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Abstract—Although time-domain oversampling of the received
baseband signal is common for single-carrier transmissions, the
counterpart of frequency-domain oversampling is rarely used
for multicarrier transmissions. This is because frequency-domain
oversampling cannot be taken advantage of, when using the
commonly used low-complexity receiver that assumes orthogonal
subcarriers. In this paper, we explore frequency-domain over-
sampling to improve the system performance of zero-padded
orthogonal frequency division multiplexing transmissions over
underwater acoustic channels with large Doppler spread. Inthese
channels intercarrier interference has to be addressed explicitly
via frequency-domain equalization, which enables inclusion of
additional frequency samples at little increased complexity. We
use a signal design that enables separate sparse channel estima-
tion and data detection, reducing equalization complexity. Based
on both simulation and experimental results, we observe that the
receiver with frequency-domain oversampling outperforms the
conventional one considerably, where the gain increases asthe
Doppler spread increases.

Index Terms—OFDM, zero-padding, intercarrier interference,
Doppler spread, frequency-domain oversampling.

I. I NTRODUCTION

Recently, zero-padded (ZP) orthogonal frequency division
multiplexing (OFDM) has been extensively investigated for
high data rate underwater acoustic communications [2]–[4].
Following Doppler shift compensation and an overlap-add
operation, fast Fourier transform (FFT) is performed on the
received block to obtain frequency-domain samples, that are
used for subsequent channel estimation and data detection
[2]–[4]. However, overlap-adding incurs information loss: it
folds a received block that is a linear convolution of the input
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and the channel, into ashorter block that corresponds to a
circular convolution of the input with the channel. This fact
has been recognized in [5], and alternative receivers have been
developed to improve system performance.

In spite of its known suboptimality, the overlap-add oper-
ation is used in most ZP-OFDM receivers. This is because
on channels that are linear, time-invariant, or can be approx-
imated as such after proper processing [2], [3], the overlap-
add operation preserves the orthogonality among subcarriers,
which enables low-complexity equalization and demodulation.
This is no longer the case on strongly time-varying channels
[4], where intercarrier interference (ICI) impairs subcarrier
orthogonality, thus requiring adjacent subcarriers to be jointly
demodulated.

To avoid information loss incurred by the overlap-add
operation, in this paper, we investigate the use of frequency-
domain oversampling, hence a larger size FFT, for ZP-OFDM
to improve system performance over underwater acoustic
channels with large Doppler spread. The system performance
is validated using real data collected from field experiments.

We consider the same ZP-OFDM signal design as in [12],
[13] that separates data subcarriers from pilot subcarriers using
interspersed null subcarriers. This way, channel estimation and
data detection can be carried out separately at the receiver,
even in channels with large Doppler spread. We further de-
velop a frequency-domain oversampling receiver, that relies on
compressed sensing techniques for sparse channel estimation
and minimum mean-square error (MMSE) equalization for
data detection. The receiver complexity is only increased
marginally by the frequency-domain oversampling: the FFT
size increases proportionally and the equalizers process more
inputs – but the equalizer complexity is dominated by the
matrix inversion which scales with the number of data symbols
– not the observations. In addition to the rectangular pulse-
shaping window, we also consider raised-cosine windows in
the signal design to further alleviate the ICI.

We evaluate the performance of the proposed receiver using
both simulated and real data collected from the SPACE08
experiment, conducted off the coast of Martha’s Vineyard,
Massachusetts, October 2008, and the WHOI09 experiment,
conducted in the Buzzards Bay, Massachusetts, December
2009. Simulation results demonstrate that frequency-domain
oversampling improves the system performance considerably,
where the performance gain increases as the channel Doppler
spread increases. Experimental results verify the benefitsof
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frequency-domain oversampling in achieving similar perfor-
mance with fewer phones than the receiver without over-
sampling. Interestingly, although a raised-cosine pulse-shaping
window improves performance relative to a rectangular win-
dow, the performance gain is less pronounced when using
frequency-domain oversampling.

