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Abstract—This paper proposes an H, based semiblind chan-
nel estimation algorithm for pulse-based ultra-wideband (UWB)
wireless communication systems. In the proposed scheme, sparsely
inserted periodic pilot symbols are exploited to adapt to not only
the time-varying channel fading and noise processes but to their
changing statistics and potential external disturbances, such as
interference. While the existing optimal filtering-based channel es-
timation schemes, which are optimized mostly for traditional nar-
rowband or wideband systems, require a priori knowledge of the
channel and noise statistics, the proposed scheme does not. By fur-
ther making full use of the channel characteristics unique in UWB
systems, the proposed method is thus especially useful for robust
operation in the highly frequency-selective UWB indoor channels
for which the channel statistics are environment-dependent, and
the noise processes do not necessarily satisfy the white Gaussian
distribution in the presence of potential narrowband and multiuser
interferences. Performance gain of the proposed scheme over the
least square method, an existing technique that could also be ap-
plied to UWB channels with unknown statistics, and the Wiener
filter-based algorithm is also provided.

Index Terms—Channel estimation, H ultra-

wideband (UWB), wireless communications.

filtering,

1. INTRODUCTION

LTRA-WIDEBAND (UWB) systems could be imple-

mented using a pulse-based approach [1]-[3] or an or-
thogonal frequency-division multiplexing (OFDM) based ap-
proach [4], [5]. In a pulsed UWB system, bandpass pulses of
extremely short duration, typically in the range of a fraction
of a nanosecond to a few nanoseconds, are used for informa-
tion transmission. UWB systems operate in the 3.1-10.6 GHz
spectrum allowed by the Federal Communications Commission
(FCC) [6] on an unlicensed basis. The ultrawide bandwidth and
ultralow transmission power density (—41.25 dBm/MHz for
indoor applications) make UWB technology attractive for high-
speed, short-range (e.g., indoor) wireless communications. Each
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of the two leading candidate UWB technologies has its advan-
tages and disadvantages for communications in multipath envi-
ronments. The advantages of pulsed UWB include an extremely
simple transmitter and rich resolvable multipath components
that enable the receiver to exploit multipath diversity and cap-
ture multipath energy.

To fully exploit multipath diversity and effectively capture
multipath energy, however, most viable receivers, such as a
RAKE receiver, require a critical process: channel estimation.
Channel estimation has been studied extensively in previous re-
search, mainly for narrowband systems or wideband (e.g., direct
sequence spread spectrum) systems. Currently, we are aware of
only very limited research on channel estimation specifically for
UWRB systems [7], [8]. In [7], a method based on the maximum
likelihood criterion was investigated. In [8], two algorithms (a
successive channel estimation algorithm and a sliding window
algorithm) were proposed. The basic principle applied in these
estimation algorithms is to minimize the variance of the estima-
tion errors, assuming known statistics of the fading channel and
the additive noise processes.

Although other existing channel estimation schemes origi-
nally proposed for narrowband systems can be modified for
UWRB systems, the fundamental differences between UWB sys-
tems and narrowband or spread spectrum wideband systems
significantly degrade the effectiveness and efficiency of such
applications, and they must be considered in UWB channel es-
timation. The first major difference is that for UWB indoor
communications, the channel is environment dependent (e.g.,
geometric arrangement of room, and materials of walls and
furniture). Thus, channel statistics such as the channel space-
time correlation function will be different in a different indoor
environment. Although some research has been dedicated to
modeling UWB fading channels [5], [9], [10], currently, there
are no commonly accepted time-varying fading models for in-
door lognormal fading channels. Moreover, UWB systems are
deployed to overlay with legacy narrowband systems, which
will introduce narrowband interference (NBI) to the UWB sys-
tem. Although NBI will appear to be noise-like at the receiver
matched filter output, it does change the property of the noise
component so that it may not be white Gaussian and is prob-
ably difficult to predict. This difference makes most existing
optimal filtering based channel estimation schemes that require
a priori knowledge of statistics of the channel and noise pro-
cesses unattractive. Although some of the existing algorithms
for narrowband systems incorporate procedures to adaptively
update the channel statistics so that the channel statistics depen-
dent estimation algorithm will work, significant degradation in
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channel coefficient estimation quality is expected in the pres-
ence of channel statistics errors [13].

