficient implementation of the computation
in (8). This stage can also be comfortably implemented on an FPGA platform [34].

2) Initial timing and coarse Doppler estimation: This processing is based on the MBA Doppler estimator [19].
Its core function is the computation of the 2D autocorrelation function of the signal r pg(n) on the grid of delay

7 and frequency shift F' for every time instant n:
Ampa(T, Fyn) =
ZZ=71,—QNP+1 ripg(q)TLPE (q + ALT) i Fhra )

where ALT € {QNP—TA—‘VTI, QNP—%}, Q=Fy/Fi=2F=mAy¢,m=—Ng,...,Ng, A; is the delay step, and
Ay is the frequency step on the grid; we set A, = 1/Fy, and Ay = 1/©. The parameter 7 is chosen to guarantee
v > v /(cQN,), where vy is the maximum speed between the transmitter and receiver. The parameter N, is
chosen to guarantee N, > © feanr/(2¢Ay), where ajps is the maximum acceleration between the transmitter and

receiver.
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Delay, ms -1 Frequency shift, Hz

Fig. 3. 2D autocorrelation in a multipath channel with v = 1 m/s and @ = 0.2 m/s? at the moment corresponding to the maximum in Fig. 4;

SNR = 20 dB. The data packet parameters are as presented in Section II. Grid resolution: Ay = 1 Hz, A; = 1/F35 = 83.3 ps.

Let
I(n) = max | Ampa (T, Fyn)|, (10)
Mmax = argmax I(n), (1)
{Tmax; Fnax} = arg max | AmBa (T, Fy umax) |- (12)

Then estimates of the parameters a; and as in the Doppler model (7) are given, respectively, by [19]

@ Fmax
G = 1-— 13
al 2’TII]ED( + 2fC ’ ( )
~ Fmax
Gy = . (14)
? 2Tmaxfc

An example of |Ampa (7, F, imax )| is shown in Fig. 3. The maximum of the 2D autocorrelation is shifted in
delay and frequency with respect to the center of the delay-frequency plane. The delay and frequency shifts are
proportional to the velocity v and acceleration a between the transmitter and receiver. The center of the grid
corresponds to no time compression due to the velocity (delay axis) or acceleration (frequency axis). The peak
extracted from the autocorrelation function, as shown in Fig. 3, is further interpolated to improve the estimation
accuracy; the interpolation is similar to that in [5].

The autocorrelation function in Fig. 3 corresponds to the maximum of I(n) shown in Fig. 4. The position (nyax)
of the maximum in Fig. 4 is treated as an estimate of the temporal center of the data packet, thus providing the

time synchronisation.
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Fig. 4. Function I(n) with the maximum at nmax.

Fig. 5. Turbo-iterations in the receiver.

For our example design, these computations require about 30 x 10° MACs/s. This allows computation of 280
2D autocorrelation values to cover the velocity range v € [—5,5] m/s and acceleration range a € [—0.25,0.25] m/s?

at the sampling rate Fys = 12 kHz. The computation of Aypa (7, F,n) in (9), representing the highest complexity,

1000
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can be comfortably implemented on an FPGA platform.
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3) Turbo-iterations: The block diagram of processing in one of N, turbo iterations is shown in Fig. 5. The

input LPE signal r pg(n) is resampled according to the estimate of 7,4(¢):
7a(t) = do + art + ast?, (15)

where a is the timing estimate. At the first iteration, estimates a1 and a-, obtained via interpolation of the peak of
the 2D autocorrelation function |Anpa (7, F, max )|, are used for the resampling. At further iterations, these estimates
are refined by the fine Doppler estimator (see subsection IV-B). The resampled signal is denoted as 7 pg(n).

There are two branches of processing, with even samples of ripg(n) processed in the ‘left’ branch and the odd
samples processed in the ‘right’ branch (see Fig. 5). Otherwise, the two branches perform the same processing.

The two processing branches relate to oversampling by a factor of two (Fys = 2Fy) in our design. It is possible
to use the single branch, i.e., Fys = Fy. The work in [5] shows that the detection performance of the receiver in
this case is significantly inferior to that in the case of the oversampling F,;; = 2F,;. However, further oversampling,
e.g., Fys = 4F; does not bring a significant improvement in the performance, while making the receiver more
complicated. Therefore, in our design, we use two processing branches.

