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Abstract— This paper presents a low-complexity time reversal
technique as an enhancement for the ultra-wideband (UWB)
communication system over ISI channels. Time reversal takes
advantage of rich channel impulse response (CIR) to achieve
signal focusing in both time domain and spatial domain. But
implementing time reversal for UWB applications is extremely
challenging. Aiming at designing a practical low-complexity UWB
communication system, an autocorrelation demodulation (ACD)
scheme with time reversal enhancement is considered. Nonlinear
inter-symbol-interference (ISI) channel model and bit error rate
(BER) formulae are derived. Major implementation related issues
are discussed. Based on our numerical results, we find that the
proposed simplified time reversal enhancement does work and
significant gain over ordinary ACD scheme can be obtained in
ISI scenarios. In addition, location based security supported by
time reversal’s spatial focusing property is also examined.

I. I NTRODUCTION

Ultra-wideband (UWB) radio was studied and examined
decades ago. Stimulated by the FCC’s move that allows
UWB waveforms to overlay over other systems’, UWB radio
has received tremendous interests recently [1]-[10]. Mainly
due to potentially low implementation complexity, suboptimal
reception strategies, such autocorrelation demodulation(ACD)
[6][7][11] and energy detection [8][9], become attractivefor
complexity and cost constraint ultra-wideband (UWB) applica-
tions. But these types of systems suffer from huge performance
degradation, and basically cannot work when multipath delay
spread exceeds a certain value such that received symbol
waveforms overlap and inter-symbol-interference (ISI) occurs.
In particular, these suboptimal schemes’ equivalent discrete
channels exhibit nonlinear behavior [10], implying normal
linear equalization techniques would not work properly.

One unique characteristic that differentiates a UWB sys-
tem from a “narrow” band system is the UWB propagation
channel. The UWB channel impulse response (CIR) contains
a large number of resolvable components coming through
different paths, especially in indoor environments. With large
signal bandwidth, the UWB system is expected to support
much higher data rate than a narrow band system. But making
good use of these signal components is not straight-forward.
In this paper we consider a signal focusing technique called

time reversal that can turn multipath dispersing (and even ISI)
into benefit [12]-[14]. It takes advantage of rich CIR to achieve
signal focusing in both time domain and spatial domain. The
principle follows. Let ptx(t) ∈ [0, tw) denote a transmitted
pulse (monocycle), andh(t) the CIR. Stimulated byptx(t),
the output from the propagation channel is

prx(t) = h(t) ⊗ ptx(t), (1)

where “⊗” denotes convolution operation. A pre-filter whose
impulse response is a time-reversed version ofprx(t) is
placed at the transmitter, leading to a received signalptx(t)⊗
prx(−t) ⊗ h(t) = [h(−t) ⊗ h(t)] ⊗ [ptx(−t) ⊗ ptx(t)]. Due
to the random-like CIR, the combined effect of the pulse, the
pre-filter and the propagation channel is a signal with sharp
profile, and delay spread of the overall channel (including the
pre-filter and the actual channel) can be significantly reduced.
Since this overall CIR is location-dependent, the transmitted
signal is concentrated in time at an intended location, but is
widely dispersed at other locations. This location-dependent
profile sharpness is also called spatial focusing. The temporal
focusing feature can soften the impact of ISI and other
interferences greatly, while the spatial focusing featurecan
not only lessen inter-user interference, but also provide a
certain level of security for the system at high data rate (an
interception user would see highly overlapped signal that is
hard to be demodulated). If combined with spread spectrum
techniques (such as the ternary DS or hybrid DS-TH [15]),
improved anti-interference/jamming as well as low probability
of interception and low probability of detection (LPI/LPD)
properties can be expected.

The time reversal method has been successfully used in
underwater and acoustics areas for many years. A prerake
concept, which is actually based on the time reversal principle,
was proposed in 1990’s for TDD CDMA mobile communica-
tions, to shift complexity burden from the receiver side to the
transmitter side [16]. Channel shortening is another similar
technique that was introduced in 1970’s and aims at using an
optimal filter at the receiver side to reduce channel memory
and simplify equalizer at the receiver side [17]. However,
this “old” technology is still very challenging for UWB



applications. The main difficulties come from implementing
the channel estimator and the pre-filter in the case of such high
bandwidth. Advanced waveform estimation is possible. But
high-fidelity estimate ofprx(t) needs full-rate sampling and
high-resolution signal representation, implying a prohibitively
expensive solution. In addition, even perfectly knowingprx(t),
it is too difficult to develop an ultra-high speed pre-filter that
can take full advantage of the accurate estimate. In this paper a
digital FIR filter is considered as the pre-filter. We found that
a pre-filter with extremely fine tap spacing and with high-
resolution coefficients is not necessary. We simply use a 3-
level A/D converter with proper thresholding to quantize pre-
filter’s coefficients, and to reduce sampling from the Nyquist
rate to a sufficient lower rate. Interestingly, with such reduced-
complexity quantization, the resulted signal still gets focusing
in indoor environments.

