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A B S T R A C T

We present an investigation into the design of an acoustic communication network, where multiple users are
distributed across space and transmit and receive simultaneously in the same band to and from a common
base station. Specifically, we focus on a system that utilizes orthogonal frequency division multiplexing as a
modulation method, and allows users to transmit and receive in either synchronous or asynchronous fashion.
To distinguish between users on the uplink, the base station employs a combination of code-division and
space-division multiple 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 interfering users. Finally, the multiple paths of the desired user are recombined before data detection. The
process is repeated for each user. Broadband beamforming is employed to account for the broadband nature of
acoustic signals. The beamformer coefficients on each carrier depend on the angles of signal arrivals, which are
estimated during the uplink transmission and used to construct both the uplink and the downlink beamformer.
On the downlink, the base station utilizes angle information to assemble beamforming weights and point in
the direction of stable paths of the users. It superimposes multiuser signals and transmits the sum signal to the
users. The signal intended for a given user reaches only that user, requiring just a simple detector. Each user is
equipped by a single-element transducer. To demonstrate the design concepts, we conducted simulations using
a shallow water channel model and performed experimental over-the-air tests in an indoor environment using
an acoustic communications testbed. The results were excellent, thereby encouraging future implementations
in practical systems.
1. Introduction

Acoustic communications and networking have been extensively
studied for underwater channels due to their significance in various
oceanographic applications, as well as in the offshore fish farming and
oil-and-gas industry [1]. In acoustic networks where multiple users
need to transmit to a common base station (BS), a multiple access
technique is typically employed, such as time-division or code-division
multiple access. While both techniques are capable of distinguish-
ing between multiple users, each user is supported at a transmission
rate that is only a fraction of the available bandwidth. Consequently,
accommodating more users within a fixed bandwidth leads to a de-
crease in the per-user rate. Conversely, if the per-user data rate is to
be maintained, a bandwidth expansion becomes necessary. However,
bandwidth expansion may not be an option in acoustic systems, where
bandwidth is naturally scarce.

Space-division multiple access (SDMA) is an alternative technique
that eliminates the need for bandwidth expansion by distinguishing
between multiple users based on their spatial separation, specifically
the different angles from which their signals arrive at the BS. To enable
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SDMA, the BS must be equipped with a beamforming-capable array,
and the users must be spatially separable [2].

Although SDMA has been extensively studied for terrestrial radio
applications, demonstrating significant benefits compared to other ac-
cess methods [2], its exploration in the context of acoustic channels
remains limited. At the same time, SDMA presents an ideal solution for
overcoming the constraints of limited acoustic bandwidths.

Directive transmission and reception in the forms of beamforming
and retrofocusing have been explored by many researchers. Notably,
in [3–9], the authors developed and demonstrated the retrofocusing
techniques in the form of time reversal. In [6], the authors utilized
time reversal to exploit both spatial and temporal diversity to achieve
retrofocusing. The authors in [9] experimentally proved the feasibility
of a multiple-input multiple-output (MIMO) link, multiplexing up to
five data streams. More than 98% of the transmitted single-carrier data
blocks were free of bit errors, and the throughput of the system was
around 27 kbps.

Beamforming techniques applied to underwater acoustic commu-
nications remain scarce [10,11]. In [10], the authors presented a
vailable online 10 April 2024
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spatial modulation scheme, aiming at improving the channel capacity
and reliability. The proposed methods are corroborated by underwater
experiments, demonstrating a nearly 50% greater data rates.

Code-division multiple access (CDMA) has been investigated in
both single-carrier and multi-carrier acoustic systems. In Ref. [12],
the authors design a spread-spectrum system that adapts to varying
channel conditions by adjusting the spreading gain. In [13], the authors
evaluate the performance of a spread spectrum multi-carrier system
for underwater acoustic communications, utilizing spread spectrum
techniques to mitigate ambient noise effects and pre-coding to mitigate
multi-user interference. In [14,15], the authors proposed a multi-band
spread spectrum design. The entire available bandwidth is divided
into subbands, and a single-carrier spread spectrum signal [14], or a
multi-carrier signal [15], occupies each subband. In [16], the authors
demonstrated the performance of a frequency hopping spread spectrum
technique for multi-user communications in experiments.

Directive transmission and reception in the form of beamform-
ing [10,11] and retrofocusing techniques [5,6] have been investigated
previously. In [10], the authors presented a spatial modulation scheme,
aiming at improving the channel capacity and reliability. The proposed
methods are corroborated by underwater experiments, demonstrating a
nearly 50% greater capacity. In [6], the authors utilized time reversal
to exploit both spatial and temporal diversity to achieve retrofocusing.
CDMA has been investigated in both single-carrier and multi-carrier
acoustic systems. In Ref. [12], the authors design a spread-spectrum
system that adapts to varying channel conditions by adjusting the
spreading gain. In [13], the authors evaluate the performance of a
spread spectrum multi-carrier system for underwater acoustic commu-
nications, utilizing spread spectrum techniques to mitigate ambient
noise effects and pre-coding to mitigate multi-user interference.

In this paper, we investigate the design of an acoustic communica-
tion network where multiple users, distributed across space, transmit
and receive simultaneously and in the same band to and from a com-
mon 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. This design does not require precise time and frequency
coordination among users, which, in fact, is infeasible if not impossible
in an underwater acoustic network, due to varying propagation delays.
The users are expected to transmit in an asynchronous manner, and
with the help from both the spreading codes and beamforming, the
BS is capable of decoding the superimposed uplink signals. On the
downlink, the BS transmit simultaneously to multiple users in the same
frequency band, separating the users with different spreading codes and
beamforming weights.

To enable code-division, each user is assigned a unique direct se-
quence (DS) spreading code of length 𝑄, and modulates 𝐼 information-
bearing data symbols onto 𝐾 = 𝐼 ⋅ 𝑄 carriers that comprise one
OFDM block. Several OFDM blocks, separated by a cyclic prefix guard
interval, are transmitted 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 propagation path, while
placing nulls in the directions of multipath components as well as in the
directions of interfering users’ signals [17]. The process is repeated for
all significant paths of the desired user’s channel, followed by multipath
recombining for extracting an additional gain.