The second major difference is that a UWB channel is a
highly frequency-selective channel with, typically, a large num-
ber of multipath components which arrive in cluster [10]. The
channel estimator not only needs to (desirably) estimate a large
number of coefficients for each symbol but also needs to over-
come the potential problems of clustering path arrivals. There-
fore, a robust and yet simple channel estimator, which does
not depend on a priori knowledge of the channel and noise
statistics, is very desirable for UWB wireless communication
systems.

In this paper, an H,, based channel estimation algorithm
for pulsed ultra-wideband (UWB) wireless communication sys-
tems in slowly fading indoor environments is investigated. This
scheme incorporates sparsely inserted periodic pilot symbols in
the transmitted data stream for the channel estimation at the re-
ceiver end. For each pilot symbol, an H, algorithm is applied to
minimize the worst effects of external disturbances (including
channel modeling error and additive noise) on the estimation
quality. The algorithm is semiblind because, other than the pi-
lot symbols, it does not require any other information such as
channel fading and noise statistics. The proposed algorithm ex-
hibits strong robustness in channel estimation, which makes
it more suitable for practical UWB wireless communication
systems.

The paper is organized as follows. Section II gives the model
of a pulsed ultra-wideband (UWB) system that employs pulse
position modulation (PPM) for data modulation and time hop-
ping (TH) for multiple access. The derivation of the proposed
H ., estimation algorithm is discussed in detail in Section III. In
Section 1V, the performance of the H,, estimation algorithm
in terms of mean square error (MSE) and bit error rate (BER)
is studied via simulation. For comparison purposes, the per-
formance of the least square method, an existing technique
that could also be applied to UWB channels with unknown
channel statistics, and the Wiener filter-based algorithm, is
also provided and compared. Concluding remarks are given in
Section V.

II. SYSTEM MODEL

In binary PPM UWB signaling, information bits d[i] € {0,1}
are transmitted over a train of ultrashort pulses p(t) with pulse
width T,,. An FCC spectral compliant pulse p(t) could be ob-
tained by carrier-modulating a baseband pulse, such as a rectan-
gular or a Gaussian pulse [3]. Alternatively, it could be ob-
tained by bandpass filtering a baseband signal of ultrawide
bandwidth. We assume that the pulse p(¢) has a unit energy,
ie., [* p*(t)dt = 1. An information bit “0” is represented by
a frame of pulses without any delay, while a bit “1” is repre-
sented by the same frame of pulses, but with a delay A relative
to the time reference. The bit interval 7}, is much larger than
T, resulting in a low duty cycle transmission form. Each train
of pulses is time hopped (TH) to accommodate multiple access
needs. With energy FE,, per pulse, the transmitted PPM UWB
waveform with TH for a particular user (omitting user index) is

written in a general form as

oo Ng—1
s(t)=VE, > Y plt—iTy, — jTy — ¢;T. — Adli)
i=—00 j=0

ey
where {c;} is the N,-length pseudorandom time-hopping se-
quence whose sequence element is an integer in the range of
0 <¢; < Ny — 1,7, is the duration of addressable time delay
bins or chip duration, T is the nominal pulse repetition inter-
val, and T, = N, T is the symbol duration. The ratio T), /T is
defined as the duty cycle. In the preceding transmitted signal
model, the symbol repetition factor is arbitrarily chosen to be
the code sequence length Ny, implying that there are N pulses
transmitted during each symbol interval. However, this is not
a requirement for achieving effective multiple-access capabil-
ity, as even if pulses were not repeated (i.e., N is set to 1),
multiple-access capability can be achieved through the use of a
unique user-specific pseudorandom hopping sequence. Binary
information bits d[¢] are modeled as independent and identically
distributed (i.i.d.) random variables. There are many appropriate
choices of the time shifts A in PPM. For orthogonal signaling, A
is chosen to be such that [*°_ p(t)p(t — A)dt = 0. Such A may
exist between 0 < A < T}, but we will use a value A > T,,.
Depending on the relative values of 7),,7;, and T, pulse
overlap may occur, which will result in undesirable intersymbol
interference (ISI) and make the detection process complex. The
minimum distance between the last pulse in a symbol interval
and the first pulse in the next symbol interval is easily calcu-
lated from (1) to be Tryin = Ty — A — Te(en, -1 — ¢o). Thus,
we assume that

T, > 2T,
Tinin > 2Tp.

