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Sightly more than 10 years ago the Woods Hole Oceanographic Institution and
Northeastern University published a new algorithm for multi-channel adaptive equalization
along with results of using that algorithm to successfully decode long-range, high-rate,
acoustic communication transmissions. In the years since the authors have built on this
foundation to improve and adapt the core algorithm for different acoustic environments and
applications, incorporating Doppler compensation, selectable filter update algorithms, and
error-correction capability. The resulting structures are used as the core for receivers
operating in a multi-user environment, and for reception of multiple, simultaneous data
streams in a MIMO environment. Sgnificant challenges remain, in particular, selection of
equalizer parameters (for example, the number of filter taps) based on acoustic channel
conditions to optimize receiver performance in a time-varying environment. New approach es
to receivers include channel estimation with the goal of both faster adaptation and receiver

parameter self-optimization.

1. INTRODUCTION

The late 1980s and early 1990s saw an increased interest in underwater acoustic
communication in support of fixed oceanographic instrumentation and the fledgling
autonomous underwater vehicle development community. In the intervening years AUV's
have indeed come of age, and high-speed data upload from remote instruments has become a
reality. Work has continued throughout the 1990s to the present on faster and more robust



acoustic communications systems, with continued interest in bandwidthefficient single-user
links, augmented by research in multiuser systems to realize the promise of underwater
networks. Four review papers, by Baggeroer [1], Catipovic [2], Stojanovic [3], and
Kilfoyle/Baggeroer [4] respectively, provide a broad view of the field's history, and thus in
this paper we instead focus on the development path and varied application of the multi-
channel DFE with integrated PLL and jointly adapted coefficients. This structure, first
introduced in 1993 [5] and 1994 [6] by Stojanovic, Catipovic, and Proakis, is used as the core
of a number of subsequent developments, including multi-user receivers and spatiak
modulation to name just two examples.

The paper is divided into two sections, the first a review of the authors' work that is a
direct out-growth of the 1993 and 1994 publications, and the second an introduction to two
areas of current interest, receivers which employ channel estimation, and transmitters that
modulate multiple data streams on multiple transmit elements, typically referred to as multi-
input, multi-output (MIMO). The review of the DFE includes discussion of the many-to-few
reducedcomplexity receiver, Doppler compensation and phase-tracking, integrated error-
correction coding, sparse equalization, and system optimization under widely-varying
acoustic propagation conditions. The review motivates a short discussion of channet
estimation receivers and MIMO systems, and the paper concludes with a discussion of some
of the challenges that remain and thoughts about new directions that may prove fruitful.

2. THEEARLY YEARSAND INITIAL APPLICATIONS

The origina experiments designed by Catipovic, Stojanovic, ard Proakis and carried out
by WHOI in the Pacific in deep water, and in the Atlantic on the continental shelf, obtained
very high quality data through careful selection of high-power, broadband acoustic sources,
use of multi-channel receivers, and transmission of signals with high-density constellations
using the widest possible bandwidth. These two experiments, along with others conducted in
shallow water near Woods Hole, provided a rich data set with varying channel spread and
SNR, though relatively low Dappler due to the modest source-receiver motion created by
drifting vessels. These data were used to demonstrate severa significant communications
links, including: 660 bps at 200 km in deep water in the Pacific, 2000 bps at 90 km on the
Atlantic continental shelf, and 10k bps at 3 km in shallow coastal water [6].

The receiver used to achieve these results was the decision feedback equalizer with 2¢
order PLL. The results were further improved shortly thereafter by development of a reduced
complexity receiver that includes a novel many-to-few stage that combines multiple
hydrophones with complex-valued weight vectors and presents these combined outputs to the
standard DFE [7]. A primary feature of this approach is that the solution is jointly optimized:
the combiner and equalizer filter coefficients are updated using a single error estimate. When
the processor was applied to the same data sets, improvements of up to 6 dB in SNR at the
output of the receiver were achieved with minimal increase in computational complexity.