Our previous research focuses on multiuser uplink directive com-
munication, and proposes a broadband beamforming strategy to dif-
ferentiate between multiple spatially separated users [17]. In [18],
we explore the possibility of single user downlink beamforming. Our
previous work [19] addressed the design of such a DS-OFDM system
where the process of spreading/despreading is coupled with channel
estimation needed for coherent detection of phase-shift keying (PSK)
or quadrature amplitude modulation (QAM) signals. In particular, the
2

spreading code length 𝑄 is chosen to be at least equal to the multipath
spread of the channel measured in samples, 𝐿 = ⌈𝐵𝑇𝑚𝑝⌉, where 𝑇𝑚𝑝
s the multipath spread and 𝐵 is the system bandwidth. This choice
nables the design of an improved channel estimation method, as well
s extraction of the multipath gain. The technique was demonstrated
n experimental data, showing good results.

Here, we seek to combine DS-OFDM with front-end beamforming.
ur objectives in doing so are twofold: first, to leverage the spatial
imension as an additional means of user separation, and second, to
nhance the information throughput. Specifically, we anticipate that
he equivalent channel, after beamforming, will exhibit a significantly
educed multipath spread compared to the original channel (𝐿𝑒𝑞 < 𝐿).
his reduction enables a decrease in the spreading code length 𝑄,

facilitating an increase in the number of information-bearing symbols
per block 𝐼 and therefore enhancing the overall throughput. In an ideal
scenario where multipath is fully eliminated, the post-beamforming
signal will contain only a single arrival. Consequently, the equivalent
channel reduces to a single complex-valued coefficient, (𝐿𝑒𝑞 = 1), and
the choice of 𝑄 becomes independent of the multipath spread. This pro-
cess can be repeated for each path of the desired user’s channel, and the
multiple paths can subsequently be recombined to achieve additional
gains. Likewise, on the downlink, the BS transmits in the direction
of the primary path while nulling out all other paths. This design
approach minimizes computational requirements for end users while
delivering good performance. This article builds on the ideas of [20],
and proposes the space-code division multiple access algorithms for
downlink scenarios.

The rest of the paper is organized as follows. In Section 2, we
introduce the DS-OFDM transmitter design and the channel model,
and we overview the angle and delay estimation procedure needed for
constructing the beamformer. We then combine DS-OFDM with beam-
forming, and propose a multipath recombining method that targets
an additional multipath gain. In Section 3, we describe the downlink
processing, including beamformer design and data detection. In Sec-
tion 5, we demonstrate the performance of the proposed system in
simulation, using a statistical model of a shallow water channel [21].
In addition, we provide experimental results obtained using indoor
acoustic transmissions within the Acoustic Communications Testbed
(ACT) [21]. Finally, we conclude in Section 7.

2. Uplink

We consider an OFDM system with carrier frequencies 𝑓𝑘 = 𝑓0+𝑘𝛥𝑓 ,
𝑘 = 0,… , 𝐾 − 1, spanning a total bandwidth 𝐵 = 𝐾𝛥𝑓 . We assume
that the system is properly designed such that the duration of one
OFDM block, 𝑇 = 1∕𝛥𝑓 , is much longer than the multipath spread 𝑇𝑚𝑝,
but short enough to prevent the creation of inter-carrier interference
(ICI) due to the time-variation of the channel. 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 𝜃 is seen across the array unchanged except for an
incremental delay

𝛥𝜏 = 𝑑
𝑐
sin 𝜃 (1)

where 𝑐 is the speed of sound.
Following front-end synchronization to the desired user 𝑢’s signal,

Doppler compensation, resampling and fast Fourier transform (FFT)
demodulation, the signal observed across the array on carrier 𝑘 is
modeled as

𝐲𝑘,𝑢 = 𝑎𝑘,𝑢𝐇𝑘,𝑢 + 𝐢𝑘,𝑢 + 𝐳𝑘,𝑢 (2)

where 𝑎𝑘,𝑢 is the coded data symbol transmitted on carrier 𝑘 by user 𝑢,
𝐇𝑘,𝑢 is the channel vector, 𝐢𝑘,𝑢 is the multi-user interference term, and
𝐳𝑘 is the noise. Coding is performed such that

𝑎 = 𝑑 𝛿 , 𝑖 = 0,… , 𝐼 − 1; 𝑞 = 0,… , 𝑄 − 1 (3)
𝑖+𝑞𝐼,𝑢 𝑖,𝑢 𝑞,𝑢
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where 𝑑𝑖,𝑢 is the information-bearing data symbol coming from a PSK or
a QAM alphabet, and 𝛿𝑞,𝑢 is an element (a chip) of the spreading code.
In the context of multi-user communications, each user is assigned a
unique spreading code.

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 𝑐𝑝 and angles 𝜃𝑝 as

𝐇𝑘,𝑢 =
𝑃−1
∑

𝑝=0
𝑐𝑝,𝑢𝑒

−𝑗2𝜋𝑘𝛥𝑓𝜏𝑝,𝑢

⎡

⎢

⎢

⎢

⎢

⎣

1
𝑒−𝑗2𝜋𝑓𝑘𝛥𝜏𝑝,𝑢

⋮
𝑒−𝑗2𝜋𝑓𝑘(𝑀−1)𝛥𝜏𝑝,𝑢

⎤

⎥

⎥

⎥

⎥

⎦

⏟⏞⏞⏞⏞⏞⏞⏞⏞⏞⏞⏟⏞⏞⏞⏞⏞⏞⏞⏞⏞⏞⏟
𝐬𝑀 (𝑓𝑘𝛥𝜏𝑝,𝑢)