In contrast to the time-domain oversampling which has been
well investigated in single-carrier transmissions [6], only a
few studies on its dual, the frequency-domain oversampling
in multicarrier transmissions are available in the literature. In
[7], the frequency-domain oversampled measurements are used
via nonlinear operations to achieve blind carrier-frequency-
offset (CFO) recovery for OFDM systems. In [8], frequency-
domain oversampling is introduced to capture the structureof
multiuser signals for the multiple-access interference (MAI)
suppression in an uplink multicarrier (MC)-CDMA system. In
[9], three single-user MMSE detectors with frequency-domain
oversampling for downlink MC-CDMA system are developed
to suppress the MAI. In [10], an adaptive equalization scheme
is proposed for OFDM systems based on the oversampled
frequency measurements to compensate the CFO effect. In
[11], an MMSE equalization approach with frequency-domain
oversampling for OFDM is investigated. It shows that the
channel frequency diversity can be collected through the
frequency-domain oversampling.

At the outset, this paper distinguishes itself from the above
works in the following aspects: (i) The receivers in [5], [7]–
[11] are based on the narrowband system, while this paper
considers a wideband system with large Doppler spreads; (ii)
The receivers in those works assume perfect channel knowl-
edge, while this paper deals with both channel estimation and
data detection; (iii) The performance results in those works
are based on simulations only, where the FFT block sizes are
considerably smaller than those used in practical systems.

The contribution of this paper lies in providing concrete
evidence to demonstrate the benefit of frequency-domain
oversampling in practical systems. This study could motivate
further research on frequency-domain oversampling in other
scenarios. In addition to multicarrier transmissions, frequency-
domain oversampling could also be useful for single-carrier
transmissions with frequency-domain equalization, see, e.g.,
[14].

The rest of the paper is organized as follows. The system
model is introduced in Section II. The proposed transmitter
and receiver designs are presented in Section III. Numerical
simulations are given in Section IV, and experimental results
are collected in Sections V and VI. We conclude in Sec-
tion VII.

Notation: Bold upper-case and lower-case letters denote
matrices and column vectors, respectively;(·)T , (·)∗, and
(·)H denote transpose, conjugate, and Hermitian transpose,
respectively.IN stands for an identity matrix with sizeN .

II. SYSTEM MODEL AND MOTIVATION

Zero-padded OFDM with rectangular pulse-shaping win-
dows has been used in [2]–[4]. In this paper, we also consider
raised-cosine pulse-shaping windows. WithT denoting the
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Fig. 1. Illustration of the transmitted and received signals in the time domain.

symbol duration, andβ denoting the roll-off factor, the raised-
cosine window is [6]
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(1)

whose Fourier transform is

G(f) =
sin(πfT )
πfT

· cos(πβfT )
1− 4β2f2T 2

e−jπf(1+β)T . (2)

Whenβ = 0, g(t) in (1) reduces to the rectangular window
used in [2]–[4].

With symbol durationT , the subcarrier spacing is∆f =
1/T , and the subcarriers are located at frequencies

fk = fc + k/T, k = −K/2, . . . ,K/2− 1, (3)

where fc is the center frequency, andK is the total num-
ber of subcarriers, leading to the bandwidthB = K/T 1.
Define SA and SN as the non-overlapping sets of active
and null subcarriers respectively, which satisfySA ∪ SN =
{−K/2, . . . ,K/2−1}. Let s[k] denote the information symbol
on thekth subcarrier. The transmitted passband signal is

x̃(t) = 2Re

(
∑

k∈SA

s[k]ej2πfktg(t)

)

, t ∈ [0, T ′] , (4)

whereT
′

= (1 + β)T + Tg is the ZP-OFDM block duration
accounting for a zero guard time of lengthTg; see Fig. 1 for
an illustration. The Fourier transform of̃x(t) for f > 0 is

X̃(f) =
∑

k∈SA

s[k]G (f − fk) , (5)

1Although G(f) is not exactly band-limited, the bandwidth of OFDM in
practical systems is treated asK/T , by turning off a number of subcarriers
on the edges of the signal band.
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which occupies the frequency band[fc−B/2, fc+B/2] with
some null subcarriers inserted at the edges of the frequency
band.

