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An Investigation into Time-Domain Approach for
OFDM Channel Estimation

Hlaing Minn, Student Membeand Vijay K. BhargavaFellow, IEEE

Abstract—A time-domain based channel estimation for OFDM  with data to form OFDM symbols. The subcarrier spacing be-
system with pilot-data multiplexed scheme is investigated. As tween pilot tones is usually determined by the frequency se-
an approximation fo linear minimum mean square estimator |activity of the wireless channel. The pilot multiplexing can

(LMMSE), a time-domain based channel estimation is proposed . .
where intra-symbol time-averaging and most significant channel be allowed for all OFDM symbols (i.e., all the time of trans-

taps selection are applied. The relation and differences of the Mission) or at an appropriate rate depending on the time se-
proposed method to DFT-based LMMSE methods are discussed. lectivity of the wireless channel. In channel estimation using
The performances of the proposed method, DFT-based LMMSE training symbols, decision directed approach has to be used. If
method [15] and the methods of [16] and [17] are evaluated in ¢ mpjexity is affordable, time interpolation (e.g., [11]) can be

multipath fading channels. The simulation results show that . . . .
proposed method achieves almost the same performance asused to improve the performance. If pilot tone multiplexing is

DFT-based LMMSE method and better BER performance than Used, the frequency interpolation has to be performed [12]-[14].
the other methods while keeping less complexity. Similarly, time domain interpolation can be performed at the

Index Terms—Channel estimation, intra-symbol time-av- COSt of complexity. Most of the channel estimation approaches
eraging, linear minimum mean square error estimator, most may be viewed as DFT-based approaches [15], [16], [10], [11],
significant taps selection, orthogonal frequency division multi- where LS (Least square) channel (frequency response) estimates
plexing (OFDM). are fed to IFFT block to get time domain channel impulse re-

sponse estimate, and then appropriately processed and trans-
|. INTRODUCTION formed back to frequency domain by FFT. A DFT-based ap-
RTHOGONAL frequency division multiplexing (OFDM) proach for OFDM system with transmit and receive antenna di

’ ) . versity has been discussed in [10].
[11-3] has recently achieved much popularity due to its In this paper, we investigate a time-domain channel estima-

desirable prpperties su_ch as it? robustness to mult_ipgth del!@ﬁ approach, namely FPTA (Frequency Pilot Time Average)
s_p_read_and_ impulse noise, 't?c’ .h'gh data “_"“e tran_sr_r!lss_lon Ca[&%] which applies intra-symbol time-domain averaging of iden-
bility with high bandwidth efficiency, and its feasibility in ap-ticq| parts of the pilot signal. We also propose a time-domain

plication of_adaptive rr_lodulation and power a_II_ocation acro3pproach for OFDM channel estimation which achieves perfor-
the subcarriers according to the channel conditions. It has b nce gain over LS or FPTA approaches.

anpted in wireline.applications SUCh. as ADS.L (Asymmetric The rest of the paper is organized as follows. In Section II,
Digital Subscrlt_)e_r Line) [.4]’ broadcas_tmg services such as e OFDM system and LS channel estimation are presented for
:o_pleg_n _ItDAl\\B/_((leggal A(ljjd|o':_3roa%cast|dn?) (5], DVE;'STD(;e_I[re_I_S'notational description. The method of time-averaging the iden-
rial Digital Video Broadcasting) [6] and Japanese -T( Chical parts of a pilot signal is briefly presented in Section IIl, and

restrial Integrated Services Digital Broadcasting) [7], high rag.lranalysis on this intra-symbol time-averaging is given in Sec-

on IV. Section V presents the proposed time-domain channel

. . . s ESifmation and its relation to DFT-based approaches are dis-
MMAC (Multimedia Mobile Access Communications) [8], [9]'cussed in Section VI. Simulation results are discussed in Sec-

If noncoherent OFDM system is used, the system complexhﬁ : . : :
. n VIl and conclusions are given in Section VIII.
will be reduced at the cost of 3—4 dB performance loss [10]. ?6 g

coherent OFDM system is adopted, channel estimation becomes
a requirement and usually pilot tones are used for channel (fre- Il. SYSTEM DESCRIPTION

quency_response) es_timation. Pilot tones can b_e inserted in aléuppose the pilot toneR[%] are multiplexed with datd[k]
subcarriers of a particular OFDM symbol forming an OFDM, 41 oEpM symbols at a pilot ratia// (ratio of the number
training symbql, in which case training _symbols are j[ransmltt_qg pilot tones to the total number of subcarriers) whieig sub-
at an appropriate regular rate determined by the time Vary'Eerierindexo, 1,---,N—1)with N being the total number of
nature of the wireless channel. Another approach is that, Wibcarriers, andP[k] and D[k] are zeros except at their corre-