(4)

here 𝑃 is the number of paths corresponding to the desired user’s
hannel, 𝛥𝜏𝑝,𝑢 = 𝑑

𝑐 sin 𝜃𝑝,𝑢, and 𝐬𝑀 (⋅) is referred to as a steering vector
of size 𝑀 : 𝐬𝑀 (𝑥) =

[

1 𝑒−𝑗2𝜋𝑥 𝑒−𝑗2𝜋2𝑥 ⋯ 𝑒−𝑗2𝜋(𝑀−1)𝑥]⊤.
A beamformer tuned to extracting the signal of path 𝑝 while nulling

out the remaining multipath and interference is characterized by the
coefficient vector 𝐰𝑘,𝑝,𝑢. Applying this beamformer to the signal 𝐲𝑘,𝑢
yields

𝑣𝑘,𝑝,𝑢 = 𝐰′
𝑘,𝑝,𝑢𝐲𝑘,𝑢 = 𝑎𝑘,𝑢𝑐𝑝,𝑢𝑒

−𝑗2𝜋𝑘𝛥𝑓𝜏𝑝,𝑢 + 𝜉𝑘,𝑝,𝑢 (5)

where 𝜉𝑘,𝑝,𝑢 is the residual noise-plus-interference. The beamformer
vector 𝐰𝑘,𝑝,𝑢 depends on all the angles of arrival (AoA), both those
pertaining to the desired user and those pertaining the interfering users.
As these angles are not known a-priori, they are estimated and the
estimates are used to construct the beamformer. Below, we briefly
summarize the angle estimation and beamforming procedure as they
will be needed for later interpretation of results.

2.1. Angle estimation

To accurately estimate the angles, the first OFDM block contains
all pilots, i.e., all the symbols 𝑎𝑘,𝑢, 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 𝑐𝑝,𝑢 or the
delays 𝜏𝑝,𝑢, the angles 𝜃𝑝,𝑢 do not change much over a frame in a typical
channel geometry, even if the transmitter/receiver pair is moving at a
speed of a few meters per second.

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

𝑥𝑘,𝑢(𝜃) = 𝐬′𝑀 (𝑓𝑘𝛥𝜏)𝐲𝑘,𝑢∕𝑎𝑘,𝑢, 𝑘 = 0,… , 𝐾 − 1 (6)

We now introduce an additional phase shift to form the metric

𝐴𝑢(𝜃, 𝜏) =
𝐾−1
∑

𝑘=0
𝑥𝑘,𝑢(𝜃)𝑒𝑗2𝜋𝑓𝑘𝜏 =

∑

𝑝
𝑐𝑝,𝑢𝑔𝐾,𝑀 (𝜏−𝜏𝑝,𝑢, 𝛥𝜏−𝛥𝜏𝑝,𝑢)+𝐼𝑢+𝑁𝑢 (7)

here 𝐼𝑢 stands for the multi-user interference with respect to user 𝑢,
𝑢 is the noise, and 𝑔𝐾,𝑀 (𝜏, 𝜃) is the signature function. This function

is defined as

𝑔𝐾,𝑀 (𝜏, 𝛥𝜏) =
𝐾−1
∑

𝑘=0
𝑔𝑀 (2𝜋𝑓𝑘𝛥𝜏)𝑒𝑗2𝜋𝑘𝛥𝑓𝜏 (8)

where 𝑔𝑀 (𝜑) =
∑𝑀−1

𝑚=0 𝑒𝑗𝑚𝜑. Note that the magnitude |𝑔𝑀 (𝜙)| has a
pronounced peak at zero, 𝑔𝑀 (0) = 𝑀 .

Joint estimation of the channel parameters 𝑐𝑝,𝑢, 𝜏𝑝,𝑢, and 𝜃𝑝,𝑢 can be
performed in an iterative manner over the paths 𝑝 = 0,… , 𝑃 − 1, in
order of their decreasing strength. In the 𝑝th iteration, the estimates of
the path delay and angle are obtained as
(

�̂�𝑝,𝑢, 𝜏𝑝,𝑢
)

= argmax
𝜃,𝜏

|

|

𝐴𝑝
𝑢(𝜃, 𝜏)||

2 (9)

The corresponding path coefficient is now estimated as

𝑐 = 1 𝐴𝑝(�̂� , 𝜏 ) (10)
3

𝑝,𝑢 𝐾𝑀 𝑝,𝑢 𝑝,𝑢 d
nd the path’s contribution is removed to form a new metric
𝑝+1
𝑢 (𝜃, 𝜏) = 𝐴𝑝

𝑢(𝜃, 𝜏) − 𝑐𝑝𝑔𝐾,𝑀 (𝜏 − 𝜏𝑝,𝑢, 𝛥𝜏 − 𝛥𝜏𝑝,𝑢) (11)

he procedure starts by setting 𝐴0
𝑢(𝜃, 𝜏) = 𝐴𝑢(𝜃, 𝜏) and ends when a pre-

et number of paths 𝑃 has been identified, or when the contribution of
he next path falls below a pre-defined threshold. Other aspects, such
s ambiguity and resolution properties pertaining to the broadband
coustic array, are discussed in [22].