The channel estimation and equalization are performed in the frequency domain to reduce the complexity (see
subsection IV-A). The fine Doppler estimation and correction (see subsection IV-B) are applied to equalized symbols

y(n), n=0,...,N — 1. The Doppler corrected symbols g,(n) are combined according to

y(n) = wig1(n) + wagz(n), (16)

and demodulated. The weights w; and ws (0 < wp < 1) for the (maximal-ratio) combining are computed based on

SNR estimates in the branches,

1 N-1
SNR;, = Z R{gs(n)} — p(n))*, b=1,2. (17)

n:O
The weights are then found as:

Y VSNR,
®~ /SNR, + v/SNRy

The estimate in (17) is based on the fact that, in the case of perfect equalization, the real part of the signal g (n)

(18)

should only contain the pilot signal p(n). Any difference from p(n) can be treated as a noise. Since the pilot energy
is equal to N, SNR;, is a ratio of the noise energy estimate to the signal energy, i.e., an estimate of SNR in the

b-th branch.
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The fine Doppler estimates found in the two branches are also combined using the same weights:

a1 = w1a1,1 + w2l 2
(19)

a2 = wW1Gg1 + W2a2 2

where a1, and ao;, are estimates of the Doppler parameters a; and a, respectively.
Algorithm 1 in Appendix A summarizes the main signal processing steps in the turbo iterations.
The main contribution into the complexity of turbo iterations comes from the channel estimation and equalization.

These however can be efficiently implemented as presented in subsection IV-A.

A. Frequency domain channel estimation using sparse basis of complex exponentials

In the conference paper [1], we proposed to use in this modem a frequency-domain BEM (Basis Expansion
Model) channel estimator based on B-splines as the basis functions. This low-complexity estimator provides a high
accuracy if the delay spread in the channel is small compared to the data packet length. For larger delay spreads,
the number of basis functions should be increased thus leading to higher channel estimation errors. The number
of basis functions can be reduced if the channel is sparse. However, typical UWA channels are not sparse in the
B-spline space.

They are however often relatively sparse in the space of complex exponentials. Channel estimators exploiting
the sparsness are well described in the literature [3], [35]-[38]. In this section, we present a low-complexity sparse
channel estimator. The proposed estimator, as will be shown in our experiments, has a high enough estimation
accuracy to provide reliable demodulation of the data packet.

Note that the sparse estimation can be done in two steps. The first step is to find a support I', or in other
words, a set of basis functions essentially contributing into representation of the channel frequency response. This
is equivalent to finding delays of multipath components with significant magnitudes. The second step is to find the
expansion coefficients for the basis functions in the support, or in other words, to estimate complex amplitudes of
the essential multipaths.

In the first step, even if more basis functions are chosen into the support than an ‘oracle’ algorithm could provide,
we can still achieve good channel estimation performance, as long as this number is not excessive (comparable to
the true number of non-zero multipath components in the channel). Therefore, the support estimation is based on

searching the maxima of the cross-correlation function of the received and transmitted signals as follows.
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Let samples of the Doppler corrected LPE signal at the symbol rate Fy; in the two processing branches be

represented as
Zp(n) = Tipe[2(n — Np — nmax) + 0], b=1,2, (20)

where nm.x is found in (11). These samples are then transformed into the frequency domain using the FFT:

Nrrr—1 )
Zy(k) = Z Zy(n)eI2mkn/Neer (21)

n=0

The size Ngpr is chosen high enough to cover the length IV of the data packet together with possible channel delay
spread and time synchronization errors; as long as this condition is satisfied, the value of Ngpr does not affect the
receiver performance, although longer Nggr results in a higher complexity. In the example design of the modem,
we set Nppr = 8192 > 6000 = N.

The pilot signal p(n) and tentatively demodulated data symbols d(n), n = 0,...N — 1, are combined into

estimates of the transmitted symbols, d,(n) = p(n) + jd(n), and transformed into the frequency domain:

Nppr—1
P(k)= Y p(n)e72mkn/Ner, (22)
n=0
where
0, n— N < N,
p(n) =9 dyn— M L N,), —N, <n— N <N, (23)
0, n— 2 > N,

At the first turbo iteration, d(n) = 0. At subsequent iterations, d(n) = 0 if [y(n)] < 8 and d(n) = sign{S[y(n)]}
if Sy(n)] > B, where 3] denotes an imaginary part of a complex number; in our design, we set § = 0.25.