stead of using all subcarriers, the pilot tones are multiplexggonding subcarriers. Then the transmitted OFDM signal in dis-

crete-time domain, excluding guard-interval, can be expressed
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MINN AND BHARGAVA: AN INVESTIGATION INTO TIME-DOMAIN APPROACH FOR OFDM CHANNEL ESTIMATION 241

where IFFTn{} is N-point inverse Fast Fourier transform In FPTA approach, since there a@&identical parts of time-

andn is the time-domain indef0, 1, - - -, N — 1) of an OFDM domain pilot samples, the corresponding parts of received sam-
symbol. Suppose the wireless channel has a discrete-time ptes are averaged ovéf parts. This intra-symbol time-domain
pulse response given by averaging reduces the variance of noise sample& ltimes,
L1 i.e.,07,,, = o;/K. Based on this observation, [17] defined
h[n] = Z a6l — 7)) (2) time-domain pilot to noise ratio agn]/ o+ .., and compared it
=0 with frequency domain pilot to noise ratid[%] /o ; resulting in
where the following expression
a;  is complex path gain dth path,
7, is the delay ofth path, and pl)/ oty _ [NV (8)

L is the total number of channel paths. Plk/oy K

For simplicity, time dependence nature of the channel impulich was mentioned as the gain of FPTA approach over fre-
response is suppressed in the notation. ~ quency domain approach such as LS estimation discussed in
After passing through a multipath wireless channel, the time&gction 11. However, this result is optimistic and more details
domain received samples of an OFDM symbol, if appropriags, it will be discussed in the following section.

cyclic prefix guard samples are used, is given by

r[n] = s[n] @ A[n] + wln| (3) IV. ANALYSIS OF INTRA-SYMBOL TIME AVERAGING IN FPTA

where® representsV-point circular convolution{w[n]} are in- In order to investigate the pi_Iot to noise raFio insightfully, we
dependent and identically distributdlf AWGN samples with neglect the data part and consider only the pilot affected by mul-

zero mean and variance of. Assuming perfect synchroniza-tip?‘th channel and Gaussian noise. Then the timg-domain re-
tion, the FFT output frequency-domain subcarrier symbols c§fived samples vector of an OFDM signal can be given by
be expressed as
R[K| = FFTy{r[n]} = H[K] P[k] ) [ it ol
;. wnhere r = ro, ry, -+, g1 Wit r; = 7;0],

+ AR DIE] + WE] @) ri[l],---,m[M — 1]], p’ is N-point circular convolution
where W[k] = FFIn{w[n]} is frequency-domain AWGN of pilot signal p and channel impulse responkeand can
noise samples with zero mean and varian%e: NoZ.Then pe expressed a8’ = [p), Pl -+, Py, With pi = [p’[0],
the channel frequency response at the pilot tones can be ggljt], ... p/[M — 1]] andw = [w[0],w[1],---,w[N — 1]] is
mated by iid Gaussian noise samples.

R R[m] Wim] Then averaging the received samples d¥grarts, assuming
Him]| = —w— = Hm|+ —— (5) the channel impulse response is constant over the OFDM
Plm] P[m] symbol interval, gives
wherem is the subcarrier index for pilot tones. This channel
estimate is called LS (least square) estimate. The channel re-
sponses at other subcarriers can be obtained by interpolation.

r=p'+w 9)

K-1
Covg = i Z r; = P6 + Weu (10)
g K e g

ll. FREQUENCY PILOT TIME AVERAGE (FPTA) METHOD where w,,;, = [wa}-g[(i],wavg[l],'--,waug[M — 1]] with
Py P / L= 7 q 7 i 7 1 1

In FPTA [17] approach, positive and negative alternativeiave(il = (1/K) 32— wli + jM]. Since {w[n]} areiid

. . . . . . yrero mean complex Gaussian random variables with variance

polarized pilot tones are multiplexed with data at a pilot ratio of, . o .

o7, {waewgli]} areiid zero mean complex Gaussian random

~ . . t
1/K. The frequency-domain pilot tones can be expressed asvariables with varianceffavg — o?/K.