.2. Beamformer weights

Taking path 𝑝 of the user 𝑢 to be the desired path, the beamformer
eights that are associated with the angle 𝜃𝑝,𝑢 (path 𝑝 of user 𝑢) on the
th carrier are denoted by 𝐰𝑘,𝑝,𝑢 and are determined so as to ensure
hat all other paths and all other users are nulled out:

𝐰′
𝑘,𝑝,𝑢𝐬𝑀 (𝑓𝑘𝛥𝜏𝑝,𝑢) = 1,
′
𝑘,𝑝,𝑢𝐬𝑀 (𝑓𝑘𝛥𝜏𝑞,𝑢) = 0, ∀𝑞 ≠ 𝑝,
′
𝑘,𝑝,𝑢𝐬𝑀 (𝑓𝑘𝛥𝜏𝑞,�̃�) = 0, ∀𝑞,∀�̃� ≠ 𝑢

(12)

Arranging all the steering vectors into a matrix

𝐒𝑘 =
[

𝐬𝑀 (𝑓𝑘𝛥𝜏0,1)… 𝐬𝑀 (𝑓𝑘𝛥𝜏𝑃1−1,1)…

𝐬𝑀 (𝑓𝑘𝛥𝜏0,𝑈 )… 𝐬𝑀 (𝑓𝑘𝛥𝜏𝑃𝑈−1,𝑈 )
] (13)

and defining the column vector 𝐞𝑝,𝑢 as containing all zeros except for
a single 1 at the position corresponding to path 𝑝 and user 𝑢, the
beamforming vector associated with path 𝑝 of user 𝑢 is compactly
defined by

𝐰′
𝑘,𝑝,𝑢𝐒𝑘 = 𝐞′𝑝,𝑢 (14)

The beamforming vectors that minimize the noise variance are now
given by [17]

𝐰𝑘,𝑝,𝑢 = 𝐒𝑘
(

𝐒′𝑘𝐒𝑘
)−1 𝐞𝑝,𝑢 (15)

In a practical implementation, the angles 𝜃𝑝,𝑢 are not known, and
their estimates �̂�𝑝,𝑢 will be used to construct the matrices 𝐒𝑘, i.e. their
estimates �̂�𝑘.

2.3. Data detection

Assuming correct operation of the beamformer, the signal at the
input to data detection is given by Eq. (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 contributions can be combined for improved
data detection; in the latter, computational complexity will be reduced,
possibly still with good detection results.

Collecting the signals 𝑣𝑘,𝑝,𝑢, defined in Eq. (5), for a given path 𝑝
over the carriers assigned to the information symbol 𝑑𝑖,𝑢, and removing
the code, we arrange the resulting components into a vector

𝐮𝑖,𝑝,𝑢 =

⎡

⎢

⎢

⎢

⎢

⎣

𝑣𝑖,𝑝,𝑢∕𝛿0,𝑢
𝑣𝑖+𝐼,𝑝,𝑢∕𝛿1,𝑢

⋮
𝑣𝑖+(𝑄−1)𝐼,𝑝,𝑢∕𝛿𝑄−1,𝑢

⎤

⎥

⎥

⎥

⎥

⎦

= 𝑑𝑖,𝑢𝑐𝑝,𝑢𝑒
−𝑗2𝜋𝑖𝛥𝑓𝜏𝑝,𝑢 𝐬𝑄(𝐼𝛥𝑓𝜏𝑝,𝑢) + 𝝃𝑖,𝑝,𝑢 (16)

where 𝝃𝑖,𝑝,𝑢 is the residual noise-plus-interference.
Using the delay estimate obtained from Eq. (9), we now form the

signals

𝑢𝑖,𝑝,𝑢 =
1
𝑄
𝐬′𝑄(𝐼𝛥𝑓𝜏𝑝,𝑢)𝐮𝑖,𝑝,𝑢𝑒

𝑗2𝜋𝑖𝛥𝑓𝜏𝑝,𝑢 (17)

If the delay estimate is perfect, these signals will contain as their useful
component the terms 𝑑𝑖,𝑢𝑐𝑝,𝑢, giving rise to a model 𝑢𝑖,𝑝,𝑢 = 𝑑𝑖,𝑢𝑐𝑝,𝑢+𝜀𝑖,𝑝,𝑢,

here 𝜀𝑖,𝑝,𝑢 is a zero-mean residual. Collecting the contributions of
ifferent paths into a vector 𝐜 =

[ ]⊤, and forming a
𝑢 𝑐0,𝑢 𝑐1,𝑢 …
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vector 𝐮𝑖,𝑢 =
[

𝑢𝑖,0,𝑢 𝑢𝑖,1,𝑢 …
]⊤, the model is equivalently stated as

𝑖,𝑢 = 𝑑𝑖,𝑢𝐜𝑢 + 𝜺𝑖,𝑢 (18)

At this point, either coherent or differentially coherent detection
can be implemented. While coherent detection requires additional es-
timation of the path gains 𝑐𝑝,𝑢, differentially coherent detection does
not.

2.3.1. Coherent detection
To estimate the path gains 𝑐𝑝,𝑢 in coherent detection, a pilot is used

o initiate the process. In the simplest approach, the path gains are
stimated as

̂0,𝑢 = 𝐮0,𝑢∕𝑑0,𝑢 (19)

here 𝑑0,𝑢 is a known pilot symbol. These values are used to estimate
he remaining information symbols as

�̂�,𝑢 =
�̂�′0,𝑢𝐮𝑖,𝑢
‖

‖

�̂�0,𝑢‖‖
2
, 𝑖 = 1,… , 𝐼 − 1 (20)

orming the corresponding tentative decision 𝑑𝑖,𝑢 = dec
{

𝑑𝑖,𝑢
}

, the
hannel estimate can be refined using a running average over all
urrent observations,

̂𝑖,𝑢 =
𝑖

𝑖 + 1
�̂�𝑖−1,𝑢 +

1
𝑖 + 1

𝐮𝑖,𝑢∕𝑑𝑖,𝑢 (21)

If beamforming is not perfect, the equivalent channel will not
contain a single path only. Instead, there will be residual multipath
components. In such a case, a possible approach is to focus on the
beamformer that points to the principal path only, say 𝑝 = 0. The
equivalent channel will then consist of 𝐿𝑒𝑞 taps, spaced by 1∕𝐵. The
receiver described in [19] is now applied directly to the observations
collected over all carriers, and the processing gain must be kept at
least as large as the equivalent channel length, i.e., 𝑄 ≤ 𝐿𝑒𝑞 . However,
as mentioned earlier, the equivalent channel length is expected to be
significantly shorter than that of the original channel, 𝐿𝑒𝑞 ≪ 𝐿.