The cross-correlation function of the received and transmitted signals is computed as

NFFT*l
1 .
n) = Zy (k) P* (k)ei2mkn/Nerr 24
Y(n) Norr kE:O b(k)P* (k) (24)

2

)

The first up to M maxima of |y (n)|? for n € [Ngpr— Y, Nerr] V[0, Y], exceeding a threshold tpaths = K MaxX, |Yp(n)

where 0 < x < 1 and we use x = 4-10~%, determine the support I" of a cardinality |T'| = My.x < M. The parameter
T defines the maximum delay spread [—Y/Fy, T/Fy] in the channel. With T = 1000, used in our design, as high

channel delay spread as 330 ms is covered by the estimator.
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In the second step, the expansion coefficients are found using the regularized least squares algorithm as follows.

Denote

Nppr—1

(@) — J —3527km(q)/Neer
B {e }k:O , m(g) €T, (25)

an Nger X 1 vector, representing the gth column of the Ngpr X My, basis matrix B, where m(q) represents the
channel delay of the gth path in the support I'. Denote P = diag{[P(0), ..., P(Nprr — 1)]7}. The M.y x 1 vector

¢, of expansion coefficients is found by solving the My X Mpax system of equations

Gycy = &, (26)

where
G, = B"PYPB +¢I, 27)
¢ = B'PUz, 28)

e > 0 is a small number, I is the identity matrix, and 2z, is a vector with elements Z,(n) defined in (20). The

channel frequency response is then estimated as the BEM [39]:
h, = Bé,. (29)

With the frequency response fzb(k) (elements of the vector hy), and received signal in the frequency domain

Zy(k), the spectrum of the equalized signal is given by

Zy (k)i (k)

Yolk) = Bb(k) +n’

E=0,..., Nepr — 1, (30)

where 1 > 0 is a small number used to prevent division by zero. Finally, the equalized signal y;(n) in branch b is
obtained by applying the inverse FFT to Y, (k).

The complexity of the channel estimator is mainly due to computation of the matrix G in (27), which, when
implemented using a matrix-by-matrix multiplication, requires 2 Ngpr M2 MACs. Notice that the matrix Gy, is well

structured and its elements Gy, , are given by

Nrrr—1
Gpq = Z | P(k)[2e—72mkIm(a)=m(p)|/Nerr 31
k=0
Therefore, by pre-computing (by using FFT)

Nprr—1

p(n) = |P(k)[Pe9>mhn/Nim, (32)
k=0
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elements of G, can be found as

Gp.q = p(lm(q) — m(p)l). (33)

With such an approach, the complexity of computing G, is only 3 log(Ngpr)Nprr MACs, if using the split-radix
FFT algorithm [40] for computation as in (32). Moreover, the computation in (32) needs to be done only once for
both the branches, whereas (27) is computed twice. Thus, the complexity is reduced by about 412 /[3 log(Ngrr)]
times. In many practical scenarios, the value of M is not very high; in our case, M = 40 was good enough for all
experiments. With M = 40 and Ngpr = 8192, the reduction in complexity is by 160 times.

The direct solution of the system in (26) requires O(M?3) MACs [41], which is not high compared to the
computation of G;. However, this may involve square root operations, not well suited to implementation on DSP
processors and FPGAs. To reduce the complexity and make the algorithm suitable for implementation on fixed-point
DSP and hardware platforms, the DCD (dichotomous coordinate descent) algorithm can be used [42], [43]. Note
that elements of the vector &, in (28) are elements of 7;(n) at the support I', and they are already available.

The computation of the channel estimate in (29), if using the direct matrix-vector multiplication, would require
4 M Ngpr MACs. If using the FFT, it is reduced to 3 log(Nger) Neer MACs. With M = 40 and Ngpp = 8192, the
complexity reduction is by 4 times.

Thus, the complexity of the channel estimation and equalization in one branch within one turbo iteration is
approximately equivalent to 4 FFTs, the support I' estimation, which requires about 2AM/T MACsS, and solving
the system of equations. As an example, with M = 40, T = 1000 and Nggyr = 8192, the complexity is about
1.5 x 109 MACs. Resampling can be based on the local cubic splines [44], and its complexity is also small
compared to the complexity of the other signal processing. Thus, with N;; = 5, used in all our experiments, the
overall complexity of turbo iterations is about 15 x 105 MACs. The use of FFTs can be especially beneficial for

implementation on some DSP platforms, where FFT-accelerators are available [33].