(2a)
(2b)

Equations (2a) and (2b) guarantee that pulses of adjacent sym-
bols do not overlap at transmission time.

The superfine time resolution in a pulsed UWB system typ-
ically results in a much greater number of resolvable paths
in the UWB system than in traditional narrowband or wide-
band systems. Additionally, the fading amplitude of channel
coefficients in indoor environments does not follow the well-
addressed Rayleigh distribution for a typical mobile channel.
Despite the significant differences between UWB and narrow-
band behaviors, existing work (e.g., [9] and [10]) has shown
that a tapped-delay-line model with time-varying coefficients
and tap spacing is still appropriate to describe the UWB chan-
nels. The signal emerging from the channel after convolving
with the transmitted pulse p(t) is expressed as

L—
h(t) =

—

hl(t)p(t — Tl) 3)

I
=)

where h;(t) and 7; are the channel fading process and the delay
of the [th path, respectively, and L is the total number of re-
solvable multipath components with 77, _; being the maximum
delay. A key feature of this paper is that we do not impose any
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Fig. 1. Transceiver structure of the UWB system.
assumptions on the statistics of fading process h; () in formu- interval can be obtained as
lating the channel estimation algorithm.
From (1) and (3), the received signal at the receiver input can (i+1)T,
be expressed as Yi = /T ri(t)g(t —m)dt
iT),
co N,-1L-1 (i+1)T, L-1N,—1
(0 =VE > Y S — [ VB Y
i=—o0 j=0 [=0 1Ty I'=0 j=0

x p(t — Ty, — jTy — ¢;T. — Ad[i] — ) + n(t) (4)

where n(t) is the background noise that may include narrowband
and multiuser interferences, if there are any in the system. A
RAKE receiver structure is applied to capture multipath energy.

The received signal r(t) is passed through a single matched
filter and then sampled according to the relative delays of dif-
ferent paths. An alternative implementation of such a receiver
structure is shown in Fig. 1, where a bank of correlators cor-
responding to multipath delays 7y, 71, ..., 771 are applied to
capture multipath energy. If the symbol rate is such that the
channel excess delay does not cause inter-symbol interference,
which is assumed true in this paper, the received signal wave-
form can be simply described by the following one-shot model
with period ¢ € [iTy, (i + 1)T;):

ri(t) =r(t+1iT,)

Ny—1L-1

=VE, Z th(t)

j=0 1=0
X p(t — 3T — ¢;T, — Ad[i] — 1) + n;(t)

te [O,Tb). (5)

The optimal receiver for the single-user PPM system is a corre-
lation receiver with a template waveform ¢(t) expressed as

N, -1
1 s
t) = - (t— 7T 6
9(t) = j;) pe(t —§Ty) 6)
where
pr(t) :p(t - ijjc) _p(t - C]'ﬂ: - A) (7)

Assuming perfect symbol and multipath synchronization
[14]-[16], the output at the lth correlator for the ith symbol

X p(t — ij — CjTC — Adm — Tl/)

g

— p(t— ka —Cch - A —Tl)]} dt

(i4+1)Ty
o
iTy

In the discrete-time channel formulation adopted in (8), the
fading process is piecewise-constant approximated in each sym-
bol interval. For indoor high-speed communications, it is com-
pletely reasonable to assume that the temporal variations of
the fading processes h; () are such that the piecewise-constant,
discrete-time approximation is valid. Expressed in a mathemat-
ical form, this condition is described as

s—1

N
1
tfkT‘fcanf’T]
A 2 KT )

n;(t)g(t — ) dt. )

hl(t) = h(iTy) = hii, i1, <t< (i + 1)Tb. )

As the received ultrashort pulses appearing in r(t) are typi-
cally widely separated from one another, even a small time mis-
alignment would make the echoes virtually orthogonal [3], [7].

Thus, the cross-correlation between signal echoes will satisfy
the following condition:

Ty
/ p(t—Tll)p(t—Tl2) ~ 0, ll 75 lg. (10)
0

Substituting (10) in (8) yields the output signal at the /th

correlator, written in a compact form, as

Yo = Uihy i + 1y, (11)
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where
Ui = /N, E, {R,[Ad[i]] — R,[A(d[i] — 1)]}
T,
Ry(r) = / p(t)p(t — ) dt

(7:+1)T1)
;= / ni(t)g(t —m)dt.

