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ABSTRACT

We investigate the design of an acoustic communication net-
work where multiple users, distributed across space, trans-
mit simultaneously in the same band to a common base
station. Specifically, we focus on a system in which the users
transmit in an asynchronous fashion, employing orthogonal
frequency division multiplexing (OFDM) as a modulation
method. To distinguish between the users, the base station
uses a combination of code-division and space-division mul-
tiple access. The base station iteratively steers a beam to
each stable propagation path of the desired user’s channel
while placing nulls in the direction of other paths as well
as in the directions of interesting users. Finally, the multi-
ple paths of the desired user are recombined before data
detection. Broadband beamforming is used to account for
the broadband nature of acoustic signals. The beamformer
coefficients on each of the OFDM carriers depend on the an-
gles of signal arrivals, which are estimated using a dedicated
procedure. The design concepts are demonstrated using a
simulated shallow water channel, as well as experimental
over-the-air transmissions in an indoor environment of an
acoustic communications testbed.
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1 INTRODUCTION

Acoustic communications and networking have been exten-
sively studied for underwater channels as they are essential
for a number of oceanographic applications, as well as off-
shore fish farming and oil-and-gas industry [9]. In acoustic
networks where multiple users need to transmit to a common
base station (BS), a multiple access technique is typically cho-
sen as time-division or code-division multiple access (TDMA,
CDMA). While both techniques are capable of distinguishing
between multiple users, each user is supported at transmis-
sion rate that is only a fraction of the available bandwidth.
Hence, if more users are to be accommodated in a fixed
bandwidth, the per-user rate will decreases. Alternatively, if
the per-user data rate is to be kept, a bandwidth expansion
becomes necessary.

Space-division multiple access (SDMA) eliminates the
need for bandwidth expansion by distinguishing between
multiple users based on their spatial separation, i.e. based
on the different angles from which their signals arrive to the
BS. To do so, the BS in an SDMA system must be equipped
with an array capable of beamforming, and the users must
be spatially separable [1].

SDMA has been extensively investigated for terrestrial
radio applications, showing substantial benefits compared
with other access methods [1]. However, the study of SDMA
for acoustic channels remains scarce, despite the fact that
SDMA would offer an ideal solution for limited acoustic

bandwidths.
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Previous work on acoustic SDMA includes [8] and [3].
In [8], the authors adopt a probabilistic approach to down-
link beamforming over asymmetric links. In contrast, 3]
addresses uplink communication, proposing a broadband
beamforming strategy for distinguishing between multiple,
spatially separated users. CDMA has been investigated in
both single carrier and multi-carrier acoustic systems. In
Ref. [4], the authors design a DS spread spectrum system
that adapts to the channel conditions by varying the spread-
ing gain. The authors in [5] evaluate the performance of a
spread spectrum based multi-carrier system for underwater
acoustic communications, using spread spectrum technique
to mitigate the effects of ambient noise, and pre-coding to
alleviate multi-user interference.

In this paper, we investigate the design of an acoustic
communication network where multiple users, distributed
across space, transmit simultaneously and in the same band
to a common BS. Specifically, we focus on a system in which
the users transmit in an asynchronous fashion, employing
orthogonal frequency division multiplexing (OFDM) as a
modulation method. To distinguish between the users, the
BS uses a combination of code-division and space-division
multiple access.

To enable code-division, each user is assigned a unique
direct-sequence (DS) spreading code of length Q, and modu-
lates I information-bearing data symbols onto K = I - Q car-
riers that comprise one OFDM block. Several OFDM blocks,
separated by a cyclic prefix guard interval, are transmit-
ted back-to-back in one frame. The BS is equipped with a
uniform linear array, and employs a beamforming strategy
that extracts the desired user’s signal over a single propaga-
tion path, while placing nulls in the directions of multipath
components as well as in the direction of interfering users’
signals [3]. The process is repeated for all significant paths
of the desired user’s channel, followed by multipath recom-
bining for extracting an additional gain.