2.3.2. Differentially coherent detection
In differentially coherent detection, the information symbols are

differentially encoded such that 𝑑𝑖,𝑢 = 𝑏𝑖,𝑢𝑑𝑖−1,𝑢, where 𝑏𝑖,𝑢, 𝑖 = 1,… , 𝐼 −
1, are the original (uncoded) information symbols, and 𝑑𝑖,𝑢, 𝑖 = 0,… , 𝐼−
1 are the differentially encoded information symbols, with 𝑑0,𝑢 = 1.
Differentially coherent PSK detection is implemented simply as

�̂�𝑖,𝑢 =
𝐮′𝑖−1,𝑢𝐮𝑖,𝑢
‖

‖

𝐮𝑖−1,𝑢‖‖
2

(22)

Final decisions are made by finding the nearest constellation points
�̃�𝑖,𝑢 = dec

{

�̂�𝑖,𝑢
}

. 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 𝐮𝑖.

3. Downlink

Optimal transmit beamforming requires knowledge of the downlink
channel response to all the users. As seen often in the radio liter-
ature [2], the uplink and the downlink channels are also assumed
reciprocal. These assumptions, however, are not valid in the context
of acoustic communication. In fact, the channel can change consider-
ably between the uplink and downlink transmission times, as the low
propagation speed of sound (1500 m/s in water) causes long round-trip
delays that can make the feedback outdated. The main culprit for the
apparent change in the channel response are the phases of the channel
coefficients 𝑐𝑝 in Eq. (4). These phases contain the contributions of both
4

the small-scale fading and path delays, neither one of which can be
predicted with sufficient accuracy to warrant phase alignment on the
downlink.

To address this challenge, we propose to beamform only in the
direction of the principal path for each user, obviating the need for
multipath phase alignment. The beamformer weights thus depend only
on the principal path’s angle of arrival. While this angle can also vary
in time, it does so much more slowly than the overall phase. In fact,
it can be assumed nearly invariant in a typical system geometry with
a round-trip time of several seconds. For instance, if a mobile acoustic
communications user moves at around 1 m/s, its displacement over the
time it takes to close the feedback loop over a 1.5 km link will be only
2 m, and the corresponding angle change is negligible.

We denote the 𝑀 ×1 transmit beamforming vector assigned to user
𝑢 on the 𝑘th carrier by 𝐰𝑘,𝑢. The downlink signal transmitted on the
𝑚th array element is given by

𝑠𝑚𝑢 (𝑡) = ℜ

{𝐼−1
∑

𝑖=0

𝑄−1
∑

𝑞=0
𝑑𝑖,𝑢𝛿𝑞,𝑢

(

𝑤𝑚
𝑖+𝑞𝐼,𝑢

)∗
𝑒𝑗2𝜋𝑓𝑖+𝑞𝐼 𝑡

}

, 𝑡 ∈
[

−𝑇𝑔 , 𝑇
]

(23)

Downlink can be implemented in a synchronous or an asynchronous
manner. In the later case, the signals intended for multiple users are
added with pre-defined delays 𝑇𝑢, i.e.,

𝑠𝑚(𝑡) =
𝑈
∑

𝑢=1
𝑠𝑚𝑢 (𝑡 − 𝑇𝑢) (24)

The rationale behind this design is that it might help to reduce the
peak-to-average ratio in the power of the transmitted signal.

At each user’s end, time and frequency synchronization, Doppler
compensation and FFT demodulation are performed. The signal after
these operations is modeled as

𝑦𝑘,𝑢 = 𝑎𝑘,𝑢𝐰′
𝑘,𝑢𝐇𝑘,𝑢 + 𝜉𝑘,𝑢 (25)

where 𝑧𝑘,𝑢 is the noise, 𝜉𝑘,𝑢 is the noise-plus-interference, and 𝐇𝑘,𝑢 is
iven in (4). Note that the uplink and the downlink channel may not
e the same.

Extraction of the path 𝑝 of user 𝑢 requires a beamforming vector
that maximizes the useful signal power while placing nulls in all other
directions:

𝐰𝑘,𝑝,𝑢 = argmax
𝐰

|

|

|

𝐰′𝐬𝑀 (𝑓𝑘𝛥𝜏𝑝,𝑢)
|

|

|

2

s.t.c. 𝐰𝑘,𝑞,𝑢𝐬𝑀 (𝑓𝑘𝛥𝜏𝑞,𝑢) = 0, ∀𝑞 ≠ 𝑝,∀𝑢

𝐰𝑘,𝑞,�̃�𝐬𝑀 (𝑓𝑘𝛥𝜏𝑞,�̃�) = 0, ∀𝑞,∀�̃� ≠ 𝑢
‖

‖

‖

𝐰𝑘,𝑝,𝑢
‖

‖

‖

2
= 𝑝𝑢, ∀𝑢

(26)

where 𝑝𝑢 is the per-carrier power allocated to user 𝑢 (no additional
power can be used by increasing the size of the array)

These conditions can be concisely expressed as

𝐰′
𝑘,𝑝,𝑢�̄�𝑘,𝑝,𝑢 = 𝟎⊤,∀𝑢 (27)

where �̄�𝑘,𝑝,𝑢 is obtained from 𝐒𝑘 in (13) by removing the column
corresponding to path 𝑝 of user 𝑢.