B. Fine Doppler estimation

After the initial Doppler compensation, there is still a residual Doppler distortion. The fine Doppler estimation

is performed after equalization of the LPE signal in the branches.
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Let yp(n) be the equalised symbols in branch b, and czp(n) be the same as in (23). We assume the following

signal model describing the residual Doppler distortion:
yb(n) = dp(n)ejQW(fe,b+ae,bn)n’ (34)

The fine Doppler estimation deals with estimation of the parameters f. ; and a. p, and it is based on the dichotomous
frequency estimation [45], [46] and a similar dichotomous algorithm for fine estimation of linear-in-time dependence
of the frequency. These are algorithms with negligible complexity compared to the complexity of the other signal
processing in the receiver.

Denote g,(n) = yp (n)J;‘, (n). In the estimator of f. ;, at every dichotomous iteration, the following quantities are

computed (starting from f,, = O in the first iteration):

N-1
C; = Z G (n)e T2 eptidp)n
n=0
. _ 2
o = arg_max  {|G;[}. (35)
If imax = —1, then fc; is updated as: fcp < fep — 0y, else if ime = +1, then fop < fep + 0f. After the

update, the step-size d¢ is reduced by half (thus the name dichotomous): 6§ <— 05/2. We set the initial step-size to
d; =1/N and use 8 dichotomous iterations. After completing the iterations, the frequency estimate f. ; is used to

compensate the residual velocity:
Iy(n) = Gp(n)e= 72 leon, (36)

In the estimator of a., at every dichotomous iteration, the following quantities are computed (starting from

@e,p, = 0 in the first iteration):

N-1
D = Y gpn)eArleestivon’,
n=0
i - 2
lmax — arg 1:£I11£’10)$+1{|D2| } (37)
If imax = —1, then acp < e p — I, else if imax = +1, then aep < acp + J,. After the update, the step-size J, is

reduced: &, < 0,/2. We set the initial step-size to §, = 1/N? and use 8 dichotomous iterations. After completing

the iterations, the estimate a. is used to compensate the residual acceleration:

gp(n) = yb(n)e_ﬂme’mz. (38)
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TABLE I

COMPLEXITY OF MAIN BLOCKS OF THE RECEIVER IN THE EXAMPLE DESIGN (MACS PER SECOND).

Complex demodulation  Coarse Doppler Turbo Total
& downsampling estimation iterations  complexity
2 x 108 30 x 10° 15 x 108 47 x 106

The signals ¢, (n) are used for the diversity combining in (16). The estimates of the Doppler parameters a; and asg

are updated as

R R F,

Gy p < 1+ fe,bfi, (39)
F2

Qb < Qop + ae,de- (40)

The fine Doppler estimates are used in the current turbo iteration to provide additional Doppler correction in (36)
and (38), which compensates for a residual Doppler effect still present in the processed signal. The extra Doppler
correction engenders an improvement in the detection performance. The fine Doppler estimates obtained in the two
branches are combined as in (19) and used in the next turbo iteration for more accurate resampling.

The Doppler estimation is performed at several stages of signal processing in the receiver. Algorithm 2 in

Appendix B summarizes the Doppler estimation in the receiver.

C. Receiver complexity

Table I summarizes the receiver complexity (without the decoding) for the example design. It can be seen that
the coarse Doppler estimation dominates the complexity. The receiver (without the decoding) requires less than

50 x 105 MACs per second, which is affordable for implementation on most modern low-power DSP processors.

V. SIMULATION AND SEA TRIALS

This section describes simulation and sea trials. Subsection V-A presents simulation results and subsection V-B

presents results of a sea trial.
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Fig. 6. Detection performance of the proposed receiver with the MBA and SBA Doppler estimators in the channel with a static multipath

component h(t, T) (see Fig. 1). The time varying delay 74(t) is caused by the velocity v and acceleration a as given by (7).

A. Numerical experiments

This subsection presents numerical simulation results. We first consider the simulation in a channel (see Fig. 1)
with a time-varying delay 7,4(¢), while the multipath structure described by the impulse response h(t,7) = h(7) is
time-invariant. This model is an exact match to the channel model used for designing the modem.

In the second simulation, we use the Waymark channel model [28], implementing the virtual signal transmis-
sion [47] in specified underwater acoustic environments with specified motion of the transmitter and receiver, with
both 74(t) and h(t,7) varying in time. The Waymark simulator is based on computation of the underwater acoustic
field using the ray tracing software Bellhop [48]. Parameters of the rays are transformed into a set of channel
impulse responses at samples (waymarks) of the transmitter/receiver trajectory. The waymark impulse responses
are interpolated in time to compute the time varying channel impulse response h(t,7) for every sample of the
transmitted signal. The convolution of the transmitted signal and channel impulse response produces the noise-free
received signal.