Pk] = (-1)™A, k=Km ©) Now, we investigate two possible approaches for channel esti-
0, E=Km+i mation using intra-symbol time-averaged received samples. The
where first approach, which will be denoted by FPTA-1 in the rest, is
K,mandi areintegers] <i< K—1,0<m < M—1, ! reconstructthe received samples of lengttby repeating
A is pilot amplitude and T ther,.4, K times. Then the reconstructed sampfesan be ex-
M = N/K s an integer. pressed as
The corresponding time-domain pilot samples can be expressed ,
as y = [ravgv Tovg, ") ra'vg] =p +Vv (11)
N—-1 . . .
- 1 ok Wherev = [Waug, Waug, * * +, Waug) IS K times repeated version
pln] = IFFIN{P[k]} = N Z PR Wy of w,.4. The corresponding frequency domain samples are
k=0
K—-1
A Y[kl = FFITNn{y[n]|} = H[E| Plk]|+ V]k 12
AN s bt aagy - [k = FFTx{ylnl} = H P+ VI (12)
r=0 where{ P[k]} are original pilot tonest [k] is channel frequency
whereWy = exp(—j2n/N). response and’[k] = FFIn{v} is frequency-domain zero
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mean Gaussian noise term. The channel frequency respons«r[o] ﬁ [0] h (01

A
pilot tones can be estimated by == = z LLLEENS = H[0]
. — b0
Hlm] = Y[m]/P[m] = H[m] + V[m]/P[m]  (13) S E
Ecgn | & ~
wherem = 0, K,2K,---, (M — 1)K. % % § thM—I] E E
The variance oV [m] can be given as follows: g b
8= E A}
* - = h IN-1]
var{Vlm|} = E{V[m| V*[m]}, I_[N__l], MST > ﬁ[N—l]
m=0,K2K, - ,(M-1HK
N—-1 N—-1
— Z vld] mi Z v*[4] womd Fig. 1. Most Significant Taps (MST) Method.
i=0 =0

Mol K1 M1 The _above discussion also in_dicates that intra_l-symbol time-
-E Z oli] Z M) Z o [j] averaglng-alone does not .ach|e\_/e chgnne_l estimation perfor-
P N = mance gain and the result_m (8) is optlmlstlc. Another way of
ol e_xplanat|or_1 for the result in (8) is that |t_ considers only one
' Z Jyr =) time-domain sample (gfter averaging) while other sample_s alsp
— N affect the channel estimate. The result would be appropriate if
M1 M1 P p[n]/ot.qavg I (8) is obtained by averaging over all samples
Z Z E{[]]v*[j]} Z WT(i+lA4) (after averaging). In the rest, the gain of a channel estimation
=0

=0

method over another (if not mentioned, LS method is assumed)
o1 will be expressed by thensegain (i.e., the ratio ofnse’s) or
. Z W;m(ﬂnM) the (frequency-domain) pilot-to-noise power ratio instead of the
‘ pilot amplitude to noise standard deviation ratio.

i=0 j=0

n=0
M-1 K-1 ‘ 2
— Z Of,avg Z py M) V. MOST SIGNIFICANT TAPS APPROACH
i=0 =0 For practical multipath wireless channels, there are not so
M—1 ) ) ) many channel paths with significant energy (if compared to the
= Z Tt avgl” = Nog (14) FrT sizeN). Hence, amongV samples (taps) of the channel
=0 impulse response estimate, many samples (taps) will have little

which is the same as the variance of frequency-domain nofeN© energy at all except noise perturbation. Neglecting those
term without intra-symbol time-averaging (i.6%[k] in (4)). non5|gn|f|cantchanneltapsm chgnnelestlmatlon maylntroduc_e
The pilot to noise ratio is also the same, given/No?2. some performance degraqlatlo.n if some pf the chann.el energy is
The second possible approach, which will be denotéﬂ'?sedv but at the same time it will eI|m|r.1ate the noise pertur-
by FPTA-2 in the rest, is to uS& FTy{re.,} together bation from those taps. Usually total noise perturbation from
with FFTw{po} wherep, is one of the identical parts of those neglected channel estimate taps is much higher than the
time-domain pilot samples. The channel frequency responséndltipath energy contained in them, especially for low SNR

estimated as follows: values. Hence, neglecting those nonsignificant channel estimate
taps can improve the channel estimation performance signifi-
Pylk] = FFTn{po[n]} = A/K, cantly and this fact is applied in the proposed method as shown
fork=01,- N—1 15 MF9.- 1.

We consider the same scenario as in [17] where pilot tones
Ra,,,.f,[k] = FFTn{ravg[n]} = H[K] Po[k] + Waug[k] ~ (16)  are multiplexed with data in each OFDM symbol at a pilot ratio
HE] = Ryuglk]l/Folk] = H[K] + Wauglk]/Polk]  (17) of 1/K. The pilot tone used in the proposktSTapproach is

. . M-1
where{W,.,,[k]} are zero mean cqmplex Gaussian noise termsP[k] _ Z A8[k — mK], k=01, N—1 (18)
and { Fy[k]} are the equivalent pilot tones for this approach. =

It can be shown that the variance Bf,,4[k] is Mo?,, (=
(M/K)o?). The pilot to noise ratio is the same as the previo
case.

l?Snd the corresponding time-domain samples conkdiiden-
tical parts and are given by