Assume that the channel consists ofNp discrete paths

h(τ ; t) =

Np∑

p=1

Ap(t)δ (τ − τp(t)) , (6)

whereAp(t) and τp(t) are the amplitude and delay of the
pth path. Within one OFDM block, we assume that (i) the
amplitude does not changeAp(t) ≈ Ap, and (ii) the path
delay can be approximated as

τp(t) ≈ τp − apt,

where τp is the initial delay andap is the Doppler rate of
the pth path. The parameterap can be expressed asap =
vp/c, wherevp is the relative speed of the transmitter and the
receiver projected on thepth path, andc is the sound speed
in water. As such, the received passband signal is

ỹ(t) =

Np∑

p=1

Apx̃((1 + ap)t− τp) + ñ(t), (7)

whereñ(t) is the additive noise.
As described in [2], [4], the receiver first performs a re-

sampling operation on the received passband signal to remove
the dominant Doppler effect, leading tõz(t) = ỹ (t/(1 + â))
where (1 + â) is the resampling factor; The resampling
factor â can be estimated based on the packet length change
through the use of preamble and postamble [15], or by a
synchronization algorithm based on a cyclic-prefixed OFDM
preamble [16]. Then the baseband signalz(t) is obtained
with the passband to baseband downshifting and the lowpass
filtering, leading to

z(t) =

Np∑

p=1

Ape
j2πfc(bpt−τp)

×
∑

k∈SA

s[k]ej2π
m
k
((1+bp)t−τp)g((1 + bp)t− τp), (8)

wherebp represents the residual Doppler rate, with

1 + bp =
1 + ap
1 + â

. (9)

The baseband signalz(t) is often sampled at the baseband
rate K∆f , and hence the sampling interval isT/K. Since
null subcarriers are placed at the edges of the signal band,
this sampling rate does not incur any information loss. For
each ZP-OFDM block, a total of

K ′ , (1 + β)K + (Tg/T )K (10)

time-domain samples are obtained, which contain all useful
information about the current block.

The receivers in [2], [4] first estimate the mean Doppler
shift based on the minimization of the energy spilled to null
subcarriers [17], [19]. After compensating the mean Doppler
shift (sayǫ Hz) on the baseband sequence, FFT operation is
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(b) solid lines are samples on the subcarriers, while dashedlines are
samples mid-way between consecutive subcarriers.

Fig. 2. The subcarrier index and illustration of oversampling with α = 2.

performed after overlap-adding. The FFT output on thekth
subcarrier can be expressed as

z[k] = Z (k/T + ǫ) = Z̃(fk + ǫ) (11)

= Ỹ ((1 + â)(fk + ǫ)) , k = −K/2, . . . ,K/2− 1

whereZ(f), Z̃(f), and Ỹ (f) are the Fourier transforms of
z(t), z̃(t), and ỹ(t), respectively. Channel estimation and
symbol detection in [2], [4] are performed based on theK

frequency-domain samples{z[k]}K/2−1
k=−K/2 .

Clearly, the receivers in [2], [4] do not utilize all the in-
formation available per ZP-OFDM block: onlyK frequently-
domain samples are retained while there areK ′ > K time-
domain samples. In this paper, the benefit of frequency-domain
oversampling is investigated in the context of underwater
acoustic communication systems, and is confirmed using data
collected from real experiments.

III. T HE PROPOSEDTRANSCEIVERDESIGN

We rely on the signal design in [12], [13], where the data
subcarriers are separated from the pilot subcarriers by at least
two null subcarriers.2 Specifically, subcarriers are divided into
NG , K/8 groups, with each group containing 8 subcarriers
in the following pattern:

[
0 P 0 0 D D D 0

]
, (12)

whereP and D denote a pilot symbol and a data symbol,
respectively; see also Fig. 2. For thegth group, the index for
the pilot subcarrier ispg = (−K/2)+8g+1, and the indexes
for the data subcarriers areig − 1, ig, ig + 1, where ig =
−(K/2)+ 8g+4. Some subcarrier groups on the edge of the
signal band are turned off.

