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ABSTRACT

Wireless OFDM channels can be approximated by a time vafiling
ter with sparse time domain taps. Recent achievements isespiy-
nal processing such as compressed sensing have facilitetacse
of sparsity in estimation, which improves the performanicmii-
cantly. The problem of these sparse-based methods is tltefoee
a stable transformation matrix which is not fulfilled in therent
transmission setups. To assist the analog filtering at tbeiver,
the transmitter leaves some of the subcarriers at both eafgiee
bandwidth unused which results in an ill-conditioned DFbrea-
trix. To overcome this difficulty we propose Adaptive Threkh
ing for Sparse Signal Detection (ATSSD). Simulation resoéinfirm
that the proposed method works well in time-invariant aretc&gly
time-varying channels where other methods may not work dls we

in [?] a sparsity-based estimation method employing the Magchin
Pursuit is devised.

A main drawback of these methods is that they do not consider
zero padding in their scenario. In current OFDM standard$#nd-
width is not fully occupied; a number of the subcarriers dhlemges
of the bandwidth are set to zero (hence the name zero paddiirg)
crease the allowable transition band of the analog bandiizssat
the receiver. Zero padding results in an unstable frequamtiyne
transformation (ill-conditioned transformation matrixh addition,
due to the lack of pilot in zero padded parts, common time dioma
techniques are impractical. In this paper we propose a sgaEn-
nel estimation method called Adaptive Thresholding forda#bn of
Sparse Signals (ATSSD) that works adequately even for gedoled
OFDM systems. Simulation results using the DVB-H standai ¢
firm that ATSSD estimates almost the exact CFR in time-iawdri

Index Terms— Sparse channel, Adaptive thresholding, OFDM channels. Furthermore, unlike the previous methods, thiorpe

channel estimation, MMSE

1. INTRODUCTION

Recent standards such & P, ?] introduce OFDM communica-
tion as one of the best options for wireless transmissionudfime-
dia signals including video. OFDM transmission, althougsistant
against multipath fading, requires accurate estimatisgh@Channel
Frquency Response (CFR) at the receiver for appropriatedieg
of the data.

For mobile reception, the transmitter reserves some ofube s

carriers in each OFDM symbol (which may vary in different sym

bols) for a predefined pattern of data, referred toPaét tones,
which are a priory known at the receiver. Since in OFDM traissm
sion the data are directly sent in the frequency domain etipést
tones provide the receiver with irregular noisy sampleshefCFR
in the time interval of that symbol. The main task of the cl&nn
estimator block of the receiver is to estimate CFR at the pitot-
subcarriers using the obtained samples at pilot tones. éXtional
methods involve some sort of interpolation between theinbth
samples, ranging from the simple Linear Interpolation ¢blmore
complicated approaches like splines. Under limited tinreag and
Doppler frequency, the time varying OFDM channel can be eigw

mance under varying channels degrades only slightly as tipgEr
frequency increases.

2. SPARSE OFDM CHANNEL ESTIMATION

To show how the aforementioned challenges in OFDM channel es
timation can be overcome using the inherent channel priegerte

will briefly explain the problem in two subsections. [Tn]2.1 ¥
system components related to channel estimation are regliein
[2.2, in addition to restating the OFDM channel estimatioa sgarse
signal processing problem, we will explain the difficulty ydrtial
use of bandwidth (zero padding) in estimating sparse chganne

2.1. Review of OFDM System Components

Atthe OFDM transmitter, coded binary data are interleageaiiped
and mapped to constellation points based on a specific nmaatula
scheme. The resulting complex symbols which will form the- fr
guency domain of the transmitting signal are rearrangexbtdcks
and for each block a number of pilots are inserted among tteeada
predefined locations. To facilitate the RF analog filteribgha re-
ceiver, these blocks are zero padded to form the final bldokHM
symbols, denoted bX (™ wheren is the block number); i.e., the

as a lowpass 2D signaP]. In this sense the problem of channel es- bandwidth is not fully occupied. The resulting symbols ao&-c

timation becomes equivalent to the reconstruction of a 2viphss
signal from its irregular sample8][

verted into the time domaimx{™) by the use of the IFFT algorithm,
where each symbol is extended by a Cyclic Prefix (CP, a copy of

Recent results in sparse signal processing such as Comgresghe last part of each OFDM symbol) and these final blocks are se
Sensing 7], paved the way to exploit the inherent time domain spar-rially transmitted. The cyclic prefix is inserted to preveassible

sity of the channel in its estimatiof?,[?, ?]. Usingl; minimization
algorithms (Basis Pursuit) introduced i#],[ reduction of the num-
ber of required pilots for channel estimation is proposef@jnvhile

