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Abstract

Synchronization is a performance-critical factor in all communication systems, but becomes particularly challenging in

ultra-wideband (UWB) radios due to the ultra-short length of the transmitted pulses. Presence of severe inter-symbol

interference (ISI) and multi-user interference (MUI) render the synchronization task even more difficult. The present paper

deals with a blind synchronization and demodulation scheme which relies on intermittent transmission of nonzero mean

symbols. This transmission pattern enables MUI- and ISI-resilient timing acquisition via energy detection and low-

complexity demodulation by correlating the received waveform with a synchronized aggregate template (SAT). The

resultant SAT receiver offers distinct advantages over the traditional RAKE and has remarkably low-complexity. Its blind

operation nicely fits the requirements of multi-user ad hoc access and its ability to handle ISI is particularly attractive for

UWB communications. Analytical performance evaluation of the novel timing estimator and the SAT demodulator is

provided along with comparisons with the RAKE receiver for a single user link without ISI. Simulations confirm the

analytical results and corroborate the high potential SAT-based UWB modems have for deployment.
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1. Introduction

Timing synchronization is a task particularly
challenging coherent reception of ultra-wideband
(UWB) signals, because the information conveying
pulses are ultra-short (in the order of a nanosecond
in impulse radios) [1]. A number of algorithms have
been developed recently to address this challenge.
Certain training-based UWB synchronizers assume
absence of inter-frame interference (IFI) [2] or inter-
symbol interference (ISI) [3]; while others require
formidable processing complexity [4]. The blind
timing algorithm in [5] can cope with IFI, but this
.
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Fig. 1. A multi-access ad hoc configuration.
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too can neither handle severe ISI nor multi-user
interference (MUI). Utilizing the nonzero mean
property of pulse position modulation (PPM), an
algorithm for timing synchronization and channel
estimation was introduced in [6] for single-user
UWB links, but the required sampling rates can be
prohibitively high.

In this paper, we build on our recent work in
[7] where we put forth a blind low-complexity
timing estimator which is resilient to ISI and
MUI. Because it can be implemented in an analog
fashion, it also bypasses the need for high sampling
rates.

Following timing acquisition, two types of
demodulators have been proposed to exploit the
rich multipath diversity provided by UWB chan-
nels. The most prevalent one is the RAKE structure
which unfortunately in the UWB setup has to rely
on a large number of fingers to capture sufficient
energy for reliable detection [8]. Furthermore, since
a large number of finger delays and weights have to
be estimated, estimation errors affect critically the
performance of RAKE reception in practical UWB
radios. In [9], the performance of RAKE with
estimated tap weights is analyzed. Delay estimation
errors in the RAKE are studied in [10] and [11],
where pronounced sensitivity of the RAKE receiver
to mistiming is quantified. Besides RAKE, another
candidate for demodulating UWB transmissions is
an autocorrelation based receiver, where the re-
ceived signal is correlated with a self-derived noisy
template generated from a pilot waveform (a.k.a.
transmit reference) [12,13]. The transmit reference
(TR) based demodulator collects the available
multipath diversity without explicitly estimating
the UWB channel, and is relatively robust to
mistiming. However, it sacrifices data rate for
transmitting the reference waveforms and does not
allow for ISI. Also, the noise present in the noisy
TR template may severely degrade the probability
of detection error for the signal-to-noise-ratio
(SNR) values of practical interest. In [14] and [15],
comparisons between RAKE and TR receivers have
been performed under specific system models.
Enjoying full multipath diversity, the synchronized
aggregate template (SAT) receiver proposed in [7]
exhibits very attractive performance in the SNR
range of practical interest. In this paper, to further
expose the merits of SAT-based demodulation, we
compare the SAT receiver with the traditional
RAKE receiver analytically and by simulations
from various perspectives including complexity,
sensitivity to mistiming, and energy capture cap-
ability.

The rest of the paper is organized as follows.
Section 2 describes the system model and states the
problem we will address. Relying on properly
designed nonzero mean UWB transmissions, Sec-
tion 3 reviews the algorithms we derived in [7] for
timing acquisition, SAT recovery, and SAT-based
demodulation of binary pulse amplitude modula-
tion (BPAM) before generalizing them to binary
pulse position modulation (BPPM). In Section 4, we
investigate the performance of our timing estimator,
and in Section 5 we analyze the detection perfor-
mance of the SAT-based demodulator. Section 6
compares SAT against RAKE, and Section 7
provides corroborating simulations. Finally, Section
8 concludes the paper.
2. System model and problem statement

Consider an ad hoc UWB network configuration
as in Fig. 1, where node A is broadcasting bit stream
fbðnÞg with period Ts. Node C, already synchronized
to node A, is in the demodulation mode. Node B is a
‘‘new’’ node that wants to listen to node A’s
transmission and thus, as a first step, it needs to
acquire timing synchronization with node A. Node
A transmits information bits using either BPAM or
BPPM, the two modulations typically used by UWB
modems.