2In this paper, we consider only this specific design. The investigation of
optimal subcarrier distribution is out of the scope of this paper. Ref. [18]
has started to look into this topic with the conventional frequency-domain
sampling.
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A. Receiver Model

We next present the channel input-output relationship for the
signal design in Fig. 2. Using frequency-domain oversampling
with an oversampling factorα ≥ 1, an αK-point FFT
operation is performed after padding{αK −K ′} zeros to the
baseband signal after Doppler shift compensation. Therefore,
a total ofαK frequency-domain samples are obtained. Obvi-
ously, whenα = 1, this operation reduces to the overlap-add
receiver. Define

f̌m′ = fc +
m′

αT
, m′ = −αK/2, . . . , αK/2− 1, (13)

wherem′ andk index of the oversampled measurements and
the physical subcarriers, respectively. The measurementz[m′]
on the frequency̌fm′ can be related toz(t) as [4]

z[m′] =
1

T

∫ (1+β)T+Tg

0

z(t)e−j2πǫte−j2π m′

αT
tdt. (14)

Substituting (4) and (7) into (14) yields,

z[m′]=

Np∑

p=1

[

A′
pe

−j2π(f̌m′+ǫ)τ ′

p

( ∑

k∈SA

̺m′,k(bp)s[k]
)]

+η̄[m′],

(15)
whereη̄[m′] is the additive noise and,

A′
p =

Ap

1 + bp
, τ ′p =

τp
1 + bp

, bp =
ap − â

1 + â
, (16)

̺m′,k(bp) = G

(

f̌m′ − fk +
ǫ− bpf̌m′

1 + bp

)

. (17)

We can rewrite (15) as

z[m′] =
∑

k∈SA

H̄m′,ks[k] + η̄[m′], (18)

wherek ∈ {−K/2, . . . ,K/2−1} is the subcarrier index,m′ ∈
{−αK/2, . . . , αK/2 − 1} is the index for the FFT outputs,
and

H̄m′,k =

Np∑

p=1

A′
pe

−j2π(f̌m′+ǫ)τ ′

p̺m′,k(bp). (19)

To separate channel estimation from data detection, we
assume that the ICI beyond the direct subcarrier neighbors
can be neglected [20]. Specifically, define

Hm′,k =

{

H̄m′,k |m′/α− k| 6 1

0 otherwise
. (20)

Eq. (18) can then be rewritten as:

z[m′] =
∑

k∈SA

Hm′,ks[k] + η[m′]. (21)

Clearly, the effective noise is

η[m′] =
∑

k∈SA

(
H̄m′,k −Hm′,k

)
s[k] + η̄[m′]. (22)

which consists of the ambient noise and the residual ICI.

B. Sparse Channel Estimation

With the development of compressive sensing techniques,
recent publications on the sparse channel estimation tend
to be abundant, see, e.g. [21]–[25] and reference therein.
However, most of them are limited to narrowband systems,
which address multipath channels with different Doppler shifts
rather than with different Doppler scales. We next extend the
channel estimator from our previous work in [4] to incorporate
the frequency-domain oversampling.

Based on (21), the receiver draws the following2α + 1
frequency-domain samples for each pilot symbol transmitted
as










z[α(pg − 1)]
...

z[αpg]
...

z[α(pg + 1)]











=











Hα(pg−1),pg

...
Hαpg ,pg

...
Hα(pg+1),pg











s[pg]+











η[α(pg − 1)]
...

η[αpg]
...

η[α(pg + 1)]











.

(23)
The channel’s frequency response at frequencyf̌m′ can be
obtained as

Ĥm′,pg
= z[m′]/s[pg], m′ = α(pg − 1), . . . , α(pg + 1),

(24)
in which, corresponding toNG pilot subcarriers, a total of
NG(2α+ 1) channel measurements can be collected.

With the limited number of observations, there are much
more channel coefficients{Hm′,k} to estimate. Using com-
pressed sensing techniques, the receiver exploits the sparse
nature of underwater acoustic channels and jointly esti-
mates the complex gain, Doppler scale, and delay triplets
{A′

p, bp, τ
′
p}

Np

p=1 corresponding toNp discrete paths. However,
this is anonlinearestimation problem, as evidenced by (19).
To render the nonlinear estimation problem into alinear one,
the delay and Doppler scale will be searched over an over-
parameterized dictionary, as described next.

Specifically, the sparse channel estimator searches for pos-
sible paths on a two dimensional dictionary of(b, τ ′) of size
Nb ×Nτ , with each dimension uniformly discretized as,

b ∈ {−bmax,−bmax+∆b, . . . , bmax} , (25)

τ ′ ∈
{

0,
T

λK
,
2T

λK
, . . . , Tg

}

, (26)

where∆b and T/(λK) denote the uniform sampling steps
along the delay axis and the Doppler rate axis, respectively,
with λ an integer to control the time-domain resolution. Hence,
there areNbNτ tentative paths to be searched.

