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Abstract

This paper presents an adaptive approach to address the two main problems associated with the time varying

Doppler shift, the first being the acceleration effects on the cyclic-prefix (CP) correlation and the second, the effect of

a sudden change in the velocity direction between packets onthe entire orthogonal frequency division multiplexing

(OFDM) symbols. In addition, this paper considers the residual Doppler shift or carrier frequency offset (CFO)

that was estimated iteratively within a range according to adesign based on the sub-carrier spacing using pilots,

which are basically utilized for the purpose of channel estimation. Furthermore, the proposed algorithm adopts three

estimations of the symbol timing offset. These estimationsare centroid-based localization over an anticipated CP

window, first order expectation and autocorrelation of the received CP with its replica. Subsequently, a penalization

algorithm is applied in order to drop the anomalous parameter among them. Therefore, the consequences of the

inflection point that accompanies the abrupt change in the velocity are mitigated and a reliable time varying Doppler

shift is obtained. This Doppler shift is fine tuned in an iterative manner. Compared with the block-based Doppler

compensation approach, the proposed technique works with variable speed during packet duration. In addition, it

exploits the available bandwidth more efficiently by utilizing a single preamble of linear-frequency-modulation (LFM)

to detect the start of the packet. The proposed receiver was evaluated through simulations and sea trials conducted over

500 m and 1000 m channel ranges. In simulations, a model was designed to imitate the time varying Doppler shift

with two scenarios (expansion/compression) in combination with a various multipath delay spread. The simulation

results confirm that the proposed system accommodates an acceleration up to±1 m/s2 during the packet time.

Index Terms

Time varying Doppler, weighted centroid localization, OFDM, underwater acoustic communication, bit interleaved

coded modulation, iterative decoding.

I. I NTRODUCTION

Several time-domain receivers that adopt coherent modulation with an emphasis on channel equalization in order

to increase communication reliability have been suggested. However, the time varying doubly-spread characteristic of
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the underwater acoustic (UWA) channel requires a highly complex equalizer. Recently, an alternative low-complexity,

high-speed multi-carrier communication system, in the form of OFDM, has attracted considerable interest in the

field of underwater acoustic communication (UWAC). This is mainly due to its simplicity of operation by means of

the fast Fourier transform (FFT) for the purpose of modulation/demodulation. This system deals with the frequency

selectivity of the channel by dividing the broadband data into parallel narrowband channels. Additionally, in a delay-

dispersive environment, adopting a CP of a length greater than the maximum delay spread provides an excellent

way to assure the orthogonality of the carriers. However, propagation is considered to be time-selective due to

the Doppler shift in which one sub-carrier may introduce ICIto the adjacent sub-carriers [1]. The Doppler shift

sensitivity is proportional to the OFDM symbol duration; therefore even slightly moving platforms can cause serious

impairments as far as synchronization is concerned.

Previous studies in the field of UWAC have addressed several approaches for synchronization in the presence

of Doppler distortion. As far as multi-carrier transmission is concerned, the authors in [2]-[4] have addressed

the performance of the OFDM systems under the Doppler effects and investigated the Doppler scale methods,

respectively. Researchers in [5] employed the principle in[6] and null sub-carriers for the purpose of re-sampling

factor estimation and residual Doppler compensation, respectively. Although these algorithms do attain precise

estimation by adopting preamble and post-amble, the bandwidth utilization factor is compromised. A point estimate

of the Doppler shift is adopted in [7]; therefore it is suitable for situations where the Doppler shift stays constant or

varies slowly during the packet time. The concept in [8] was extended to work in UWAC by [9] with an iterative

cyclic prefix correlation. To estimate the Doppler shift, the author employed the symmetry of the guard interval

with its replica. This parameter is estimated iteratively,depending on the peak location and its phase with respect

to the new sampling interval; therefore it is a computationally expensive search.

A number of previous studies have based their criteria for Doppler-shift and CFO estimation on utilizing signal

space and statistics. For instance, the authors in [10] haveused maximal likelihood estimation (MLE) and ESPRIT

to estimate both CFO and Doppler shift in wideband OFDM, while in [11], HTLS (Hankel Total Least Square)

has been used for joint channel and Doppler estimation. The system requires no estimation of the CFO, and

there is no need to re-sample the signal. An extension to [7] has been suggested by [12] for symbol by symbol

Doppler estimation. This method adopts marginal maximum likelihood estimation (MMLE) to track the Doppler

variation between symbols. Despite its precise estimation, MLE has a number of problems in terms of hardware

implementation, where it necessitates high complexity.

Although re-sampling the signal removes the Doppler shift,a major problem with its residual or CFO is the

destruction of the orthogonality of the sub-carriers due tothe resulting inter-carrier interference (ICI). A considerable

amount of literature on combating ICI has been published. These studies [13]-[16] have presented conclusions that

mitigating ICI will result in successful communication.

All the aforementioned papers assume that the Doppler shiftis constant during the symbol period and all paths

have equal Doppler shift; therefore re-sampling the signalwith a unique time scaling factor is valid and a symbol

by symbol approach works effectively. A recent study by [17]has highlighted the need to estimate the optimal time
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Fig. 1. Proposed transmitter structure, where the operatorℜ represents the real part of the signal.

scaling factor in a multipath channel of different Doppler shift in each path. However, in our proposed method, it

is assumed that the channel variation is mainly caused by themotion of both transmitter and receiver, leading to a

significant time varying Doppler shift. Consequently, thiswill create acceleration that may exceed 1 m/s2 due to

speed alterations; therefore, ignoring this effect yieldsa significant ICI. In this paper, the acceleration is considered

and the Doppler shift is assumed to be changing linearly during the symbol time, but constant in all paths. This

variation is dealt with by measuring the time expansion/compression frequently within a fraction of a sample period

and then compensating the Doppler by means of an efficient 4thorder Lagrange interpolation.

In this paper, the proposed algorithm adopts an iterative approach in estimating the first order moment that results

in minimum phase and decoding errors. A cyclic redundancy check (CRC) is employed to detect bit errors after

decoding. Additionally, the iterations rely on the criteria of minimum phase error estimation to compensate the

residual Doppler shift. In the proposed technique, the estimation errors are subject to penalization by enabling a

learning and punishment(LP) action to fine tune the estimated shift in samples iteratively. Only the minimum

phase error which accompanies theith iteration is chosen with its associated time expansion and/or compression,

therefore an accurate Doppler shift is obtained. Inlearning mode(LM), the acceleration of the previous packet

is observed to designate an adaptiveexpectation range(ER), whereas thepunishment mode(PM) drops an out of

range estimation.

The rest of this paper is organized as follows. In section II,the proposed OFDM system and channel model are

introduced. The acceleration effects are demonstrated in section III. In section IV, the proposed adaptive receiver is

presented. In section V, system design, simulation and experimental results are presented. Finally, section VI draws

the conclusions.

