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Abstract—Underwater localization is a challenging problem
and established technologies for terrestrial systems cannot be
used, notably the Global Positioning System (GPS). In this paper,
we propose an underwater localization technique and demon-
strate how it can be effectively used for transmit beamforming
in multiuser underwater acoustic (UWA) communications. The
localization is based on pre-computation of acoustic channel pa-
rameters between a transmitter-receiver pair on a grid of points
covering the area of interest. This is similar to the localization
process using matched field processing, which is often based on
processing a priori unknown signals received by an array of
hydrophones. However, in our case, every receiver is assumed to
have a single hydrophone, while an array of transducers transmit
(pilot) signals known at a receiver. The receiver processes the
received pilot signal to estimate the Channel State Information
(CSI) and compares it with the CSI pre-computed on the grid; the
best match indicates the location estimate. The proposed local-
ization technique also enables an efficient solution to the inherent
problem of informing a transmitter about the CSI available at the
receiver for the purpose of transmit beamforming. The receiver
only needs to send a grid point index to enable the transmitter to
obtain the pre-computed CSI corresponding to the particular grid
point, thereby significantly reducing transmission overheads. We
apply this approach to a multiuser communication scenario with
orthogonal frequency-division multiplexing (OFDM) and show
that the proposed approach results in accurate localization of
receivers and multiuser communications with a high detection
performance.

Keywords—Localization, multiuser communication, SDMA,
transmit beamforming

I. INTRODUCTION

In recent years, there has been a growing interest in un-

derwater acoustic communications (UAC) in various applica-

tion areas such as telemetry, remote control, speech/image

transmission, etc. [1]. The investigation of UAC has met

many challenges since, in particular, the underwater acoustic

(UWA) channels are characterized by limited bandwidth, long

propagation delays, and multipath interference [2]. The clas-

sical multiple access communication strategies, such as time

division multiple access (TDMA), frequency division multi-

ple access (FDMA), code division multiple access (CDMA),

as well as spatial division multiple access (SDMA) have

been widely used in terrestrial radio communication systems,

†Dept. of Electronic Eng., University of York, UK; ll924@york.ac.uk,
yury.zakharov@york.ac.uk, paul.mitchell@york.ac.uk. The work of Y. Za-
kharov and P. Mitchell is partly supported by the UK Engineering and Physical
Sciences Research Council (EPSRC) through the USMART Project under
Grant EP/P017975/1.

with users separated in time, frequency, code domains, or in

space [3]–[7]. FDMA is not well suited for UAC due to the

narrow bandwidth of the UAW channel. TDMA can be useful,

but it is challenging to make efficient use of channel time

in highly dynamic scenarios, since long propagation delays

inhibit the ability to allocate capacity in response to time

varying needs. CDMA may suffer from the severe multipath

interference that leads to degradation of the code correlation

properties, resulting in smaller codeword distances [5]. These

three multiple access schemes have to divide the available

time-frequency resources among the multiple users. On the

other hand, with SDMA, the same time-frequency resources

can be independently used by every user. With simultaneous

transmission to multiple users in multi-antenna broadcast

channels, SDMA is capable of achieving a much higher

throughput than other multiple-access schemes [6], and it is a

viable choice in UAC.

In this paper, we consider SDMA systems with multi-

ple transmit antennas (transducers) and multiple receivers

equipped with a single antenna (hydrophone) each. In such

a system, in order to design the transmit beamformer, the

transmitter requires knowledge of the Channel State Informa-

tion (CSI) between every transducer and every receiver hy-

drophone [8]. This information can be estimated at the receiver

by processing pilot signals. The estimated CSI then needs to

be sent back to the transmitter, which can be problematic in

narrowband UWA channels due to the large amount of data

comprising the CSI and low data throughput capability.

This problem can be resolved if both the transmitter and

receiver have a pre-computed dictionary of possible CSIs. In

this case, the receiver only needs to send back the index of

the CSI from the dictionary that provides the best match to

the CSI estimate. In UWA channels, such a dictionary can

be built based upon acoustic field computation for a specific

environment, where the communication system is installed.

More specifically, the dictionary can be computed for a grid

of points in space (grid of range/depth points), thus also

solving the localization problem (estimation of position of

the receiver with respect to the position of the transducers),

which is required in many applications [9]–[11]. Underwater

localization is a difficult problem, and in many cases it cannot

rely on traditional terrestrial localisation technologies, such as

the Global Positioning System (GPS) [2].