Ty

In deriving (11), the conditions given in (2a) and (2b) have
already been applied. If bit d[i] = “0” is transmitted, U; =
/NsE,. On the other hand, if d[i] = “1” is transmitted,
U; = —+/ N, E,. In aRAKE receiver, the outputs of all correla-
tors are combined to form the decision variable. If the channel
fading coefficients h;;,l =0,1,...,L — 1, are known at the
receiver, an optimal maximal ratio combiner (MRC) can be ap-
plied. The decision variable for the ¢th symbol with MRC can
be obtained from (11) as

L-1 L-1
Uy =Y b =Us Y |hul® +n
1=0 1=0

where the superscript * denotes complex conjugate, and n; =
le_Ol 7 ;7.i- Given I';, the decision rule is that if I'; > 0, a bit

decision d[i] = “0” is made; otherwise, a bit decision d[i] = “1”
is made.

In practical systems, h; ; is a time-varying random variable,
and is not known a priori. Thus, a critical step is to estimate it in
the receiver based on the observations y; ;. Since the same chan-
nel estimator can be applied for all fingers of the RAKE receiver,
we will omit multipath index [ in the following discussion on
the H, channel estimation algorithm.

12)

III. H., CHANNEL ESTIMATION ALGORITHM
A. Problem Formulation

Consider a pilot-assisted [17] channel estimation algorithm
where a known pilot symbol is inserted in the transmitted data
stream every D); symbols. In general, the value of D, could
significantly affect the estimation performance, and thus must
be determined properly according to the channel condition [18]
such as the fading rapidity and the received signal-to-noise ratio
(SNR). In this paper, D; is chosen to be such that the chan-
nel fading coefficients within two adjacent pilot symbols are
approximately the same, i.e.,

Ty A Tp-1 (13)
where ), = hyp, and x;,_1 = h(._1)p, . Since the indoor chan-
nel for high-speed UWB communications exhibits slow fading,
a large value of D, (low pilot overhead) such that 1/D; < 1is
feasible while maintaining the condition given in (13). Without
loss of generality, let bit “0” be used as pilots and the trans-
mission power is normalized to unity. From (11), the correlator
output at pilot periods can be written as
k=0,1,2,...

Y = Ty + Ny, (14)

where
gk = yth/\/ NsEp
g =ngp, /\/NsEp

Combining (13) and (14), the channel estimation problem in
the UWB system can be formulated as the following state-space
model:

5)
16)

X A T (state equation)
Ur = ) + 1. (measurement equation).

If the statistics of both x; and nj; were known, the traditional
minimum-error-variance based estimation algorithms can be ap-
plied to estimate ;. However, as previously mentioned, this in-
formation is not known a priori in practice. The known statistics
assumptions may provide an estimate which is highly vulner-
able to statistical estimation errors, i.e., a small measurement
error may have a significant impact on the resultant estimates of
the channel coefficients [13]. In the next section, we derive an
H, based channel estimation algorithm for the UWB system
that does not require the knowledge of the statistics of x; and
ng.

B. H Estimation Algorithm
Consider a more general state-space model given as

x = Az (17

U = Cap + 7y, (18)

where all quantities involved in the preceding equations can even
be vectors or matrices. When applied to the channel estimation
problem for the UWB system described in Section II with state-
space models given in (15) and (16), we have A = C' = 1. Here,
we shall not make any assumptions on the disturbance ny, ex-
cept that they have finite energy. The finite-energy assumption
is reasonable, since in any practical systems, 71, are samples
of bandlimited noise or interference processes. Let z; = xy,
where ¢ is a linear transformation operator. Since the H, esti-
mation algorithm tries to achieve optimal estimation on a linear
combination of the channel state variables, the estimation error
is defined as

(3 é Zk — 2}€ (19)

where Z;, is the estimate of z;. The design criterion of the
H, estimator is to minimize the uniformly small estimation
error for any 7 and the initial condition zy. The measure of
estimation performance is defined as a transfer operator, which
transforms the disturbances until the nth pilot symbol (7, ) and
the uncertainty of the initial condition x( to the estimation error
ex, which can be expressed as

A > k=0 |€k|c23
“/'UO - j:0|12)61 + EZ=O |T}k “Q/Hjl

J (20)

A . .
where |z|4 =2 Gz, ()" denotes Hermitian transposition,
{(xo — &0),Tr } # 0, To is an a priori estimate of zg, (xg — Zo)
represents an unknown initial condition error, and @, p, L and
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Vi > 0 are the weighting factors chosen according to perfor-
mance requirements. The optimal estimate of zj;, among all pos-
sible Z;s (i.e., the worst case performance measure) should sat-
isfy

A _
1]l 2 sup J < 77!