1) Experiments with static multipath structure: In this simulation, the channel model consists of a linear system
representing a static multipath channel followed by a time Doppler compression that is defined by a velocity v and

acceleration a. The channel power delay profile (PDP) is defined by delays [1,11,43,91,100]/Fys and uniform
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path variances. In a single simulation trial, the velocity and acceleration are the same for all paths. Two scenarios
are considered: (i) v = 0 m/s, a = 0 m/s?; (ii) v is random and uniformly distributed within [—5,45] m/s, a is
random and uniformly distributed within [—1, +1] m/s2; i.e., in different simulation trials these values are different.
For this simulation, the example modem design is used with parameters presented in Section II. The SBA estimator
is implemented as the MBA estimator with N, = 0.

Fig. 6 shows the frame error ratio (FER), computed as the ratio of the number of data packets received with
errors in 5000 simulation trials to the total number of packets. It also shows the bit error ratio (BER). It can be seen
that the receiver with the SBA Doppler estimator cannot operate in the second scenario, where the acceleration is
not zero. However, both the SBA and MBA estimators show similar performance for the first scenario (v = 0 m/s,
a = 0 m/s?), which perfectly matches to the SBA estimator. It is also seen that the receiver with the MBA Doppler
estimator provides consistently high detection performance in channels with various Doppler distortions.

2) Waymark experiment: We consider the SWellEx-96 (Event S5) acoustic environment [49] (see also [28]) with
the sea depth 220 m. The receiver is positioned 1 m above the sea bottom. The transmitter is positioned above
the receiver 1 m below the sea surface and moves synchronously with the surface waves. The surface waves are
described as a 2D-sinusoid of 3 m amplitude with a time period of 8 s, and space period of 100 m. The transmit
antenna beampattern is a cone of £ 45° with the look direction towards the receiver. The multipath channel structure
is mostly defined by the direct and first bottom-reflected paths as can be seen in Fig. 7. There are also clusters of
multipaths with delays around 0.3 s, 0.6 s, etc., with respect to the direct path, arriving at the receiver after multiple
reflections from the sea surface and sea bottom; however, they have significantly reduced magnitudes and therefore
do not affect the receiver performance.

In the experiment, lasting about 14 s, 8 data packets are transmitted. Parameters of the data packet are: f. =
12 kHz; fs = 48 kHz; Fy = 2 kHz; © = 0.5 s. The received signal (without noise) is shown in Fig. 8. We have
then run 5000 simulation trials, adding to this signal a different realization of white noise in each trial, to evaluate
the effect of SNR on the receiver performance.

Fig. 9 shows the FER performance averaged over the 8 data packets. It can be seen that the receiver with the
MBA Doppler estimator shows good performance, whereas the receiver with the SBA estimator cannot operate in

this scenario.
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Time, s

Delay, ms

Fig. 7. Time-varying impulse response for the vertical transmission from the time-varying sea surface to the bottom at a depth of 220 m.
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Fig. 8. Noise-free magnitude of the received signal in the Waymark experiment in the Swellex environment with moving surface.

B. Sea experiment

The sea experiment was conducted roughly one mile across the shores of Haifa, Israel, with the sea depth 12 m.
In the experiment, a light motorboat was moving away from the receiver with a transducer deployed at a depth of
about 2 m. For the transmitter, the software defined EvoLogics LF modem was used [50]. The receiving hydrophone
was mounted on an anchored buoy at a depth of 8 m. The sound speed profile was measured to be flat at roughly
1543 m/s, the wind speed was about 1 knot. In the experiment, the received signal was recorded and later processed
off-line.

During 80 s of the experiment, the distance between the transmitter and receiver increased from about 100 m
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FER

Fig. 9. FER and BER performance of the receiver in the experiment in the Swellex environment with vertical transmission and moving sea

surface.

Magnitude
=
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Delay, ms

Fig. 10. Impulse response estimate obtained in the sea experiment.

to 200 m, and 15 data packets were transmitted. Parameters of the data packet are: f. = 12.5 kHz; f, = 96 kHz;
Fy=6.25 kHz; ©® = 0.8 s. The typical impulse response in the experiment is shown in Fig. 10.