The approach based on pre-computing the acoustic field

using a wave equation is similar to localization using matched
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Fig. 1: The receiver is located in an area of interest

200 m × 500 m. The sea depth is 220 m. The transducers

are equally spaced from a depth of 50 m to 80 m.

field processing (MFP) often based on processing of a priori

unknown signals received by an array of hydrophones. There

have been a number of studies and experiments related to

MFP [12]–[16] and the general idea is to search over a

parameter space for the unknown parameters of the signal

source [17], [18]. As a development of MFP, the environmental

focalization technique was proposed [19], [20], which is based

on adjustement of environmental parameters within a search

space which, after being optimized under a particular objective

function, generates physical parameters that correspond to the

acoustic field replica best matching the observed acoustic field.

In the recent work [21], the focalization technique was used

to improve the channel estimation in UAC.

The design of a transmit beamformer in multiuser channels

is an important problem in modern wireless communication

systems with SDMA. The main difficulty in such systems is

that coordinated receive processing is not possible and that

all the signal processing must be employed at the transmitter

side [8]. Linear precoding schemes provide a promising trade-

off between performance and complexity [22]–[25]. The zero-

forcing (ZF) beamforming is the most common linear precod-

ing scheme, which decouples the multiuser channel into multi-

ple independent subchannels [26]–[32]. Orthogonal frequency-

division multiplexing (OFDM) communication is considered

as a promising technology for high data-rate communications

in UAC [33]–[36]. It can be efficiently combined with SDMA

to improve the system throughput [33], [37]–[39]. In this

paper, we will be investigating transmit beamforming based

on linear precoding in an OFDM communication system.

One of the significant problems with numerical investigation

of signal processing algorithms in UWA systems is the model-

ing of the signal transmission that takes into consideration the

specific acoustic environment, and consequently the specific

multipath propagation. For such virtual signal transmission,

i.e., transmission that mimics a real sea trial, the VirTEX

simulator was developed [40] and used [41]; the model relies

on the Bellhop ray/beam tracing approach [42] to compute

the channel response in defined acoustic environments. A

similar approach is used in the Waymark simulator [43]–

[46] developed to investigate UWA signal transmission in

long communication sessions. We use the Waymark model

to investigate the localization and communication techniques.

In this paper:

• a receiver localization technique is proposed, based on

matching the CSI estimated at the receiver to the CSI

pre-computed at grid points in an area of interest (over

depth and range);

• we propose to apply this localization technique in UAC

with SDMA to inform the transmitter of the CSI when

designing the transmit beamformer, thus greatly reducing

the size of the feedback message from the receiver to the

transmitter;

• a transmit beamformer is proposed, that exploits multiple

channel estimates for the same user to improve the

detection performance;

• the accuracy of the proposed localization technique and

the detection performance of multiuser UAC with OFDM

signals and proposed transmit beamforming are investi-

gated using the virtual signal transmission.

This paper is organized as follows. Section II describes

the proposed localization technique. Section III describes

the proposed transmit beamformer based on the localization

technique. Section IV presents numerical results demonstrating

that the proposed localization technique is effective in terms

of accuracy of localization and that the proposed transmit

beamformer achieves a high detection performance. Section V

gives some concluding remarks.

II. RECEIVER LOCALIZATION

Consider a (geographical) area of interest, for example as

shown in Fig. 1. The Channel State Information (CSI) between

a transducer and a receiver hydrophone located within this

area can be pre-computed, e.g., using standard acoustic field

computation programs. This computation can be repeated for

every grid point as illustrated in Fig. 1, thus producing a grid

map. The receiver can estimate the CSI using a pilot signal

transmitted from the transducer. By comparing the estimated

CSI with the CSI in the grid map, the best match can be

identified and the position of the corresponding grid point can

be treated as an estimate of the receiver position.

