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Abstract
Power line communications (PLC) has been drawing condidieiaterest in recent years due to the

growing interest in smart grid implementation. Specifigatietwork control and grid applications are
allocated the frequency band @f 500 kHz, commonly referred to as the narrowband PLC channeg Thi
frequency band is characterized by strong periodic noiselwigsults in low signal to noise ratio (SNR).
In this work we propose a receiver which uses frequency éittéring to exploit the cyclostationary
properties oboththe narrowband power line noise, as well as the informatigmes, digitally modulated
using orthogonal frequency division multiplexing. An atie@ implementation for the proposed receiver
is presented as well. The proposed receiver is comparedstingxreceivers via analysis and simulation.
The results show that the receiver proposed in this workiodta substantial performance gain over

previously proposed receivers, without requiring any dowation with the transmitter.
I. INTRODUCTION

In recent years the power supply network is changing its frole a network used solely for
energy distribution into a dual-purpose network which dtameously supports both commu-
nications as well as power distribution. Generally spegkpower line communication (PLC)
can be classified into two types, according to its frequeranydb[1]. The first type is commu-
nication which utilizes low to medium frequencies (up to 34z), this type is referred to as
narrowband PLC Such systems are used for applications of automation anttatpincluding
power management, smart homes, and automatic meter reagétgms. The second type of
communication uses the frequency band of 2MHz to 100MHz awsbiply beyond([2]. This
type is referred to abroadband PLCand is used for high-speed data communications including
fast internet access and implementation of small LANS.
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Power line communications differs considerably in topgland physical properties from
conventional wired communication media such as twisted, gaiaxial, or fiber-optic cables.
One of the major differences is the characteristics of fatence and noise which are much
more dominant in PLC than in other media [2]. Furthermore, $katistical properties of the
additive power line noise are considerably different thag ¢onventionally used additive white
Gaussian noise (AWGN) modell[1],1[3].][4]. As detailed [0 [@hd further developed in [5]
and [6], power line noise can be modeled as a superpositice\aral noise sources:

« Colored background noise: This is a low power noise whoseep@pectral density (PSD)
decreases with frequency. This noise results mainly froensimmation of harmonics of
the mains cycle.

« Narrowband noise: This noise consists of sinusoidal sggwéth modulated amplitudes, and
is due to the operation of electrical appliances conneatetthé network (e.g., television
related disturbances at high harmonics of the horizontedce frequency [3]).

« Impulsive noise: This noise consists of impulses of varythgation, and is generated
mostly by power supplies in electrical appliances. Theeethree types of impulsive noise:
(1) Periodic impulsive noise synchronous with the AC cydgleis noise is caused by the
rectifier diodes used in power supplies which operate symdusly with the mains cycle.
The impulses are of short duration (several microsecomis)tlaeir power decreases with
frequency. (2)Periodic impulsive noise asynchronous with the AC cydleis noise is
generated by switched-mode power supplies and AC/DC powmrecters, and has a cycle
frequency that can vary between 50 to 200 kHz. K®)n-periodic impulsive noiseThis
noise is caused by switching transients. and has no perderties.

The impulsive noise components are the most harmful fordivaad PLC[[5]. For narrowband
PLC, the colored background noise, the narrowband noisetladoeriodic impulsive noise
synchronous with the AC frequency are the dominant noisepcorents [[6], [[7]. Due to the
relatively long symbol duration in narrowband PLC transsiug, the periodic properties of the
noise cannot be ignored. One of the common models for thewband PLC noise is based on
the work of Middleton in[[8], which models the noise probdlgitlensity function (PDF) as a sum
of Gaussian PDFs of different variances, allowing to expeeveral classes of impulsive noise by

a simple function. This results in a non-Gaussian noise indde drawback of the Middleton



model is that it does not include time-domain features. T$ssie has been addressed in the
work of Katayama et al[|6], which proposed a time-domainastationary noise model for the
narrowband PLC noise. A recent work [9] suggests an altieat/clostationary noise model,
obtained by applying a linear periodic time varying (LPT\st&m to a stationary Gaussian
stochastic process. Both works model the noise as an agldijiglostationary Gaussian noise
(ACGN) with a period of half the mains period. Finally, we adhat due to the relatively high
power of the power line noise, narrowband PLC typically epes at very low SNRs [1].

In the past several years, orthogonal frequency divisiotiptexing (OFDM) has been adopted
for PLC schemes in order to achieve high bandwidth efficie@fyDM is particularly suitable
for coping with the frequency selectivity of the power-lickeannel[10]. An OFDM PLC modem
structure was proposed as early as 1999 [11]. The techndlagybeen adopted by recent
narrowband PLC standardization efforts, IEEE P1901.2 @&} ITU-T G.9903/4([13],[14].
However, due to the severe PLC noise, narrowband OFDM PLGilidisited to very low
rates. Clearly, the implementation of smart grids posenifstg@nt data transfer requirements.
Therefore, the design of algorithms for handling the semeise conditions in narrowband PLC
is essential for the widespread implementation and realizaf smart grids.

Main Contributions and Organization

In the present paper we propose a receiver algorithm, basttedime-averaged mean squared
error (TA-MSE) criterion, for recovery of OFDM signals réged over the narrowband PLC
channel. The receiver uses a cyclic version of the Wiener fittalled frequency shift (FRESH)
filter, for exploiting the cyclostationary properties oetheceived signal. Specifically, we present
the first receiver designed for PLC which takes advantage of the stationary properties of
both the noise as well as thenformation signal The novel idea is to utilize the cyclostationary
properties of the noise to achieve noise reduction. Thieregllynot possiblevhen the noise
is not cyclostationarye.g., for AWGN). The processing is specifically designedléov SNRs
which characterize narrowband PLC. By exploiting the cgtdtionary properties of both the
OFDM signal and the noise, we achieve a substantial SNR ganpared to the receiver proposed
in [15], which used only the cyclostationarity of the OFDMysal. This is achieved without
changing anything at the transmitter, thereby maintairiveyspectral efficiency of the OFDM
signal. The method proposed for cyclostationary noise agalu can be applied in both coded

and uncoded narrowband PLC systems. We also show that thednest beneficial irrespective
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of the particular model of the cyclostationary noise, agjlas cyclostationarity is maintained.

It is well known that Wiener filtering suffers from scaling tife signal at the output of the
filter [16, Ch. 12.7] which degrades the BER performance his tvork we derive analytically
the scaling factor, which helps in estimating the actual dl. We also discuss the application
of the proposed receiver to channels with inter-symbolrfatence (ISI). Finally, we consider
an adaptive implementation of the proposed algorithm aralyaa the relationship between
BER and TA-MSE. This indicates to the strength of the erraresting codes needed to obtain
improved performance at different SNRs. Our results shosvitenefits of noise cancellation
based on the noise properties, which should be considerdeidesign of future receivers for
PLC.

The rest of this paper is organized as follows: in Sechidon & bviefly recall the relevant
aspects of cyclostationarity to be used in this work. Thelastationary properties of both
the narrowband PLC noise and the OFDM signal are presendhanfrequency shift filter is
reviewed. In Sectiofll, the novel receiver algorithm iveleped and its theoretical performance
characteristics are obtained; and in Secfioh IV an adajtiygementation of the new receiver
is discussed. We note that the design steps and algorithets insthe present work hold for
both models[[6] and[[9] and the adaptive filter we propose wargtimally for both models.
In Sectior Y simulation results are presented together witliscussion. Lastly, conclusions are
provided in Sectiof V1.