II. SYSTEM AND CHANNEL MODEL

The proposed system contains the transmitter depicted in Fig.1. At each instanti, the encoder receives a vector

of information bitsbi of lengthKd at its input to produce a binary code of lengthKc = Kd/Rc encoded bits,

whereRc ∈ (0, 1] is the coding rate of the nonsystematic convolutional (NSC)code. The coded bits are permuted



4

by a random interleaver, then converted, in groups ofm successive bits, into alphabet symbols of constellation size

M = 2m. This mapping operation generates a sequence ofNd = Kc/m : s = {s0....sNd−1}, wheresi ∈ C andC

denotes the set of complex symbols. Subsequently, in the OFDM symbol to be constructed, pilot symbols of phase

shift keying (PSK) with unit amplitude are embedded with thedata symbols in a comb method. These pilot symbols

are used for the purpose of estimating channel response at the receiver. A PAPR reduction is introduced using the

SLM technique [18]. To implement this technique, a sequenceof phasesU are added in the transmitted signal to

be multiplied by the input data sequences and the symbol sequence of minimum PAPR is selected for transmission.

The resulting OFDM symbol, containingNp pilots andNd data-bearing sub-carriers, whereNd+Np = Nc, is then

modulated by an IFFT of sizeNc and the last samples are copied and prefaced to the symbol to form the CP-OFDM

frame. The guard interval of lengthNg is chosen to be longer than the channel dispersion time in order to minimize

the inter-symbol interference (ISI). The resulting frame is pulse shaped, using a pulse shape filter (PSF), and then

up-converted using carrier modulation. LetTd denote the OFDM symbol duration andTg the guard interval. The

total OFDM frame duration isT = Td + Tg. Let fn = fc + n∆f , being the carrier frequency corresponding to

each of the sub-carriers of the OFDM spectrum, where∆f = 1/Td is the frequency separation between alternate

sub-carriers andfc is the carrier frequency, so the bandwidth isB = Nc∆f . The time-domain representation of

the ith OFDM symbol is given by

xi(t) =
1√
Nc

∑

n∈I

di(n)u
opt
i (n)e

j2π n
Td

(t−Tg−iT ) ∗ prc(t− iT ),

for iT ≤ t < (i + 1)T,

(1)

wheredi(n) is the symbol transmitted over thenth sub-carrier,Uopt is the optimum phase set[ui(1), ui(2), ....ui(n)]

for lower PAPR withui(n) = ejϕn , ϕn ∈ [0, 2π], I denotes the set of modulated sub-carriers andprc(t − iT ) is

the pulse shaping filter, which is realized as an up-sampled raised cosine FIR filter. An equivalent passband model

of (1) is

xi(t) = ℜ
{

ej2πfct
∞
∑

i=0

1√
Nc

∑

n∈I

di(n)u
opt
i (n)e

j2π n
Td

(t−Tg−iT ) ∗ prc(t− iT )

}

,

= ℜ
{

∞
∑

i=0

1√
Nc

∑

n∈I

di(n)u
opt
i (n)ej2πfnte

j2π n
Td

(Tg−iT ) ∗ prc(t− iT )

}

,

(2)

It is assumed that the signal is transmitted over a multipathfading channel

h(τ, t) =

L−1
∑

l=0

hl(t)δ[τ − τl(t)], (3)

where{hl(t)} are the path amplitudes,{τl(t)} are the time varying path delays andL is the total number of paths.

As in [19], we assume the path delayτl and the gainshl are constant over the frame durationT .

1) For perfect OFDM synchronization, and providing that themaximum delay spread is within the guard interval,

the received passband signal can be written as
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r̃(t) =ℜ
{

∞
∑

i=0

1√
Nc

∑

n∈I

di(n)u
opt
i (n)ej2πfnt

×
L−1
∑

l=0

hl ∗ prc(t− τl)e
−j2πfnτl

}

+ w̃i(t),

(4)

wherewi(t) is a white Gaussian noise with varianceσ2.

r(t) =

L−1
∑

l=0

x[(1 ± v

c
)t− τl], (5)

wherev denotes the induced speed due to the mobility of the transmitter and/or receiver andc is the acoustic

propagation speed of 1500 m/s. The (+) sign indicates an expansion of the signal since the distance is increased

and vice versa. It is assumed that all paths have a similar∆; therefore,

2) when the Doppler shift is present, the received signal in (4) can be rewritten as

r̃(t) =ℜ
{

∞
∑

i=0

1√
Nc

∑

n∈I

di(n)u
opt
i (n)ej2πfn(1+∆)t

·
L−1
∑

l=0

hl ∗ prc((1 + ∆)t− τl)e
−j2πfnτl

}

+ w̃i(t),

(6)

Based on the assumption that the speed of the motion changes linearly during theith OFDM symbol interval

t ∈ [iT, T (i + 1)), the Doppler shift is varied with time; therefore the constant ∆ = v
c

does not hold to

accommodate this variation and it should be replaced by∆(t). Thus, the time varying Doppler shift can be

modeled as

∆(t) = ∓v(t)

c
, (7)

wherev(t) represents the speed variation during the symbol time.

3) Based on (7), the received passband signal in (6) with a time varying Doppler shift can be rewritten as,

r̃(t) =ℜ
{

∞
∑

i=0

1√
Nc

∑

n∈I

di(n)u
opt
i (n)ej2πfn(1+∆(t))t

·
L−1
∑

l=0

hl prc[(1 + ∆(t))t− τl]e
−j2πfnτl

}

+ w̃i(t),

(8)

and its corresponding complex baseband signal model can be written as

r(t) =

∞
∑

i=0

∑

n∈I

Hi(n)di(n)u
opt
i (n)ej2πn∆f tej2π∆(t)fnt + wi(t), (9)

whereHi(n) is the channel transfer function of theith symbol atnth sub-carrier with a time varying Doppler-shift

that can be written as

Hi(n) =
L−1
∑

l=0

hl e
−j2πfnτl prc [1 + ∆(t)t− τl − iT ] . (10)
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As referred to in [20], it is clearly shown in (9) that the effect of the Doppler shift on the received signal is

twofold. Firstly, it scales the received OFDM frame duration T by a factor of1+∆(t), yielding sampling frequency

errors that result in a symbol timing error [22]. Secondly, there is a time varying CFO.

A. Sampling frequency errors

In discrete time, the sampled transmitted signalx[kTs] in (5) is equivalent to a scaling of the sampling period

(interpolation or decimation)

r̃[kTs] = x[k(1∓∆(t))Ts − τl], (11)

wherek is an integer, andTs and r̃(kTs) are the sampling period and Doppler shifted received sampled signals

respectively.

The bidirectional effect of the Doppler shift causes symboltiming errors, which are increased or decreased

proportionally to∆(t). To align the symbol within its period, samples should be removed if (∆ > 0) or added if

(∆ < 0) at regular intervals [21].