Let gm be a K × 1 channel frequency response vector

representing the CSI for the mth grid point; the vector length

K is the number of (subcarrier) frequencies at which the

frequency response is defined. UAC typically operates at

relatively high frequencies, for which ray tracing is an efficient

method to solve the wave equation and thus compute the

vector gm. For our numerical examples, we use the ray-

tracing program Bellhop [42]. Based on the knowledge of

the acoustic environment, such as the sound-speed profile

(SSP) and acoustic parameters of the sea bottom, the depth

of the transducer, and the (range-depth) position of the grid

point, the program computes the complex-valued amplitudes

Am,i and delays τm,i for multiple (Lm) rays (eigenpaths),

i = 0, . . . , Lm−1, connecting the transducer and hydrophone

at the mth grid point. Based on these channel parameters, the

channel frequency response can be computed as

gm(f) =

Lm−1
∑

i=0

Am,iexp(−j2πfτm,i), (1)
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where the computations are made at subcarrier frequencies

f = f0, ..., fK−1 covering the frequency range of the commu-

nication system; the values gm(f) are elements of the vector

gm = [gm(f0), ..., gm(fK−1)]
T .

Let ĥ be a K × 1 vector representing the channel estimate

at the same frequencies. In the frequency domain, at a fre-

quency f , the received signal is given by

y(f) = h(f)p(f) + n(f), (2)

where h(f), p(f) and n(f) are the channel frequency re-

sponse, transmitted signal and noise, respectively. The least-

square channel estimate is then given by [47]:

ĥ(f) =
y(f)

p(f)
, f = f0, ..., fK−1. (3)

Thus, elements of the K × 1 vector ĥ are the values ĥ(fk),
k = 1, . . . ,K, i.e. ĥ = [ĥ(f0), ..., ĥ(fK−1)]

T .

The vector gm represents a ‘signature’ of the mth grid point,

and ĥ is a ‘signature’ measured at the receiver. By comparing

ĥ with the M signatures in the dictionary {gm}Mm=1, we can

find the best match resulting in an estimate of the receiver

location.

We could find the best match between the vector ĥ and M
vectors {gm}Mm=1 representing the grid map by computing the

normalised covariance

cm =

∣

∣

∣
gH
mĥ

∣

∣

∣

2

||gm||22 ||ĥ||22
, m = 1, . . . ,M, (4)

where ||ĥ||22 = ĥH ĥ, and finding the maximum amongst all

the covariances:

mbest = arg max
m=1,...,M

cm. (5)

However, since the pilot transmission and reception are

not synchronized, there is an unknown delay between the

channel impulse responses estimated at the receiver and those

pre-computed using the wave equation. In application to the

channel frequency responses, this is equivalent to replacing

ĥ with Λτ ĥ, where Λτ is an K × K diagonal matrix with

diagonal elements

Λτ = diag
[

e−j2πf0τ , . . . , e−j2πfK−1τ
]

,

and τ is the unknown propagation delay. Therefore, the

covariance computed according (4) cannot be directly used

to identify the best match. This can be modified by searching

for the maximum over a delay range as given by

mbest = arg max
m=1,...,M

maxτ∈[τmin,τmax]

∣

∣

∣
gH
mΛτ ĥ

∣

∣

∣

2

||gm||22 ||ĥ||22
, (6)

where we use the fact that ||Λτ ĥ||
2
2 = ||ĥ||22, and [τmin, τmax] is

an interval of possible delays. Note that the quantities gH
mΛτ ĥ

in (6) can be efficiently computed for a range of delays using

the fast Fourier transform (FFT).

With multiple transducers, the localization performance

can be improved by combining the coherence coefficients

for all (NT ) transducers. More specifically, NT grid maps

{gt,m}Mm=1, t = 1, . . . , NT , are pre-computed, one for every

transducer, NT channel estimates ĥt, t = 1, . . . , NT , are

obtained at the receiver, one for each transducer, and the grid

point with the best match is found as

mbest = arg max
m=1,...,M

NT
∑

t=1

maxτ∈[τmin,τmax]

∣

∣

∣
gH
t,mΛτ ĥt

∣

∣

∣

2

||gt,m||22 ||ĥt||22
. (7)

Geographical coordinates of the grid point mbest are con-

sidered as an estimate of the receiver location. The accuracy

of this localization method is investigated in Section IV.

In the following section, Section III, we show how this

localization technique can be used for transmit beamforming

in a multiuser communication system.