Inter-Symbol Interference (ISI) in existence of multipattannels.
At the receiver, the cyclic prefix is removed and the recesigd
nals,y(n), are sent to an FFT block. When the duration of the chan-
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nel impulse response is shorter than the cyclic prefix lengthSI

3. PROPOSED METHOD

is expected between OFDM symbols. Assuming also no synchro-

nization error, the equation relating th&" transmitted and received
symbols, respectivelX(n) andY (n), is:

Y(n) =X(n) ®©H(n) + W(n) 1)

where® represents element by element multiplication of two vec-

As previously stated, the OFDM Channel Impulse RespongR)(GI
sparse. In this section we will propose a new scheme callegiha
Thresholding for Sparse Signal Detection (ATSSD) that oot
this inherent sparsity even with ill-conditioned matricEs cp.

In this method, the spectrum of the channel is initially -esti

tors, H(n) is a vector containing the samples of the Channel Fremated using linear interpolation between pilot subcasrieiThe

quency Response (CFR) corresponding toffe OFDM symbol

zero-padded parts of the bandwidth which are possibly nmedsas

and W denotes the sampled vector of the AWGN noise in the fre-nonzero due to the noise, are initially estimated as zerdevetithe

guency domain. Since the receiver is priorly aware of pititions
and values, it can obtain a noisy estimate of the channelémcy
spectrum at these subcarriers. In this sense, the OFDM ehann
similar to a 2-D lattice in the discrete time-frequency glgnom
which certain points are known due to pilots; the goal of clen
estimation is to estimate the rest via interpolation. Therjolated
channel estimate is then used in the equalization block taimlan
estimate of the transmitted constellation poiXg4)). After equal-
ization, the approximated OFDM symbol is demodulated, teein
leaved, and decoded to produce the binary output data.

2.2. Restating OFDM Channel Estimation as a Sparse Problem

Considering the sparse distribution of the scattering atbjethe

middle subcarriers which are equipped with comb-type gilthe
mentioned linear interpolation using the noisy samplefefahan-
nel at pilot locations is employed. This initial estimaterigproved
in a series of iterations that finds the sparsest time donesiponse.
The initially estimated spectrum is passed through the IFFT
block to obtain a crude version of the time domain impulse re-
sponse. This initial estimate is fed to the ATSSD block which
consists of several iterations. In each iteration this wetiries
to find the location of the taps via a thresholding scheme en th
estimated channel from the previous iteration (or in the adshe
first iteration, the crude version discussed above). Thestioiding
scheme is further described in séc.]3.1. After finding thation
of the taps in each iteration (locations whose previoustimeged
amplitudes stay above the threshold), their respectiveliardps

OFDM channel becomes sparse in the time domain. Thus, by e4re again found using the Minimum Mean Square Error (MMSE)

ploiting this sparsity, a better estimate could be obtaingidg the
time domain. The resulting estimate is then transformed ihe
frequency domain by use of the FFT algorithm. In this serse, t
problem of channel estimation becomes equivalent to findiey
sparse Channel Impulse Response (CIg)fom the equation:

H,=F, h+W, @)
Wheref{p is the vector of observed channel coefficients at pilot sub
carriers,F,, is the sub-matrix of the DFT matrix obtained by keep-
ing the rows of the FFT matrix that correspond to pilot posis

criterion discussed in s€c._B.2. In each iteration, duertstiolding,
some of the fake taps which are noise samples whose amgitude
were above the threshold in the previous iteration, areadisd.
Thus, the new iteration starts with a lower number of fakestap
Moreover, because of the MMSE estimator, the valid tapscgmbr
their actual values in each new iteration. In the last iterathe ac-
tual taps are detected and the MMSE estimator gives thgieotise
values. The main steps of the proposed algorithm are:

1. Using linear interpolation, set the crude time-domaiarctel

as described above for the initial estimate.

and W, is the frequency-domain noise vector at pilot positions. As

stated earlier, in the case of no ISI, the length of the chataraot

exceed the length of the cyclic prefi®gp). Thus, [2) can be fur-
ther simplified in the zero ISI case; only the fifSt» elements of
h (hcp) can have non-zero values.