Defining the null space of �̄�𝑘 as

𝐍𝑘,𝑝,𝑢 = 𝐈 − �̄�𝑘,𝑝,𝑢
(

�̄�′𝑘,𝑝,𝑢�̄�𝑘,𝑝,𝑢
)−1

�̄�′𝑘,𝑝,𝑢 (28)

the nulling condition (27) is equivalently expressed as [23]

𝐍𝑘,𝑝,𝑢𝐰𝑘,𝑝,𝑢 = 𝐰𝑘,𝑝,𝑢 (29)

The optimization problem now reduces to finding

max
𝐰

|

|

|

𝐰′𝐍𝑘,𝑝,𝑢𝐬𝑀 (𝑓𝑘𝛥𝜏𝑝,𝑢)
|

|

|

2

s.t.c. ‖

‖

‖

𝐰𝑘,𝑝,𝑢
‖

‖

‖

2
= 𝑝𝑢,∀𝑢

(30)

The solution to this problem is given by

𝐰𝑘,𝑝,𝑢 =

√

𝑝𝑢
√

𝐍𝑘,𝑝,𝑢𝐬𝑀 (𝑓𝑘𝛥𝜏𝑝,𝑢) (31)

𝑀𝑘,𝑝,𝑢
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here

𝑘,𝑝,𝑢 = 𝐬′𝑀 (𝑓𝑘𝛥𝜏𝑝,𝑢)𝐍𝑘,𝑝,𝑢𝐬𝑀 (𝑓𝑘𝛥𝜏𝑝,𝑢) (32)

e assume that the paths are completely separable, i.e., 𝑀𝑘,𝑝,𝑢 = 𝑀 .
If perfect knowledge of the angles is available at the BS, the received

ignal (25) will contain only the principal path’s contribution,

𝑘,𝑢 = 𝑎𝑘,𝑢𝐰′
𝑘,𝑢𝐇𝑘,𝑢 + 𝜉𝑘,𝑢 = 𝑎𝑘,𝑢𝑐0,𝑢𝑒

−𝑗2𝜋𝑘𝛥𝑓𝜏𝑢 + 𝜉𝑘,𝑢 (33)

here 𝑐𝑢 is the downlink equivalent complex baseband path gain, and
𝑘,𝑢 is the noise.

Removing the spreading code, and arranging the resulting signals
nto a vector, we obtain

𝑖,𝑢 =

⎡

⎢

⎢

⎢

⎢

⎣

𝑦𝑖,𝑢∕𝛿0
𝑦𝑖+𝐼,𝑢∕𝛿1,𝑢

⋮
𝑦𝑖+(𝑄−1)𝐼,𝑢∕𝛿𝑄−1,𝑢

⎤

⎥

⎥

⎥

⎥

⎦

= 𝑑𝑖𝑐0,𝑢𝑒
−𝑗2𝜋𝑖𝛥𝑓𝜏𝑢 𝐬𝑄(𝐼𝛥𝑓𝜏𝑢) + 𝐳𝑖,𝑢

(34)

Note again that the data symbol 𝑑𝑖,𝑢 is linked to the signal 𝐮𝑖,𝑢
y the same vector 𝐜𝑢 for each user. From this point, either coherent
r differentially coherent detection can be implemented. Differentially
oherent detection of the data symbols is performed as

𝑖,𝑢 =
𝐮′𝑖−1,𝑢𝐮𝑖,𝑢
‖

‖

𝐮𝑖−1,𝑢‖‖
2

(35)

4. Complexity analysis

The additional complexity of the proposed algorithms are deter-
mined by the following three operations, measured in complex number
additions and multiplications:

• The joint angle and delay detection, described by Eq. (7). The
complexity is 

(

|

|

𝜏𝑜𝑏𝑠|| ⋅ ||𝜃𝑜𝑏𝑠|| ⋅𝑀 ⋅𝐾
)

, where |

|

𝜏𝑜𝑏𝑠|| and |

|

𝜃𝑜𝑏𝑠|| are
the number of delay and angle observations, respectively. Such
an operation may be repeated 𝑃 times to iteratively identify the
path angles and delays.

• Uplink null-steering beamformer weights calculation, described
by Eq. (15). The complexity of this operation is 

(

𝐾 ⋅ 𝑈 ⋅ 𝑃 3⋅
𝑀2). The beamformer weights described in Eq. (15) are cal-
culated for each carrier, each path and each user. The pseudo-
inverse, if implemented efficiently using singular vector decom-
position, has a complexity of 

(

𝑀2 ⋅ 𝑃
)

. Finally, the additional
multiplication by the nulling vector 𝐞 necessitates 𝑃 complex
5

operations.
• Downlink null-steering beamformer weights calculation,
described by Eq. (31). The complexity of this operation is  (𝐾⋅
𝑈 ⋅ 𝑃 2 ⋅𝑀3), which includes the nulling operation defined in
Eq. (28). Similar to the uplink beamformer complexity, the
weights are calculated per carrier, per path and for each user.
The complexity of taking the pseudo-inverse of the matrix �̄�𝑘,𝑝,𝑢
is (𝑀2 ⋅ 𝑃 ). The final multiplication by the steering vector adds
additional (𝑀) operations.

Note that the DS-OFDM related data detection complexity is neg-
igible when compared to the beamforming algorithms. We refer the
eader to [19] for the complexity analysis of the DS-OFDM system.

. Simulation results

In this section, we assess the performance of the proposed algorithm
sing a simulated shallow water channel. The system consists of a BS
quipped with a vertical array and up to four users (𝑈 ≤ 4), each with a
ingle transmitter/receiver element. The channel geometry (see Fig. 1)
s specified by the distances 𝓁1 = 900 m, 𝓁2 = 1000 m, 𝓁3 = 950 m, and
4 = 950 m between the array and the users, and depths ℎ1 = 20 m,
2 = 70 m, ℎ3 = 45 m, and ℎ4 = 85 m. The water depth is ℎ = 100 m,
nd the distance between the sea surface and the first receiver element
s ℎ𝑅 = 55 m. The speed of sound is 𝑐 = 1500 m∕s in the water,
nd 1300 m∕s in the bottom, and spherical spreading is assumed on
ach path. At the time of downlink reception, we assume that the
sers have drifted at velocity v𝑢∠𝜙𝑢; specifically, v1 = 0.5∠45◦ m∕s,
2 = 0.75∠0◦ m∕s, v3 = 0.25∠90◦ m∕s, and v4 = 1∠ − 90◦ m∕s, such
hat their distances have changed by 2𝑑

𝑐 v𝑢 cos𝜙𝑢, and their depths by
− 2𝑑

𝑐 v𝑢 sin𝜙𝑢. The element spacing is 𝑑 = 0.3 m, and the number of array
elements is 𝑀 = 24. The lowest carrier frequency is 𝑓0 = 10 kHz, the
bandwidth is 𝐵 = 5 kHz, and the number of carriers is 𝐾 = 1024.