III. TRANSMIT BEAMFORMING

We consider a scenario with a transmitter using multiple

transmit antennas and multiple receivers using single receive

antennas. The transmission technique is OFDM with a trans-

mitted signal described by a set of subcarriers at frequencies

f ∈ {f0, ..., fK−1}. A broadcast channel with NR users can

be described in the frequency domain as

yn(f) = hT
n (f)x(f) + nn(f), n = 1, . . . , NR, (8)

where yn(f) is the signal received by the nth receiver at sub-

carrier f , hn(f) = [hn,1(f), ..., hn,NT
(f)]T is the frequency

response of the channel between the transmit antennas and

nth receiver at frequency f , x(f) is the NT × 1 transmitted

signal vector and nn(f) is Gaussian noise with zero mean

and variance σ2
n(f). We also introduce the NR ×NT channel

matrix H(f) = [h1(f), ...,hNR
(f)]T . Then the model in (8)

can be rewritten as

y(f) = H(f)x(f) + n(f), (9)

where y(f) = [y1(f), . . . , yNR
(f)]T are signals received by

the NR receivers and n(f) = [n1(f), . . . , nNR
(f)]T is the

noise vector.

In linear precoding (transmit beamforming) methods, the

transmitted signal vector x(f) is a linear transformation of

the information symbols s(f) = [s1(f), . . . , sNR
(f)] [32]:

x(f) = T(f)s(f), f = f0, ..., fK−1, (10)

where T(f) is an NT ×NR precoding matrix (beamformer).

To design T(f) achieving zero interference between users,

the product H(f)T(f) should be a diagonal matrix [32] of

size NR ×NR, e.g., the identity matrix INR
:

H(f)T(f) = INR
. (11)

Such a precoder is known as the zero-forcing (ZF) beamformer

and it is given by

T(f) = HH(f)
[

H(f)HH(f)
]−1

. (12)

The detection performance of the receivers can be improved

using the diagonal loading:

T(f) = HH(f)
[

H(f)HH(f) + αINR

]−1
, (13)
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where α > 0 is associated with different beamforming

designs [48]–[50]; for the design of ZF beamforming, α = 0.

When designing the beamformer, the true channel parameters

are unavailable and therefore their estimates are used instead.

Every column T(n)(f) of the matrix T(f) is an NT × 1
beamformer vector dedicated to a single receiver. The trans-

mitted OFDM signal for the nth user after beamforming is

given by

xn(f) = T(n)(f)sn(f), f = f0, ...fK−1, (14)

where sn(f) is the information symbol for the nth user at

subcarrier f .

The design of the transmit beamformer requires the channel

frequency response from each transmit antenna to be known by

the transmitter. A classical method to obtain this knowledge is

to send back the estimated channel frequency response from

each receiver to the transmitter. Such feedback represents a

significant overhead, however, and can comprise a substantial

portion of the overall capacity for data throughput. With the

proposed localization technique using the grid map, the only

information that needs to be sent back to the transmitter is the

index number of the grid point where the receiver is located.

To obtain more accurate localization and better detection

performance, the resolution of the grid map can be improved;

the influence of the map resolution on the localization and

detection performance is investigated in Section IV.

Another approach is based on increasing the number of grid

points transmission to which is cancelled by the beamformer,

as proposed below. With our localization technique, based on

grid computation, the full set of position estimates is finite.

Therefore, we can find, instead of one location estimate,

several estimates, e.g., by finding several (two or three, as

in our numerical investigation) grid points with the highest

covariances. In this case, the feedback message should contain

indices of these grid points. When designing the transmit

beamformer, the additional channel estimates can be used to

improve the detection performance by cancelling interference

in the extra grid points.

To explain the proposed approach in detail, consider an

example with NT = 4 transmit antennas and NR = 2 users.

When only one location estimate for each user is received at

the transmitter in the feedback message, the 2 × 4 channel

matrix is given by H(f) = [h1(f),h2(f)]
T and the 4 × 2

matrix T(f) is found from (13). Here, the vectors h1(f) and

h2(f) are the frequency responses for the best grid points of

user 1 and user 2, respectively, as found by using (7).

With two location estimates for each user, the beamformer

vectors for user 1 and user 2 are found by solving, respectively,

the following equations:

H1(f)T
(1)(f) = [1, 0, 0]T , (15)

H2(f)T
(2)(f) = [0, 0, 1]T , (16)

where H1(f) = [h1,1(f),h2,1(f),h2,2(f)]
T , H2(f) =

[h1,1(f),h1,2(f),h2,1(f)]
T , and hp,q is the channel response

vector corresponding to the qth location estimate of the pth

user. The beamformer found by solving the equation (15) will

be focusing the beam towards the best location estimate of

user 1, while focusing zeros to the two location estimates for

user 2. The beamformer found by solving the equation (16)

will be focusing the beam towards the best location estimate of

user 2, while focusing zeros to the two location estimates for

user 1. This can significantly reduce the multiuser interference

in the case of the best location estimates to be incorrect.