The channel measurements of all the groups can be stacked
into anNG(2α+ 1)× 1 vector,

ĥP = [Ĥα(p0−1),p0
, · · · , Ĥα(p0+1),p0

, · · · ,
Ĥα(pNG

−1),pNG
, · · · , Ĥα(pNG

+1),pNG
]T , (27)

which shall contain the contributions from all possible paths.
Let ξi,j denote the complex amplitude corresponding to the
path on the(bi, τj) grid. Based on (27), (19), (20), one can
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compactly expresŝhP as

ĥP =

Nb∑

i=1

Nτ∑

j=1

ξi,jΛjΓi + ηP (28)

= [Λ1Γ1, . . . ,ΛNτ
ΓND

]
︸ ︷︷ ︸

:=A






ξ1,1
...

ξND ,Nτ






︸ ︷︷ ︸

:=ξ

+ηP , (29)

with ηP denoting the channel measurement noise, and

Λj = diag
(

e−j2π(f̌m′+ǫ)τ ′

j

)

,

[Γi]m′,l =

{

̺m′,l(bi) |m′/α− l| 6 1

0 otherwise
,

where,̺ m′,l(bi) is defined as in (17),l ∈ {pg}NG−1
g=0 andm′ ∈

{α(pg − 1), α(pg − 1) + 1, . . . , α(pg + 1)}NG−1
g=0 , the sizes of

Λj andΓi areNG(2α+1)×NG(2α+1) andNG(2α+1)×NG,
respectively.

Noticing that most elements ofξ are zero, the sparse channel
parameters are found through the optimization problem,

min
ξ

‖ĥP −Aξ‖2 + ζ|ξ|1, (30)

where the constantζ controls the sparsity of the solution. In
this paper, we use the SpaRSA algorithm from [26] to solve
(30).

C. MMSE Channel Equalization

Channel equalization is applied on each group
separately. For thegth group with three data symbols
s[ig−1], s[ig], s[ig+1], the related channel outputs are










z[α(ig − 2)]
...

z[αig]
...

z[α(ig + 2)]











︸ ︷︷ ︸

,zg

=











η[α(ig − 2)]
...

η[αig]
...

η[α(ig + 2)]











︸ ︷︷ ︸

,η
g

+ (31)











Hα(ig−2),(ig−1) 0 0
...

...
...

Hαig ,(ig−1) Hαig ,ig Hαig ,(ig+1)

...
...

...
0 0 Hα(ig+2),(ig+1)











︸ ︷︷ ︸

,Hg





s[ig − 1]
s[ig]

s[ig + 1]





︸ ︷︷ ︸

,dg

.

The vector zg is of length 4α + 1. With α = 1 in the
conventional receiver,5 measurements are used to decode 3
symbols, while an oversampling factor ofα = 2 leads to 9
available measurements to decode 3 symbols.

Given (22), one can find that the equivalent noiseηg

consists of both the residual ICI and the ambient noise. The
residual ICI is colored. Due to the fact that there are more

frequency-domain noise samples than the time-domain noise
samples due to oversampling, the ambient noise is colored too.
Hence,ηg is colored. However, the block-by-block receiver is
not able to estimate the covariance ofηg, as it only focuses on
one block, and the covariance of the residual ICI component
could change drastically from block to block in fast-varying
channels. For simplicity, we assume thatηg has zero mean
and covariance matrixN0I4α+1, and obtain the noise variance
estimateN̂0 as the average energy on the null subcarriers.3

With the approximated noise covariance matrix, the MMSE
equalizer’s output is

d̂
mmse
g =

(

H
H
g Hg +

N̂0

Es
I3

)−1

H
H
g zg, (32)

whereEs is the symbol energy. At high signal-to-noise ratio
(SNR), the MMSE equalizer reduces to the zero-forcing (ZF)
equalizer given by

d̂
zf
g =

(
H

H
g Hg

)−1
H

H
g zg. (33)

Other equalizers such as those based on decision feedback
(DFE) [6] or Markov Chain Monte Carlo (MCMC) [28], [29]
could also be considered. However, since strong nonbinary
LDPC channel coding [30] will be used to evaluate the coded
block error rate performance, we focus on linear equalizersin
this paper.