Encouraged by these preliminary results, in this paper we
develop a low-complexity time reversal enhancement with
consideration of major practical issues. The proposed reduced-
complexity time reversal technique is applied to an ACD
receiver that is insensitive to per-path pulse distortion [3].

The paper continues with Section II that describes the
system in details. BER analysis is provided in Section III.
Numerical results in conjunction with comments are given in
Section IV, followed by concluding remarks in Section V.

II. SYSTEM DESCRIPTION

A. System Configuration

A centralized network with fixed (or extremely slowly
moving) mobile stations (users) is preferred for utilizingtime
reversal in UWB applications. In this paper we consider
such kind of system with reciprocal uplink and downlink
channels in terms of propagation characteristic. The base
station broadcasts pilot signal periodically (or as required)
and channel estimation is done upon receiving the pilot signal
at each mobile station. The estimation result is stored at the
mobile user to set the uplink pre-filter, and the same estimation
result is sent to the base station to set the downlink pre-
filter. Of course, this procedure can also be done in a reversed
manner: starting with sending pilot signal from a mobile user,
and handling channel estimation at the base station. Multi-user
access is an important issue especially for a sensor network
that typically contains a large number of nodes (mobile users).
Candidate methods for multi-user access include TDMA and
CDMA (or combination of them). But, this issue is beyond
the objective of this paper.

B. Baseline ACD Scheme

To isolate issues we limit our discussion to a single-user
scenario and assume the channel remains static during a data
burst (say 100µs [5]). An ideal low-pass (or band-pass) filter
with one-sided bandwidthW is placed at the receiver’s front-
end. The transmitted signal with antipodal modulation (or
PAM) is

Stx(t) =

∞
∑

j=−∞

djwtx(t − jTb), (2)

where Tb is the symbol duration,wtx(t) is the transmitted
symbol waveform defined over[0, Tb), anddj ∈ {±1} is j-th
transmitted bit. In generalwtx(t) is a composition of multiple
pulses. For the ACD scheme, the original data bitqj ∈ {±1}
is differentially encoded, i.e.,dj = qjdj−1. Without loss of
generality, assume the minimal propagation delay is equal to
zero. The received noise-polluted signal at the output of the
receiver front-end is

r(t)=Srx(t) + n(t)

=h(t) ⊗ Stx(t) + n(t)

=

∞
∑

j=−∞

djwrx(t − jTb) + n(t), (3)

whereh(t) is the multipath impulse response that takes into
account the effect of the front-end filter,n(t) is a low-pass
(or band-pass) additive zero-mean Gaussian noise with one-
sided bandwidthW and one-sided power spectral densityN0,
Srx(t) is the received signal, andwrx(t) is the received symbol
waveform.Srx(t) andwrx(t) are given by

Srx(t) = h(t) ⊗ Stx(t), (4)

wrx(t) = h(t) ⊗ wtx(t). (5)

Corresponding to time indexk, the k-th decision variable at
the output of the integrator is given by

zk =
1√

EbTb

∫ (k+1)Tb

kTb

r(t)r(t − Tb)dt, (6)

where Eb is the average received signal energy per bit and
1/
√

EbTb is a normalization factor.

C. Channel Estimation

Technically, due to reciprocity of the downlink and up-
link channels, channel estimation can be executed at either
transmitter side or receiver side. In the beginning of each
packet transmission,M consecutive pilot waveforms are sent
for channel estimation. The pilot repetition intervalTp is no
less than multipath excess delayTm to avoid overlapping
in received signal. One challenge in channel estimation is
noise suppression to get reliable estimate. Analog IIR filter
solution may be practical and feasible. Consider a first-order
IIR filter shown in Fig.1. This IIR filter has an impulse
response

∑

∞

i=0 wiδ(t−iTb), whereδ(t) is the Diracδ function,
and the weight set{wi} can be found using the following
equation:

∞
∑

i=0

wiz
−i =

b0 + b1z
−1

1 + a1z−1

= b0 +

∞
∑

i=1

(b1 − a1b0)(−a1)
i−1z−i. (7)

If we set b1 = 0 and a1 = −1, the filter becomes an
accumulator that functions the same as an averaging device in
terms of noise suppression. Filtering processing ofM received
pilot waveforms leads to a template waveform

p̃rx(t) = h(t) ⊗ ptx(t) + n0(t), (8)



wheren0(t) is the remaining noise. The filtering processing
provides a noise suppressing gain (NSG) to enhance the signal-
to-noise power ratio (SNR) of the filter’s output. LetSNRpilot

be the filter’s output SNR, andEp the energy of a single pilot
waveform. The original SNR equalsEp/Tp

WN0

, thus SNRpilot

andEp/N0 are related by

SNRpilot =
NSG

WTp
· Ep

N0
. (9)

Recalling (7), after passing through the IIR filter, the signal
power would be enlarged by a factor of(

∑

∞

i=0 wi)
2, while

under the assumption ofWTp ≫ 1, the noise power would
approximately increase by a factor of

∑

∞

i=0 w2
i . We can

conclude that

NSG≈
{

(
∑

∞

i=0 wi)
2/

∑

∞

i=0 w2
i , IIR filter processing

M, averaging/accumulating
(10)

To simplify implementation of the estimator and the pre-
filter, reduced-bit quantization (mono-bit and 3-level A/D
conversion) is considered in this paper. The 3-level A/D
conversion needs two thresholds±V and the quantization
function is

QF (x)=

{

1, x > V
0, −V ≤ x ≤ V
−1, x < −V

If V = 0 then the 3-level A/D conversion reduces to the mono-
bit A/D conversion. After sampling at sampling intervalts,
A/D converting, and truncating to lengthKts ≤ Tm, we have
a discrete version of pilot signal estimate

p̂rx(mts) = QF (p̃rx(mts)), m = 1, 2, 3, · · · ,K. (11)

p̂rx(mts) takes values±1 for the mono-bit A/D conversion,
and its values are in{0,±1} for the 3-level A/D conversion.
The pre-filter useŝprx(mts)’s to set itsK coefficients. The
combined effect of pre-filter and multipath channel is repre-
sented by waveformh(t) ⊗ [

∑K−1
m=0 p̂rx(mts)], leading to a

condensed received symbol waveform

w̃rx(t) =

{[

h(t) ⊗
K−1
∑

m=0

p̂rx(mts)

]}

⊗ wtx(t). (12)

D. Pre-filter Structure

A K-tap digital FIR filter with tap spacingts serves as the
pre-filter at the transmitter. Based on this simplified pre-filter,
we propose a transmitter front-end conceptually illustrated in
Fig.2. Discrete output stream of the pre-filter serves as trigger
signal fed to the pulse generator(s). Assume that, stimulated by
a trigger input, the pulse generator can generate a pulse with
width tw and with amplitude in proportional to the strength
of the trigger input. In practice the pulse generator has a limit
of minimal repetition intervaltr (≥ tw) on the trigger signal.
Time interleaving at the pre-filter’s output and a bank of pulse
generators are required iftr > ts. The total number of pulse
generators should be no less thann = ceil(tr/ts), to guarantee
any two successive trigger inputs are at leasttr-second apart,
where the functionceil(x) rounds upx to the nearest integer.

The beauty of this structure is that the input to the pre-filter is
a purely binary signal, and no actual multiplication is needed
to operate the pre-filter (since the coefficients takes values of
{0,±1}), so that the pre-filter can be extremely simple. From
our study we have noticed that to achieve acceptable focusing
effect, ts should be no larger than a nanosecond in the typical
indoor multipath environments.

E. Discrete Channel for Baseline ACD Receiver

Assume the effect of a single inputdk lasts N =
ceil(Tm/Tb) symbols. Combining Equations (3) and (6), and
taking into account a multipath excess delay ofN symbols,
we have

zk =
1√

EbTb

∫ (k+1)Tb

kTb

[Srx(t − kTb) + n(t)]

·[Srx(t − (k − 1)Tb) + n(t − Tb)]dt

=
1√

EbTb

∫ (k+1)Tb

kTb





k
∑

j=k−N+1

djwrx(t − jTb) + n(t)