With three location estimates for each user, the beamformer

vectors for user 1 and user 2 are found by solving, respectively,

the following equations:

H1(f)T
(1)(f) = [1, 0, 0, 0]T , (17)

H2(f)T
(2)(f) = [0, 0, 0, 1]T , (18)

where H1(f) = [h1,1(f),h2,1(f),h2,2(f),h2,3(f)]
T and

H2(f) = [h1,1(f),h1,2(f),h1,3(f),h2,1(f)]
T . In the case of

two and three location estimates, the beamforming vectors are

found as

T(1)(f) =
[

HH
1 (f)[H1(f)H

H
1 (f) + αINR

]−1
](1)

, (19)

T(2)(f) =
[

HH
2 (f)[H2(f)H

H
2 (f) + αINR

]−1
](2)

. (20)

With the location of the receiver estimated using the pro-

posed grid map technique, there is no need to have a long

feedback message sent back to the transmitter to design the

beamformer. Assuming that the total number of grid points in

the area of interest (see Fig. 1) is 201× 501 < 217 (with the

1 m resolution grid map), only 17 bits are required to represent

the receiver position on the grid. For two users, the feedback

messages contain 34 bits. This is significantly less compared to

the case when the CSI estimate is transmitted. Indeed, to trans-

mit frequency responses for K = 1024 subcarriers, NT = 4
transducers and NR = 2 users, and with 16 bits representing

a complex-valued sample of frequency response, a feedback

message comprising 16KNTNR = 16×1024×4×2 = 217 bits

is required. This requires UAC with a very high throughput,

and such transmission would be impractical. The proposed

approach allows the feedback messages to be reduced in size

by 217/34 ≈ 4000 times. For the grid map with a 0.5-meter

resolution, 38 bits (only slightly higher than 34 bits in the case

of 1-m resolution) are required for the feedback messages.

Thus, UAC with the proposed transmit beamforming allows

significant reduction of the feedback messages.

IV. NUMERICAL RESULTS

In this section, numerical examples are presented to illus-

trate the performance of the proposed receiver localization

and transmit beamforming techniques. In the investigation, we

use the Waymark simulator [43]–[46] for the virtual signal

transmission in scenarios with NT transducers are investigated.

The sea depth is 220 m, and the transducers are equally

spaced from a depth of 50 m to 80 m (for NT = 4) or to

100 m (for NT = 6). The transducers emit acoustic signals

in the interval of vertical angles [−50◦,+50◦]. The area of

interest is shown in Fig. 1. The SSP and sea bottom parameters

are taken from [51] and shown in Fig. 2. Every receiver

is equipped with a single receive antenna. The signals are

transmitted at the carrier frequency 3072 Hz with a frequency

bandwidth of 1024 Hz, so that the frequency band is from
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Fig. 2: The SSP and the layered sea bottom parameters.

2560 Hz to 3584 Hz. The pilot and data transmission are

performed using OFDM signals with K = 1024 subcarriers,

an orthogonality interval of 1 s, and subcarrier spacing of

1 Hz. The cyclic prefix (CP) of the OFDM symbols is 1 s

long to avoid the intersymbol interference due to long channel

delays (see Fig. 3). When searching over delays τ in (7),

the search interval [τmin, τmax] is set to OFDM orthogonality

interval [−0.5, 0.5] s. The pilot and data symbols used for

modulation of OFDM subcarriers are BPSK symbols.

In the experiments, a grid map, with 1 m or 0.5 m resolution,

is generated and stored in memory for every transducer. The

grid maps are pre-computed in Matlab (version R2013a) under

the Windows 7 operating system with a 3.4 GHz Intel Core i7

CPU and 8 GB of RAM. The 1 m resolution grid map with

201 × 501 ≈ 105 grid points is computed within 5 min, and

it requires a storage memory of 37 MB. The 0.5 m resolution

grid map with about 4 × 105 grid points is computed within

20 min, and it requires a storage memory of 148 MB. The

average computation time and storage memory for one grid

point is approximately 3 ms and 370 bytes, respectively.