Based in part on these positive results and the desire to demonstrate real-time acoustic
communications with an AUV, in 1995 DARPA sponsored a program that required
development of acoustic communications receiver system that could operate autonomously
[8]. This required another phase of work that included Doppler estimation and compensation
[9], automatic setting of filter tap widths, and sparse equalization to include long delay
arivas, al of which had to happen in near rea-time on an AUV. The program was
ultimately successful, paving the way for a follow-on program that included transmission of
image segments in real-time from an AUV [10], and an Advanced Tactical Demonstration
described in [11-12], now part of an on-going Navy transition program.



As the algorithms that are used for these applications have matured, certain approaches to
initialization, for example, setting the number of taps in the feedforward filters, have been
done using unpublished, ad-hoc approaches. While these nonroptimal approaches do
presently work, an important area of research continues to be automatic setting of filter
lengths and the subsequent adjustment of forgetting-factors or learning rates of the adaptive
filter algorithms such as RLS or LMS. One of the goas of channel estimation based
equalizers described below is to incorporate at least some of the channel adaptation needs
into the core of the receiver to avoid use of an ad-hoc pre-processing stage.

Additional applications of the multi-channel DFE that have proven effective include its
use in a multi-user environment. Work in this area was initially done by Stojanovic and
Zvonar [13], later by Stojanovic and Freitag [14], and aso extended by Kilfoyle for reception
of paralel data streams in a MIMO environment described later. In the Stojanovic/Freitag
case the DFE is operated in a mode where the block codes used for error -correction are
decoded when sufficient symbols become available, and after decoding each block, the
surmised transmitted bits are fed back to update the equalizer filters. Thus the DFE can be
operated below the SNR typically required to avoid the catastrophic error propagation that
occurs when incorrect symbols are fed back, which increases its usefulness in low SNR
applications as well.

3. CHANNEL ESTIMATE BASED EQUALIZATION

Channel estimate (CE) based equalizers use observations of the received signal to estimate
the channel impulse response and possibly the statistics of the interfering noise field in order
to calculate the equalizer filter coefficients. This may be done with different goals in mind,
the two primary objectives typically being either reduced computational complexity or
reduced mean squared error, and ideally both. While there is no single optimal channel
estimation receiver, variants that are based on the DFE show considerable promise because
they improve on linear equalizers while allowing complexity reduction by identification of
the filter taps that are worthy of updating. The reduced complexity version is presented in
[15], and some recent work on comparing different CE equalizers is described below.

Specific examples include channel estimate based decision feedback equalizers (CE-DFE),
linear MM SE equalizers (L-MMSE), and Passive Time-Reversa equalizers (P-TR) [16]. The
performance of the different equalizers may be compared using the mean squared error,
which is made up of the minimum achievable error and the excess error. The former is the
soft decision error that would be realized by the equalizer if the filter coefficient calculation
were based upon perfect knowledge of the channel impulse response and statistics of the
interfering noise field. The latter is the additional soft decision error that is realized due to
errors in the estimates of these channel parameters. Analysis of the performance of these
three types of equalizers [17-19] shows that the CE-DFE has a lower minimum achievable
error than both the P-TR equalizer and the L -MM SE equalizer. However, for equalizers with
the same number of taps in their feedforward filters and using the same channel and
interfering noise estimates, it can be shown that the excess error is proportional to the norm
squared of the equalizer's feedforward weight vector. For the region of a large adaptive
processing gain, norm squared of the CE-DFE feedforward filter weight vector will be larger
than that of both the RTR equalizer and the L-MMSE equalizer. This sensitivity of the CE-
DFE to channel estimation errors has motivated additional work on the development a
channel estimate based decision feedback equalizer that maintains its excellent performance



when using good quality channel estimates while at the same time improving its performance
when using poorer quality channel estimates.

Stojanovic, et. a. [20] showed that the impact of channel estimation errors could be
modeled as an increase in the level of the observation noise and suggested increasing the
assumed variance of the observation noise to improve the performance of a CE-DFE in the
presence of channel estimation errors. Preisig [19] has developed an equalizer termed the
Residual Prediction Error DFE (RPEDFE) that advances this idea even further. The RPE
DFE exploits the fact that the residual prediction error of the channel impulse response
estimation agorithm is the sum of the observation noise plus additional unmodeled signal
due to the algorithm's error is estimating the channel impulse response. This residual
prediction error is used to estimate the statistics covariance matrix (as opposed to just the
observation noise) of an effective observation noise and this estimated covariance matrix is
used when calculating the optimal DFE filter coefficients.