When multiple receiving hydrophones are available at the
receiver, one can stack the measurement vectors{zg} of
all the hydrophones and the corresponding channel matrices
{Hg} into a tall vector and a tall matrix, respectively. The
equalization schemes in (32) and (33) can be then applied,
which only involve inversion of matrices of size3× 3.

IV. N UMERICAL SIMULATION

The sparse channel consists ofNp = 10 discrete paths,
where the inter-arrival time follows an exponential distribution
with mean 0.5 ms. The amplitudes are Rayleigh distributed
with the average power decreasing exponentially with the
delay, where the difference between the beginning and the end
of the guard time of13.1 ms is 6 dB. The Doppler rateap
of each path is drawn from a zero mean Gaussian distribution
with standard deviationσvfc/c, whereσv denotes the standard
deviation of the platform velocity, andc is the sound speed
in water being set to1500 m/s. Hence, the maximum possible
Doppler is about

√
3σvfc/c. A total of 2000 Monte Carlo runs

are used for simulation. In each run, a channel instantiation is
generated according to the channel statistics specified above.

The ZP-OFDM signal parameters are tailored according to
the setting of the SPACE08 experiment in Table I, with the
only exception ofTg = 13.1 ms. The subcarrier allocation
in Fig. 2 is adopted. Out of theNG = K/8 = 128 groups,
8 groups on each edge of the signal band are turned off for
the band protection, while the pilot subcarriers therein are still
used to carry pilot symbols. Hence, there are|SP | = 128 pilot
subcarriers and|SD| = 384 data subcarriers in total. The data

3We have tried to pad(αK −K ′) noise samples rather than zeros for the
αK-point FFT to make the ambient white, however, the decoding performance
does not improve, or even slightly degrades due to the extra noise samples.
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symbols are encoded via a rate-1/2 nonbinary LDPC encoder
over GF(16) [30] , with each coded symbol mapped to one
16-QAM constellation point, leading to a data rate:

R =
1

2

|SD| · log216
(1 + β)T + Tg

bits/second. (34)

For raised-cosine windows withβ = 0, 1/16, 1/8, the overall
data rates areR = 6.5, 6.2, 5.9 kb/s, respectively.

The dictionary for the sparse channel estimation are con-
structed with∆b = ∆v/c,∆v = 0.06 m/s, ND = 15 and
λ = 2 in (25) and (26), respectively. The MMSE equalizer
of Section III-C is adopted for data symbol detection. The
block-error-rate (BLER) after channel decoding is used for
the performance comparison.

With full channel knowledge, Figs. 3 and 4 demonstrate the
uncoded bit-error-rate (BER) and BLER performance bounds
with different standard deviations of the Doppler rate. Com-
paring the performance of conventional and the frequency-
oversampling receivers, we observe that the performance ofthe
latter remains almost the same as the Doppler spread increases,
while the performance decreases considerably for the receiver
without oversampling.

As the channel Doppler spread increases, we can find that
the decoding performance of the receiver without frequency
oversampling degrades gradually due to severer ICI, whereas
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Fig. 5. BLER performance with estimated channels, rectangular window,
σv = 0.25 m/s
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Fig. 6. BLER performance with estimated channels

the performance of the receiver with frequency-domain over-
sampling does not decrease much, as shown in Fig. 4. Hence,
the advantage of frequency-domain oversampling gets pro-
nounced as the Doppler spread increases.

Fig. 5 shows the BLER curves with estimated channel
knowledge where both MMSE and zero-forcing (ZF) equalizer
are adopted. One can find that the frequency oversampling
receiver outperforms the conventional sampling receiver by
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Fig. 8. BLER performance with estimated channels, rectangular window,
σv = 0.25 m/s

about 1.5 dB, while the improvement of MMSE equalizer
relative to the ZF equalizer is slight.