The channel estimation error is given by = HIk] — H[E] K-l
which is the second term i/[k] equation. Since its mean Pln]= Y o —mM],  n=01.-N-1 (19
is zero, the mean square errande) of channel estimate, m=0

mse{H[k]} = E[exe}], is equal to the variance of the second If the maximum channel delay spread is less than the length
term. Hence the channel estimatiorse’s of LS method and of an identical part, which can be designed to satisfy this, then
intra-symbol time-averaging methods are the same and eqi time-domain received samples corresponding to the time-
to No2 /A2 domain pilot samples contaik parts, each representing a
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MINN AND BHARGAVA: AN INVESTIGATION INTO TIME-DOMAIN APPROACH FOR OFDM CHANNEL ESTIMATION 243

scaled channel impulse response for the respective part ¢ 1/P[0]

rupted by AWGN. If the channel path gains remain essential + a 0] ﬁ (0] ﬁ[o] }AI[O]
the same over an OFDM symbol interval, which is usually trR[0]4.®$. L3 MST —
case since OFDM systems are usually designed to satisfy 1
in order to maintain orthogonality among subcarriers, then tl -
received samples corresponding to time-domain pilot samp -
containk repeated version of scaled channel impulse respor -
which are independently corrupted by AWGN. In order t
choose most significant channel taps, thdseparts can be R[N-1]
averaged so that the noise variance is reducefi limes and

more reliable most significant channel taps can be obtained. in
mathematical expression, the time-domain received sampi@f2. MST's dual form DFT-based method.

corresponding to time-domain pilot samples, (For simplicity,

data part is neglected in the received samples expression. ThBy using suitable number of most significant tapk, [k]
mean of data part after averaging is zero), can be given by can be kept very small (or zero) and hence the channel estima-
tion error is mostly dominant (or totally caused) by the noise
term Wo,4[k]. For this case, thenseof the channel estimate

IDFT
MST
DFT

1/P[N-1]
A A A A
HLé[:N- 1] hN-1] h [N-1] H[N-1]

———

r[n] = h[n] © pln] + wn]

A& can be approximated (or expressed) as
=% E:Oh[n—mM]—{—w[n], PP ( P ) .
7;: 0,1,---,N—1 (20) mse{H[k]} = E{Wayy[k] W ,4[k]} = F‘]atz,a'vg
2
_ After averaging, we have the noise-corrupted scaled channel = % = %msc{ﬂm[/@]} (25)
impulse response
A Hence, thenseperformance gain of proposed MST method
Tauvgln] = Eh[n] + waug[n]. n=0,1,--- .M —1 (21) over LS method (similarly over FPTA method) is ideally

) ) o N/JK. The actuamseperformance gain would be less than
Then the raw channel impulse response estimate is given byihis amount due to the interference from data part and some (if

i K _h K any) excluded channel taps of nonsignificant energy.
Ls[n] = ravg[n] = Al + S waug[n, The choice of the number of most significant tapsn the
n=0,1,--- M—1 (22) channel estimation depends on the application scenario. Broad-

— casting environment such as single frequency network can have
Now, the most significanf channel taps are chosen as the . L
. . Ilarlger number of multipaths with significant energy than non-
largest amplitude channel taps. Let the channel tap indexes 10 . . ) -
S broadcasting cases such as wireless LAN’s environment. In any
those most significanf taps be denoted byy, n1, -+, ns_1. .
. . : . cafc,e,J should be chosen larger than the (designed) number of
Then the time-domain channel impuise response estlmaten%J Itipaths in order to prevent channel estimation error caused
proposed MST method is obtained by setting the other chan%elI| P P S
. ; y missed channel taps. The channel estimation error caused by
tap gains to zero as shown below: ; - . o
the noise from an additional tap in channel estimation is much
. L less than that caused by missing one of the multipaths. A suit-
harsrln] =Y hrsni] 6[n — nd, able choice for/ may be two times or more of the (designed)
=0 B N 23 number of multipaths (as will be seen in the simulation results)
n=01--N-1 (23) " in order to ensure no channel energy missing.