Preliminary results with a three-channel equalizer in a rapidly varying shalow water
channel have shown that a CE-DFE with the traditional assumption that the observation noise
level equals the observed noise in the received signal behaves much worse than the two other
approaches. The CE-DFE with the assumed observation noise level increased to compensate
for chrannel estimation errors as suggested in [20] is 6 dB better than the traditional, and the
RPE-DFE offers another 1 dB improvement.

4. SPATIAL MODULATION

Exploitation of the ocean’s rich spatia structure may provide the next step in significant
bandwidth efficiency gains in channels with significant inter-symbol interference. Spatial
modulation seeks to use multiple, resolvable propagation paths between two arrays to create,
in effect, parallel independent communication channels within the single, physical @ean
channel. The benefits are completely analogous to those of increased bandwidth. Just as
independent access to the in-phase and quadrature components of a communications signal
led to improved bandwidth efficiency, spatial modulation can make additional, orthogonal
signaling dimensions available. By use of appropriate spatio-temporal filters with both
transducer and hydrophone arrays, multiple channels are realized. Several aspects of spatia
modulation in the underwater acoustic channel are discussed, including optimal modulation
techniques, an effective extension of the canonical DFE/PLL equalizer to demodulate such
signals, experimental results to date, and current research trends.

The issue of how to map an information stream onto a transmit array is a rich area of
current research in the wireless radio frequency industry and is only recently receiving
atention in the context of underwater telemetry. Many older approaches to spatial
modulation for MIMO channels use a singular value decomposition d a known channel
transfer function matrix [22]. Recent approaches suggest various mappings of coded and
uncoded data streams to the available transmitters, such as [23], and generally assume the
channel transfer function is comprised of uncorrelated Rayleigh random variables. The design
of a practical system for MIMO channels requires striking a balance between efficient power
transmission, acceptable interference between the sub-channels, and redlistic channel state
feedback requirements. Using a physical channel model as motivation, a new class of MIMO
channel design strategies has been developed that optimize power-based metrics [24]
appropriate for the UAC. Recent experience suggests channel feedback is important for
underwater applications.

The DFE/PLL has been shown to be well suited for the dispersive conditions in the UAC.
An effective receiver for spatially modulated signals would, therefore, spring from that



foundation. The multi-user version of the DFE/PLL presented in Stojanovic and Zvonar [13]
is a suitable structure with two important modifications. First, the “users’, in this case, derive
from the same information stream, so the receiver structure includes a Viterbi decoder that
accommodates source-coding dependencies between the individual signal streams and
provides coding gain to the filter update process. Second, the decision feedback filter is
extended to include taps for the current symbols of al the data streams. The feature is
particularly important if the channel gains for each data stream vary significantly such as with
near-far behaviour.

As an example of what is possible using spatial modulation, one of the results from a
recent set of seatrials near Elba, Italy, showed over a three-fold increase in estimated UAC
capacity [25]. The channel was ISl limited in this case and simply increasing power would
not have enabled higher data rates. A six-element transducer array was used to send from
one to six independent data streams having identical waveform descriptions over a 2.5 km
range to a 14-element receiver array. By assuming the equalizer whitens the residual noise,
the output SNR from the equalizer can be used to estimate the channel capacity, C. While the
system could create a single daf stream with 23.5 dB SNR going into the decision device,
spatial modulation supported four streams of about 14 dB SNR, a marked improvement.

Application of spatial modulation to the UAC is far from a mature research area. Many
directions remain to pursue including channel state feedback experiments, array topology
optimization, and rea-time implementation in, for instance, an underwater network.
Nonetheless, much promise has already been demonstrated suggesting spatial modulation
will play akey role in underwater telemetry applications demanding high data rates.
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