Figs. 6(a) and 6(b) depict the block-error-rate (BLER)
performance of two receivers using different windows and
different standard deviations of the Doppler rate. For the
conventional sampling receiver, the BLER performance of
raised-cosine window is better than that of the rectangular
window, and the performance gap improves as the roll-off
factor increases. However, for the frequency oversamplingre-
ceiver, the performance gap between the two types of windows
becomes very small. Compared with the windowing operation,
the performance gain of the frequency-domain oversampling
receiver is more pronounced, especially in the scenario with
large velocity deviation.

Moreover, Figs. 6(a) and 6(b) also include the BLER perfor-
mance of the proposed receiver with an oversampling factor
of 4 using the rectangular window. One would expect that
employing a larger oversampling factor does not bring obvious
performance improvement, as an oversampling factorα = 2
has already retained all the information of the time-domain
samples. In fact, the performance of the receiver withα = 4
is slightly worse than that withα = 2, as the approximation
accuracy on the covariance matrix of the effective noise in
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Fig. 9. Sample of sparse channel estimates in the SPACE08 experiment,
receiver S3 (1000 m), Julian Data 299.

TABLE I
OFDM PARAMETERS IN SIMULATION AND SPACE08 EXPERIMENT.

fc 13 kHz
B 9.77 kHz
K 1024
T 104.86 ms

∆f := 1/T 9.54 Hz
Tg 24.6 ms

(22) decreases with a larger oversampling factor.
To understand how much frequency-oversampling helps on

different receiver modules, we plot in Figs. 7 and 8 the BLER
performance of receivers of four different cases:

• Case 1): conventional sampling for channel estimation
and oversampling for data detection;

• Case 2): conventional sampling for both channel estima-
tion and data detection;

• Case 3): oversampling for channel estimation and con-
ventional sampling for data detection;

• Case 4): oversampling for both channel estimation and
data detection.

One can find the receiver performance degrades significantly
if frequency-domain oversampling is only applied for data
symbol detection (case 1), since the channel information at
those additional frequency sampling points is not explicitly
available. The performance of the receiver in case 3 is slightly
better than that of the receiver in case 2. Hence, data detection
with conventional sampling cannot effectively benefit fromthe
improved channel information due to frequency oversampling.
Considerable performance improvement is achieved only when
frequency-domain oversampling is used for both channel es-
timation and data detection.

V. SPACE08 EXPERIMENTAL RESULTS

This experiment was held off the coast of Martha’s Vine-
yard, Massachusetts, from Oct. 14 to Nov. 1, 2008. The water
depth was about 15 meters. Among all the six receivers, we
only consider the data collected by three receivers, labeled
as S1, S3, S5, which were 60 m, 200 m, and 1000 m away
from the transmitter. Each receiver array consists of twelve
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Fig. 10. BLER performance with stationary receivers in the SPACE08 experiment.
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Fig. 11. Sample of sparse channel estimates in the SPACE08 experiment,
moving receiver.

hydrophones. During the experiment, there are two periods,
one around Julian date 297 and the other around Julian date
300 [4], when the wave height and wind speed were larger
than those in the rest of days. The later period was more
severe. We only consider the data recorded from Julian dates
299-301, the days around the second period. For each day,
there are ten recorded files, each consisting of twenty OFDM
blocks. Parameter settings of this experiment are summarized
in Table I.

A. BLER Performance with Stationary Receivers

Due to the mild Doppler effect, resampling operation is not
performed. One example of the estimated paths on the delay-
Doppler plane on Julian date 299 is shown in Fig. 9. The
average SNR measured in the frequency domain as the ratio
of the received power on the pilot subcacarriers to that on the
null subcarrers, is mainly distributed from 8 dB to 16 dB. The
BLER performance of the received signal on Julian dates 299-
301 by combining an increasing number of phones is shown in
Fig. 10. Compared with the conventional sampling, frequency-
domain oversampling helps to achieve similar performance
with less number of phones. Note that multiple factors could
affect the experimental decoding results. Similar decoding
performance of the receivers with and without frequency-
domain oversampling for some settings (e.g., S1 in Fig. 10 (b)
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Fig. 12. BLER performance with moving receivers.

and S5 in Fig. 10 (c)) is mainly due to limited experimental
data sets, as some data blocks could be challenging enough
such that no method is effective. Overall, Fig. 10 clearly
shows that more frequency-domain observations lead to better
channel estimation and symbol detection performance.