Let ±φ be the deviation of samples of the received sequence for eachOFDM symbol due to the speed change;

the sampling period results in expansion or compression of the samples’ length, hence the Doppler-shifted received

frame’s length is modeled by

L′
f = (Lf ∓ φ), (12)

whereLf = Nc

B·Ts
represents the transmitted passband samples’ length. It isapparent thatLf is only affected byTs

and any expansion/compression in the timescale will resultin φ. Therefore, (12) is implicitly equivalent to (11). To

remove both CFO and symbol shift, an inverse time scaling of the received (compressed/expanded) signal should

be achieved providing that the amount of Doppler shift∆(t) is known. This is equivalent to changing the sampling

rate of the passband signal by1 + ∆(t) in discrete-time processing. From (12), it can be inferred that increasing

or decreasing the length of samples is equivalent to adjusting the sampling frequencyfs by the same Doppler shift

1 + ∆(t); thus (11) is rewritten as

r̃[k] = x[
k(1∓∆(t))

f ′
s

− τl], (13)

wheref ′
s = fs(1 ∓∆(t)). By substitutingf ′

s in (13), r̃[k] = x[k], the signal received is then in conformity with

the transmitted signal.

B. Carrier frequency offset errors

The factorej2π△(t)fnt in the received signal in (9) represents a time varying CFO, where∆(t)fn = ∆(t)fc +

∆(t)n∆f . The CFO (ǫ) is due to the residual Doppler shift. It is destructive because it deviates the sub-carrier

spacing∆f and introduces ICI, which must be removed prior to the FFT to design an optimum receiver [22]. The

re-sampling process removes the Doppler shift and convertsthe wideband system into narrowband. However, the

residual Doppler shift produced by the fractional part of the time expansion/compression degrades the receiver.
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III. A DAPTIVE OFDM RECEIVER STRUCTURE

The receiver structure is comprised of an acquisition stage, an estimation of the cyclic prefix position (symbol

timing), an adaptive Doppler shift estimation and compensation, and channel decoding. The receiver block diagram

is presented in Fig. 2. This receiver deals with three different cases of an OFDM symbol subject to Doppler

shift as shown in Fig. 3. The first case is where there is no Doppler shift or ∆ = 0. In this case, the OFDM

symbol coincides with the exact timing, preserving the orthogonality among sub-carrier frequency components. In
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the compression case, the symbol time is reduced and the sampling frequency must be increased to compensate

for the Doppler shift whereas in the expansion case, the symbol time is increased and the sampling frequency is

reduced. In addition, the received signal within the FFT window contains a part of the current OFDM symbol

and part of the proceeding OFDM symbol. This causes an ISI andan ICI, which implies that the orthogonality

has been compromised. In open-loop receivers, the Doppler shift is approximated based on one-shot estimation.

The iterative receiver, instead of depending on a single estimation of the centroid-based localization and linear

prediction to estimate the Doppler shift, combines conventional autocorrelation and then averaging based on three

estimations. Furthermore, the pilot has been utilized for phase error detection and correction in addition to channel

estimation. The proposed system adopts an iterative estimation of the first order moment that results in minimum

phase and decoding errors. In a practical communication system, there is a CRC to detect bit errors after decoding

and an action such as retransmission or repeat decoding is taken. Additionally, the iterations rely on the criteria of

minimum phase error estimation to compensate the residual Doppler shift. In the proposed technique, the estimation

errors are subject to penalization by enabling a LP action tofine tuneφ iteratively. Only the minimum phase error

which accompanies theith iteration is chosen with its associatedφ, therefore an accurate Doppler shift is obtained.

In LM, the acceleration of the previous packet is observed todesignate an adaptive ER, whereas the PM drops an

out of range estimation.

A. Signal acquisition

The frontend of the receiver consists of bandpass filter (BPF) of carrier frequencyfc to remove the unwanted low

frequencies due to the ambient noise. The subsequent stage is to identify the start of the packet through the finite

impulse response (FIR)-correlator with the chirp signal. The resulting peak signal represents the coarse estimation

of the packet starting pointζ, which contains the received passband Doppler-shifted samples and is directed to the

symbol synchronization stage.

B. Estimation of symbol timing expansion/compression

By considering the effect of acceleration on the chirp correlation is small, then in the case of multiple OFDM

symbols within a packet, the symbol timing error in each OFDMblock is accumulated with acceleration during the

packet time. Hence, adopting a single estimation of the synchronization pointζ for the whole packet is no longer

accurate. Therefore, in order to mitigate the accelerationeffect on the symbol timing error,ζ needs to be fine tuned.

Performing the fine tuning necessitates updating the position of ζ after each symbol time. Letm, i denote the range

of the timing offset around the leading and the trailing edgeduring the OFDM symbol, respectively. It follows that

a two dimensional timing function is written as

Λ(m, i) ,

∣

∣

∣

∣

∣

∣

Ng−1
∑

n=0

r(ζ +m+ n) r(ζ + n+N + i)∗

∣

∣

∣

∣

∣

∣

m ∈ {−W/2 · · ·W/2} ; i ∈ {−Υ′/2 · · ·Υ′/2} ,

(14)
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where,W corresponds to the region around the synchronization pointζ andΥ′ represents the region around the

tail of the OFDM symbol. Then,̂θm,i can be estimated from obtaining the maximum peak of the multiplication

and it can be written as

θ̂m,i = arg max max
m,i

Λ(m, i)

m ∈ {−W/2 · · ·W/2} ; i ∈ {−Υ′/2 · · ·Υ′/2} ,
(15)

and the fine tunedζ′ is obtained. The implementation of this fine tuning algorithm of the coarse packet synchro-

nization can be summarized as follows:

1) compute the coarse packet synchronization pointζ which represents the time position of the maximum peak

of the chirp correlation,

2) compute the timing functionΛ(m, i) for m ∈ [−W/2,W/2] , i ∈ [−Υ′/2,Υ′/2],

3) choose the maximum ofΛ(m, i) as the estimated packet timing offset,

4) updateζ to be fine tuned which is given as

ζ′ = ζ + θ̂m,i. (16)

It should be noted that a two dimensional search (i.e.m andi) is included in the proposed timing functionΛ(m, i).

This is the main difference from the single synchronizationpoint estimation in [23], where only coarse estimation of

the packet synchronization point is adopted. The first search parameter ism, corresponding to the first search region

in the range around the coarse synchronization pointζ. Meanwhile, the second search parameter isi, corresponding

to the range in the region around the tail of the OFDM symbol which yields the expected Doppler shift. Once the

fine tunedζ′ is obtained, the subsequent stage is the estimation of the first order moment̂φ. In existing techniques,

[8] and [23], due to the acceleration and the inherent ISI, there is a fluctuation in the maximum of the timing

function and the channel conditions have a direct effect on this maximum. Therefore, centroid-based localization

is adopted to estimatêφ, because it reduces the position uncertainty caused by the fading channel, and the search

range is built on the fine tunedζ′, which can be written as

rD ∈ [ζ′ +N − (
Υ

2
) + i, ζ′ +N +Ng − (

Υ

2
) + i], (17)

and the centroid-based first order momentφ̂l is given as in [23].