. [I. PRELIMINARIES
A. Notations

In the following we denote vectors with lower-case boldftters, e.g.x, y; thei-th element
of a vectorx is denoted with(x);. Matrices are denoted with upper-case boldface lettegs, e.
X,Y; the element at theé-th row and thej-th column of a matrixX is denoted with(X), ;.
(1) denotes the Hermitian conjugate)” denotes the transpose, afy* denotes the complex
conjugate. We us®e {z} andIm {z} to denote the real and imaginary parts of the complex
numberz respectively, and to denote the set of integers. Lasthy;] denotes the Kronecker
delta function,IE{-} denotes the stochastic expectation, denotes the time-average operator,

and1,4[-] denotes the indicator function of a sét



B. Cyclostationary Signals

A complex-valued discrete-time procesp:| is said to bewide sense second order cyclo-
stationary(referred to henceforth as cyclostationary) if both its mgalue and autocorrelation
function are periodic with some integer period, S8y, that isE{z[n|} = E{z[n + Ny]}, and
Cox(n, 1) = E{z[n +]z*[n]} = cza(n+ No,1). As c..(n, 1) is periodic in the variable, it has a

Fourier series expansion, whose coefficients, referreds toyaic autocorrelation functionare
No—1
1 —j2mo, k
i(l) = 3 > cu(n, e 777", whereay, = %k = 0,1,.., Ny — 1, are referred to as the

Tx No

. n=0,
cyclic frequencies

C. Cyclostationarity of OFDM Signals
Let N4, denote the number of sub-carriers in an OFDM symbol Aag denote the length

of the cyclic prefix (CP). ThenV,,, = Nyat, + Ncp is the length of an OFDM symbol in time
samples. Let,, ; denote the data symbol at tketh sub-carrier of then-th OFDM symbol, and
q[n] be a real valued pulse shaping function of lengtfy,, defined byg(n] = 1101, N, m—13[7]-
The baseband OFDM signal in the time domain can be writtelak [

o N, -1
1 data n—mNsym

2wk ——"2
sin| = i q[10 — MNgym, ¢ Naata . (1)
= 3 S gl o

We assume that each data symbgl, is selected uniformly from a finite set of constellation

m=—o0 k=0

points.A, that satisfies a80 degrees symmetry. ThuB{a,, »} = 0. We also sef{|a,, r|*} = 1.
Letting eachu,, , be selected in an i.i.d. manner ovelandm, it follows thatE{s[n]} = 0. We
denote the set of time indexes for which the correspondigigasisamples are replicated into the
cyclic prefix byScp and the set of time indexes for which the corresponding $igg@ples are
cyclic prefix samples bys;.,. These are obtained @:p = {n € Z| (n mod Nsymm) > Naata }
andS¢p = {n € Z| (n mod N,,,) < Ncp} respectively. The autocorrelation function of the
OFDM signal is [17, Eqn. (6)]css (12,1) = 0 [I] + 0 [l — Naata] 1sz,,[0] 4 0 [ + Naata) Lo [1].
Observe that both the mean function and autocorrelatiortium of the OFDM signal are
periodic with respect to index with a period ofN,,,,. The OFDM signal is therefore wide-sense
cyclostationary. It should also be noted that for symmefuiadrature modulationg{a_, ,} = 0,
therefore the conjugate autocorrelation of the OFDM sig®al,-(n, ) = E{s[n + []s[n]} = 0.
The passband OFDM signal in the time domain can be generailyew as [18, Ch. 2]
d[n] = Re {s[n]e*"f-nT=em» L 'where f. denotes the carrier frequency. Note thatfags(n]} = 0



then E {d[n|} = 0. For symmetric quadrature modulations, the autocormeiatiinction of the

passband OFDM signal is:
1 .
Cdd (nv l) = §Re {Css (nv l) 6]27TfCZTsamp} ) (2)

where T,,,, denotes the sampling interval of the system. Observe trap#ssband OFDM
signal is also cyclostationary with a period ®f,,,.
D. A Cyclostationary Model For Narrowband PLC Noise

The PLC noise model proposed in [6] incorporates all dontinarrowband noise components
into a single mathematical model, which represents theenas a real, passband, colored
cyclostationary Gaussian process], with a zero mean. At sample and frequencyf, the
power spectral density (PSDj(n, f) can be written as' [6, Eqn. (11f(n, f) = Bn]a(f),
where «o(f) models the frequency dependence of the PSD, and is givenlbfdf. (12)]
alf) = %e—aﬂf‘, where the parameter; is chosen to fit the spectral properties of the measured
colored noise. In order to characteripén|, let the number of temporal noise components be

L,.ise; the temporal behavior of the noise variance is expressedsasnmation of the different

Lnoise_l n
sin (7? + @i)
Nnoise

noise components, that is/[6, Eqn. (9)in] = E A;
i=0
parametersd;, n; and©; for i = 0,1,..., L., — 1, denote the characteristics éth noise

ng

, Where the

component andV,,;,. IS the cyclic period derived fromV,,.;,c = zTTSifnp’ where Ty is the

cycle duration of the mains voltage. The autocorrelatiamcfion of the noise at sample index

n, cww(n,l), is obtained via the inverse Fourier transform&ih, f), see [6, Eqn. (17)].
Another relevant cyclostationary noise model is proposed9]. In this model the cyclo-
stationary noise is obtained as the output of an LPTV systdmrwthe input is a white
Gaussian stochastic process (WGSP). The work in [9] modwisctclostationary noise by
dividing N,.;s into M time intervals and filtering a WGSP with a finite set of LTI filters
in parallel. At each time interval, the noise signal is takesm the output of one of the
filters, and the selected filter changes periodically. Thssex@amples are therefore obtained
asw(n] = i hin,lJv[l] = % 1oer, i hiln — lJu[l], whereh[n,[] denotes the LPTV filter
realized uéi:n_soa set a¥/ LTIZEIIters hj[?]_,?: 1,2,...,M,andR;,i=1,2,..., M, denotes the
time indexes in which the noise samples are taken as the tootghe LTI filter h;[l]. Lastly,
v[n] is a zero mean, unit variance WGS#rn| is clearly cyclostationary since the PDF ©0fn],

denotedp,,, (2), satisfiesp,,)(2) = Puwmntkn,....](2) for every integerk.
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In the simulations section we demonstrate the performampeavement for both noise mod-

els [6] and [9].

E. Frequency Shift Filtering
The cyclostationary equivalent of linear time-invariaftefing is the frequency shift (FRESH)

filtering. In [19], linear-conjugate-linear (LCL) FRESHTtéking is developed. The LCL FRESH
filter is a time varying linear filter represented by the ingeutesponsek|n, (] andh¢[n,[]. The

output signaly[n] for input r[n] is given byy[n| = i hin, lr[l]+ i he[n, m]r*[m].

l=—00 m=—00
No—1 __
The impulse responskln, /| is defined byh[n,[] = OZ hi[n — lJe=7?! where N, is the
k=0

cyclic period of the FRESH filter and,, = Nio is the corresponding cyclic frequency. A similar
relationship holds for°[n, 1] and 2¢[l]. The relationship between the inptit2] and the output
y[n] of the filter can be therefore written as

i(Z hy [ — 1] . 1] Zhi[n—l]r,ﬁ[l]), 3)

k=0 l=—00 l=—00

where ri[n] = r[n]e 2™ ™ and r{[n] = r*[n]e 7" From [3) we observe that the system
performs linear time invariant (LTI) filtering of frequenshifted versions of[n], therefore, the
FRESH filter can be modeled as an LTI filter-bank applied toftaguency shifted versions of
the input signal([20],[[21]. The optimal FRESH filter in thense of minimal TA-MSE between
the output signal and the desired signal is developed_ih. [ESj cyclostationary signals with
zero conjugate cyclic autocorrelation, the LCL FRESH fikpecializes the linear FRESH filter.