Our previous work [6] addressed the design of a DS-OFDM
system where the process of spreading/despreading is cou-
pled with channel estimation needed for coherent detection
of phase-shift keying (PSK) or quadrature amplitude modula-
tion (QAM) signals. In particular, the spreading code length Q
is chosen to be at least as long as the multipath spread of the
channel measured in samples, L = [BT,]. This choice en-
ables the design of an improved channel estimation method,
as well as extraction of the multipath gain. The technique
was demonstrated on experimental data, showing good re-
sults.

Here, we seek to combine DS-OFDM with front-end beam-
forming. Our goal in doing so is twofold: first, we aim to
extract an additional dimension for separating the users,
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namely the spatial dimension, and second, we aim to in-
crease the information throughput. In particular, the equiva-
lent channel, as seen after beamforming, is expected to have a
shorter multipath spread than the original channel (L.q < L),
which allows a reduction in the spreading code length Q.
Reducing the value of Q in turn allows for an increase in the
number of information-bearing symbols per block I, thus in-
creasing the throughput. In an ideal situation, where the mul-
tipath is completely removed, the post-beamforming signal
contains only a single arrival. The equivalent channel thus
reduces to a single complex-valued coefficient that needs to
be estimated (L.q = 1), and Q can be chosen irrespective of
the multipath spread. The process can be repeated for each
path of a desired user’s channel, and the multiple paths can
subsequently be recombined for an additional gain.

The rest of the paper is organized as follows, In Sec. 2,
we introduce the direct-sequence OFDM (DS-OFDM) trans-
mitter design and the channel model and we overview the
angle and delay estimation needed for constructing the beam-
former. In Sec. 3, we combine DS-OFDM with beamforming,
and propose a multipath recombining method that targets
an additional multipath gain. We demonstrate the perfor-
mance of the proposed system in simulation, using a sta-
tistical model of a shallow water channel [7], as well as
experimentally, using indoor acoustic transmissions within
the acoustic communications testbed (ACT) built at North-
eastern University [7]. Finally, we conclude in Sec. 5.

2 BEAMFORMING AND ANGLE
ESTIMATION

We consider an OFDM system with carrier frequencies fi =
fo+kAf,k=0,...,K — 1, spanning a total bandwidth B =
KAf. We assume that the system is properly designed such
that the duration of one OFDM block, T = 1/Af, is much
longer than the multipath spread T,,,, but short enough
to prevent creation of inter-carrier interference (ICI). We
consider a system with an M-element uniform linear array
and assume that plane wave propagation holds. The spacing
between the array elements, d, is short enough to satisfy
the coherence assumption; namely, a signal arriving from
direction 0 is seen across the array unchanged except for an
incremental delay

d
At = 2 sin 0 (1)

where c is the speed of sound.

Following front-end synchronization to a desired user’s
signal, Doppler compensation, resampling and FFT demod-
ulation, the signal observed across the array on carrier k is
modeled as

Vi = apH +ig + 2 ()
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where ay is the coded data symbol transmitted on carrier
k, Hy. is the channel vector, iy is the multi-user interference
term, and z, is the noise. Coding is performed such that

Girgr = di8g,i=0,...,]-1;g=0,...,0-1  (3)

where d; is the information-bearing data symbol coming
from a PSK or QAM alphabet, and §, is an element (a chip)
of the spreading code. As the receiver performs identical
functions for each user’s signal, we have dropped the index
that would label the user.

Assuming that the array elements are spaced closely enough
such that they observe the same small-scale fading effects,
the channel vector is modeled in terms of the path gains h,,
small-scale fading coefficients y,, delays 7, and angles 6, as

1
P-1 . e—j27rﬁ<ATp
H; = Z hpype—Jankrp : (4)

p=0 :
e—jZﬂﬁ< (M-1)Az,

sm (fiAzp)

where P is the number of paths corresponding to the desired
user’s channel, Az, = % sin 6, and sy (-) is referred to as a
steering vector of size M.