·





k
∑

j=k−N+1

dj−1wrx(t − jTb) + n(t − Tb)



 dt

=
1√

EbTb

∫ Tb

0





N−1
∑

j=0

dk−jwrx(t + jTb) + n(t + kTb)





·





N−1
∑

j=0

dk−j−1wrx(t + jTb) + n(t + (k − 1)Tb)



 dt

=
1√

EbTb

∫ Tb

0





N−1
∑

j=0

dk−jwrx(t + jTb)





·





N−1
∑

j=0

dk−j−1wrx(t + jTb)



 dt + ηk, (13)

whereηk is a noise term given by

ηk =
1√

EbTb

∫ Tb

0

[

N−1
∑

j=0

dk−jwrx(t + jTb)n(t + (k − 1)Tb)

+
N−1
∑

j=0

dk−j−1wrx(t + jTb)n(t + kTb)

+n(t + kTb)n(t + (k − 1)Tb)]dt. (14)

Define matricesC0 andC as

C0 =











c0,0 c0,1 · · · c0,N−1

c1,0 c1,1 · · · c1,N−1

...
...

...
cN−1,0 cN−1,1 · · · cN−1,N−1











, (15)

C =







0 · · · 0

C0

...
0






, (16)



ci,j =
1√

EbTb

∫ Tb

0

wrx(t + iTb)wrx(t + jTb)dt

= cj,i. (17)

Let ~dk1,k2
= (dk1

, · · · , dk2
)T , k1 > k2, then Equation (13)

can be rewirtten as

zk = ~dT
k−1,k−NC0

~dk,k−N+1 + ηk

= ~dT
k,k−NC ~dk,k−N + ηk, (18)

which means that the signal part in the output of the equivalent

discrete channel, i.e.,~dT
k,k−NC ~dk,k−N

def
= Sk, is a nonlinear

function of data vector~dk,k−N . As a matter of fact, the equiv-
alent discrete channel represented bySk = ~dT

k,k−NC ~dk,k−N

is a special case of second-order Volterra model [10][18].
Generallyzk contains a desired signaldk−1dkc0,0 = qkc0,0

and a nonlinear ISI component that cannot be well handled
by normal linear equalization techniques.

F. Discrete Channel for ACD Receiver with Time Reversal

Note that if the pre-filter’s length in time is set toKts
(≤ Tm), then the overall channel response would lastKts+Tm

seconds and the peak would appear at timeKts. The lower-
end and upper-end boundaries fork-th received symbol are
kTb +Kts −Tb/2 andkTb +Kts +Tb/2, respectively. Define

N1 = ceil(
Kts − Tb/2

Tb
), N2 = ceil(

Tm − Tb/2

Tb
); (19)

denoted byTI the integration window size, then (13), (14),
(15), (17) and (18) can be slightly modified to satisfy the time-
reversal-enhanced ACD receiver:

zk =
1√

EbTb

∫ Kts+TI/2

Kts−TI/2





N2
∑

j=−N1

dk−jw̃rx(t + jTb)





·





N2
∑

j=−N1

dk−j−1w̃rx(t + jTb)



 dt + ηk, (20)

ηk =
1√

EbTb

∫ Kts+TI/2

Kts−TI/2

[

N2
∑

j=−N1

dk−jw̃rx(t + jTb)n(t + (k − 1)Tb)

+

N2
∑

j=−N1

dk−j−1w̃rx(t + jTb)n(t + kTb)

+n(t + kTb)n(t + (k − 1)Tb)]dt, (21)

C0 =

















c−N1,−N1
· · · c−N1,0 · · · c−N1,N2

...
...

...
c0,−N1

· · · c0,0 · · · c0,N2

...
...

...
cN2,−N1

· · · cN2,0 · · · cN2,N2

















,(22)

ci,j =
1√

EbTb

∫ Kts+TI/2

Kts−TI/2

w̃rx(t + iTb)w̃rx(t + jTb)dt

= cj,i, (23)

and

zk = ~dT
k+N1−1,k−N2−1C0

~dk+N1,k−N2
+ ηk

= ~dT
k+N1,k−N2−1C

~dk+N1,k−N2−1 + ηk.