Consider the received signdh| = d[n]+w|n|, whered|n| denotes the desired cyclostationary
signal andw(n] denotes the additive noise. Let each LTI filter in the implataon of the
FRESH filter consist of a finite impulse response (FIR) filtérigr taps. Let K denote the
number of cyclic frequencies used by the FRESH filter,denote thek-th cyclic frequency,
he[i] = h;[i] denote the conjugate of thigh coefficient of thei-th FIR, z[n] denote the frequency
shifted input vector at time:, defined asz[n] = [ro[n],r1[n], ..., rx_1[n]]", with (r[n]), =
rln—ile=7?mex(=0) i e £ £ {0,1,..., Leir—1}. Finally, leth denote the concatenated conjugate
of the FIR coefficients vectors obtained hy= [hg, hy, ..., hx_]*, where(hy), = hyli], i € L.

The input-output relationship of the FRESH filter can now béten as
K—-1Lpmr—1

Z Z hili]rin —ile —i2mag(n=1) — wHy n] . (4)

k=0 =0



As detailed in[[19],[[20], the optimal FRESH filter is obtathas:
h = (_jz_zlézda (5)

where ¢,q = (c[n]) = (E{z[n]d*[n]}) = NLO Nfl [E{z[n|d*[n|} denotes the time-averaged
cross-correlation vector of the desired signal g;(()j theuteaqy shifted received vectdt,, =
(Cualn]) = (E{z[n]z"[n]}), andLpy is at least as large as the largest valugef{0, 1, ..., No—

1} for which exists an index such thaic,(n, ) # 0. Note that all time averaging is over some
Ny which is an integer multiple of the period of the desired algfin|.

Next, following [15], we use the independence of the dessigdal and the noise, together with
the fact thatlt {w[n]} = 0, to write c,q[n] = [caa(n,0)e 2™ c4q(n — 1,0)e=72re0ln=1
Caa(n, —Lpp+1)e 72meon=Lem+1) ¢ (n 0)e~92mo1n  cyi(n, —Lpg+1)ed2mox-1(n=Lem+ )]
Consider(c,q[n]),, thei-th element of the vectar,,[n]; by writing the indexi asi = p; Lrir +¢i,

¢ €L, pe K={0,1,.., K —1}, we can write
(Caa[n]); = caaln, —g;)e 72w (=), (6)

i€ M%2{0,1,...,KLpg — 1}, and thei-th component of the time-averaged vectgy can be
expressed ac,q); = ((c.q[n]),). Next, consider the autocorrelation matfi,,[n|: Writing the
indexesu,v € M asu = p,Lrir + ¢, andv = p, L + ¢, Pu, Po € K, qu, ¢, € L, the element
at theu-th row andv-th column ofC,,[n] may be expressed as

(CZZ [n])u,v = E{T[n - qu]e—j27rapu (n_qu)T* [TZ - qv]ej27rapv (”—Qv)}

6—j27m‘pu (n—qu) 6j27r0‘pv (n—qv)

= cga(N — Gus Qv — Qu)

_|_ wa(n _ qv’ qv _ qu)e_]?ﬂ-apu (n—qu)ej27rap1, (n_q’b’)’ (7)

and (C,,), = <(sz[n])u7v>. Since the output signal produced by the cyclic Wiener fiiser
orthogonal to the error [22], the TA-MSE between the outpud ¢he desired signal can be
written as [22, Pg. 431] TA-MSE- (E {|y[n] — d[n]|*}) = P, — e,C;,'c,4, where P, denotes

Z

the average energy of the desired signal evaluate;as (E{d[n]d*[n|}) = (c4a(n,0)).

lIl. M INIMUM TA-MSE SGNAL RECOVERY
In this section we present a new receiver scheme for the eeg@f an OFDM signal received

over an additive cyclostationary noise channel. The schexpits the spectral correlation of

the OFDM signald[n] as well as the spectral correlation of the naiSéhe received signal is
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w(n]

r[n] ho[n] y[n]
FRESH filter —

designed to recover d[n]

d[n]

o

hs[n]
FRESH filter designed
to recover w[n]

W[n]

Fig. 1. FRESH filtering for signal recovery with noise extian and cancellation.

given byr([n] = d[n]+wn|, wherew[n] is the noise, and[n] andw[n| are mutually independent.
Ngym and N,,;5. denote the periods af[n] and w(n], respectively. All time averages denoted

(-) are over the least common multiple 8f,,,,, and N,,;s.

A. A New Receiver Algorithm: Signal Recovery with Noisentzion and Cancellation
Our new receiver algorithm exploits the cyclostationargpgarties of both the OFDM signal

and the noise by applying noise estimation and cancellgti@r to signal extraction. The main
novelty of the scheme is the utilization of the cyclostasignproperties of the noise as well
as those of the signal, in contrast to using only the progemif the information signal, which
is the approach of previous schemes. The algorithm prowgsdepicted in Figldl, consists of
two FRESH filters in series: the first filtek,[n], is a noise estimation FRESH filter tuned to
extracting the cyclostationary noise. The estimated n@ghen subtracted from the received
signal, and then a signal extraction FRESH filtes]n|, tuned to recovering the OFDM signal
is applied. We expect that this structure shall have supgedormance at low SNR, which is
the relevant operating regime for narrowband PLC [1]. Siweeoperate in passband, both the
signal and the noise are real-valued, thus the LCL FRESHHdijltg[n| and hs[n], consist only
of linear FRESH filters.

Let K, be the number of cyclic frequencies used lyn|, Lrr; be the length of the FIR

filter at each branch of;[n], anda; = N’“ denote thek-th cyclic frequency. From({5), the

FRESH filterh,[n], designed to recover the noise, is obtained as

h, = C.'Cru, (8)
wherer[n] = [ro[n],r1[n], ..., tx, 1 [n]], (vx[n]), = rln—ile 7270 k€ |, £ {0,1,..., K —
1},i€ Ly 2{0,1,...,Lpm; — 1}. Crr = (Cii[n]), with Cp[n] = E{r[n]rf[n]}, andc,, =
(crw[n]), with c_ [n] = E {r[n]w*[n]}. We let the indexes,v € M; £ {0,1,..., K Ly — 1}
be written asu = p, Lyrmr1 + ¢u andv = p,Lrr1 + qu, pu, Pv € K1, qu, ¢ € L1. Applying the



steps used in the derivation ¢f (6) amd (7), we have
(Crr [n])u,v — cdd(n — Qu, Qv — qu>€_j27rapu ("_Qu)€j27rap/u (n—qu)

+ Cuww (n — v, 4y — Qu)e_jzwapu (n—qu)ej27rapv (n—qv)7 (9)

and

(Crw[n]), = cww (7, —qu) eI pu(n=au) (20)
wherecyy(n, 1) is obtained from[(2) and,,,(n, () is specified by the noise model, e.@!, [6] Or [9].
The estimated noise is therefoign| = hi’r[n].

Consider next the FRESH filtér,[n], designed to recover the OFDM sign#h]. The input
signal tohy[n| consists of the received signal after the estimated noisesubtracted, that is
t[n] = r[n] —w[n| = d[n] +w[n| — w[n]. Note that in practice all filters are causal and therefore
appropriate delays must be introduceduifr] and ind[n], in the expression fot[n] (see Fig
). To avoid cluttering the notation we derive non-causasioms of the filter, but as all filters
are FIR, introducing the appropriate delays is simple inacfical setup. Froni{5), the FRESH
filter hy[n] is obtained as

h, = C;;'Cea, (11)
wherecy, = (cua[n]) = (E{t[n]d*[n]}), Cy = (Cyln]) = (E{t[n]t"[n]}), the vectort[n] is ob-
tained byt[n] = [to[n], t1[n], ..., tx,—1[n]]", whereK, denotes the number of cyclic frequencies
used byhy[n], (ti[n]), = tln —ile 20=0 i € £, £{0,1,..., Lpra — 1}, Lrre is the length
of the FIR filter at each branch @& [n], and g, = ﬁ denotes thé-th cyclic frequency used
in hyln]. In order to evaluat€y[n|, we let the indexes, v € M, £10,1,...,KoLpry — 1} be
written asu = p, Lerre +¢u @Ndv = pyLyra + Qs Gus @ € Loy Pus Do € Ko 2 {0,1,..., Ky — 1}.