A. Localization Experiments

To investigate the performance of the localization technique,

a pilot signal is transmitted from each of the four transmit

antennas sequentially in time. The pilot signal is a single

OFDM symbol with a predefined BPSK sequence modulating

the subcarriers. At the receiver, channel estimation is carried

out as described by (3). Using the channel estimates, the

best combined coherence of the channel frequency responses

estimated at the receiver and those computed at the grid points

is calculated using equation (7). The position of this best grid

point is treated as an estimate of the receiver position. The

grid map is computed with a resolution of either 1 m or 0.5 m

in both the depth and range.

To illustrate the acoustic field in the area of interest, Fig. 4

shows results of the ray tracing in this area. Fig. 3 shows

examples of the channel impulse response for four grid points

within this area. It is seen that most of the acoustic rays
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(b) d = 50 m, r = 500 m.
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(c) d = 150 m, r = 200 m.
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(d) d = 150 m, r = 500 m.

Fig. 3: Examples of the channel impulse response magnitude

for a receiver within the area of interest and for the transducer

depth 80 m. The receiver is positioned at a depth d and range r
from the transducer.

Fig. 4: Ray tracing computation for the area of interest. The

rays are plotted using different colors to simply improve the

visualization.

experience reflections from the sea surface or bottom. As a

result (as can be seen in Fig. 3), the multipath delay spreads

can be as high as 0.5 s.

To investigate the probability of correct localization, the

localization is performed for 100 different positions of the

receiver within the area of interest. The tested positions uni-

formly cover the area. We consider two cases. In the first case,

the received signal is not distorted by the additive noise, i.e.,

the signal-to-noise ratio is SNR = ∞ dB. In the second case,



IEEE ACCESS, NOVEMBER 2017 6

Fig. 5: Distribution of localization errors in the scenario with

the flat sea surface. The grid map resolution is 1 m.

white Gaussian noise of the same power as the signal power

in the frequency bandwidth of the communication system is

added to the received pilot signal, so that SNR = 0 dB; we

repeat the experiment 10 times, every time adding a new noise

realization, and averaging simulation results over the 10 trials.

Experiments are done in the scenarios as follows.

1) Flat sea surface: The sea surface is flat. The receiver

is located exactly on a grid point; more specifically, the set

of the receiver depths is given by the vector [11 32 53 74

95 116 137 158 179 199] m and the set of ranges from the

transducers is given by the vector [100 150 200 250 300 350

400 450 500 550] m. In both cases (low and high SNR) around

91% of estimates are equal to the true location. Fig. 5 shows

the probability of incorrect localization P as function of the

difference (in range and depth) between the estimated location

and the true location. It can be seen that the incorrect location

estimates are mostly close (within a few meters) to the true

location.

2) Sinusoidal sea surface: In UWA channels, propagated

signals interact with the sea surface. As can be seen in Fig. 4,

in the area of interest, many multipath arrivals are reflected

from the sea surface, i.e., the sea surface plays an important

role in the propagation. Therefore, another test is carried out

where the pilot signals are transmitted in the environment with

a ‘frozen’ sinusoidal sea surface, while the channels at grid

points are pre-calculated in the environment with a flat calm

surface. The amplitude and the wavelength of the sea surface

waves are set to be 5 m and 8 m, respectively. The other

conditions of the experiment are the same as in the previous

scenario. As in the experiment with the flat sea surface, in

this experiment for both cases (low and high SNR) around

91% of estimates are equal to the true location. Fig. 6 shows

the probability of incorrect estimates against distances to the

true location. It can be seen that the location accuracy is high

and similar to that in the experiment with the flat sea surface,

despite the mismatch of the grid map computation to the true

Fig. 6: Distribution of localization errors in the scenario with

transmission of pilot signals in an environment where the

surface is a sine wave, while the grid map is computed for

the flat sea surface. The grid map resolution is 1 m.

acoustic environment where the pilot signals propagate.

3) Receivers are located between grid points: To investi-

gate the localization technique in a more practical scenario,

an experiment is carried out with the receiver located between

grid points; the receiver locations in the experiment with the

flat sea surface are now shifted randomly with a uniform

distribution within the grid resolution interval. Fig. 7 shows

the probability of incorrect localization P as function of the

difference between the estimated location and the true location.