Fine tuning of the coarse symbol timing facilitates an alternative approach to estimating the first order moment

of the correlation lag. The suggested approach here aims to increase the confidence of estimation by considering

the first order moment that results from two correlation lags. The first correlation lag is estimated by means of

centroid-based localization, in accordance with the anticipated window mentioned earlier. This type of correlation

gives an accurate indication of the fractional part of the time-scale expansion/compression. However, the centroid-

based localization is severely affected due to the velocityperturbation. This perturbation degrades the estimation

performance of the timing function and ultimatelŷφl. Therefore, an alternative approach has been adopted by

involving another estimation point based upon full correlation of the received CP with its replica. Adding of this

correlation is derived upon the idea of increasing the certainty of the first order moment estimation. This is based on
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the assumption that the OFDM timing is approximately aligned due to the fine tuning of the packet synchronization

ζ′. By definition, the cross correlation between a pair of energy signals,x [n] andy [n], is given by [24]

rxy =
∞
∑

n=−∞

x [n] y [n− χ] , χ = 0,±1,±2, · · · , (18)

where the parameterχ is called lag and it indicates the time-shift between the pair. Based on this theory, the

time-shift in samples for either expansion or compression can be measured with respect to a reference sequence

length of the guard intervalNg. In the case of the existence of Doppler shift, the received samples are shifted to

the right in expansion or left in compression with respect tothe reference. To be more specific, once the start of

the packetζ′ is identified, it can be deemed that the symbol timing identification is reliable and the correlation

between the received CP and its replica is computed to measure the time-shift in the samples.

Λc ,

∣

∣

∣

∣

∣

∣

Ng−1
∑

n=0

r(ζ′ + n) r(ζ′ + n+N − χ)

∣

∣

∣

∣

∣

∣

,

χ = 0,±1,±2, · · · .

(19)

Considering that the reference sequence of the transmittedCP isNgNs , whereNs denotes number of samples per

symbol, then the first order moment of the Doppler shiftφyy can be approximated as

φ̂yy = arg maxΛc −NgNs,

χ = 0,±1,±2, · · · .
(20)

In this paper, instead of a single estimation of the first order moment, it has been estimated by the collaboration

of centroid-based localizationφl, auto correlation of the cyclic prefix with its Doppler-shifted replicaφyy and first

order expectationφE . In such a case, the conditional expectation ofφ is given as

φ̂ = E(φ/φ̃) = E
[

φ/φ̃(0), φ/φ̃(1), φ/φ̃(2)
]

, (21)

where the symbolE denotes the expectation operator andφ̃ =
[

φ̃l, φ̃yy, φ̃E

]

is a row vector of scalar real values that

contains noise within the measurements. For the first OFDM symbol j, the estimation of the first order moment

φ̂j is based on averaging̃φl and φ̃yy. However an additional parameter is added which is based on the linear

expectationφ̃E as mentioned in [25], therefore the estimated mean shift in samplesφ̄ is given as

φ̄j =
φ̃l + φ̃yy + φ̃E

3
, for j > 2 (22)

1) Control range and PM algorithms:The parameter̃φE can only be considered reliable with increasing or

decreasing gradient, i.e., when the speed change is unidirectional during a packet time. However, this is an unrealistic

condition, where the speed could be steepening and levelingoff during the packet time. Therefore, it is crucial to

govern the estimation within a specific range to detect anomalous situations. This range is the first part of the PM

and it is built on the assumption that the speed is increasingwith the packet time at constant acceleration.
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Based on that, the system is capable of predicting the drift in samples in the next symbol. Let us define a new

variableφa to buffer the absolute difference betweenφ̂c and φ̂p

φa = |φ̂c − φ̂p|, (23)

where φ̂c and φ̂p represent the current and previous estimation at timej and j − 1 respectively determining the

mean valuēφa of (23) over the OFDM blocks. Accordingly, we formulate a general expected range in samplesφ̂C

and it can be written as

φ̂C ← φ̂j−1 ± 2|φ̄a|, (24)

where the (+) sign indicates an acceleration in the expansion of the signal since the distance is increased and vice

versa. An algorithm is developed in (1) to deal with these scenarios.

input : Parameters̄φa, φ̂j−1

output: Range forφ̂CP , φ̂CN

1 if Flag > 10 then // <Flag represents the symbol index>

2 φ̂CP ← φ̂j−1 + 2|φ̄a|
3 φ̂CN ← φ̂j−1 − 2|φ̄a|

4 else

5 φ̂CP ← φ̂j−1 + 4

6 φ̂CN ← φ̂j−1 − 4

7 end

Algorithm 1: Range algorithm

It can be noticed from algorithm (1) that̂φCP and φ̂NP ranges are assigned for the positive and negative

acceleration, respectively. For instance, ifφ̂j−1 = 5 samples and the average drift in samples of the the previous

10 OFDM blocks werēφa = 2 samples, then, it is expected thatφ̂ will be φ̂i−1 ∓ 2. Accordingly, in algorithm

(1), lines 2 and 3, we expand the range to a square half of this coefficient. In this case the range is expressed as

[φ̂j−1 − 2|φ̄a|, φ̂j−1 + 2|φ̄a|] instead of[φ̂j−1 − |φ̄a|, φ̂j−1 + |φ̄a|]. In lines 5 and 6 on the other hand,φ̂j−1 ∓ 4 is

based on the assumption thata = 1m/s2. In this case the speed will change∓0.25m/s in each OFDM symbol and

this can be interpreted in terms of samples to∓2 samples. As in lines 2 and 3, the tolerance is also increased by 2.

The second step in the PM is to set the conditions that are needed to make an action to correct the estimation.

There are three cases adopted here to perform the PM. In each case, two out of three parameters are considered and

the third one is dropped. This procedure is necessary in order to accommodate the abrupt change in the direction

of the velocity, hence the range control detects this perturbation in the speed while the PM applies the appropriate

action by ignoring the nuisance parameter. Consequently, the average of the reliable parameters are considered and

utilized in the search. This procedure of PM is shown in algorithm (2)
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input : Parameters̃φ(i), φ̂CN , φ̂CP

output: Parameters within the expected range

1 for I = 1 : 3 do

2 if (φ̃(I) < φ̂CN ‖ φ̃(I) > φ̂CP ) then

3 switch (I) do

4 case (1)

5 φ̃(1)← 0.5(φ̃(2) + φ̃(3))

6 case (2)

7 φ̃(2)← 0.5(φ̃(1) + φ̃(3))

8 case (3)

9 φ̃(3)← 0.5(φ̃(1) + φ̃(2))

10

11 endsw

12 else

13 φ̃(I)← φ̄

14 end

15 end

Algorithm 2: PM Algorithm

C. Early termination search algorithm

In this algorithm, we are trying to estimate and compensate the time varying Doppler shift recursively. An

adaptive step-size is formulated in accordance with a number of iterations to obtain an optimal search that results in

a minimum number of errors. The criteria of optimality is adopted here in the sense of performance investigation,

therefore, the CRC is employed to terminate the search swiftly once there is zero decoding errors. On the other

hand, this search algorithm reveals the minimum phase errorand their accompanied parameters that give the lowest

BER to be utilized later in the outer iteration. This outer iteration is enabled when the search algorithm fails to

produce zero decoding errors.