Then, we haveCy[n]), , = E{t[n — g Je 7> ru(n=at[n — g,]er? Fre (=)} thus

(Cee[n]),,, = E{tln — qu]e I F P (=@ px [y, — g, |72 Pro (nmav))

= cu (n— qu, o — qu) €2 Pre (=)= Fpu(n=0u)) (12)
Next, we defined[n] £ [do[n], di[n], ..., dx,_1[n]]", where(di[n)), = d[n — ije32mox(n=i),
i € Ly, andw(n] 2 [woln], wiln],. ... wk, 1[n]]", where(wy[n]), = win—ile 7270 i € £,

r[n] can now be written ag[n] = d[n]+w[n]. Now, let us denote by, [n] = hid[n] the desired

signal component at the output 6f[n], and byw,[n] = hiw[n] the noise component at the
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output of 4, [n]. The input signal of:y[rn] may therefore be expressed @s] = dn] + w[n] —
di[n] — wy[n] = da[n] + wa[n], whereds[n] = d[n] — di[n] andws[n] = w[n] —w;[n]. Note that,
sinced|n| andw[n| are mutually independent, thel|n] and w;[n] are mutually independent.

cu(n, 1) may therefore be obtained by:
cu (n, ) = EA{t[n + |t*[n]} = capay (0, 1) 4 Copuy (0, 1) (13)

As the noise models of bothl[6] and! [9] include a stationargnponent, we have’, (I) =
Nnoise_l
L > cww(n,l) # 0, it follows from [19], that the FRESH filter designed to reeothe

Nnoise
n=0

noise must include the cyclic frequenay, = 0, ky € K;. Letir, ., .k, denote a column vector

such that itg-th coordinate is obtained bz, .x,); = 0/ — Lrm - ko]. We may now write the
data signal sample a#in] = i/’ , d[n], and write the noise sample agn| = ij’ _ , wn].
Next, we writeds[n] = d[n] — hi'd[n] = if’d[n], wherei; £i; _ , —h;. Letting Cqa(n,1) =

E {d[n +{]d”[n]}, the autocorrelation of,[n] may therefore be expressed as
Caray (n,1) = E{da[n + l|d3[n]} = if Caa(n, Di;. (14)

By Writing the indexesu,,v; € M; asu; = pulLFIRl + qu, andv; = pvlLFIRl + Qs where
Puys Py € K1, @ndqy,, qu, € L1, we write(Caa(n,1)),, ,, = E{d[n+1—q,,]e 7?™ru (nHl=quy) g+ [n—

(o, J€?* P (Y therefore

,U

(Caalm, D)y, = B {dln + 1 = g Je 772700 1000 [y — g, 7m0 0e0) |

= Cad (n — oy s Qo + | — Qul) 6j277(apu1 (n_qvl)_apm (n+l—‘1u1)). (15)

Applying the steps used in the derivation®f,,(n, ) to the derivation ot (n, (), we obtain

CUJQ’LUQ (n7 l) - i{{CWW(n7 l)il7 (16)
where
(wa(n7 l))ul,m = Cyw (n — Quy 5 Guy + [ — Qu1> €j27r(am1 (n_q”l)_apul ("'H_q“l)) . (17)

The correlation[(112) is obtained by pluggirig (14),1(15),)(1&nd (17) into[(IB), and plugging
(@3) into (12).

Next, ciq[n] may be expressed as,[n] = E {t[n|d*[n]}. We note thatE{t[n + [|d*[n]} =
E{(da[n + 1] + wa[n + 1]) d*[n]} = ca,a (n,1). Therefore, by writing the indekasi = p; Lrira +
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win]

rin] h[n] yln]
d[n] + FRESH Filter designed
M to recover d[n]

Fig. 2. A block diagram for the system &f |15]: A FRESH filterrfoeming direct signal recovery.
Qiy Di € Ko, q; € Loy, We obtain
—j2m By, (n—q; .
(cta[n]); = capa (n, —qi) e™ i (na )7 i € M. (18)

Note thatcg,y(n,l) = E{dy[n +l]d*[n]} = i'E{d[n + l]d*[n]}. By writing the indexu €
My asu = p,Lrri + Gu, pu € K1, ¢ € L1, we have(E {d[n + {|d*[n]}), = E{d[n + 1 —

qu)e ¥ (M=) 4 n]} = cgq(n, | — q,)e 72 (nHa) Equations[(R),[(8), and_(1.0) provide
a closed form expression fdr, [n], and equationd_(11)[ (112), and {18) provide a closed form

expression fors[n]. The TA-MSE of the proposed receiver is given by:

TA-MSE = P, — ¢{,C;'¢ta. (19)

B. Best of Previous Work: A FRESH Filter Designed|[in/[15] fardat Signal Recovery
The best previously proposed scheme for this model is a FRiit®Htuned to extracting the

OFDM signal based on the minimum TA-MSE criterion, proposefl5]. Note that for passband
OFDM signals and for baseband OFDM signals which employ aiguare constellation (e.g.,
QPSK, QAM) for modulating the subcarriers, the conjugatelicyautocorrelation is zero, as
shown in Subsection T[4C, and as a result the LCL FRESH filparcilizes to a linear FRESH
filter.
The signal and system model used [inl[15] are depicted in[Eig:h2 filter h[n] is derived

using [®), wherec,,[n| is calculated vial[{6), an€,,[n] is calculated usind{7). The TA-MSE
of the proposed model is given by TA-MSE P, — ¢,C_ !¢ .

C. Evaluating the Impact of Output Scaling on the Perforneanc
As discussed in [16, Ch. 2.4], filters designed accordindhéorhinimum MSE criterion may

induce a bias at the output of the filter. Since the coeffisiesft both FRESH filters in our

proposed algorithm are selected to minimize the TA-MSE, rtdevered OFDM signal at the

output of the receiver suffers from a scaling effect whiclamalyzed in the following.
Consider the receiver depicted in Fig. 1. For a given indexve define the scaling of the

output of the filter relative to the desired sign#ih] as i[n] = E{% d[n]} = Blllldel,
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Let h,[i] denote thei-th coefficient of the FIR filter of thé-th branch ofh,[n], v € {1,2},

ke {0,1,...,K, — 1} andi € {0,1,..., Lpry, — 1}. Using [4) we writeE {y[n]|d[n]} =
Ky—1 Lyrir2—1

{ > dfn)}. Recalling thatt[n] = r[n] — @[n], we write y[n] =

DD b it — ije=92m 5

Ko—1 LFIR2 1

s k[ | (r[n —i] —wln —i)) eI Bk Sincewn| = h{{r[n], we obtainy[n] =
II(CQ O1 LFZIRQO 1 K1 1 Lpmri—1 ) ) )

by i) <7~ 3 h*vm[l]r[n—i—l]e‘ﬂmm(”")>e‘32”5k”. Let us define
k=0 i= 0 m=0 =0

Pgenli, 1] = hog[i] (0] ]6[[] hlm[l]), we can now write

K2—1 Lpr2—1 Ki—1 Lrmi—1
ylnl =Y > > N byl e[ — i — e rlembmi e,
For a received signal of the formn] = d[n| + w[n|, where d[n] and w[n| are mutually

independent and the noise has a zero mean, we have
K2—1 Lyire—1 Ki1—1 Lpir1—1

E {y[n]ld[n]} = Z Z Z Z il NE{ [ — i — 1)|d[n] }e ™72 n=0 5 (20)