The moving motorboat was affected by surface waves of about 0.5 m amplitude, which resulted in varying
velocity and acceleration as illustrated in Fig. 11. The results in Fig. 11 were obtained using the proposed receiver.
To validate the measurements, they were repeated for another receiving hydrophone 0.45 m away from the first
one; the measurements in both cases are very close.

Fig. 12 shows the BER (Bit Error Ratio) performance of the receiver with the MBA and SBA Doppler estimators.
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Fig. 11. Estimates of the velocity and acceleration in the sea experiment.
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Fig. 12. BER performance in the sea experiment.

The data packets received without errors are shown as having BER = 10~ (this is lower than the minimum BER
1/2500, which can be measured over a single packet carrying 2500 data bits). It can be seen that the MBA estimator
indeed outperforms the SBA estimator. From comparison of Fig. 12 and Fig. 11, it is seen that the benefit of using
the MBA estimator is especially pronounced for data packets received at higher acceleration. Thus, even in these
mild conditions (slow speed of the transmitter and relatively calm sea surface), it can be seen that taking the

acceleration into account is very important for reliable data transmission.
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VI. CONCLUSIONS

We have proposed a data packet structure for transmission in UWA channels. The superimposed data and pilot
symbols in the packet allow high spectral efficiency of the data transmission. We have proposed a low-complexity
receiver capable of dealing with the multipath propagation and the Doppler effect caused by the transmitter/receiver
motion described by velocity and acceleration. The complexity analysis has shown that the example design (without
the decoding) can be implemented with approximately 50 x 10° MAC operations per second. The Doppler estimator
and channel estimator dominate the complexity of the receiver. The periodic structure of the pilot signal in the
data packet allows the use of the computationally efficient multi-branch autocorrelation method for the Doppler
estimation. We have also proposed a low-complexity channel estimator exploiting the channel sparsity and fine
Doppler estimator based on dichotomous iterations. Numerical simulation and sea experiments have shown a high
detection performance of the proposed design, in particular in comparison with the performance of a design based

on the more traditional approach to Doppler estimation that ignores the acceleration.
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APPENDIX A

TURBO-ITERATIONS

Algorithm 1 summarizes the main signal processing steps in the turbo iterations.
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Algorithm 1: Turbo-iterations

input

: signal rppg(n); Doppler estimates a1, ds; timing estimate ag

output: signal y(n); Doppler estimates @, do

1 while number of iterations is less than N do

435

10

11

12

13

14

15

end

Resample 7 pg(n) into 7Lpg(n) using 74(t) from (15)

for b < 1,2 do

Extract Z,(n), n =0,..., Ngrr — 1, from 71 pg(n) as in (20)

Transform Z,(n) into the frequency domain, Z,(k), k = 0,..., Nger — 1, as in (21)
Find the frequency-domain channel estimate flb as in (29)

Equalize Z,(k) in the frequency domain to obtain Y;(k) as in (30)

Transform Y;(k) into the time domain y,(n), n =0,..., Ngrr — 1,

Find the fine Doppler estimates a1, and agp as in (39) and (40)

Make the fine Doppler correction of y,(n) to obtain the signal §,(n) as in (38)

Find the SNR estimate SNR; as in (17)

end
Compute the weight coefficients w; and wy as in (18)
Produce the combined signal y(n) from ¢;(n) and g2(n) as in (16)

Produce the new Doppler estimates @; and as from a; 4 and asp as in (19)

436

437

438
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APPENDIX B

DOPPLER ESTIMATION IN THE RECEIVER

Algorithm 2 summarizes the Doppler estimation in the receiver.
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Algorithm 2: Doppler estimation

input : 2D autocorrelation Ampa (7, F, fmax); signal rpg(n)

output: Doppler estimates a;, as

1 Find the coarse Doppler estimates as follows.

2 (i) Find the peak {Tmax, Finax} Of |AMmBA (T, F\, max)| over 7 and F' as in (12)
3 (ii) Refine {7max, Finax}» €-8., using the parabolic interpolation of the peak as described in [5]
4 (i) Compute the coarse Doppler estimates a; and as as in (13) and (14), respectively
s while number of iterations is less than N;; do
6 Resample rpg(n) using aq and as as in (15)
7 for b+ 1,2 do
8 Find the fine Doppler estimates a5 and agp as in (39) and (40), respectively
9 end
10 Produce the combined fine Doppler estimates d; and as from d; 3 and aop as in (19)
11 end
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