A beamformer tuned to extracting the signal of path p
while nulling out the remaining multipath and interference
is characterized by the coefficient vector wy ,. Applying this
beamformer to the signal yy yields

—jamkA
Vkp = w,’c’pyk = arcpe T S 4 Ekp (5)

where ¢, = hpe™’ 27fotp is the equivalent complex-baseband
path gain, and & , is the residual noise-plus-interference.
The beamformer vector wy , depends on all the angles of
arrival (AoA), both those pertaining to the desired user and
those pertaining the the interfering users. As these angles
are not known a-priori, they are estimated and the estimates
are used to construct the beamformer.

To accurately estimate the angles, the first OFDM block
contains all pilots, i.e., all the symbols ax, k =0,...,K—1, are
known to the receiver and are used for AoA estimation. Once
the angles have been estimated, the estimates are frozen
for the duration of a frame. Such an approach is justified
by the fact that unlike the complex gains c, or the delays
75, the angles 0, do not change much over a frame in a
typical channel geometry, even if the transmitter/receiver
pair is moving. This type of angle estimation, as well as the
construction of the beamformer, is described in [3], and we
refer the reader to that reference for more details. Below, we
briefly summarize the angle estimation procedure as it will
be needed for later interpretation of results.
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2.1 Angle estimation

We begin by applying a steering operation to the post-FFT
signals to obtain

xi(0) = sy (felAT)yr/ak, k=0,.. . K -1 (6)

where At = % sin . We now introduce an additional phase
shift to form the metric

K-1
AO,7) = Z xk(e)ejz”fkf = Z cpgr M(T—Tp, AT=AT,)+I+N
k=0 P

(7)
where I stands for the multi-user interference, N is the noise,
and the signature function is defined as

K-1

grm (T, Ar) = Z gm (27 fi A7) /RS T ®)
k=0

where gy(p) = YM-1e/™ is a function that has a pro-
nounced peak gp(0) = M.

Joint estimation of the channel parameters c,, 7, and
0, can be performed in an iterative manner over the paths
p =0,...,P—1,in order of decreasing strength. In the p-
th iteration, the estimates of the path delay and angle are
expressed as

(0},, fp) = arg max |Ap(9, 1')|2 9)
T
The corresponding path coefficient is now estimated as
. 1 5o»
Cp = K—MAP(G s TP) (10)

and the path’s contribution is removed to form a new metric
AP0, 1) = AP (0,7) — Epgrm(T — Bp, AT — Azp)  (11)

The procedure starts by setting A°(6, ) = A(6, 7) and ends
when a pre-set number of paths P has been identified, or

when the contribution of the next path falls below a pre-
defined threshold.

3 DATA DETECTION

Assuming correct operation of the beamformer, the signal at
the input to data detection is given by (5) for a given path p.
There can be as many beamformers as there are paths, each
producing its own output, or only a single beamformer, tuned
to the strongest path. In the former case, multipath contribu-
tions will be combined for improved data detection; in the
latter, computational complexity will be reduced, possibly
still with good detection results.

Collecting the signals vy, for a given path p over the
carriers assigned to the information symbol d;, and removing
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the code, we arrange the resulting components into a vector

0;,p /o
ZJ'+I,p/ ) o
u, = l = dicpe_fz”’Af’PsQ(IAfrp)+§i,p
Vir(Q-1)1,p/00-1
(12)
where &; , is the residual noise-plus-interference.
Using the delay estimate obtained from Eq. (9), we now
form the signals

1 . I
Uip = ES'Q(IAfTP)u,-,peJZ”ZAfTP,l =0,...,I-1 (13)

If the delay estimate is perfect, these signals contain as their
useful component the terms d;c,, giving rise to a model
uip = dicp + £;p, Where &, is a zero-mean residual. Col-
lecting the contributions of different paths into a vector ¢ =
[co e ..]T,andformingavector u; = [uio i ]T
the model is equivalently stated as

u; =d;ic+¢; (14)

At this point, either coherent or differentially coherent
detection can be implemented. While coherent detection
requires additional estimation of the path gains c,, differen-
tially coherent detection does not. In what follows, we focus
on differentially coherent detection as it offers comparable
performance at a lower computational load.