The channel frequency response estimate is directly obtained\nother MST tap selection approach can be implemented by
by applyingFFT to {/}MST[n]} as selecting the channel taps whose energy is above a threshold.
. . The threshold may be setasimes the maximum channel tap’s
Hysr(k] = FFIn{husr[n]}, k=0,1,---.N~-1 energy in the raw channel estimate. The suitable choigedef
= H[k] — Hres[k] + Wauglk] (24) pends on the operating SNR and more details will be discussed
in the simulation results section.

where
H[H = Ai:lh[n] ykn VI. SIMILAR APPROACHES INDFT-BASED METHODS
n=0 In this section, we relate the proposed MST method to the
N—J-1 , DFT-based approaches [15], [16], [10]. Essentially, due to the
H,os[k] = Z AARNE one-to-one relationship of DFT and IDFT, the MST method can
1=0 be related to DFT-based approach as shown in Fig. 2. Consider
K= . the system with training symbol (i.e., pilot tones on all subcar-
Wauglk] = a Z Wayg[ni] Wy' riers). First, LS estimates are obtained and then input to IFFT
=0 block resulting in/V samples LS estimate of channel impulse
with {n;} being the most significant channel tap indexes amésponse. The largest amplitudechannel taps among th¥
{n}} being the indexes of the other channel taps. samples (taps) are chosen/asost significant channel taps and
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the other taps are set to zero. The resulting MST channelimputago (which is1/K times that of DFT-based LMMSE due to
response estimate is input to FFT block to get the MST chaniits! pilot ratio of 1/ K).
frequency response estimate. This MST's dual form DFT-basedThere is a delicate difference between DFT-based LMMSE
approach has been applied in [10]. A similar concept by usimgd MST-LMMSE. In DFT-based LMMSE, alv samples of
singular value decomposition can be found in [18]. hps are corrupted biyd AWGN noise samples of zero mean and
The difference between proposed MST approach and wariances?/A%. In MST-LMMSE, the first M samples ol s
dual form DFT-based approach is that MST uses pilot-dasése corrupted byid AWGN noise samples of zero mean and
multiplexed approach while its dual form DFT based aprarianceKo?Z/A? and the rest are zeros. Hence, if compared
proaches use training symbol approach. It can be shown tkat the training symbol alone, DFT-based LMMSE will have
the potential gain of the latter approachi§ J. Using total a better channel estimation performance due to the larger pilot
pilot power of N A2, the latter approach achieves potential gaipower used in channel estimation. But for the following data
of N/J whereas MST achieves potential gaingf(JK) with  symbols, DFT-based LMMSE has to use decision directed ap-
total pilot power of V A%/K; hence, on the basis of the sam@@roach which may degrade the channel estimation performance
total pilot power, both methods have the same potential gaind BER performance due to the decision directed errors. For
for channel estimation. Another difference is the complexitfydST-LMMSE, the channel estimation and BER performances
In MST approach, operations involved are time-averaginggmain the same for all symbols.
most significant channel taps selection and one FFT operain LMMSE implementation, since multipath channel corre-
tion whereas its dual form DFT-based approach requires la&ion and SNR are usually unknown at the receiver, some fixed
estimation, one IFFT operation, most significant channel tapalues have to be used for them. In [18], it is suggested to use
selection and one FFT operation. Hence, the proposed MBigh dummy SNR value and uniform multipath channel corre-
approach saves some complexity. lation which are robust to the channel correlation mismatch. If
One approach which is similar to MST’s dual form DFTHhigh dummy SNR value is used and uniform multipath channel
based approach is the method of [16]. The difference is that [1&]rrelation is assumed over guard interval, then LMMSE ap-
uses the firsiV,,, channel taps wher®,,, is the number of cyclic proach would be similar to [16]'s method. From (26) with high
prefix samples whereas MST’s dual form DFT-based approadbmmy SNR value, the LMMSE approach can be viewed as set-
uses onlyJ most significant channel tap§/ < N,,). Since ting the channel taps with no energy to zeros and bypassing the
multipath channels usually have much less channel taps thaher taps. Since most practical multipath channels have only a
Nep, [16] has more noise perturbation than MST. few significant paths (if compared t¥), a suitable way of im-
Other DFT-based approaches use linear minimum meglementing an approximate LMMSE is choosing a predefined
square error (LMMSE) estimators or approximate LMMSEBumber of most significant taps and setting the others to zero
estimators with reduced complexity [15]. If complexity can behich is the underlying idea of MST method. In complexity as-
afforded, these LMMSE or approximate LMMSE estimatorpect, MST-LMMSE estimator still saves ofé-point IFFT op-
can be implemented in MST approach. Let us consideregation if compared to DFT-based LMMSE estimators.
wide-sense stationary uncorrelated scattering (WSSUS) multi-
path channel with power delay profile given bf(q_ at delays of VII. CHANNEL ESTIMATION PERFORMANCE EVALUATION BY
1+ OFDM sample intervals. Due to the uncorrelated multipaths, SIMULATION

the correlation matrix of the channel impulse response become%e proposed MST channel estimation is evaluated by
a diagonal matrix with the diagonal elements given by the

power delay profile. Then the LMMSE'’s matrix multiplicationcompmer simulation for two multipath fading channel models,

or scalar multiolication on corresponding channel taps namely Channel-A and Channel-B. The Channel-A is the
( utiplica ) ponding ps) Rrtc (Advanced Television Technology Center) and the
performed as follows [19], [15]:

Grand Alliance DTV laboratory’s ensemble E model whose

i i o7 or channel impulse response for the static case is given by
mmse — ALAG < , L B
o, TB/SNR o} +/SNR h[n] = 6[n] + 0.3162 8[n — 2] + 0.1995 8[n — 17]
Thys . +0.1296 8[n — 36] + 0.1 8[n — 75
o avn (PEs (26)
Ty, TP/SNR +0.18[n — 137] 7)
where diag{ag,a1,---,anv_1} iS a diagonal matrix with where unit delay is assumed to be the same as OFDM sample pe-

diagonal elementBig, a1, - -, an—1]. In DFT-based LMMSE riod. The Channel-B is a simplified version of DVB-T channel
approach, the first symbol is composed of all pilot tones ofiodel P, [20] and its channel impulse response for the static
equal amplitude and the following data symbols are composeatse is given in Table I. In the simulation, the given channel tap
of M-ary QAM symbols on all subcarriers. Then for the initiabains of both channels represent the standard deviations of the
channel estimation based on the training symifaN R/  gains of the complex Gaussian random variables.

in (26) is replaced by the pilot-to-noise power ratio. For the The OFDM system parameters are as follows: the number
following channel estimation operated in the decision directed subcarriersN = 8192, pilot ratio 1/K = 1/8, guard
mode, 3 in (26) is given bys = E[|X|?] E[|X|~?] where interval ratio= 1/8 and carrier modulation 64-QAM. Perfect

X is M-ary QAM symbol. For 64-QAM,5 = 2.6854. For synchronization is assumed in order to observe the channel
MST-LMMSE, SN R/j is replaced by its pilot-to-noise powerestimation performance alone. The considered methods are
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TABLE | ' ' ' '
CHANNEL IMPULSE RESPONSE FORCHANNEL-B Channel-A
107 E
Delay Gain Phase
(OFDM samples) (radians)
0 0.2478 | -2.5694 Y
1 0.1287 | -2.1208 3
3 0.3088 0.3548 -
4 0.4252 0.4187 @
5 0.4900 | 2.7201 107} [=x= FPTA-1 E
— — FPTA-2
7 0.0365 | -1.4375 2 MST (5 taps)
8 0.1197 1.1302 : mg (6 taps)
12 0.1948 | -0.8092 10¢] | & et oy,
17 0.4187 | -0.1545 »-@»- gETT—llj.anngdsEMMSE
24 0.3170 | -2.2159 - Ref[16]
29 0.2055 2.8372 - . . . .
49 0.1846 2.8641 0 10 20 30 40 50
SNR (dB)

Fig. 4. BER performances of OFDM system with different channel estimation
methods in Channel-A.

Channel-A

some improvement over FPTA approaches even though it is as-
sociated with decision directed errors. MST method with 6 taps,
which is the same as the number of taps in Channel-A, has ap-
proximately 18 to 22 dBnsegain over FPTA approaches. MST
with 5 taps shows an irreducible channel estimation error floor

{1 caused by missing some of the channel energy. It has a better

- N performance than FPTA approaches for SNR less than 20 dB
since for this SNR region the gain in noise suppression is greater
than the loss of channel energy missing. However, for higher
SNR region where noise has smaller impact than the channel
energy missing, the channel estimation error floor results in a

worse performance for MST with 5 taps. For the cases of MST
@ E{ZfT.ﬁ%Tsed HIMSE with larger number of taps than the actual channel taps, MST
10 20 30 20 s0 achieves performance gain over FPTA and [16] approaches. The
SNR (dB) channel estimation performance gains are not as high as MST
with 6 taps case due to the additional noise perturbation from
the extra taps.

Also shown in Fig. 3 are the performances of MST-LMMSE
MST, FPTA-1, FPTA-2, MST-LMMSE, DFT-based LMMSE and DFT-based LMMSE methods. LMMSE'’s approaches are
and [16]. In the last two methods, one OFDM symbol is usesf similar performance to MST with 6 taps case. For SNR less
for training symbol (pilot tones on all subcarriers) in everyhan 20 dB, DFT-based LMMSE has a worse performance than
K OFDM symbols (i.e., the same pilot ratig/K). In both MST with 6 taps due to the decision directed errors. For higher
LMMSE methods, ideal channel correlation and SNR valu&NR region, it has a slightly better performance due partly to
are used in order to evaluate the relative performance of M&Je fact that its decision directed errors become insignificant
method. In all methods, the same pilot tone symbol &f ;7 and partly to the fact that MST suffers some interference from
signal point in 64-QAM constellation is used. For SNR of 4@ata part. MST-LMMSE has a slight performance gain over
and 50 dB,10° independent simulation trials are used anMIST with 6 taps case for low SNR region and almost the same
for the other SNR values,0* independent trials are used. Inperformance for high SNR region. This slight performance gain
our simulation, floating point computation is used. Howevegf MST-LMMSE in low SNR region is due to the utilization of
it should be noted that due to the limited quantization leve{gleal) channel and noise statistics in MST-LMMSE approach
in real hardware implementation, the computation error iy which the selection of channel taps are always correct,
real situation may degrade the performance obtained in auhereas in MST approach, the selection of channel taps may
simulation. not be always correct due to the large noise perturbation.