1) Selection of step-size (µ) and correction factor (Ki): For a closed-form system that contains several instan-

taneous variables, the estimation of the required parameter is generally not possible [26]. An alternative solution to

approximate the parameter is adopting an iterative approach. The estimation of the parameter at iterationI represents

the initial expectation and then this estimation is resumedrecursively to improve it. Based on this approach, the

parameterφ̂I−1 which was fine tuned earlier to produce the minimum number of errors among three estimation

agents, is utilized. The adaptation factor is shown as

µ = 0.33(
sgn(I/2) ⌊|I/2|⌋

0.5 ℓ
)n, (25)
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Fig. 4. Effect of exponents on step-size and correction factor convergence.

wheren is a positive integer exponent andℓ represents the search points. The search is chosen to converge the

correction term given in (26) towards minimizing the phase error and reliable estimation of̂φ. This correction term

is initialized to 1 and then approximated iteratively. The idea behind selecting a cubic exponent step size is to search

in a convergent manner as the cardinality of estimation is high at the beginning and once it diverges the estimation

error is expected to be increased. In terms of complexity, this search algorithm is better than a linear approach,

where it requires higher execution time. In addition, this type of search has an automatic early termination (AET)

condition. This termination depends on:

1) The CRC results 0 errors,

2) Reaching the maximum search points.

Resorting to the iteration is to practice another step-sizeand correction term that should be selected closer to

those at previous iteration. In this manner, it is devised that the search algorithm diverges one step per iteration

around the range[ℓ/2] towards left and[ℓ/2] towards right. An action is taken in case of reaching the fullrange

by considering the estimated̂φ at iterationi.

Ki =







µ+ 1 mod(i, 2) = 0

µ− 1 otherwise
(26)

As shown in Fig. 26, the exponentn of the step-size in (25) plays an important role in reducing the errors. Although

a higher degree of exponent indicates that the estimation isreliable, there is a level at which no improvement gain

is obtained.

It is shown in Fig. 4(b) that atn = 3, the horizontal asymptote starts smoothly during the first 10 candidate

points of the search range, whereas the smoothness period issmaller whenn = 2. On the other hand, in a linear

casen = 1, the step-size is constant.
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The implications of the step-size in (25) are shown in Fig. 4(a). In this figure, the correction factorKi is changing

in accordance with the step size to ultimately forceφ̂c to converge. However, failing to attain an improvement and

ultimately converging to AET condition 1 results in an increased estimation error, hence the correction term in (26)

diverges and then the search algorithm starts to choose a larger step-size.

2) Time varying Doppler shift estimation and tracking:In terms of performance, whenn = 3, it can be inferred

that the reliability of estimatinĝφc in (18) is high and is only needed to fine tune the approximation, thus it

necessitates adjusting the step size closer towards the left or right around the middle of the search range. In this

case fine tuned̂φc is obtained. It represents the timing offset at the start of the OFDM symbol, which is approximated

as

φ̂c = φ̃Ki. (27)

The parameter̂φc contributes to the improvement of other dependent parameters, particularly, the tracking step.

Therefore, the iterative approach represented by the search is important to approximate the Doppler shift estimation.

To be more specific, let us assume that the speed between the transmitter and receiver is 1 m/s, which is equivalent

to 8 Hz for a carrier frequency of 12 kHz and sampling frequency 4fc, therefore,∆̂ =1.0006 and the estimatedφ

should be 2.048 for 12288 FFT up-sampling. Actually, these calculations yield that there is a demand on estimating

and compensating such Doppler shift that has a fraction of a variable time expansion and/or compression. Therefore,

dealing with such time varying Doppler shift necessitates tracking this variation within the symbol time. In [25],

this Doppler is dealt with by deriving a tracking step to estimate this variation based on dividing the time varying

Doppler shift into an integer part for re-sampling and its residual or CFO is represented by the fractional part of

the Doppler shift and smoother Doppler shift estimation is obtained. However, in the proposed adaptive system,

recursive iteration to fine tunêφc is adopted and the time-varying Doppler shift contains the re-sampling factor

with its residual. Furthermore, it has been dealt with CFO estimation separately, hence the Doppler shift is given

as

∆̂(k) =
Lf − Ψ̂(k)

Lf

, (28)

whereΨ(k) is the sampling frequency offset initialized witĥφs at k=1 and its update is approximated as

Ψ(k) = Ψ(k − 1) + φ̂step, (29)

whereφ̂step is given as

φ̂step =
φ̂e − φ̂s

Lf

. (30)

Utilizing the 4th order Lagrange interpolation polynomial [27] for re-sampling based upon the parameter∆̂(k)

to producer′(k), this re-sampled signal can be mathematically written as
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r′(k) =
N
∑

i=0

r̃m′ [k(1 + ∆(k))]Vi(m
′), (31)

where

Vi(m
′) =

N
∏

i=0,n6=i

m′ −m′
n

m′
i −m′

n

, (32)

whereVi(m
′) represents the polynomial of degreeN associated with each nodei wherem′ = m′ +∆̂(k) initiated

with 3, n ∈ {1, 2, ...N}, R = ⌊m′⌋ andm′
i = Ri−2. Therefore, for five pointsN = 4, the current point, the two

previous points and next two points are considered to fit the interpolation curve.

3) Residual Doppler shift estimation :Post-FFT CFO estimation is adopted. When all angles of the receivednth

pilots Yp(n) are shifted by the same angle, the ZFE is capable of correcting the rotation. However, this is not the

case where each sub-carrier is rotated depending on the residual Doppler-shift. In order to estimate this residual, a

range of these parameters are assumed. Start withǫ̂ and for each candidatei, the phase error vector is determined

as

êi(n) =

Np−1
∑

n=0

∠(Yp(n))− ∠(Xp(n)), (33)

considering the mean phase error between the transmitted and received pilots that is given as

ēi =

∑Np−1
n=0 êi(n)

Np

, (34)

therefore, the estimated residual phase error at the pilotssub-carriers indices can be formulated as

êr =

Np−1
∑

n=0

|êi(n)− ēi|, (35)

and the CFO can be approximated as a function of this pilot-based residual phase error estimation

ǫ̂′ = ǫ ( êr
min

). (36)

This criteria denotes the CFO candidate that accompanies the lowest phase error. Hence, after re-sampling, the

resulting received signalr′(t) is then down-converted to baseband with the chosenǫ̂′ and can be written as

r(t) = r′(t)e−j2π(fc+ǫ̂′)kTs . (37)

After compensating the CFO in (37), the resulting signalr(t) is converted to the frequency domain and delivered

to the ZFE. To improve the receiver performance, post-FFT tracking is useful to mitigate the remaining CFO

[22]. Although this residual is small, it degrades the receiver performance due to the accumulated phase rotation

consequences along each OFDM symbol in the packet [28]. On the assumption that the CFO is compensated earlier,
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Fig. 5. Structure of the transmitter used in simulation.

it is worth eliminating its phase rotation effect. Here in this proposed technique, we utilize the pilots to estimate

the residual phase error of the current OFDM symbol which canbe written as

θi = ∠(Y (n))− ēi, (38)

and the residual phase error correction is written as

r̂ = Y (n) = ejθi , (39)

which is the OFDM signal after residual phase correction. This yields to deliver reliable information to the BICM-ID

decoder.