Recall that the deswed S|gnal is an OFDM signal with a synymiod of N,,,, samples,
where each symbol contain$., cyclic prefix samples followed bWy.;, = Ngym — N, data
samples. Assuming that the number of subcarriers is largegmand the data symbols are
i.i.d, then, from the central limit theorem (CLT), it foll@that, the PDF of each time-domain
sample of the OFDM signal converges to a Gaussian distobuand that the PDF of each
baseband sample converges to a proper complex Gaussiabulish, see details in [18, Pg.
120] and [23]. We now show that the time-domain samples affadnjointly Gaussian. Note
that if the samples are taken from different OFDM symbolgy thee independent and therefore

jointly Gaussian. For samples that are both taken fromnthiln symbol, we define

e | LS g
un, i = = ug|n, 1,
d[n —1] Naata 15
and /
o | lamglcos (¢ +wi) n — wem’ + o)
ug[n,i] =

|G | cOS (@ + wi) (n — 1) — wpm’ + @)

where ¢ 2 27 feTsamps M’ = MNgym, wy = ]3;’“ , and a,, ;. = |amk| €79k, It is simple to
verify that the vectorsu,[n,i] satisfy the multivariate Lindeberg-Feller conditioris |[24g.
913], and that the PDF ofi[n,:] converges to a multivariate Gaussian distribution, tloeeef
d[n] andd[n — i] are jointly Gaussian. Note thd {d[n —i]|d[n]} = d[n] wheni = 0. Next,
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definey £ ¢Nyua. When d[n —i] is a cyclic prefix replica oti[n], i.e., i = Nyu,, We obtain
E {d[n — Nyua] |d[n]} = d [n] cos(7) — %]E{Im{s [n] =39} | Re{s [n] e—Mm}} sin(y). Sinces[n]
is a zero mean proper complex Gaussian RV, we oldfafd [n — Nyu.] |d [n]} = d [n] cos(y).
For other values of, it follows from (2) that the time-domain OFDM samplés:| andd[n — i
are uncorrelated. Asd[n],d[n — i]) are jointly Gaussian, then they are statistically indepen-
dent, that isE {d[n — i]|d[n]} = E{d[n —i]} = 0. From the above discussion it follows that
E {d[n — i]|d[n]} = d[n]x[n, i], wherek|[n,i] = (1s.,[n]6[i — Naata) cos(y) + d]i]).
By plugging the expression fdt {d[n — i]|d[n]} into (20), the scaling at a given indexis

Ko—1 Lyre—1 K1—1 Lpir1—1

Z Z Z Z h k[, i+ [|em72mlam(n=i+6n), (21)
i= m=0

D. Application of the New Algorithm to ISI Channels

The algorithm proposed in Subsection IlI-A assumes theivedesignal is in the form of
r[n] = d[n] +w[n] whered[n] denotes the desired time-domain OFDM signal and| denotes
the cyclostationary PLC noise. In this section we will shdwtt assuming the receiver knows
the channel, then ISI can be easily incorporated into thegeed model.

Consider the OFDM signal received over an ISI channel given[h] = Lli 1g[ din — i)+
w[n|, wheregli], i € {0,1,...,L;s; — 1}, are channel coefficientsi|n| is the time-domain
OFDM signal with a symbol length ofV,,,, samples, sed](1), and[n] is the additive cy-
clostationary noise. The received signal may therefore b'EteW a3r[ | = disi[n] + wln]
where the desired signal component is obtaineddpy;[n] = Z g[] [n —i]. Note that
d[n] is a time-domain OFDM signal, therefore, as shown in SuimecﬂiEG it is a zero-
mean cyclostationary stochastic process with period/gf,. Hence, the mean value dfs;[n]
is obtained byE {d;s;[n]} = E L’i ' glild [n—i]} = N B {din — 1]} = 0, and the
autocorrelation function ofl;s;[n] is obtamed bycdls,dml(qg 1) = E{disi[n+1]|djg;n|} =
L’i 1 L’i glilg* Klea (n — k, 1+ k — i). Observe thall {dssi[n]} — B {dssi[n + Nyym]} and
that cdmdm (n 4+ Neym, ) = Cd,;6,d,5, (7, 1). Thus, the desired signal componefyk;[n] is
cyclostationary with the same period as the OFDM signal. \Weclude that the design of
the FRESH filter for recovery of an OFDM signal, received ual8l channel with an additive

cyclostationary noise, is done in the following two steps:

. Design the FRESH filter to recovéys;[n] from the received signal[n].
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. Decode the data symbols from the recovedeg [n]|. As inter-symbol interference is inher-
ently handled by the OFDM signal detection process, the FRE®er is not designed to
remove the ISI, but to recovel;s;[n].

Note that the cyclostationarity is also maintained in cdse ¢hannel is LPTV (e.gg]i] is
replaced withy[n, ], where for some intege¥., g[n,i| = g[n+ N, i]). Recall that the filtering
of a cyclostationary signal by an LPTV system results in dastationary signal[25, Sec. 17.4.4].
Thus, our receiver structure is the same for LPTV channel®\MVSE is the design criterion.

E. Comparison with Existing Solutions
A variety of methods exists for exploiting the time-domayclec redundancy of an OFDM

signal, induced by the cyclic prefix, for various estimatiasks. The work in[[26] improves
decoding performance by combining the received time-dor@DM samples with their corre-
sponding CP samples, prior to discarding the CP samples ecmtohg the OFDM signal. The
CP combining is implemented via a sub-optimal least-squalgorithm realized by averaging the
received samples with their corresponding cyclic replidéste that, among all time-domain pre-
combining methods, the FRESH filter results in the minimalMI&E, as it is derived analytically
from the multivariate Wiener filtering problern [19]. In atidn, our proposed receiver algorithm
is independent of the OFDM decoder and may therefore be cwmdlwith any OFDM decoding
algorithm. Thus, our algorithm has a lower TA-MSE than thgoathm proposed in_[26].
Another class of schemes uses the cyclostationary natutieeoharrowband PLC noise for
improving performance. An interesting recent work [n![2#pposed a linear periodic time-
varying filter to whiten the Gaussian cyclostationary noldke note that the frequency-domain
representation of cyclostationary processes is obtainedhbé two-dimensionalcyclic spec-
tra [25], [28], rather than by the one-dimensional Fourransform. Therefore, whitening the
one-dimensional Fourier transform of the noise by weighthre frequency bins with periodically
time-varying weights does not fully exploit the redundapecgsent in the cyclostationary noise,
and may even deteriorate performance at low SNR. This ismtrast to our proposed algorithm

which is beneficial also at low SNR.

F. Complexity Analysis
In this section the complexity of the receiver proposed its&ationTI[-A is analyzed and

compared with other algorithms. Note that the algorithmstsis of two FRESH filters in series:
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hi[n] which consists ofK; branches, each includes an LTI filter with-r; taps, andhy|n]
which consists of; branches, each includes an LTI filter with:r, taps. The complexity of
the receiver may therefore be measured by a totdl ok Ly + K5 X Lyre taps. Recall that
K, and K, are upper-bounded b¥,,, and N,,..s., respectively. In practice, as shown in [15],
the number of branches may be much smaller, as long as thehasmre symmetric around
cyclic frequency zero and a branch which corresponds tacft@dquency zero is included. In
order to exploit the cyclostationarity induced by the oygrefix, Lyir; must be at leastVy,,.
From Subsection II-D we note that for large enough valués @f,,(n, 1) =~ 0 for all n, therefore
the value ofLgre should be sufficiently large so that,,(n,[) ~ 0 for all [ > L, -

We now compare the complexity of our proposed algorithm eoalgorithm proposed in [27].
The work in [27] assumes the LPTV noise model proposed|ins@, details in Subsection 1I-D.
The receiver proposed in [27] filters the received signalMbyLTI whitening filters in parallel,
and at each interval the output of the receiver is obtainethasoutput of the corresponding
filter. As the whitening LTI filters apply a different weight ach frequency bin, the number of
taps at each filter must be at least the number of frequency that isNy,,,. The complexity
of the algorithm proposed in_[27] may therefore be evalu@tga total of M x Ny, taps. We
conclude that the complexity of our proposed algorithm ishef same scale as that of the only

other algorithm designed for narrowband PLC performangaravement.