III. BER A NALYSIS

A Gaussian approximation of the decision variable, which is
rather accurate under the assumption ofTbW ≫ 1 [11][6][7],
is applied to evaluate BER performance. Once we know the
decision variable’s mean and variance, BER performance can
be calculated approximately using the Q-function:

Q(x) =
1√
2π

∫

∞

x

e−y2/2dy. (24)

A. Baseline ACD System (No ISI)

The noise varianceσ2
η can be approximately calculated

using the way developed in [11], assumingTbW ≫ 1:

σ2
η ≈ N0

Tb
+

WN2
0

2Eb
, (25)

that corresponds to the SNR of the decision variable

SNR≈
[

N0

Eb
+

(

N0

Eb

)2

· TbW

2

]

−1

. (26)

The last term in (25), corresponding to the second term in
big bracket of (26), is a dominant contributor to performance
degradation, caused by “dirty” demodulation reference (called
template sometimes).

B. ACD Receiver over ISI Channel

For the ACD system without employing time reversal, the
BER for givenwtx(t) andh(t) is

Pb(wtx, h) =
1

2N+1

·{
1

2

∑

~d
qk=1

Pr(~d
T
k−1,k−NC0

~dk,k−N+1 + ηk < 0|~d; qk = 1)

+
1

2

∑

~d
qk=−1

Pr(~d
T
k−1,k−NC0

~dk,k−N+1 + ηk > 0|~d; qk = −1)}

=
1

2N+1

∑

~d

Pr{qk
~d
T
k−1,k−NC0

~dk,k−N+1 + qkηk < 0|~d}

=
1

2N+1

∑

~d

Q





qk
~dT
k−1,k−NC0

~dk,k−N+1
√

σ2
η(~d, wtx, h)



 , (27)

whereqk = dk−1dk, andσ2
η(~d,wtx, h) is given by

σ2
η(~d,wtx, h)≈ N0

2
√

EbTb

[~dT
k,k−N+1C0

~dk,k−N+1

+~dT
k−1,k−NC0

~dk−1,k−N ] +
WN2

0

2Eb
.(28)

Similarly, when time reversal is applied, givenwtx(t), prx(t)
and n0(t) (also quantization method and truncation length),



we have

Pb(wtx, prx, n0) =
1

2N1+N2+2

·
∑

~d

Q





qk
~dT
k+N1−1,k−N2−1C0

~dk+N1,k−N2

√

σ2
η(~d,wtx, prx, n0)



 , (29)

σ2
η(~d,wtx, prx, n0)

≈ N0

2
√

EbTb

[~dT
k+N1,k−N2

C0
~dk+N1,k−N2

+~dT
k+N1−1,k−N2−1C0

~dk+N1−1,k−N2−1]

+
TIWN2

0

2TbEb
. (30)

Similar to (25), the last term in (30) is caused by the noisy
demodulation reference, but it is in proportional to the in-
tegration window sizeTI , suggesting that partial integration
can reduce the noise embedded in the decision variable. Note
that we have assumed the channel is static during a data
burst and the only uncertain factor is the noisen0(t). One
way to obtain a BER independent ofn0(t) is to use semi-
analytical approach stated below. Compute individual BER for
each simulation realization ofn0(t) using (29). Assume the
BER for j-th simulation realization isPb,j(wtx, prx). After
collectingJ Pb,j(wtx, prx)’s, we have

Pb(wtx, prx) ≈ 1

J

J
∑

j=1

Pb,j(wtx, prx).

IV. N UMERICAL RESULTS

Numerical results are obtained using both analysis and
simulation. To demonstrate benefit of using time reversal,
in the following we mainly consider scenarios with severe
ISI. It has been found that the impact of noisen0(t) on
the performance is insignificant if[Ep/N0 + NSG]dB is
over 40 dB. In the following unless otherwise stated, we set
[Ep/N0+NSG]dB = 50 dB. In addition, we use the following
setting: Gaussian pulse with a 10-dB bandwidth of 960 MHz
(pulse width is about 2 ns); one pulse per symbol;W = 4
GHz; IEEE UWB channel models CM2 and CM4; We use
“chx”, to represent the UWB channel model’sx-th realization.

Temporal focusing property is shown in TABLE I and Fig.3,
where “ideal” means using idealprx(−t) to set the pre-filter,
“float-point” refers to full resolution quantization,V = 0
corresponds to the mono-bit A/D conversion, and by “peak”
(in the third and sixth columns of TABLE I) we mean the
peak absolute value of the received pilot waveform. Two
types of ratios are provided in TABLE I, i.e., ratio of main-
lobe energy to total energy, and peak absolute voltage ratio
of main-lobe to the largest side-lobe. Illustrated in Fig.3are
the original received waveform (Fig.3a) and the temporally
focused waveforms (Fig.3b), both stimulated by the pulse
ptx(t). The results suggest that the proposed simplified time
reversal method can provide acceptable signal focusing.