The small-scale fading coefficients are generated according to [21]
sing the following parameters: standard deviation of the surface height
isplacement is 𝜎𝑠 = 𝑐

5𝑓0
, standard deviation of the bottom height

displacement is 𝜎𝑏 = 𝑐
3𝑓0

, number of micro-paths within one path
is 𝑆𝑝 = 20, mean and variance parameters of micro-path amplitudes
re 𝜇𝑝,0 = 0, 𝜇𝑝 = 1∕𝑆𝑝, and 𝜈𝑝 = 𝜇𝑝∕10, respectively. The noise
omponents across the elements are assumed to be i.i.d. zero-mean
omplex Gaussian, with variance 𝜎2, and the signal-to-noise ratio (SNR)

is defined as SNR = 1
𝜎2

. We assume that the users’ signals arrive with
similar powers (this is possible when each user implements a proper
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Fig. 2. (a) Impulse responses of the channel as seen on the uplink and downlink. (b) Channel transfer functions on the uplink and downlink.

Fig. 3. System performance of principal path (top row) and multipath recombining (bottom row) techniques for uplink beamforming. The number of users is 𝑈 = 1, 2, 3 or 4 and
the spreading gain is 𝑄 = 1, 2 or 4. The modulation is differential QPSK.
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power control mechanism) in such a way that the uplink and downlink
channels of the users are normalized according to

1
𝐾𝑀

𝑀−1
∑

𝑚=0

𝐾−1
∑

𝑘=0
E
{

|𝐻𝑚
𝑘,𝑢|

2
}

= 1, 𝑢 = 1, 2,… , 𝑈 (36)

Several possible channel impulse responses on the uplink and the
ownlink, as seen within the system bandwidth, are shown in Fig. 2(a).
he channels have 𝑃𝑢 = 5 significant paths and the total multi-

path spread of the channel is approximately 20 ms. The gains and
delays are calculated from the channel geometry. The channel fre-
quency responses, shown in Fig. 2(b), depict pronounced selectivity,
and the discrepancy between the uplink and the downlink channels is
remarkable.

5.1. Performance analysis: uplink

In the uplink, we consider the following beamforming approaches:

1. Principal path (PP): The beamforming weights are computed
using the principal path angles of the users, which are estimated
using (7).

2. Multipath recombining (MR): The beamforming weights are
computed using the three strongest path angles of each user.
These angles are estimated using (7).

The performance results are summarized in terms of data detection
mean squared error (MSE) and bit error rate (BER) as functions of the
input SNR ranging from −12 to 12 dB. Differentially coherent QPSK
is implemented at the receiving side, and the data detection MSE is
computed as

MSE = 1
𝑁𝑟

1
𝑈

1
𝐼 − 1

𝑁𝑟
∑

𝑗=1

𝑈
∑

𝑢=1

𝐼−1
∑

𝑖=1
|𝑏𝑖,𝑢(𝑗) − �̂�𝑖,𝑢(𝑗)|

2 (37)

where �̂�𝑖,𝑢(𝑗) is the estimate of the 𝑖th data symbol 𝑏𝑖,𝑢(𝑗) of the 𝑢th
user in the 𝑗th block. Each OFDM block contains an independent
channel and noise realization, and 𝑁𝑟 = 100,000 is the total number
of realizations.

Fig. 3(a) shows the data detection MSE performance of principal
path beamforming in the uplink. As one could expect, the MSE im-
proves as the coding gain 𝑄 increases. Specifically, there is a 4 dB
improvement in MSE when the 𝑄 doubles for the range of input SNR
shown. In contrast, when the number of users increases (up to 4 users),
the MSE degrades by approximately 4 dB to 6 dB for SNRs of 9 dB and
12 dB, respectively, and for 𝑄 = 1, 2, 4. However, this degradation is
smaller at lower SNRs (SNRs less than 0 dB). This situation is alleviated
when the base station steers beams to multiple propagation paths and
the signal components are further recombined for data detection. Mul-
tipath recombining system performance is shown in Fig. 3(c). When the
number of users increases and for all coding gains 𝑄 shown, the MSE
degrades by 3.5 dB to 4.5 dB at SNRs of 9 dB and 12 dB, respectively. In
addition, we observe that multipath recombining offers approximately
a 3 dB improvement in MSE compared to principal path beamforming
for all cases shown in Figs. 3(a) and 3(c).

Figs. 3(b) and 3(d) depict the BER performance results for principal
path and multipath recombining for uplink beamforming. Each point of
the plots is obtained by averaging over individual users’ BERs. Fig. 3(b)
illustrates that without coding, four users can be supported with BER of
1.75× 10−3 at 3 dB of input SNR. This BER improves to 1.4× 10−5 when
the coding gain 𝑄 doubles. Additionally, we observe that for every
doubling of 𝑄, the SNR required to achieve the same performance is
educed by approximately 3 dB.

.2. Performance analysis: downlink

The downlink multi-user communication technique consist of beam-
orming in the principal path directions of the users. The data detection
7

a

Fig. 4. System performance of principal path downlink beamforming. The number of
users is 𝑈 = 1, 2, 3 or 4 and the spreading gain is 𝑄 = 1, 2 or 4. The modulation is
differential QPSK.

MSE on the downlink is illustrated in Fig. 4(a). As expected, the
performance is bounded by that one of single user, i.e. 𝑈 = 1 (no co-
user interference), and coding gain 𝑄 = 4, which provides the lowest
MSE in data detection. In contrast, the case that consists of 𝑈 = 4
sers (maximal co-user interference) and coding gain 𝑄 = 1, yields the
ighest MSE. There is 10 dB in MSE difference between these two cases.
imilarly, it is observed that doubling the coding gain 𝑄 provides 3 dB

extra of MSE.
The BER results show similar trends, as observed in Fig. 4(b).