U ,Z0

2y

where “sup” stands for supremum, and v > 0 is a predefined
level of noise attenuation. The parameter -y should be selected
such that the existence of the algorithm is guaranteed, which
will be discussed later in this section. Equation (21) shows that
the H,, optimal estimator guarantees the smallest estimation
error energy over all possible disturbances with finite energy.

The discrete H, estimator can also be interpreted as a min-
imax problem where the estimate Z; plays against the exoge-
nous input ;; and the uncertainty of the initial state xy. Using
zr = Ex and 2 = €7y, the performance criterion can be equiv-
alently represented as [19], [20]

min max J = —y |zg — 20|24
Fr Uk,To Po

n
3 [l —anlg =Ml 0] @
k=0

where Q = £ Q¢, and “min” and “max” stand for minimization
and maximization, respectively. This minimaximization prob-
lem can be solved by using a game theory approach. For the
state-space model (17) and (18) with the performance criterion
(22), there exists an H, estimator if and only if there exists a
stabilizing symmetric solution P, > 0 (positive definite) to the
following discrete-time Riccati equation [19], [20]:
Piy1 = AP, (I —yQP, + CP Vv, cp,) " AX
Py =po (23)

where pyg is the initial condition. If a solution P; exists, then the
H filter is given by
Zp = &Ly, (24)
where
T = A1 + Gr(yp — CAZy 1),

To=0 (25

and Gy, is the gain of the Hfilter given by
Gr = AP, (I —~QP, +CPV,'cp) " CH V', (26)

By letting P, = R,:l +7Q, (23)~(26) can be simplified as

By = A%y + Gre(Ur — AZr-1), T0o=0  (27)
Gp = AR, (I+CHV,'CR,) T CPvyt (28)

_ -1 _

R, = [A (R;'+CHvite) ™ AH} Vo)
Ry ' =pyt —1Q. (29

For the estimation problem defined in (15) and (16), since no
information is known on the channel fading and noise, and all
components are scalar, in order to further simplify the estimation

algorithm, we set the algorithm parameters as

Q=1
Vi =1
=1

and pg is a large positive number (e.g., 100). Following (27)-
(29), the H, estimation algorithm for the UWB system can be
represented as

&y = 21 + G (Ur — Tp-1) (30)
Gy = R,(1+ Ry)™? 31)
Rl =R'+1-v, Ry'=p'—v (2

The derived H,, algorithm in (30)—(32) is based on the as-
sumption that channel fading is static, as shown in (15). In order
to consider the possible variance of the channel fading in time,
an exponential forgetting factor 0 < A < 1 is introduced to the
design criterion [21]. From (20), the performance measure with
a forgetting factor becomes

ko A" lexld

Iy = . —
A |zo = B2y + X h—o A" [Tl
0 H

k=0 )‘_k|€k|é

o - £0|12,(—)1 + ko A [Tk |%/§1 '

(33)

In (33), the term \"~* gives a larger weight to the more recent
estimation error and disturbance. Substituting (33) into (21)
leads to the new design criterion

| Jy]| = sup Jy <~7L. (34)

Uk ,To
Let
T, = )\_k/zxk
-%k = /\71{7/2131c
U = /\7k/21_}k
72)1« = /\7k/21£)k.

Equations (33)—(34) become the design criterion with respect to
the following state-space model:

i =228, 35)

Ur = T + Uy, (36)

where g, = )\"‘7/217;6. Comparing (35) and (36) with (17) and
(18), we have A = A\ */2and C' = 1. Following a similar anal-
ysis described previously, the H, algorithm for the state-space
model (35) and (36) can be obtained as

=N 0+ Grie — A28 ), 0 =0

(37)
ék = /\7]{/2[%1«(1 + R/ﬁil (38)
Repr=AMR +1)—v, Ry'=p' —~ (39)



100 IEEE TRANSACTIONS ON VEHICULAR TECHNOLOGY, VOL. 55, NO. 1, JANUARY 2006

where (37) can be further simplified as

Tp = Tp_1+ ék (ij - £k71)~ (40)

A necessary and sufficient condition for the existence of the
H,, estimator is that the discrete-time Riccati equation (39)
should have a positive-definite solution Rk+1- Thus, the pa-
rameter - should be selected carefully to satisfy this constraint.
From (39), in order to guarantee R}C+1 to be positive, we require

)\(}?gl+1)—7>0
=y <A<SAR A

=v=nA 41

where 7 takes a value that is less than, but very close to, one.