In this case, over 70% of location estimates still have a

distance to the true location less than 5 m, which can be

acceptable for some applications. However, it is clear that

compared to the two previous scenarios with the receiver at a

grid point, the error probability increases. For some receiver

positions, the location estimate can differ significantly (of the

order of tens of metres) from the true location, even without

the noise.

To achieve better localization, we can improve the resolution

of the grid map and/or increase the number of transmit

antennas. Fig. 8 shows the cumulative distribution function

(CDF) of distance between the estimated and true positions

for the four combinations of the resolution and number of

transmit antennas. An increase in the number of transducers

from NT = 4 to NT = 6 greatly improves the localization

performance. However, an equivalent effect is achieved with

the same number of transmit antennas and an improved

resolution of the grid map. The latter can be a more practical

approach since it does not require additional hardware at the

transmitter.

In Section III, it was proposed to use several location

estimates (several estimated grid points) when designing the

transmit beamformer. We now investigate the CDF (see Fig. 9)

of the distance between the best of two (or three) location

estimates and the true location for NT = 4. It is seen that it
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Fig. 7: Distribution of localization errors in the scenario with

the receiver at random positions between grid points. The grid

map resolution is 1 m.
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Fig. 8: CDF for the position error x (meters), calculated as

x =
√

∆2
d +∆2

r , where ∆d is the depth error and ∆r is the

range error, for experiments with different grid map resolution

and different numbers of transmit antennas.

is highly probable (about 80%) that the best of two and best

of three position estimates is within 1 m to the true location,

while with a single estimate, the probability is only about 50%.

Numerical results considered in this subsection demonstrate

that the proposed localization technique is capable of achieving

highly accurate position estimates.

B. Transmit Beamforming Experiments

In this subsection, we consider scenarios with NT = 4
transmit antennas and NR = 2 users (receivers). An exper-

iment contains two stages. At the first stage, the transmitter

transmits one pilot OFDM symbol from each transmit antenna,
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Fig. 9: CDF for the position error x (meters) for the best

location estimate of one, two, or three estimates. The grid

map is calculated with a resolution of 0.5 m. NT = 4.

and the receivers process the received pilot signals as described

in subsection IV-A to identify the receiver positions on the

grid map. These positions (grid point indices) are sent back to

the transmitter, which recovers the CSI of the receivers from

the grid map and designs the beamformer T as explained in

Section III.

At the second stage, the transmitter generates NT = 4
signals for transmission by the four transmit antennas from two

data packets, represented by vectors d1 and d2 in Fig. 10, and

intended for the two users. Every 512 bits of each information

data packet are encoded into a 1024-bit message using a

rate 1/2 convolutional encoder with a generator polynomial

matrix [23 35] in octal. The message bits are interleaved and

transformed into K = 1024 BPSK symbols, corresponding to

1024 subcarriers of a single OFDM symbol for a single user,

s1(fk) and s2(fk), respectively. The BPSK symbols intended

for simultaneous transmission to the two users are applied to

two jointly developed beamformers, T(1)(fk) and T(2)(fk).
The beamformer outputs are combined at corresponding sub-

carriers and corresponding transmit antennas and transformed

into the time domain using the inverse FFTs (IFFTs).

A data packet comprising 65536 data bits generates

128 consecutive OFDM symbols as shown in Fig. 11. The

128-length sequence of the information OFDM symbols is

appended with 8 pilot OFDM symbols as shown in Fig. 11.

In the pilot OFDM symbols, all K = 1024 subcarriers are

allocated for pilot symbols. At the receiver, eight channel

estimates obtained from the eight pilot OFDM symbols are

averaged to reduce the noise level in the final estimates. These

channel estimates are used for minimum mean-squared error

(MMSE) equalization of the information OFDM symbols in

the frequency domain and further decoding by the soft-input

Viterbi decoder [52].

Experiments are carried out for the following scenarios.
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Fig. 10: The diagram of the transmit beamforming experiment

with four transmit antennas and two users.
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Fig. 11: The diagram of the OFDM signal.
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Fig. 12: BER performance in Scenario 1. Both the receivers

are located at grid points with perfect localization provided by

the first estimates.
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Fig. 13: BER performance in Scenario 2. Both the receivers

are located at grid points with perfect localization provided by

the second estimates.