Without coding, four users can be supported with BER of 2 × 10−3 at
9 dB of input SNR. If the coding gain 𝑄 increases and the BER is kept
onstant, we observe that the required input SNR is reduced by 4.5 dB.
n general, increasing the coding gain 𝑄 at a given SNR allows the
upport of more users and/or yields a lower BER.

Additionally, we analyze the performance of the principal path
ownlink beamforming for different multipath structures. At the onset
f uplink transmission, the users are located at (𝓁𝑢, ℎ𝑢), and during
he downlink transmission the users drift uniformly at random speed
𝐯𝑢| ∼  [0, v] and random direction 𝜙𝑢 ∼  [−𝜋, 𝜋], for v = 1 m∕s
nd 2 m∕s, and 𝑢 = 1, 2, 3, 4. The top row of Fig. 5 depicts the random
ocations of the users during the uplink–downlink cycle for v = 1 m∕s

nd v = 2 m∕s. Similarly, the bottom row of Fig. 5 illustrates the BER
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Fig. 5. The users drift randomly at the speed |𝐯| ∼  [0, v] and direction 𝜙𝑢 ∼  [−𝜋, 𝜋] for (a) v = 1 m∕s and (b) v = 2 m∕s, and 𝑢 = 1, 2, 3, 4. The bottom row (c)–(d) shows the
orresponding system performance of principal path downlink beamforming. The number of users is 𝑈 = 1, 2, 3 or 4 and the spreading gain is 𝑄 = 1, 2 or 4. The modulation is
ifferential QPSK.
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erformance of the system, which slightly varies with respect to Fig. 4,
ven when the users drift at random speeds and directions.

. Experimental results

We demonstrate the proposed system using the Acoustic Commu-
ications Testbed [24]. In a 𝑈 = 3 multi-user setting, each user is
quipped with a transmitter, while the BS is equipped with a 12-
lement array. The element spacing is 𝑑 = 5 cm. The distance between
he base station and the users are 3 m. The setup, including the base
tation and the remote users, are shown in Fig. 6. The signals used
n the over-the-air experiments were of a cyclic prefix OFDM type,
ith initial carrier frequency 𝑓0 = 5 kHz, bandwidth 𝐵 = 3 kHz, and
= 1024 carriers. The guard interval is 32 ms. The modulation is QPSK

ith differential encoding. A 511-bit Gold sequence is used for front-
nd time synchronization, with a different sequence assigned to each
ser.

The uplink system performance is summarized in Fig. 7. The re-
eived SNR is around 20 dB, and each user’s channel contains two paths.
s we can observe from the plots, beamforming, null-steering and
ultipath recombining suppress the multi-user interference, providing

ood performance. For each user, there are two beampatterns shown,
ne for each of the propagation paths. Each pattern clearly points to a
ingle maximum (the desired arrival), while three nulls are placed, one
n the direction of the other multipath arrival, and two in the directions
f two paths of the interfering user.

Once isolated through beamforming, the two multipath arrivals
re combined to extract the full multipath gain. As expected, the
erformance improves as the spreading gain 𝑄 increases, again by 3 dB
or every doubling of 𝑄. This improvement of course comes at the price
f a reduced information throughput. Specifically, with 𝑄 = 1, each
ser transmits in full band at 5.5 kbps, while for 𝑄 = 2 and 4, the
8

i

er-user bit rate is 2.8 kbps and 1.4 kbps, respectively. In comparison,
f pure DS-OFDM [19] were used, the spreading gain would have
een required to stay above ⌈𝐵𝑇𝑚𝑝⌉ = 10, and the corresponding
hroughput would have been much lower. Applying beamforming in
onjunction with spreading, i.e. combining SDMA with CDMA, provides
ood performance at a much lower cost in throughput reduction.

In Fig. 8, we demonstrate the downlink performance. As expected,
he performance improves as the spreading gain 𝑄 increases, fol-
owing the same trend as before. One of the main benefits of the
roposed system lies in its computational complexity. The users are
equired to perform minimal operations, while the heavy-lifting tasks
f beamforming is performed on the BS side.

. Conclusions

We introduced a multi-user multi-carrier communication network
hat utilizes a combined space-code division multiple access approach
or both the uplink and downlink. The system incorporates broadband
coustic beamforming with null steering in the presence of interference,
nabling the isolation of useful multipath components for subsequent
ultipath recombination. To evaluate the system’s performance, we

onducted simulations using a shallow water channel model and per-
ormed over-the-air acoustic transmissions. The results demonstrate the
ystem’s ability to accurately identify and isolate multiple propagation
aths for each desired user while effectively suppressing multi-user
nterference. By combining coding techniques with broadband acoustic
eamforming, we achieved excellent performance in terms of BER,
s evidenced by both simulation and over-the-air tests. Notably, the
ombined space-code division multiple access approach relaxes the
onstraints typically imposed on spreading gain, leading to increased
nformation throughput within the network.
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Fig. 6. The acoustic communications testbed [24] setup.

Fig. 7. Results of the uplink over-the-air transmission. QPSK OFDM signals were transmitted in 3 kHz of bandwidth using 1024 carriers. In this setup, there were three users (𝑈 = 3)
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 to last row correspond to user 1–3, respectively. Shown in each row are the 𝐴(𝜃, 𝜏) metric, the beampattern,
the scatter plots of the estimated data symbols, with and without spreading.
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Fig. 8. Results of the downlink over-the-air transmission. QPSK OFDM signals were transmitted in 3 kHz of bandwidth using 1024 carriers. Shown in each row are spectrogram of
the received signal, the cross-correlations between the users’ preambles and their received signals, and the scatter plots of the estimated data symbols, with spreading code length
of 𝑄 = 1, 2, 4 and 8.
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