By examining (38)—(40), it is found that the proposed H,,
algorithm requires six scalar multiplications and five scalar ad-
ditions to estimate each multipath. Considering the multiplica-
tion only due to its higher complexity, the proposed H,, algo-
rithm has an estimation complexity of 6 L scalar multiplications,
which is linear with the number of multipaths. By further con-
sidering the fact that the proposed algorithm does not require
parameter estimation on channel fading and noise statistics, it
can be concluded that the proposed H, estimation algorithm is
simple to implement, and suitable for UWB systems that require
low-power and low-cost receivers.

IV. SIMULATION RESULTS

In this section, simulation results are presented to demon-
strate the performance of the proposed H,, channel estimation
algorithm. For comparison purposes, the least square (LS) and
the Wiener filter based estimation algorithms are also simulated.
In the LS algorithm, the received signal gy, is directly considered
as the channel estimate. LS is another algorithm that can be ap-
plied to UWB channels with unknown channel fading and noise
statistics. The Wiener filter based algorithm is implemented by
letting v = 0 in the proposed H, algorithm [13] such that both
algorithms are simulated under identical conditions.

A. Simulation Parameters

In the simulation, a single user pulse-based UWB sys-
tem with TH-PPM is considered. A rectangular pulse shape
with pulse duration 7}, = 0.2 ns is adopted. The chip duration
isT, = 0.5nsand the hoppmg is carried out in the range between
0 and 97, i.e., N;, = 10. The nominal pulse repetition interval
isTy = 20ns and N, = 4 pulses are used to transmit each bit, so
that the system can support bit rate up to 12.5 Mb/s with binary
signalling. The delay for transmitting symbol “0” in PPM is set
to 0.5 ns. All parameters applied to generate the transmitted and
received signals are summarized in Table I. Note that some of the
parameter values are chosen to be smaller than those in a prac-
tical system to speed up the simulation process. For example,
N, would normally be greater than four when there are more
than one user in order to minimize collisions, and the number of
pulses modulated by one bit could be larger than four to obtain
a larger spreading gain. Since our emphasis is on estimation

TABLE I

SIGNAL SIMULATION PARAMETERS
Pulse rate 5GHz
Pulse duration (7}, 2 x 10710
Chip interval (T}) 5 x 10~ 105
Delay for PPM “0” (0) 5 x 10710
Chip in one frame (V) 10
Pulse repetition interval (1%) | 2 x 107 %s
Pulses in each bit (V) 4
Bit interval (7}) 8 x 107°%s

performance comparison, those choices of system parameters
will not affect the observations derived from simulation.

The channel used in simulation is a slow multipath fading
channel. The number of resolvable multipath components is
four, and the power delay profile satisfies an exponential distri-
bution, i.e., the fading at each multipath has variance

o—l/L
of = (42)

Zl 0 S et

Although log-normal or Nakagami-m distribution is consid-
ered to be more suitable for describing the UWB channel [5],
Rayleigh fading is still applied in our simulation because of the
well-known Jakes model [22] for channel generation. By con-
sidering the facts that Rayleigh distribution is a special case of
Nakagami-m distribution and that the proposed estimation algo-
rithm does not depend on channel fading statistics, the Rayleigh
fading assumption is adequate for the purpose of evaluating
the properties and performance of the proposed algorithm. The
background noise in the simulation is modeled as a white Gaus-
sian process with variance o2, except for the colored noise case.
The signal power is normalized to 1 so that the signal-to-noise
ratio (SNR) is defined as 1/ o2. In the simulation, both esti-
mation mean square error (MSE) and bit-error-rate (BER) are

considered as performance measures.