Based on the CRC, a decision is made to terminate the search orresume the iteration. In Fig. 2, it can be seen that

once the search points are completed and there is an error after performing the CRC, which is assigned a dashed

line, the outer iteration is enabled as a final trial. To deal with this case, the phase error given in (33) is utilized to

buffer the associated parametersφ̂′
c andǫ̂′′ that result in minimum phase error during previous iterations. Exploiting

φ̂′
c updates the Doppler shift and produces a new interpolation factor whereaŝǫ′′ is utilized in compensating the

CFO. In order to distinguish the CFO at each stage, we use the variable ǫ̂′′′, which denotes the output of the

multiplexer among three estimations.

IV. SYSTEM DESIGN, SIMULATION , AND EXPERIMENTAL RESULTS

Fig. 5 depicts the structure of the transmitter used in simulation. For the sake of simplicity, it is assumed that

the system under consideration does not account for the PAPR, as in the experiment. As mentioned in (II), the

binary information bitsbi are applied to the FEC to produce a codeword,s′n. The interleaved bit sequencesn,

is then converted in groups ofm successive bits into alphabet symbols of constellation size M = 2m. After this

mapping operation, the OFDM frame which contains CP is constructed. The resulting frame is pulse shaped and

then up-converted using carrier modulation.

The transmitted signalxi(t) in (3) is passed through the channel model shown in Fig. 6. This model is adopted

to imitate the case of the time varying Doppler-shift with constant acceleration. Performing this type of simulation

necessitates designing a packet structure which contains multiple OFDM symbols to accommodate the required

acceleration. As mentioned earlier, the LFM signal is utilized for packet synchronization, however, the effect of

acceleration on the chirp is not negligible with such a type of packet transmission. Therefore, the chirp also undergoes
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this effect in the simulation, hence it is involved in the acceleration and deceleration of the first and second packet,

respectively. It should be stressed that there is an acceleration in the expansion case or in the compression, similarly

for deceleration. This is illustrated in Fig. 7 where the uphill and downhill of the solid line mean there is a change

in the direction of the velocity with time, i.e. inflection point from acceleration to deceleration, whereas the flat

line means that the relative velocity between the transmitter and receiver is constant or zero acceleration over the

duration of the packet. Likewise for the dotted line in this case, the velocity increases towards the negative in the

first packet then starts decreasing towards the positive in the second packet. Accordingly, the simulation uses two

consecutive packets to imitate the proposed system, namelypacket 1 and packet 2. The first was accelerated and

the second was decelerated.

In simulating the time varying Doppler shift, the speed was assumed initially equal to zero and then the terminal

speed of the packet is given as

Vmax(t) =

amax
∑

a=0

a(t) Lpac

fs

=

amax
∑

a=0

a(t) · Tpac,

(40)

where,a(t), amax represent the acceleration and its maximum, respectively,Lpac is the total samples of the packet,

fs is the sampling rate andTpac is the packet duration. Therefore, the associated Doppler shift at the end of the

packet relative to the propagation speed can be written as

∆max(t) =
c− Vmax(t)

c
, (41)

where∆max(t) represents the Doppler shift att = Tpac. Based on the assumption that the speed is changing

linearly during the packet duration, then at each sample time within the OFDM symbol, the first order Doppler

shift is formulated as

∆step =
∆max(t)−∆0

Lpac
, (42)
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wheret = Tpac. Based on this step, the Doppler shift is speeds up until arriving at the last symbol in the first packet

and then starts slowing down. It is well known that there are lots of UAC channels that have been characterized,

yet there are no standards as in the case for RF channels [29].Therefore, the channel model in [30] is adopted and

the subsequent stage is to convolve the time dispersion channel with the Doppler shifted incoming signal, prior to

adding the AWGN for investigating a more realistic case.

A. System design parameters

1) Transmitted packet structure:The packet structure used in the simulation is shown in Fig. 8. The system

bandwidth of 8 kHz (8 kHz- 16 kHz) is swept by a 50 ms chirp whichprefixes a packet. The signal packet comprises

10 CP-OFDM frames of QPSK. The length of each QPSK OFDM frame plays an important role in controlling

the performance of the Doppler shift estimation and compensation. In addition, required Doppler resolution and

acceleration contribute in determining the OFDM frame and packet length, respectively.

2) Parameters of cyclic prefix:Due to the symmetry of the CP with its replica, there is a good correlation

property of this guard interval denoted as cyclostationarybecause there is a cyclic convolution with the channel in

the time domain. However, depending on the transmitted data, resulting envelopes of the correlation peaks and their

sidelobes are varied. Particularly, if the transmitted data are random, the peaks and sidelobes are variable whereas

with symmetrical data (the start and end of the frame containthe same data) the peak-to-average power ratio is

symmetrical. Since the Doppler is changing with time, thereis a mismatch in the CP correlation, where the Doppler

affects the first part of the CP by a different amount to the second CP part. This mismatch appears in the position
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Fig. 8. Packet structure forNc = 1024.

of the CP and this case is dealt with by searching within a specific window around the leading and trailing edge of

the OFDM symbol. Furthermore, there is a mismatch in the length of the CP windows. To be more specific, let us

assume the acceleration is 1 m/s2 and the Doppler frequency shift at CP1 isFd, then we expectFd ± 2Hz at CP2

when the symbol time is 0.25 s. This frequency shift is ignored relative tofs andNg ·Ns. Therefore, reducing the

CP length could be useful in terms of its sensitivity to the Doppler shift and bandwidth.

The bandwidth of the cyclic prefix is chosen to accommodate the channel impairments and to minimize the loss

of data rate. In this case, the coherence bandwidth lower bound is given as

Bc(lower)=
Nc

Ng

∆f . (43)

Furthermore, the BT product is subject to the required amount of gain to achieve reliable detection. A gain of (18

dB) (BT=64) was determined in accordance with the OFDM signal design to be sufficient, and therefore, the cyclic

prefix is a 16 ms period.

B. Simulation results

In this section, we present the simulation results of the proposed system based on the simulation model described

in Fig. 6. The CIR wash(n) = 0.6708δ(n)+ 0.5δ(n− 1)+0.3873δ(n− 2)+0.3162δ(n− 3)+0.2236δ(n− 4). In

order to investigate the system performance, two scenariosare considered: acceleration (expansion) and deceleration

(compression) up to 1.1 m/s2. Fig. 9 shows the output of the centroid-based correlation.It can be seen in this figure

that the length of the correlation window in the x-axis is 100samples and the centre is 50 as in the case of zero
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Doppler shift, therefore any drift relative to this centre due to an expansion or compression is exploited to estimate

the timing offset. Fig. 10 shows a plot of the BERs at SNR=15 dBand a maximum delay spread of 10 ms for

Nc = 1024. In order to assess the proposed system with the two scenarios, different accelerations and various

CP lengths were used. For CP=32 or 8 ms, the system fails in allscenarios and at different accelerations. This is

due to the severe ISI that introduces a delay spread greater than the CP length. However, for CP=64 and 128, the

receiver achieves a satisfactory performance through all anticipated accelerations and scenarios. A clear benefit of

increasing the CP length over shorter CP is in the low acceleration case. This is palpable in Fig. 10(a) ata = 0.3

m/s2. This means, at low accelerations we need to increase the resolution of the estimation by extending the CP

length. In contrast, at higher accelerations, the impact ofincreasing the CP length on the performance is marginal

as shown in Fig. 10(b).