Fig. 3 shows thanseperformances of different channel es- The actualmsegain of MST method is slightly less than
timation methods in Channel-A. The required interpolation ithe potential gain of MST method described in previous sec-
FPTA-1 is performed using Matlab’s defadutterp function. tion since data signal interference to training signal is neglected
Due to some noise reduction of this interpolation, theeof in the derivation of the potential gain. The actmasegain is
FPTA-1 is slightly less than FPTA-2. The method of [16] hakess in low SNR region than in high SNR region. The reason is
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Fig. 3. Channel estimation mean square error (mse) in Channel-A.
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TABLE I
BER FOR DIFFERENT CHANNEL ESTIMATION METHODS IN CHANNEL-A
SNR (dB) 0 10 20 30 40 50
FPTA-1 0.3926 | 0.2015 | 3.7501 x 102 | 2.5364 x 10~3 | 2.4960 x 10~% | 2.8721 x 10~5
FPTA-2 0.3957 { 0.2049 | 3.9122 x 102 | 2.6389 x 1073 | 2.5513 x 10~* | 2.5377 x 10—°
MST (5 taps) 0.3693 | 0.1814 | 4.262 x 10=2 | 1.7651 x 1072 | 1.5964 x 10~2 | 1.5441 x 10~2
MST (6 taps) 0.3689 | 0.1770 | 2.7049 x 10~% | 1.8693 x 10~2 | 1.8358 x 10~% | 1.8309 x 10—°
MST (9 taps) 0.3695 | 0.1776 | 2.7291 x 102 | 1.8841 x 103 | 1.8505 x 10~* | 1.8502 x 10~°
MST (12 taps) 0.3700 | 0.1781 | 2.7487 x 102 | 1.8958 x 1073 | 1.8598 x 10~% | 1.8574 x 10—°
MST-LMMSE 0.3689 | 0.1753 | 2.7023 x 10~2 | 1.9081 x 10—3 | 1.8309 x 10~% | 1.8299 x 10—°
DFT-based LMMSE | 0.3670 | 0.1762 | 2.7051 x 102 | 1.8911 x 10~ | 1.8052 x 10~% | 1.7851 x 10~°
Ref. [16] 0.3711 | 0.18387 | 3.6529 x 102 | 2.4789 x 1073 | 2.3445 x 10~ | 2.2593 x 10~°
0 , , , , . . . .
S Ch -B Channel-B
RTINS I e 1 .
LR 10
; )
—20% _
A
-30 -2
_ 10
@ h r
2 40 3'\.% 1 &
: 50 FPTA-1 ’&m*'*.\ _ X~ FPTA-1
=22 R R Ec
—— MST (11 taps) ‘ — MST(121an)2)
—80H —%— MST (12 taps) —6— MST (15 taps)
-o- MST (15 taps) o MST (24 taps)
—z— mg (E:A 't\igsE) A MST-LMMSE
=700 A - 4| | - DFT-based LMMSE
.9 DFT_ 107
-80 10 20 20 20 50 0 10 20 30 40 50

SNR (dB) SNR (dB)

Fig.6. BER performances of OFDM system with different channel estimation

Fig. 5. Channel estimation mean square error (mse) in Channel-B. >
methods in Channel-B.