IV. AN ADAPTIVE IMPLEMENTATION OF THE PROPOSEDALGORITHM
In order to derive the optimal FRESH filter, the autocorielaf the frequency shifted input

vector and the cross-correlation between the input veatdrthe desired signal are required.
In practical systems, it is unlikely that these values arevkm a-priori, therefore, an adaptive
implementation of the FRESH filter is necessary in order tmiporate such filtering in practice.

The adaptive FRESH filter is schematically depicted in EigTBe output of the FRESH
filter, as well as an ideal reference signal, are providechasts to an adaptive algorithm, which
updates the filter coefficients according to the error betvibe two signals. In practical systems,
a reference signal may be obtained from two sources

« A training signal: When the data is a-priori known to the reee(as in Fig[B).

« A decision directed reference signal: Using the decisionsided by the receiver as training

for the adaptive algorithm.
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Update
algorithm

Fig. 3. Adaptive FRESH filter system model with ideal tragnisignal.

It is possible to combine both methods by including a preanibllowed by a data signal at
every OFDM frame (which may include up to thousands of OFDIvhisgls): the preamble is
used as a training signal during preamble transmission aaghecision directed reference signal
is used for tracking during data transmission.
A. Initial FRESH Filter Acquisition: Exponential RLS Adag Algorithm Based on Training
The exponential recursive least squares (RLS) algoriti®hi2an adaptive algorithm which
minimizes the cost functionjn| = i‘ A"=e[i]|?, wheree[n] = d[n] — y[n] = d[n] — h'[n]z[n],
and0 < A < 1 represents the merin:(;ry of the algorithm. As shown in [29, Gh, the filterh[n]
which minimizesz[n] is the solution of the equatio i N~iz[i]z" [i] ) h[n] = i‘ Nz i) d* [i].
The adaptive algorithm updates during runtimeit:hls vehtef, which |_s1 initiigllized toh[0] =
iLem ko» @Nd @ matriXP[n] approximating the value of > A\"~z[i]z"[i] | , which is initialized
to P[0] = €l,,,.x Wheree is a small positive consit:aint arld, denotes theV x N identity
matrix. At each time instant, the algorithm executes théovwahg computations:

1) Compute an estimate of the a-priori error gia] = d[n] — h¥[n — 1]z[n].

A"1P[n—1]z[n]
1+ A~ 1zH [n|P[n—1]z[n]

3) Update the matri®[n] according toP[n] = A"'P[n — 1] — A'k[n]z? [n]P[n — 1].
4) Update the vectoh[n] according toh[n| = hin — 1] + k[n|¢*[n].

2) Compute a gain vector dgn] =

When the training signal is equal to the desired signal withasrors, it was shown in_[29, Ch.
13] that the RLS algorithm always obtains the minimal valdeh® cost function, and[n|
converges to the optimal FRESH filter in the ergodic sense.
B. Tracking Phase: Decision Directed Adaptive FRESH

As noted in the previous subsection, during transmissioinfofmation the filter coefficients

must be updated using the decision directed approach, pameldecoded bit stream at the
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Fig. 4. Decision directed adaptive FRESH filter.
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Fig. 5. Decision directed adaptive receiver with noise etlation.

output of the receiver is used to generate the training &igias situation is demonstrated in
Fig.[4: the filtered signaj([n] is fed into the OFDM detector block which generates the dedod
bit stream. This bit stream is encoded and modulated to jpede decision-based reference
OFDM signald,[n]. Now, during the preamble transmission (i.e., initial @sdion), the adaptive
algorithm uses the a-priori known preamble sigdah| as a reference signal. Then, when the
new data is transmitted, the adaptive algorithm uses thisidaebased reference signéj[n] to

evaluate the error and update the filter coefficients.

C. Decision Directed Adaptive Signal Recovery with Noistntzgion
We now describe the adaptive implementation of the oveddese with noise cancellation

proposed in Subsectidn II}A. This structure is depicted=ig. (3. Since the proposed receiver
includes a FRESH filter tuned to recover the cyclostatiomaigew|n|, it requires a reference
signal to adapt the noise estimation filtern], which is done as described in Subsecfion IV-B.
This signal is obtained by subtracting from the receiveahaig[n| the reference signal for the
FRESH filterh,[n], tuned to recover the OFDM signéln|. The adaptive FRESH filtel, [n], is
identical to the implementation detailed in SubsectioBI\Wote that the adaptive receiver with
noise estimation updates its coefficients at each detectéewordrather than at each incoming
sample contrary to the standard implementation of the RLS alfaritvhich can be found in
[29]. It should be also noted that the new receiver proposetiis section is likely to be more

sensitive to detection errors than a receiver that consfséssingle FRESH filter, as each such
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error affects the coefficients of both [»| and hy[n).

The adaptive implementation requires the receiver to knoly the periods of the cyclosta-
tionary noise and of the OFDM signal, denot¥g,;s. and N,,,, respectively. For practical PLC
scenarios these values are a-priori knowi,,,, is known by design and the period of the noise,
Nyoises 1S known to be half the AC cycle (segl [1]] [3].[4],/[5].1[6]9]). Thus, the adaptive
implementation is very robust to noise model parameters. &priori fixed implementation, on
the other hand, requires the receiver to know the autoatioel functions of the cyclostationary
noise and of the OFDM signal, denoteg,(n,!) and cq44(n,1), respectively, and is therefore
more susceptible to noise model parameters. Lastly, we thateif N, iS unknown, the
performance of the receiver derived in this work convergethat of the direct signal recovery
receiver of [15].

V. SIMULATIONS
In this section, the performance of the receiver developeBeictiori 1ll, as well as that of the

adaptive implementation developed in Secfion 1V, are atell by simulations, and compared
with the algorithm proposed in_[15]. The information bite @ancoded in accordance with the
IEEE P1901.2 standard [12]: an outer Reed-Solorfiify, 239) code is followed by an inner
rate% convolutional code with generator polynomidl%l,.,, and 155,.4, and an interleaver
specified in[[12]. The information signal is a passband OFD&ha with 32 subcarriers over
the frequency bangd — 148.5 kHz, each modulated with QPSK constellation. This freqyenc
range is in accordance with the European CENELEC regultidfi]. We use a CP consisting
of 16 samples, hence the total number of samples at each OFDM s$ysnk@
Three types of noise are simulated -
1) ACGN based on the LPTV modell[9] adopted by the IEEE P198faddard[[12], with
two sets of typical parameters, referred to in the followasylEEE1 and IEEE2:
« IEEE1 corresponds to low voltage site 8 (LV8) in[12, Appendi].
« |IEEE2 corresponds to low voltage site 14 (LV14) in][12, ApgienG].
2) ACGN based on the Katayama model [6] with two sets of tyipiemameters, referred to
in the following as KATA1 and KATAZ2:
« The parameters for KATALl are taken from| [6] and are set to{hg ni,n,} =
{0,1.91,1.57-10°}, {©, ©1,05} = {0, —6, —35} degrees{ Ay, A;, A} = {0.23,1.38,
7.17}, anda; = 1.2- 1077,
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« The parameters for KATA2 are taken from [30, residence 1d,ame set to béng, ny, no} =
{0,9.3,5.3:10%}, {0, ©1, 02} = {0,128, 161} degrees{ Ay, A;, Ay} = {0.13,2.8,16},
anda; =8.9-1076.