Impact of quantization threshold can be seen in Fig.4, where
the X-axis gives normalized thresholdV/peak. Our results
show that mostly good quantization threshold is between 10%
and 40% of the received peak absolute amplitude. The mono-
bit quantization (V = 0) leads to a poorer result, but it still
works somehow.

Shown in Fig.5 is the BER performance for different
settings of channel estimation, where “TiR” stands for time
reversal, and “AWGN” corresponds to a non-multipath AWGN
channel. Basicallyts = 0.5 ns results in a better performance
than ts = 1 ns, and at BER=10−4 the margin between the
float-point and the mono-bit is about 0.9 dB forts = 0.5 and
1.6 dB for ts = 1, respectively. An interesting result seen
here is that withts = 0.5 ns and float-point quantization the
performance is very close to the ideal case, and we can even
use a 3-level A/D converter to get the performance close to
the best. In addition, noisy pilot waveforms can be a serious
problem. The performance gets worse as[Ep/N0 + NRG]dB

decreases. For CM2 ch1, with the parameter (TI , Tb, Kts, ts
andV ) values given in Fig.5, a 20-dB (from 50 dB to 30 dB)
decrease of[Ep/N0 + NRG]dB would lead to a performance
loss of 0.65 dB atBER = 10−3.

Impact of truncation length (or pre-filter length, equal to
Kts) is illustrated in Fig.6. One can see the longer pre-filter
length leads to a better performance. We prefer a short pre-
filter from perspective of implementation. But the pre-filter has
to be longer enough to assure certain focusing effect. Generally
speaking, we need to selectKts such that the significant
portion of the received waveformprx(t) should be within
a window of Kts seconds. Since time reversal reduces ISI
effect instead of completely removing it, the BER performance
depends upon a specific CIR and the system setting (such as
the values ofTb and other parameters), which can be seen from
the formulae and numerical results. For instance, the CM4
model’s second realization outperforms the first realization.

Finally, location based security is demonstrated in Fig.7,
whereri represents locationi. Consider the situation described
below: (1) the interception user utlizes the same ACD receiver
and knowsTb, it tries to demodulate the information bits being
sent to the intended user; (2) it is away from the intended user,
and assume the CIR at the intended user is represented by ch1,
and at three interception locations the CIRs are represented by
ch2, ch3 and ch4, respectively. This location based security
fully depends on the CIR correlation between the intended user
and other users. Due to some degree of correlation between
the ch1 and the ch3, the resistance to interception at the
second location is far from being satisfactory. For the other two
locations, we can claim the sufficient LPI is achieved. From the
results we find that increase of pre-filter length can improvethe
intended user’s performance, but this almost has no influence
over the interception user. In addition to low cross-channel
correlations, this type of security relies on strong ISI at the
interception user.



V. CONCLUSION

This paper examines simplified time reversal based on the
ACD scheme. The equivalent discrete channel model and
the BER formulae are derived. Major issues associated with
implementation of time reversal, such as sampling, quanti-
zation, truncation length, channel estimation, and pre-filter
structure, are discussed in this paper. Our results suggest
that low-complexity time reversal works just fine, and it is
very promising in reducing ISI effect and enhancing system
security.

For the system employing time reversal under ISI condition,
a narrow integration window and accurate timing are required
to help rejecting noise and ISI. Timing issue is generally
critical for UWB applications. However, in the time-reversal-
enhanced system the position of received waveform main-lobe
in each demodulation window is known and fixed (independent
of propagation channel), which makes signal tracking easier.

Channel estimator can be designed using several optional
techniques. As mentioned above, a first-order IIF filter with
setting of b1 = 0 and a1 = −1 is actual an accumulator
that usually provides higher NSG than a normal IIF filter.
One problem with the accumulator is that it has to support
large signal dynamic range. One difficulty with an analog
IIF filter comes from implementation of the delay line of
length Tp. Digital version of the filter is highly desired, but
high resolution quantization is required, implying an expensive
solution with current semiconductor technology. Noisy pilots
can have a serious impact on the performance. Further study
on this robustness issue is necessary.

Although time reversal can enhance system security to some
extent, acceptable resistance to interception is not always guar-
anteed, suggesting that other physical layer security methods,
such as spread spectrum, should be considered in conjunction
with time reversal to achieve better LPI/LPD property.
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Fig. 3. Received waveforms stimulated by the pulseptx(t).
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