that most significant channel taps selection would more likely
choose some taps with no channel energy at low SNR regiGhannel-A. It is also noted that the channel estimation and BER
than at high SNR region, resulting in lessegain at low SNR performances in Channel-B is worse than Channel-A except for
region. the case of missing some of the channel energy (i.e., MST with
In Fig. 4, the BER performances in Channel-A are presentédaps in Channel-A and MST with 11 taps in Channel-B). This
for different channel estimation methods. Due to the chanr®{ception is due to the larger percentage of the channel energy
estimation error floor and the BER sensitivity of 64-QAM tamissed in Channel-A than in Channel-B.
channel estimation error, MST with 5 taps case shows a BERFrom the simulation results, it is clear that the number of
floor while the others do not. The method of [16] is slightyMST taps./ should not be smaller than the number of actual
better than FPTA approaches as is the cageseperformance. channel taps. On the other hand, using more taps may slightly
The other MST and LMMSE approaches have better BER pelegrade the BER performance due to the more noise pertur-
formances than FPTA and [16] approaches, but among thebation. However, even up to double of the number of actual
selves, the BER performances are just slightly different amtiannel taps, MST has almost the same BER performance as
hence their BER curves are almost the same. For a better preseimg the number of actual channel taps. Hence, a suitable
tation of their slight differences, their BER values are tabulatethoice for J might be double of the (designed) number of
in Table Il. These slight differences can be ascribed to the cahannel taps for the considered channel environment.
responding different channel estimation performances. It is alscAnother way of selecting MST taps by threshold decision is
noted that when the channel estimatinses much smaller than also evaluated in Channel-B and the channel estimatissand
1/SNR, then some deviation in channel estimatitsedoes not BER results are shown in Figs. 7 and 8 respectively. The perfor-
significantly affect the BER performance since noise is the dormance of MST with 12 taps is also included for reference. It is
inant contributor to BER in this case. observed that the suitable choice of threshold also depends on
The channel estimation performance and BER performante operating SNR, as expected. The results also indicate that
of the considered methods in Channel-B are plotted in Figsabnost the same performance as MST with 12 taps case can be
and 6 respectively and the BER values are given in Table Il fobtained if the threshold for an operating SNR is set within ap-
the sake of clarity. The performances are of the same trend apiioximately 20 to 23 dB below the operatihgS N R. This low
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TABLE 11l
BER FOR DIFFERENT CHANNEL ESTIMATION METHODS IN CHANNEL-B

SNR (dB) 0 10 20 30 40 50
FPTA-1 0.4014 | 0.2250 | 6.1986 x 102 | 8.0725 x 10-3 | 8.3867 x 10-% | 8.6296 x 107
FPTA-2 0.4041 | 0.2983 | 6.3793 x 102 | 8.3684 x 103 | 8.6701 x 102 | 8.6831 x 10-°
MST (11 taps) | 0.37828 | 0.2019 | 5.3833 x 102 | 1.2092 x 10-2 | 6.7836 x 10-° | 6.2076 x 10-3
MST (12 taps) 0.3785 | 0.2011 | 4.9783 x 102 | 6.1260 x 10-3 | 6.2924 x 10-% | 6.3026 x 10-5
MST (15 taps) 0.3790 | 0.2017 | 5.0082 x 10-2 | 6.1707 x 102 | 6.3410 x 107 | 6.3421 x 10-°
MST (24 taps) 0.3805 | 0.2032 | 5.0749 x 10-2 [ 6.2714 x 107 | 6.4442 x 10-% | 6.4503 x 10>
MST-LMMSE 0.3781 | 0.2011 | 4.9847 x 10~% | 6.1500 x 10-7 | 6.3000 x 10-% | 6.3806 x 10-°
DFT-based LMMSE | 0.3775 | 0.2018 | 4.960 x 102 | 6.1261 x 10-° | 6.2774 x 10-% | 6.2568 x 10~-°
Ref. [16] 0.3800 | 0.2123 | 5.0644 x 10-2 | 7.7969 x 10-3 | 8.0554 x 102 | 8.0195 x 103

Channel-B

o
w
o

1072

10°

0 20 40
SNR (dB)

Fig. 7. Channel estimation mean square ermos€) for MST with threshold
settingn.

Channel-B

20 40
SNR (dB)

Fig. 8. BER performance of MST with threshold setting

LMMSE can increase spectrum efficiency by using smaller
pilot ratio. Similarly, MST approach can increase the spectrum
efficiency by not inserting pilot tones in every OFDM symbol.
For this case, the decision feedback approach as used in MST’s
dual form DFT-based approach can easily be applied for pure
data symbols.

VIII. CONCLUSION

In this paper, intra-symbol time-domain averaging ap-
proaches for time-domain channel estimation of OFDM system
are investigated. As an approximation to LMMSE type esti-
mator, a time-domain approach, called MST, is proposed where
intra-symbol time-domain averaging and most significant taps
selection are applied. The similarities and differences of the
proposed MST method versus DFT-based LMMSE methods
are discussed. Two approaches for MST taps selection are
described where the first uses a fixed number of taps while
the second chooses all taps above a threshold. The simulation
results suggest that a suitable choice for the fixed number of
MST taps is using double of the (designed) number of channel
taps for the considered channel environment. And a suitable
choice of the threshold is within the range of approximately
20 to 23 dB below the operating/SNR. In terms of BER
performance in multipath fading channels, MST without
channel energy missing and LMMSE approaches have almost
the same performance which is better than the other considered
approaches. In terms of complexity, MST approach keeps
minimum complexity among the considered methods.
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