H, =Fpcr-her + W, (3

whereF,, ¢ p is the sub-matrix of the DFT matrix obtained by keep-
ing only the firstNcp columns ofF,. Recently the idea of using
time domain sparsity in OFDM channel estimation was progase
[?] for decreasing the number of pilots. The authors proposea ¢
pressive sensing algorithms to find the sparsest time doatein-
nel. They proved that in case of uniform pilot insertion, thatrix
F,.cp in @) satisfies the uniform uncertainty theorem descrilned i
[?]. As a result, linear-programming-based algorithms usezbim-
pressed sensing, similar to the ones introduce@]indn be applied
to OFDM channel estimation. However, the authorsfdid not
consider zero-padding at the endpoints of the bandwidtheiin sce-
nario, which is an essential part of current OFDM standartiss as-
sumption, causes the matd#, cp to contradict the Restricted Iso-
metric Property (RIP) defined irffand thus the use of Compressive
Sensing (CS) algorithms as describedd inpractical. In the pres-
ence of zero-padding, the matti%, c» becomes ill-conditioned (a
small variation inﬁp leads to a great changelirx:p). Due to zero-
padding we do not have any pilots in the zero padded partheiur
complicating the use of time-domain techniques.

N

. Discard the taps with amplitudes bellow the threshold.

3. Estimate the value of the remaining taps using the MMSE
criterion.

. Stop if the estimated channel is the same as the previous it
eration or when a maximum number of iterations is reached,
else go to step 2.

3.1. Channel Tap Detection via Thresholding

As mentioned earlier, in each iteration, taps bellow a aettaesh-
old are discarded. The threshold in & iteration is set as:

Threshold = Be™" 4)
wherei represents the iteration number; i.e., the threshold expon
tially increases as the iterations proceedand g are constants that
depend on the number of taps and initial powers of noise aadireh
taps; since these parameters are hardly known, a rough>ampgro
tion is used. In the first iteration, the threshold is a smathber and
with each iteration it is gradually increased. Intuitivellyis grad-
ual increase of the threshold, results in a gradual reducfdake
taps (taps that are created due to noise). This is furthéaiexal in
sectior % from a mathematical point of view.



3.2. Estimation of Channel Tap Values via MMSE Assumingy as the threshold for th&" iteration, we expect the over-
all noise power (real and imaginary) of the next iteratiobeécequal
t0 X14p)n. Although this is only a rough statistical approximation,
simulation results confirm that after MMSE estimation, tleése in
the remaining taps (locations that stayed above the thicgohe
previous iteration) is almost normal with zero mean andavargé

After finding time-domain channel tap positions, in eactsition we
need to find an estimate of their value. This is equivalenbteiisg
a linear equation in the presence of noise. That is, we wisibtain
the value of the CIR vectdi at tap positionsT), from the equation

H, = F,rhr + W, (B)  0.5%uap(n:
where the vectoH,, is the measured CFR vector at pilot positions, 5 Stapin ) n?
F, r is the sub-matrix of the DFT matriX¥() obtained by selecting Tnit1 ¥ =5 | = On,i (1+ 202 ) (10)
n n,t

the rows and columns that pertain to the pilot positignsafd likely
channel taps(), respectively, andV, is the noise vector at pilot  For the choice of;, in [?7] it is shown that the threshold which maxi-
positions. The MMSE estimator tries to find the estimate ekt mizes SNR of the signal after thresholding (considerindy lmoissed
that minimizesE{||hr — hr||2}, hence the name Minimum Mean and fake taps) is found as:
Squared Error. This estimate vector is given by:
2 2 2 2
hr = Ra, Fyl - (FprRu, Filr + Rw) T H, ©®)  opri = a,’i\/ pZna Tion (1 —Piop T ”“‘P> (11)

Ptap Oni

Utap
where.” denotes the Hermitian operation aRd,, and Rw are
the auto-covariance matriceslof and W, respectively. When the Using [13) in [I0) we get:
noise vectoW is a random complex white Gaussian procéssy

is equal to20%,I, where variance of both real and imaginary parts T it 14+ Ufm‘ + UtQap In (1 — Prap Tnyi + afap) (12)
2 - 2 2

are assumed to hegy. Also Ry, can be approximated witk, T ol Ctap Dtap ol
where P, is the average power of the channel. Thus, the estimate
vector can be written as: which shows the increase in the noise variance; the noispleam
A 902 _ which stay above the threshold should have higher ampBtaael
hr ~ F. (Fp,TF,IfT + P—‘”I)*H,, (7)  therefore, higher variance. For reasonable SNR valueseoffian-
' h 02, . N
tap .
where the channel powé?, can easily be estimated by dividing the nel, o2 is large enough to have the following approximations:
power of the to-be-equalized data by the constellation pgp@ver
of the equalized data is the same as the average consteltatizer). 9 1 —ptap Tiap
Mopti A O, | 210 | 00 25