3) AWGN (in order to show robustness to the noise model).
Note that IEEE1, IEEE2, and KATA2 correspond to practicalguic impulsive component with
duration 0f300—400 microseconds, while KATA1 corresponds to a periodic impalsomponent
with a very short duration o5 microseconds, representing very unfavorable conditidhg.
cyclic period of the cyclostationary noise is setig,;.. = 1000 samples. Note that the noise
period, N,.ise, and the length of the OFDM symbaV;,,,, are both scaled by a factor g%
compared to their practical values to reduce simulatioretirlowever, asfv\i& is the same as
in practical systems, the results correspond to the pedooa of practical systems.
Four receivers are simulated -
1) Rx;: A receiver withno filtering applied to the input signal prior to decoding.
2) Rx: A receiver which implements atationary FIR Wiener filtef16, Ch. 12.7] with
Nyym + Yesis= taps applied to the input signaln).
3) Rx3: Best of previous works represented by a receiver with a FRESH filter tuned to
extract the desired OFDM signal [15]. The filter utilizes Elay frequencies in the range
—2 .., <> such that each FIR hay,,,, + Yz taps.

Nsy'm’ ’ Nsy'm
4) Rx,: Our newly proposed algorithns demonstrated by a receiver with the FRESH filter

hy[n] utilizing 5 cyclic frequencies in the rangﬁ;ﬁ, e ﬁ and at each branch the

FIR hasLprr = NnT taps; and the FRESH filtgr,[n] utilizing 5 cyclic frequencies in

the rangeﬁ, L NLW and at each branch the FIR hagr, = Ny, taps.
Note that Rx, Rx; and Rx have the same delay, and that the new receiver)(Rrd the
scheme of[[15] (R¥Y have the same number of coefficients. We also note that Hi®rsary
Wiener filter (Rx) has less coefficients than our new receiver,Rout it has the same delay.
Increasing the number of taps in Rixcreases the delay but does not improve the performance
of Rx;y in the simulations. The results are plotted for various &salof input SNR defined as
SNR,, £ m. For evaluating the bit error rate (BER) performance, aSudrearrier
maximum likelihood (ML) decoder (i.e., minimal Euclidearstédnce decoder) is used.
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A. Simulation Study of the Optimal Receiver
In this section the performance of the receiver develope&ention[ll is evaluated. Four

aspects were studied: first, a comparison between the dionuleesults and the theoretical
results was done to confirm the validity of the simulationisefi, the TA-MSE performance was
evaluated and the robustness of the new receivert®xthe noise model was tested. Next, the
BER and the corresponding input SNR gains were evaluatet|aatly, the applicability of the
new receiver with noise cancellation to multipath channeds demonstrated.

1) Verifying Agreement Between Analytical Results and Simulation: We first verified the
agreement between the simulation and analytical TA-MSEesgion [(IB). To that aim we
simulated both noise models; For the Katayama madel [6] veel tise parameters set KATAL,
and for the LPTV model]9] we used the parameters set IEEEEiIgr8 both the analytical TA-
MSE evaluated using (19) and the TA-MSE evaluated from thmukition output are compared.
We observe that there en excellent agreement between the analytical and sintifafeMSE
for both noise modelsThis confirms the validity of our simulation study descdhbext.

2) Evaluating TA-MSE Performance and Verifying Robustness of the New Algorithm to
the Noise Model: We next evaluated the TA-MSE performance and tested thestoéss of the
proposed receiver algorithm to the exact noise model. ,Rivet verified that the new receiver
operates well also in AWGN. The simulation results are preskin Fig[Y. Observe that when
the new receiver Rxis applied to AWGN it achieves the same TA-MSE performancehas
optimal FRESH filter without noise cancellation 6f [15] (Bxwhich is tuned to recover only
the OFDM signal. This shows the robustness of the new recéiv¢he noise model, as the
noise cancellation part in Rxwhich cannot provide improvement in AWGdbes not degrade
performance of Rx Both Rx and Rx achieve(.8 dB input SNR gain over the stationary
Wiener filter (Rx) for SNR;,, < 2 dB, and the gain decreases(®5 dB at SNR, = 6 dB.

Next, the TA-MSE was evaluated for four sets of ACGN modelse Tesults for the LPTV
model [9] with parameters IEEE1 and IEEE2 are depicted in[&igd he results for the Katayama
model [6] with parameters KATA1 and KATA2 are depicted in Ay Observe that the per-
formance improvement depends on the cyclostationary cteistics of the noise: When the
impulsive noise is of typical width 300 — 400 microseconds as in IEEE1, IEEE2 and KATAZ2,
the noise has a stronger cyclic redundancy and thereforee ra@incellation is more effective.

Accordingly, for the IEEE models we observe in Hig. 8 inputRSiains of2.5 — 6 dB compared
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Fig. 8. TA-MSE comparison for the LPTV noise model Fig. 9.
of [9].

to Rx; at SNR,, < 0 dB, which decreases at SYR= 4 dB to a2.7 dB gain for IEEE2 and
a 1.55 dB gain for IEEE1. For the KATA2 model we observe in Hig. 9 apuhSNR gain of
2.4 dB compared to Rxat SNR,, < 0 dB, which decreases tola2 dB gain at SNR, = 4 dB.

TA-MSE comparison for the Katayama noise
model of [6].

However, when the impulsive noise component is very sherit) KATAL (only 25 microseconds
impulse width) Rx achieves relatively modest SlyRyains in the TA-MSE of about.2 — 0.35
dB compared Rx (smaller gains at higher values of SR Observe that in all cases, as the
direct recovery receiver (Rx exploits only the cyclostationary characteristics of itmf@rmation
signal, its performance improvement over the stationargnaf filter (Rx) is the same for both
noise models at all SNR3.he benefits of noise cancellation are thus clearly observed

3) BER Improvements in Coded Transmission Due to Noise Cancellation: The substantial

gains obtained by Rxin terms of TA-MSE translate directly into gain in BER. To denstrate
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Fig. 10. BER comparison for different ACGN models.

this point the coded BER results at the output of the differeneivers for the ACGN channel
are depicted in Fig. 10 for both noise models. To avoid ctinttewe depict only the results with
the IEEE2 and the KATA2 parameters. Observe that for the EEEBdel the new receiver with
noise cancellation (R¥ achieves an input SNR gain 6fdB compared to Rxat output BER
of 10!, This gain decreases tb3 dB at output BER ofl0~2 and t03.5 dB at output BER of
103, For the KATA2 model the corresponding input SNR gains of Rxer Rx are 1.65 dB,
0.75 dB, and0.55 dB, respectively. For the IEEE1 model these gainsla9edB, 1.25 dB, and
1.2 dB, respectively, and for the KATA1 model these gains @BedB, 0.27 dB, and0.25 dB,
respectively. It is emphasized that this BER improvememinly due to noise cancellation.
Note that while the coded BER gain for our proposed receiRer)(compared to the direct
recovery receiver (R} corresponds to the TA-MSE improvement depicted in Higsn8[8,
there is a difference between the S)Rjain for the coded BER and the SWRyain for the
TA-MSE when Rx is compared to Rx The proposed receiver Rxachieves coded BER of
102 for the Katayama noise model KATA2 at SIRof 2.65 dB, while the receiver with no
filtering (RXx) achieves the same coded BER for SNRf 4.75 dB, i.e., the SNR, gain for
coded BER ofl0~2 is 2.1 dB. However, the TA-MSE at the output of Rxfor SNR,, of 2.65
dB is —21.3 dB, which correspond to an SNRgain of 3.4 dB over Rx. It follows that a3.4
dB gain in TA-MSE translates into 21 dB gain in coded BER. The reason is the scaling effect
discussed in Subsectign IIIFC, which is demonstrated in[Ely Fig.[11(d) depicts the received
subcarrier values corresponding to a specific QPSK coastail symbol for transmission over
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ACGN models.