In differentially coherent detection, the information sym-
bols are differentially encoded such that d; = b;d;_;, where
bi,i = 1,...,I — 1, are the original (uncoded) information
symbols, and d;, i = 0, ...,I— 1 are the differentially encoded
information symbols, with dy = 1. Differentially coherent
PSK detection is implemented simply as

~ lll{_llli
"= Tl 19
Final decisions are made by finding the nearest constella-
tion points b; = dec{b;}. Note that summing over the paths
(inner product in the nominator) extracts the multipath gain;
however, the algorithm is equally applicable to a single path.
In other words, it is up to the designer to chose the number
of paths, i.e., the length of the vector u;.

4 RESULTS
4.1 Simulation Results

We assess the performance of the proposed algorithm using
a simulated multi-user shallow water channel. The uplink
multi-user communication system consists of a vertical re-
ceiver array and up to four users (U < 4), each with a single
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transmitter. The channel geometry is specified by the dis-
tances £; = 900 m, £, = 1000 m, £3 = 950 m, and £, = 950 m be-
tween the receiver array and the users, and depths h; = 20 m,
hy = 70 m, hs = 45 m, and hy = 85 m. The water depth is
h = 100 m, and the distance between the sea surface and
the first receiver element is hg = 55 m. The speed of sound
is ¢ = 1500 m/s in the water, and 1300 m/s in the bottom,
and spherical spreading is assumed on each path. The lowest
carrier frequency is fy = 10 kHz, the bandwidth is B = 5 kHz,
and the number of carriers is K = 1024. The inter-element
spacing of the receiver array is d = 0.3 m (two wavelengths
Ao = ¢/fo = 0.15 m), and the number of array elements is
M = 24. The modulation used on each carrier is QPSK with
differential encoding. The channel frequency responses are
normalized such that

—_

DoHE =1 (16)

M-
m=0

u=1
The noises across the elements and carriers are i.i.d. zero-
mean complex Gaussian with variance ¢?, and the signal-to-
noise ratio is defined as SNR = ;. The small-scale fading
coefficients are modeled according to [7] with the following

parameters: standard deviation of the surface height displace-
ment is o5 = ﬁ, standard deviation of the bottom height

C
5f
one path is S, = 20, mean of the small-scale coefficients is

Hp,o = 0, and mean and variance parameters of micro-path
Hp

10°
line-of-sight path has no surface or bottom encounters, and
is thus characterized by y, = 1. Each user’s channel has five
paths, three of which are deemed significant and as such are
targeted by the beamformer.

Fig. 1 summarizes the performance results for M = 24
receive elements and U = 1, 2, 3 and 4 users, in terms of data
detection mean squared error (MSE) and bit error rate (BER).
The receiver estimates each user’s multipath channel param-
eters (i.e., the multipath angles ép,u and delays 7, ), applies
beamforming with null steering, and recombines the multi-
path components to estimate the data symbols according to
Eq. (15). Each curve of Fig. 1 is the result of averaging the
bit errors across the all users and across 100000 Monte Carlo
realizations of the small-scale channel coefficients and the
noises. In addition, we include the curves for an uncoded
system (Q = 1) as the baseline. The performance is very good
in general, showing that beamforming indeed enables SDMA.
Without coding, four users are supported with BER 107> at
8 dB of input signal-to-noise ratio (SNR). As the coding gain
increases, an even better performance is achieved. As one
could expect, for every doubling of the coding gain Q, the
SNR required to achieve the same BER is reduced by about

displacement is o, = , number of micro-paths within

amplitudes are y, = é, and v, = =%, respectively. The direct,
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3 dB. At a given SNR, increasing the coding gain Q enables
support of more users and/or yields a lower BER.