1) Scenario 1: In this scenario, both the receivers are

located at grid points with perfect localization provided by the

first estimates. User 1 is located at a depth of 74 m and range of

200 m from the transmitter, user 2 is located at a depth of 95 m

and range 200 m from the transmitter. The BER performance

for user 1 is shown in Fig. 12. In this scenario, the best

BER performance is achieved by the beamformer designed

using the first location estimate for each user, since the first

estimates provide true locations of the receivers. Indeed, the

BER performance degrades with more location estimates used

for the design of the beamformer.

2) Scenario 2: In this scenario, both the receivers are

located at grid points with perfect localization provided by the

second estimate. User 1 is at a depth of 116 m and range of

200 m from the transmitter, while user 2 is at a depth of 74 m

and range of 250 m. The BER performance for user 1 is shown

in Fig. 13. The BER performance for the beamformer designed

with the first location estimate is poor since the first estimates

are not accurate. The beamformer designed with the first and

second position estimates has significantly better detection

performance. This is because the second estimates are correct

in this scenario. When using three position estimates the

performance degrades but not significantly.

3) Scenario 3: A more practical situation is considered in

this scenario, where the receivers are located between grid

points. User 1 is located at a depth of 116.2m and range of

200.4 m from the transmitter, while user 2 is located at a depth

of 74.1 m and range of 250.3 m. Both the users are located

between grid points, and therefore, all estimated grid points

have displacements to the true user positions.

The difference between an estimate and true position results

in time shifts (phase distortions) and amplitude differences in

the channel frequency responses used for designing the trans-

mit beamformer. Fig. 14 shows the BER performance for this

scenario. It can be seen that the beamformers designed using
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Fig. 14: BER performance of beamformers designed in Sce-

nario 3. The receivers are located between grid points. The

grid map resolution is 1 m.
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Fig. 15: BER performance of beamformers designed in Sce-

nario 3. The receivers are located between grid points. The

grid map resolution is 0.5 m.

the 1-m resolution grid map cannot provide high detection

performance, since the position errors are high. To reduce the

position errors, a simple idea is to improve the resolution of

the grid map. Fig. 15 shows the BER performance for the

0.5 m resolution grid map. It can be seen that in this case, the

performance significantly improves.

4) Scenario 4: In this scenario, the propagation channel

described by the SSP shown in Fig. 16 is used for signal trans-

mission in the Waymark model. It differs from the assumed

channel described by the SSP shown in Fig. 2 which is still

used for computation of the grid map. The other simulation

parameters are the same as in Scenario 3. It can be seen that the

two SSPs significantly differ close to the sea surface. Fig. 17
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Fig. 16: The SSP used for signal transmission in Scenario 4.
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Fig. 17: BER performance of beamformers designed in Sce-

nario 4. The receivers are located between grid points. The

grid map resolution is 0.5 m. The real SSP (shown in Fig. 16)

is different from the SSP used for the grid map computation.

Code rate 1/2.

shows the BER performance for the case of the code rate 1/2,

the same as used in Scenario 3. By comparing results in Fig. 17

and Fig. 15, one can see that the detection performance of the

receiver degrades; more specifically, there is now a floor level

due to the multiuser interference that is not cancelled by the

beamformer, which is now designed based on the mismatched

CSI. However, the receiver can still operate with a BER as low

as BER = 10−3 . With some sacrifice in the system throughput

in this scenario, the detection performance can be significantly

improved by using a code rate of 1/3, as illustrated in Fig. 18.

Results in Fig. 17 and Fig. 18 also show that the proposed

beamformer with multiple channel estimates provides better

performance than the single-estimate beamformer.

V. CONCLUSIONS

In this paper, a localization technique has been proposed,

which is based on pre-computation of a grid map with CSI

defined by the acoustic environment. This technique has been

applied to multiuser underwater acoustic communications with

multiple transmit antennas; more specifically, the localization
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Fig. 18: BER performance of beamformers designed in Sce-

nario 4. The receivers are located between grid points. The

grid map resolution is 0.5 m. The real SSP (shown in Fig. 16)

is different from the SSP used for the grid map computation.

Code rate 1/3.

method has been used for designing the transmit beamforming.

We have also proposed a transmit beamforming technique that

incorporates multiple location estimates (multiple points on

the grid map) for improving the detection performance. Nu-

merical investigation has shown that the proposed techniques

allow accurate localization and high detection performance.

Importantly, this has been achieved with significant reduction

in the size of feedback messages required for designing the

beamformer.
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