Fig. 11 shows the performance of the time varying Doppler-shift compensation versus the delay spread of the

channel. There was a significant reduction in the BER over a short delay spread. A possible explanation for this

might be that shorter delay spread increases the certainty of the CP correlation peaks due to the increased area of

the ISI free region, hence an accurate Doppler-shift is obtained. Accordingly, these simulation results confirm a

trade-off in the design of an OFDM frame structure between the spectral efficiency, the desired acceleration and

ICI reduction. This means the guard timeTg should not only be chosen to achieve the condition≥ τmax, rather it

should also consider what is the required maximum velocity that attain the optimal performance. Therefore, with

the design parameters ofTg = 16 ms andNc = 1024, it is verified from these simulation results that the system

can attain a BER of10−5 at a = ±0.5 m/s2 andτmax=5 ms.

Fig. 12 depicts alternative scenarios when a higher acceleration is simulated. In order to investigate the system
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Fig. 10. BERs performance for different acceleration and cyclic prefix lengths at SNR=15 dB,τmax = 10 ms, andNc = 1024.
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performance at higher acceleration, the simulation results are firstly obtained with AWGN ata = ±1 m/s2 and then

under the influence of the multipath channel. It can be shown that the performance of the proposed system in a

combination of broadband time varying Doppler-shift and multipath channels can achieve an acceptable performance.

These results suggest that the proposed adaptive receiver can accommodate a multipath channel ofτmax=10 ms

and time varying Doppler-shift ofa = ±1 m/s2 in the case of expansion and compression with an acceptable BER.

The maximum speed that associates this acceleration at the terminal (OFDM symbol number 10) of 272 ms packet

duration is±2.72 m/s.
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TABLE I

MAIN SYSTEM SPECIFICATIONS

Parameter Value

System bandwidth 4 kHz

Carrier frequency 12 kHz

Sampling frequency 48 kHz

Cosine roll-off factor 0.98

Code rate 1/2

Convolutional code polynomial [23, 35]
8

C. Experimental results

1) Experimental setup and channel characteristics:This experiment was conducted by Newcastle University at

the UK coast. The system parameters for each OFDM frame are summarized in Table I. The transmission power

was set at 108 dB 1µPa. It is known that in UAC, the multipath delay spread is inversely proportional to the distance

between the transmitter and receiver and the delay spread ofthe short range channel is usually long. Furthermore,

the presence of the Doppler shift due to the transmitter/receiver pair motion increases the burden on the receiver

due to the synchronization impairments’ consequences. Fig. 14 and 15 show the detected channel profiles for the

1000 and 500 m ranges, respectively. These figures depict thetime varying CIR which is normalized to unity

and the CIR of a single packet which is selected randomly. Theimpulse response of the channels is determined
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Fig. 13. Configuration of the experiment in the North Sea.

by the FIR-correlator of the LFM chirp. It can be seen that themaximum delay spread is up to 11 and 10 ms,

for 500 and 1000 m channel ranges respectively. However, upon a closer inspection of the CIR at the 500 m

range, it can be inferred that it is more severe as it exhibitslonger delay spread and some of their paths have a

comparable amplitude relative to the direct path. Consequently, synchronization impairments challenge the receiver

performance, particularly for the ZF estimator. Furthermore, in the case of 500 m range, it can be observed that

the time difference of the arrival paths is quite significant, therefore the CIR also becomes larger [31].

2) Performance evaluation of the proposed receiver:In addition to the simulation mentioned in the preceding

section, this experiment is carried out to asses the system performance. The performance of the adaptive receiver

is evaluated using the packet structure shown in Fig. 8 transmitted through the multipath channels described in

Section IV-C1. The chirp was used for the purpose of packet synchronization. This synchronization is achieved by

correlating the LFM signal with its replica after the BPF. The highest correlation peak has been chosen to indicate

the start of the packet. The performance of the proposed receiver is evaluated based on the criteria of the decoding

BERs over 500 and 1000 m channel ranges and different OFDM data structures. CP-OFDM was used with a

guard interval ofTg = 16 ms for each OFDM symbol. The number of sub-carriers used in the experiment were

Nc =512, 1024 and 2048 with a sub-carrier spacing∆f= 7.81, 3.906 and 1.9531 Hz, and OFDM symbol duration

Tu = 1/∆f= 0.128 s, 0.256 s, and 0.512 s respectively. The code rate was1/2 NSC and a QPSK modulation

scheme was utilized. Each packet comprises respectively, 20, 10 and 5 OFDM framesNf for Nc =512, 1024, and

2048 where the frame includes CP and OFDM symbol. The total number of information bits per packet are 8880,
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Fig. 14. Channel measurements for 1000 m range.

0 0.005 0.01 0.015 0

20

40

0

0.2

0.4

0.6

0.8

1

Ti
m

e 
(p

ac
ke

t)

Delay (s)

A
m

pl
itu

de

(a) Time varying CIR.

0 0.002 0.004 0.006 0.008 0.01 0.012
0

0.2

0.4

0.6

0.8

1

Delay (s)

N
or

m
al

iz
ed

 m
ag

ni
tu

de

(b) Sample of CIR.

Fig. 15. Channel measurements for 500 m range.

8920 and 8940 forNc = 512, 1024, and 2048 respectively. ForNc = 512, 19 packets were sent whereas 20 packets

were sent for both cases of 1024 and 2048 sub-carriers. Each group of them was sent separately and at different

time intervals over both channel ranges.

Fig. 16 presents the average BERs over each transmitted packet for 1000 m channel range and different sub-

carriers spacing. It can be shown from this figure that the proposed scheme surpasses the block-based Doppler-shift

compensation in approximately all received packets. In total, 2 out of 20 packets have decoding errors in the case

of 1000 m channel range and 1024 sub-carriers as shown in Fig.16(a). The number of errors in these packets were

marginal and contributed by OFDM symbol number 2 and 6 of packets 8 and 19, respectively. This result is very
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encouraging, especially with 1000 m range and the consequences of the associated transmission loss. On the other

hand, for 512 sub-carriers, 3 out of 19 packets have decodingerrors as shown in Fig. 16(b). This is an expected

result, where the immunity of the OFDM sub-carriers againstthe ISI are proportional to the OFDM symbol length

while the sensitivity to the Doppler-shift is increased with symbol time.

Fig. 16(c) presents the BER performance comparison of the proposed system technique with a block-based

approach for long OFDM symbol times. It can be observed that 13 out of 20 packets are error-free. It is evident

that the adaptive system is capable of achieving satisfactory performance despite its tight sub-carrier bandwidth.

Additionally, this result reveals that without a CFO compensation, the receiver deteriorates as in the case of a block-

based method, therefore estimating the coarse re-samplingfactor is not enough to achieve reliable communication.