)
=
[8a]
w
=
730 1 1 1 1 1 1 1 1 1
-10 -8 -6 -4 =2 0 2 4 6 8 10
SNR [dB]
(a) MSE vs. SNR.
10° T T T T " T T T
Q=1
E—iots
e gid
o~
m
m
._.v.
oo
S0,
1 1.
6 8 10

SNR [dB]

(b) BER vs. SNR.

Figure 1: System performance in terms of MSE and BER.
Multipath recombining is used for the three strongest
paths. The number of users is U = 1, 2, 3 or 4 and the
spreading gain is Q = 1, 2 or 4. The modulation is dif-
ferential QPSK.

4.2 Over-the-air Results

We demonstrate the proposed system using the Acoustic
Communications Testbed [2]. In a U = 2 multi-user setting,
each user is equipped with a transmitter, while the BS is
equipped with a 12-element array. The element spacing isd =
5 cm. The signals used in the over-the-air experiments were
of a cyclic prefix OFDM type, with initial carrier frequency
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fo = 5 kHz, bandwidth B = 3 kHz, and K = 1024 carriers.
The guard interval is 32 ms. The modulation is QPSK with
differential encoding. A 512-bit Gold sequence is used for
time synchronization, with a different sequence assigned to
each user.

The system performance is summarized in Fig. 2. The re-
ceived SNR is around 20 dB, and each user’s channel contains
two paths. As we can observe from the plots, beamforming,
null-steering and multipath recombining suppress the multi-
user interference while providing good performance. For
each user, there are two beampatterns shown, one for each
of the propagation paths. Each pattern clearly points to a
single maximum (the desired arrival), while three nulls are
placed, one in the direction of the other multipath arrival,
and two in the directions of two paths of the interfering
user. Once isolated through beamforming, the two multipath
arrivals are combined to extract the full multipath gain. As
expected, the performance improves as the spreading gain
Q increases, again by 3 dB for every doubling of Q. This
improvement of course comes at the price of a reduced in-
formation throughput. Specifically, with Q = 1, each user
transmits in full band at 5.5 kbps, while for Q = 2 and 4, the
per-user bit rate is to 2.8 kbps and 1.4 kbps, respectively. In
comparison, if pure CDMA [6] were used, the spreading gain
would have been required to stay above [BT,,,] = 10, and
the corresponding throughput would have been much lower.
Applying beamforming in conjunction with spreading, i.e.
combining SDMA with CDMA, provides good performance
at a much lower cost in throughput reduction.

5 CONCLUSIONS

We presented a multi-user multi-carrier communication scheme
based on a combined space-code division multiple access.
The system employs broadband acoustic beamforming with
null steering in the directions of interference and succes-
sively isolates the the useful multipath components for sub-
sequent multipath recombining. The system performance
was demonstrated using a simulated shallow water channel,
as well as over-the-air acoustic transmissions. The results
indicate that the system is capable of identifying and isolat-
ing multiple propagation paths of each desired user while
suppressing multi-user interference. Combined with coding,
broadband acoustic beamforming yields an excellent perfor-
mance as measured in terms of BER, both in simulation and
in over-the-air tests. The key feature of combined space-code
division multiple is the relaxation of constraints imposed on
the spreading gain, which ultimately leads to an increased
information throughput in a network. Combined with direct-
sequence coding, the results, from both simulation and prac-
tical implementation, show excellent performance in terms
of BER.
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Figure 2: Results of a multi-user experimental over-the-air acoustic transmission. QPSK OFDM signals were
transmitted in 3 kHz of bandwidth using 1024 carriers. In this setup, there were two users (U = 2) and the BS
was equipped with a 12-element horizontal array. In the first row, the spectrogram of the received signal, the
cross-correlations between the users’ preambles and the received signal, and the system parameters are shown.
The second row corresponds to the first user, and the third row to the second user. Shown in each row are the
A(6, 7) metric, the beampattern, the scatter plots of the estimated data symbols, with and without spreading,.
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