4. MATHEMATICAL ANALYSIS

0,0

1 — Prap T2 o2 (13)
RERIRES ai,i<1 +In (7“ P _Ug 2) —In( 23 ))
In this section we present a mathematical intuition for theppsed Ptap Tn,0 "

method. For simplicity of the analysis, we assume that bbémoel k

taps and the additive noise in the time domain atthéteration (in- )

cluding the initial iteration formed by linear interpolati) are zero- As can be seen ifi{(13); ;41 < ko}, ;; however, we assume
mean normal complex random variables with equal real angiima the upper bound for the noise and thus:

nary variances,, ando ;, respectively. Therefore, their ampli- 2 2 2 o i

tudes which are of main concern in ATSSD have Rayleigh pribbab Tnjit1 N ko = 00 & onok

ity distribution function. In addition, we assume that thielmbility 2 ilng) 1 — Prap ]

of a time sample being a channel tapis,; i.e., if Ncp represents = MNopt,i ~  On,0€ 2In (7%2@) — 4iln(k)

the length of the cyclic prefix, we expect to have a channeh wit Ptap

prap - Nop taps. Now, if we set a threshold)(to distinguish the ~  Betm®) (14)

noise and valid samples, we probably miss some of the ofitzipa

while detecting a number of fake locations. The probabiitfFalse ~ whereg is a constant. Similar t§{4)f (114) shows the same exponen-
Alarm (FA); i.e., detection of fake taps,using the Rayledistribu-  tial increase in the threshold with respect to the iteratiomber.

tion is given by:

o _ _a? __? 5. SIMULATION RESULTS
x 202 202
Dfa = / s—e midr=e “Tmi (8) ) . o
n Inyi To verify the efficacy of the proposed channel estimation,pee
Moreover, the average power of these fake taps . is: formed computer simulations based on the DVB-H standandgusi
MATLAB. The main simulation parameters and options are show
Stapln = E{lw® | |w| >n} in Table[d andR. To show the robustness of ATSSD in estimating
1 SO mj the CFR for time-invariant channels, we compared the BEBr aft
= — ——e 27 dy Viterbi decoding of the proposed method to that of the hygtth
PraJn  Ony cal ideal channel in Fid.]1; by ideal channel we mean that &ad
1 2 _ nj equalization, we used the exact channel instead of its asinAs
= —20,2“- (1 + 772 )e 27 can be seen in Fifl] 1, the BER performance of the proposecbiheth
Pfa 207 almost coincides with that of the ideal channel. Thus, is fanse,

the ATSSD estimation is perfect. Moreover, the BER perfaroea
of Linear Interpolation (a conventional channel estinatioethod)

n
- 20’2“'(1+2ai ) 9

X



Table 1. Simulation Parameters

Parameter Specifications
DVB-H mode 2K
Number of carriers 1705
Number of pilot carriers 146
OFDM symbol duration 224us
Gaurd Interval 1/8 (256)
Signal Constellation QAM-16

Convolutional Encoder 171ocT and133ocT
Coding rate 1/2
[itermaz , o, B] [5, 0.8, 0.008]

Table 2. Multi-Path Profile (Brazil Channel D)

Delay (zs) 0.0 048 207 290 5.71 578
Amp. (dB) —0.1 -390 —26 -13 00 —28

——Fd

——Fd =75
. ——Fd = 50
107 |—=—Fd =30

—v—No Doppler

10 15 20 25
Carrier to Noise (dB)

Fig. 2. Performance of the proposed method at different Doppler
frequencies for Brazil D channel.

the same as if we used the exact channel even for time-vathisg-

is also shown for comparison. The proposed method is alsg-eff nels.

tive in time-varying channels. This fact is verified in FIgwhere
the BER performance (after Viterbi decoding) of ATSSD iswho
for different Doppler frequencies. As obvious in Figl 2, A
shows little performance degradation with increase of tioppler
frequency.

10
&
107
107 e
o
W
m
10°
—— |deal channel
—— ATSSD
107 ——linear Interpolation
2
5

10

0 5 10 15 20
Carrier to Noise (dB)

Fig. 1. Performance of the ideal, linear-interpolated and the pro

posed channel estimates under time-invariant Brazil D oblan

6. CONCLUSION

Due to the partial use of bandwidth in OFDM transmission, rite
duced frequency to time transformation is no longer stathlere-
fore, most of the sparsity-based channel estimation mettiverge.
We have proposed a thresholding method which solves thidgmo
while benefiting from the sparsity criterion. Simulatiosuéis show
that the performance of this method after data equalizagiaimost

hamash alakie
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