B. Simulation Results and Discussions

Figs. 2—4 show the effects of different forgetting factors on the
estimation performance. These three figures correspond to three
channel models with normalized Doppler frequency among pi-
lots (NDFP) of 0.001, 0.01, and 0.1, respectively, where NDFP
is defined as

NDFP = f;D, T}, (43)

where f; is the Doppler shift of the system, which is determined
by the user movement speed and carrier frequency. For a given
channel fading model, NDFP represents the distance between
the adjacent pilots, which further represents the system over-
head resulting from the pilots. From these figures, it is observed
that there exist different optimal forgetting factors for differ-
ent NDFPs. For NDFP = 0.001, the optimal forgetting factor
is found to be Aopy = 0.99. For NDFP = 0.01, in the low-to-
medium SNR region (<27 dB), Aopy = 0.99, and in the high
SNR region (>27 dB), Aopt = 0.97. For NDFP = 0.1, Aopt =
0.9. The observation indicates that the optimal forgetting fac-
tor approaches 1 for a slow fading channel, which is intuitively
correct. For all three NDFP values, A = 1 always results in the
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Fig. 2. Mean square error performance of the proposed H., algorithm with
NDFP = 0.001.
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Fig. 3. Mean square error performance of the proposed H, algorithm with
NDFP = 0.01.

poorest estimation performance, as A = 1 implies that channel
fading is a constant, and the algorithm does not take time vari-
ations of the channel into account. From Figs. 3 and 4, it is also
observed that a bad choice of \ values causes an estimation error
floor.

Fig. 5 summarizes the estimation performance of the pro-
posed H, algorithm under different NDFPs with optimal for-
getting factor \. Obviously, a smaller NDFP gives a better esti-
mation performance. For example, for MSE = 1073, the SNR
required for channel estimation with NDFP = 0.001 is about
2.7 dB less than that with NDFP = 0.01 and about 4.4 dB less
than that with NDFP = 0.1. These observations show that the
proposed H, algorithm works better for a slower fading chan-
nel. Given the same Doppler shift, a small NDFP means a high
system overhead. Therefore, a properly chosen value of D,
should consider the tradeoff between estimation performance
and system overhead.
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Fig. 4. Mean square error performance of the proposed H, algorithm with
NDFP = 0.1.
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Fig. 5. Mean square error performance of the proposed H, algorithm with

different NDFPs and associated optimal forgetting factor .

Fig. 6 shows a comparison of BER performance among the
proposed H, algorithm, the LS algorithm, and the Wiener filter
based algorithm. The channel is assumed to have a normalized
Doppler frequency f;7, = 0.00001 with D; = 100, i.e.,
NDFP = 0.001. The interpilot symbol channel coefficients are
estimated using linear interpolation based on the estimates on
pilots. Performance improvement of the proposed H, algorithm
over the LS algorithm is clearly observed. At BER = 1077, the
proposed H,, algorithm achieves a nearly 1.8 dB gain over the
LS algorithm. Compared with the Wiener filter based algorithm,
the proposed H,, algorithm performs better over almost all
SNR values considered, except in the low SNR region (<7 dB).
Specifically, at BER = 1075, the proposed algorithm performs
about 3 dB better than the Wiener filter based approach.

Performance of the proposed H, algorithm in colored noise
is shown in Fig. 7. In this simulation, colored noise is generated
by passing a white Gaussian noise through a linear filter that
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Fig. 7. Mean square error performance of the proposed H, algorithm under
colored noise.

has a transfer function (1)/(1 — 0.2z7!). For comparison, the
estimation performance of the proposed H., algorithm with
white Gaussian noise is also shown in the same figure. With
colored noise, performance of the proposed algorithm is only
sightly worse than the case of the white noise, which is less than
0.8 dB at MSE = 1073. Even in colored noise, the proposed
H , algorithm can still achieve more than 3.7 dB SNR gain over
the LS algorithm to achieve an MSE of 1073.

V. CONCLUSION

In this paper, an H,., based channel estimation algorithm is
proposed for pulse-based UWB systems. The proposed H, al-
gorithm inserts pilots periodically at the transmitter end, and
introduces a forgetting factor to track the channel variation in
time. Since no statistical information of channel fading and
noise is required, the proposed H,, algorithm exhibits robust-
ness in channel estimation. Simulation results demonstrate that
the proposed H,, algorithm achieves much better performance

in terms of MSE and BER over the LS and the Wiener filter
based algorithms in both white and colored background noise.
By further considering its simple implementation, the proposed
H, algorithm is very attractive for practical UWB systems to
achieve low-cost and low-power consumption.
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