As can be seen in Fig. 16(d), there are recurrent high BERs in OFDM symbol index 1 for the whole transmitted

packets in the case of 1000 m range andNc =2048. The underlying reason for this case is due to the false alarm in

detecting the maximum peak of the chirp signal which resultsin synchronization impairments. Furthermore, block

bit error rates (BBERs) in this figure showed that the system capable of recovering the rest of the symbols within

the packet and tracking the Doppler-shift variations, where the errors are reduced dramatically with the packet time

as shown in OFDM symbol 2 and 3. The reduction of the errors demonstrates that the PM is working perfectly in

the process of dropping the extraordinary parameters.

Comparing the two experimental results in the case ofNc = 1024 and 20484 over 500 m channel range, it can be

seen in Fig. 17 (a) and (b) that despite a significant reduction in the BERs with respect to the block-based technique,

the performance of 1000 m range surpasses 500 m. These results are not surprising because it confirms that the

associated ISI in a long distance is short due to the reduction in the delay spread length and vice versa. Through

the effective contribution of the CP in estimating the Doppler-shift, this delay spread of the channel will affect the

certainty of the correlation peaks, therefore room for CP correlation should be given. The suggestion here is to

choose the CP longer than the channel dispersion time by at least 5 ms to achieve reliable communication, hence

this reveals a trade-off between the bandwidth efficiency and CP length. Furthermore, longer OFDM symbol time

increases the immunity against the ISI, therefore in the case of 500 m channel range andNc = 512, the system fails.

The aforementioned results confirm that the proposed schemeachieves near error-free transmission over 1000 m

range with a sub-carriers length ofNc = 1024 or 512. In addition, although there is a narrow sub-carrier bandwidth,

a satisfactory performance is achieved withNc = 2048.

3) Search points, exponents and CFO range selection:The search points, exponents selection and CFO have a

direct impact on the success of the receiver operation. In the search points, reducing the complexity of the receiver

is crucial, and in such a case, a limited number of inner iterations is preferred. Consequently, we resort to early

termination strategy in order to reduce the computation complexity. That is, the iterations are terminated once the

BER of the current OFDM symbol attains zero error on the CRC output, otherwise the receiver resumes to reach

its predetermined iterations. At each iteration, two parameters are updated adaptively in accordance with the search

points and the exponents. These parameters,µi and Ki fine tuneφc and an accurate Doppler-shift is obtained.

Fig. 18(a) demonstrates the adaptive change of the trackingparametersφc, φs, andφe of symbol index 8 of packet
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(a) Nc = 1024.
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(b) Nc = 512.
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(c) Nc = 2048.
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(d) Average BER per symbol (Nc = 2048).

Fig. 16. BER performance of adaptive time varying Doppler-shift compensation receiver over 1000 m channel range for different sub-carriers

length , where the label10−5 represents zero error.

6 with time. It is palpable from this figure that at the first iteration, the difference between them is significant which

results in a large tracking step. Accordingly, the CRC test does not indicate zero error, therefore the iterations are

continuing to investigate the system with further fine tunedparameters. Clearly, the step size should be controlled

to correct the values around the estimated parameters. However, as the iterations increase, the step size is diverged.

This is shown in Fig. 18(a), whereφe starts to change its step size automatically after iteration 5.

This step size, through the use of exponents ordern given in (25), will contribute to how large the correction

termKi will be at the next iteration and will contribute ultimatelyto update the interpolation factor adaptively. In

particular, Fig. 18(b) shows two values of the exponents that have been chosen to investigate the performance of

packet 6 over 1000 m channel range. In this figure, it can be seen that atn = 2, the system exhibits an acceleration
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(b) Nc = 2048.

Fig. 17. BER performance of adaptive time varying Doppler shift compensation receiver over 500 m channel range for different sub-carriers

length, where the label10−5 represents zero error.

of ≈1 m/s2 due to the change of estimated speed, which is given as

vr(t) = [∆(t) − 1]× 1500, (44)

during the symbol time that results in decoding errors in OFDM symbol 8 of packet 6 even with 10 inner

iterations and 2 outer iterations. On the other hand, setn = 3 demonstrates the speed is changing very smoothly

during the symbol time and the acceleration is almost zero, therefore an evidence of the smoothness caused by the

exponents order is interpreted in the resulting of zero error in packet 6 with 8 iterations as shown in Fig. 16(a).

It is worth mentioning that no specific rule has been adopted to choose the exponents ordern in the proposed

receiver. However, it has been noticed that the order increases proportionally with the sub-carriers, therefore,n was

set equal to 2, 3 and 4 forNc = 512, 1024, and 2048, respectively. This is basically true on theassumption that

it is likely the velocity changes with longer symbol time, especially with high acceleration, hence an adaptive step

size is required.

The residual Doppler shift or CFO [19] destroys the orthogonality among sub-carrier frequency components.

Consequently, in order to maintain the receiver performance, this CFO is estimated. As explained in Section III, a

range of CFO candidates are chosen based on the sub-carrier spacing for each OFDM symbol length and a CFO

that results in minimum phase error is selected among the range. Starting withǫ = ∆ffcTs = 0.25∆f , where

fs = 1/Ts = 4fc, and for each candidateǫi repeat

ǫ̂ = ǫǫi, (45)

where{ǫi ∈ R : −1 6 ǫi 6 1} for Nc = 1024 and 2048 and{ǫi ∈ R : −2 6 ǫi 6 2} for Nc = 512. To reduce the

CFO search points, a step based on∆f was employed and can be formulated as∆f/8 in the case ofNc = 1024 and
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Fig. 18. Effect of exponents on the estimation ofµi andKi, search points and smoothing the tracking step atNc = 1024 over 1000 m

channel range.

2048, whereas the step was∆f/16 for Nc = 512. Fig. 18(c) illustrates how the CFO changes within the duration

of packets 6 and 8. It can be inferred that there is no relationthat governs the change in the residual Doppler-

shift between packet 6 and 8; the CFO changes randomly but sometimes constant. The residual Doppler-shift is

depending on the accuracy of estimating the re-sampling factor.

V. CONCLUSIONS

The focus of this paper was on the Doppler effect caused by theacceleration due to the relative motion between

the transmitter and receiver. This acceleration affects the correlation behaviour of the cyclic prefix and destroys the

orthogonality of the sub-carriers due to the synchronization impairments. The proposed system is assessed through
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simulations at different scenarios and at different channel conditions to imitate the realistic case. Additionally, the

suggested method is investigated with an off-line data thatwas recorded and processed from an experiment at the

North Sea. This paper presented a technique to tackle the effect of a broadband time varying Doppler shift in UWC.

This technique adopted alearning and punishmentapproach to iteratively estimate the Doppler shift parameters.

These parameters were estimated by the cooperation of a two point estimation of the normalized correlation of the

first order moment in addition to the linear prediction of thespeed change. This method is very robust when the

relative velocity is changing linearly and capable of dealing with the velocity inflection. The suggested algorithm

is capable of tackling an acceleration up to±1 m/s2 during the packet time and correcting a speed up to 3 m/s.
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