B. BLER Performance with Moving Receivers

With the same transmitter, additional data were collected by
an 8-element array, towed by a vehicle moving at the speed of
about 1 m/s. Four runs of data were collected, each with twenty
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Fig. 13. Sample of sparse channel estimates in the WHOI09 experiment.

OFDM blocks. The estimated resampling factor for each run
is [1.0006, 0.9991, 0.99913, 1.0001], which corresponds to
a moving speed of[0.85, 1.3, 1.35, 0.15] m/s, respectively.
The average SNRs measured in the frequency domain before
and after the resampling operation are around 7 dB and 12 dB,
respectively. One example of the estimated paths on the delay-
Doppler plane is shown in Fig. 11. One can see that the paths
are associated with large Doppler rates due to the platform mo-
tion. Fig. 12 shows the BLER performance of the conventional
sampling method and the frequency oversampling method
with and without resampling operation. Due to the motion
of the receiving array, the frequency measurements without
resampling operation suffer from very large Doppler shifts.
Hence, one can see a considerable performance gap between
the receiver with resampling operation and that without resam-
pling operation. For the receiver without resampling operation,
the performance gain of frequency oversampling is significant
due to the large Doppler scaling effect. After removing the
main Doppler effect by resampling the received signal, the
performance gap between the conventional sampling method
and the frequency oversampling method gets decreased, which
agrees very well with the simulation results.

VI. WHOI09 EXPERIMENTAL RESULTS

This experiment was carried out in the Buzzards Bay, Mas-
sachusetts, from Dec. 07 to Dec. 08, 2009. The water depth
was about 15 meters. Two buoy-based receivers were deployed
at 1000 meters and 2000 meters away from the transmitter,
each with 4 hydrophones. Due to the malfunction of the second
hydrophone during the experiment, we only consider the data
recorded by the first, third, and fourth phones. There were
three transmissions in total, where each transmission consisted
of 15 OFDM blocks using the rectangular window, 15 blocks
using a raised-cosine window withβ = 1/16, and the other
15 blocks using a raised-cosine window withβ = 1/8. The
ZP-OFDM parameters are as follows:fc = 31 kHz, B = 10
kHz, K = 1024, T = 102.4 ms, andTg = 24 ms.

One example of the estimated paths on the delay-Doppler
plane is shown in Fig. 13. Due to the calm environment
and large SNRs around 30 dB, most received blocks can
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Fig. 14. BLER with conventional sampling, WHOI09 experiment, 16QAM.
The received signals are artificially scaled.

TABLE II
THE NUMBER OF DECODED BLOCKS IN ERROR OUT OF45 BLOCKS;

WITHOUT DOPPLER SHIFT COMPENSATION

# of Phones Rect. RC (1/16) RC (1/8)
Without 1 10 11 6

oversampling 2 1 0 1
3 0 0 0

With 1 0 0 0
oversampling 2 0 0 0

3 0 0 0

be decoded with just one phone, hence, the performance
difference between different settings is hard to tell. To enlarge
the difference, the received signal is decoded without the
Doppler shift compensation step [2]. We here only consider
the signal received at the buoy2000 meters away from the
transmitter. The number of decoded blocks in error out of
the total 45 blocks are shown in Table II, with 16-QAM
constellation and rate-1/2 nonbinary LDPC coding [30]. The
benefit of frequency-domain oversampling can be seen.

To highlight the performance difference between the win-
dow types, the received signal is artificially scaled after main
Doppler shift compensation. The scaling factor is chosen
according to a zero mean Gaussian distribution with standard
deviationσv/c. With 50 Monte Carlo runs, the average BLER
curves over the three transmissions (each consisting of50×15
blocks) versus different standard deviation of the velocity are
plotted. Fig. 14 shows the average BLER performance over
three transmissions of the scaled version of the received signal
with scaling factor ofv/c. Comparing the BLER performance
corresponding to different windows, one can find that the
performance using the raised-cosine window is similar to that
of rectangular window.

VII. C ONCLUSIONS

In this paper, we presented a zero-padded OFDM transceiver
design with rectangular and raised-cosine pulse-shaping win-
dows for underwater acoustic communications. Numerical
and experimental results demonstrated that frequency-domain
oversampling improves the system performance considerably,
and the gain becomes larger as the channel Doppler spread
increases.
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