BER results for 4-tap multipath for different

the KATA2 noise channel model at SNR= —4 dB without any filtering at the receiver (Rx
while Fig.[II(b) depicts the received values for the same KQBBNbol at the output of the

newly proposed receiver, Rxfor the same scenario of Fig. 17(a). It can be seen that for Rx

although the received values are closer to the transmittedtellation symbol as compared to

the values without filtering, a scaling effect is inducedsuléng in a smaller uncoded BER

improvement compared to the improvement in TA-MSE. Eid. dthpares between the values

of the scaling obtained from the simulation and from the el expression[(21) for Rx

with the KATA2 model parameters. The measured averagenscaiobtained by averaging the

scaling of the recovered signal at the outputhgfr|, that is, evaluatini%>. Observe that

the simulated results agree with the analytical derivatgspecially at high SNR, confirming the

validity of the scaling analysis in Subsection 10-C.
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4) Applicability of the New Receiver with Noise Cancellation (Rx,) to 1Sl Channels:
Lastly, we examine the application of the receiver with raiancellation (R¥ to ISI channels.
The simulation was carried out for a 4-tap multipath charwigh an exponentially decaying
attenuation profile, as ir_[15], with tap valugs0.1,0.01,0.001], applied prior to the addition
of the noise. Fig[13 depicts the results for the ACGN for betbdels with the IEEE2 and
the KATA2 parameter sets. Note that the results and the smoreling SNR gains are similar
to the results obtained for the channel without ISI, sineedescribed in Subsection 1MtD, the
multipath channel effect is accounted for by designing tR&ESH filter to recover the OFDM
signalafter convolution with the channellhis shows that the new receiver is very beneficial for
multipath channels and not only for memoryless channels

5) Sensitivity of the New Receiver with Noise Cancellation (Rx,) to Cyclic Frequency Errors:
The frequency shift filtering algorithm proposed in the preégaper requires the receiver to know
the exact period of the noise in order to compute the cycbgudencies. Clearly, as stated in
[20Q], error in the knowledge of the cyclic frequencies selyfedamages the performance of the
FRESH filter. This is because when the error is high enoughFRESH filter input operates
on shifted versions of the signal which do not have cyclia@ation, thus, all branches of the
FRESH filter become useless, except the branch which pesfaonrfrequency shift«, = 0).

However, this is not an issue in narrowband PLC as the periddeonoise is known to be
half the AC cycle (se€ [1]/]3]/14],15],.16],.[9]). Note alsthat the period of the OFDM signal
is known by design.

Nonetheless, in order to analyze the performance degoedati case there actually is an
error in the knowledge of the cyclic frequencies of the noige carried out simulations for
all four ACGN noise parameter sets, in the presence of arr @rthe cyclic frequencies of
the noise used by the receiver (we denote the error wWith The simulations compared the
TA-MSE of the new receiver Rxand the FRESH filter without noise cancellation [of][15] {Rx
for SNR,, = {—2,2,6} dB. The results are depicted in Fig.]114 of this letter for tEEE
LPTV noise model of([B], and in Fig. 15 of this letter for the tiigama noise model of [6]. We
observe from the figures that, as expected, when the errtreirytclic frequencies of the noise
is large enough, the noise cancellation FRESH filtgr.| becomes ineffective, and the TA-MSE
performance of Rxconverges to that of Rx It is important to note that the cyclic frequency

error does not degrade the performance of Bampared to Rx
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B. Simulation Study of the Adaptive Optimal Receiver
We now turn to evaluate the performance of the adaptive impigation developed in Section

[Vl Three receivers are simulated - Rxo filtering), the adaptive version of Rxand the adaptive
version of Rx. Here, two main aspects were tested: the convergence otltipize filter to the
optimal solution and the robustness to the noise model.

1) Convergence of the Adaptive Filter to the Optimal Solution: First, we examined the
performance of the adaptive FRESH filter for an error-frderemce signal. This models com-
munications with sufficiently strong error-correction esd Fig.[16 compares the TA-MSE of
the adaptive Rxwith an ideal reference signal and the TA-MSE of the optimal Rerived in
Sectionl, for two ACGN models: the LPTV model][9] with panaters set IEEE1 and the
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Fig. 16. Convergence of the TA-MSE of the adaptive Fig. 17. Convergence of the BER of the adaptive; Rx
Rx4 with training to the TA-MSE of the optimal Rx with training to the BER of the optimal Rx

Katayama model |6] with parameters set KATA1l. BER comparisodepicted in Figl_17. As
expected, the performance of the adaptivg Rith an error-free reference signal converges to
that of the optimal Rx for both models.

2) Verifying Robustness of the Adaptive Algorithm to Noise Model and Corresponding
Performance: We next verified that the adaptive implementation operatel$ also in AWGN.
The simulation results are presented in [Fig. 18 and in[Fip Qlgserve that for SNR > 3 dB
the decision-directed adaptive Rebtains the same TA-MSE performance as the optimal Rx
shown in Fig[¥. Also observe that, as expected, the resoitshbE AWGN channel show that
applying the noise cancellation filter (Rxdoes not improve upon the single FRESH filter of
Rxs, and in fact, for SN, > 3 dB the performance of the adaptive Rg roughly equal to that
of the adaptive Rx This is because the noise exhibits no cyclic redundancyg. Urifavorable
performance observed for S)R< 3 dB is due to the fact that the BER it too high for the
adaptive algorithm to converge, thus, if it is desired to kvat lower SNRs, stronger coding is
needed.

Lastly, the TA-MSE and the BER performance were evaluatedvio sets of ACGN models:
The LPTV model [[9] with parameters IEEE2 and the Katayama ehd@] with parameters
KATA2. The TA-MSE and the BER results are depicted in Figl 2@ d&ig.[21, respectively.
Observe that for both models the adaptive, Rxbeneficial for all SNE, values. For the IEEE2
model the adaptive Rxconverges to the optimal RXor SNR,, > 0 dB which corresponds
to BER values lower thar - 1072, while the adaptive Rxconverges to the optimal Rxfor
SNR;,, > 3 dB which corresponds to BER values lower than10~2. This is due to the effect
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of the output BER on the decision-based adaptive implentientaFor the KATA2 model the
adaptive Rx converges to the optimal R¥or SNR;,, > 2.25 dB while the adaptive Rxconverges
to the optimal Rx for SNR,, > 3 dB, both correspond to BER values lower than0~2. Note
that [12] defines the appropriate working region for narramdb PLC as the situation in which
packet error rate (PER) for a packet consisting of 100 odtetgess than0.1. As this PER
corresponds to BER of less tham - 1074, it follows that the adaptive Rxconverges to the
optimal Rx, within the appropriate working region. It is therefore clhued that the substantial

gains obtained by the optimal Rxan be obtained also with the adaptive implementation.

VI. CONCLUSIONS
In this paper, a new receiver designed for exploiting thdastationary characteristics of the

OFDM information signal as well aghose of the narrowband PLC channel noiseproposed.
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The novel aspect of the work is the insight thatise estimationn cyclostationary noise

channels iseneficia) contrary to the widely used AWGN channels. It was shown #tdbw

SNRs, which characterize the narrowband PLC channel, dale performance improvement

can be obtained by signal recovery combined with noise dition via FRESH filtering,

compared to previous approaches which focused on estignatity the information signal.

This gain was demonstrated for different cyclostationais@ models and in particular for the

noise models specified in the IEEE standard [12]. It was afove that with an appropriate

design, the proposed model can be applied also to ISI chanviel then presented an adaptive

implementation of the receiver, and identified the BER ramgehich this implementation is

beneficial. Future work will focus on adopting the cyclostaary signal processing schemes to
the MIMO narrowband PLC channel.
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