For BPAM, the transmitted signal from node A
can be written as

uðtÞ ¼
ffiffiffiffi
E
p X

n

sðbn=N fcÞpðt� nT f � cnT cÞ, (1)

where E is the transmitted energy per pulse; pðtÞ is

the unit-energy monocycle:
R Tp

0 p2ðtÞdt ¼ 1; cn 2

½0;Nc � 1� is the user specific time hopping (TH)
code with Nc chips of duration T c which enables
multiple access (MA); T f ¼ NcTc is the frame
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period, and Ts ¼ N fT f is the symbol (bit) period
consisting of N f frames; and sðkÞ ¼ 2bðkÞ � 1 is the
antipodal information bearing symbol, each trans-
mitted over N f frames (n in (1) is the frame index
and b�c denotes integer floor). We choose the TH
code to be N f -periodic, i.e., cnþNf

¼ cn, in which
case uðtÞ in (1) can be simplified as

uðtÞ ¼
ffiffiffiffi
E
p X

k

sðkÞpTðt� kTsÞ, (2)

where pTðtÞ:¼
PNf�1

n¼0 pðt� nT f � cnTcÞ is the trans-
mit symbol waveform.

For BPPM, on the other hand, the transmitted
signal can be expressed as

uðtÞ ¼
ffiffiffiffi
E
p X

n

aðbn=N fcÞpðt� nT f � cnTc

� bðbn=N fcÞDÞ, ð3Þ

where aðkÞ ¼ �1 is a sequence whose usefulness will
become clear later; and D is the so-called modula-
tion index. We select D4Tp, where Tp denotes the
duration of the monocycle pðtÞ. Again, for N f -
periodic TH codes, uðtÞ in (3) reduces to

uðtÞ ¼
ffiffiffiffi
E
p X

k

aðkÞpTðt� kTs � bðkÞDÞ, (4)

where pTðtÞ is defined as in (2).
The multipath channel between nodes A and B is

modeled as a tap-delay line:

hðtÞ ¼
XL

l¼0

aldðt� tlÞ, (5)

with real path gains falg
L
l¼0 and path delays ftlg

L
l¼0

assumed invariant over a block of symbols (block
fading model). In a typical UWB propagation, the
channel’s coherence time (T coh) satisfies: T cohbTs

[16]. Defining tl;0:¼tl � t0, with t0 being the first
path arrival time, the channel delay spread is just
tL;0. At the receiver, we can combine the channel and
transmit-filter to form the receive symbol waveform
pRðtÞ:¼pTðtÞ%hðtþ t0Þ, where % stands for linear
convolution. At each receiving node, we will observe
uðtÞ%hðtÞ in the presence of multi-user interference
(MUI) rðtÞ and additive Gaussian nose (AGN) ZðtÞ.
The latter has two-sided power spectral density N0=2
and bandwidth W dictated by the low-pass front-end
filter’s cutoff frequency. For BPAM transmissions as
in (2), the received signal at node B is

rðtÞ ¼
ffiffiffiffi
E
p X

n

sðnÞpRðt� nTs � t0Þ þ rðtÞ þ ZðtÞ.

(6)
Similarly, for BPPM as in (4), we have

rðtÞ ¼
ffiffiffiffi
E
p X

n

aðnÞpRðt� nTs � bðnÞD� t0Þ

þ rðtÞ þ ZðtÞ. ð7Þ

Node B receives rðtÞ and wishes to find t0 (i.e.,
perform timing acquisition), and subsequently de-
modulate the information bits bðnÞ. The goal of this
paper is twofold:

Design a transmission protocol to estimate t0
and pRðtÞ blindly, given only rðtÞ in the presence of

noise, MUI, and ISI. Furthermore, derive a low-

complexity demodulation scheme that is robust to

timing acquisition errors.

To address these objectives, we will adopt the
following operating conditions:
C1.
 We choose the symbol period Ts4Dtmax � TT,
where TT:¼ supftjpTðtÞa0g and DtmaxX

maxl2½1;L�ðtl � tl�1Þ denotes a known upper
bound on successive path delay differences.
C2.
 With the delay spread tL;0 (and thus
TR:¼ supftjpRðtÞa0g ¼ TT þ tL;0) known, we
select an integer M:¼dTR=Tse þ 1.
C3.
 At any given time, there is only one node
synchronizing other nodes by transmitting
periodically nonzero mean signals, e.g., node
A in Fig. 1.
Condition C1 ensures that over the ½0;TR� support
of pRðtÞ, intervals where pRðtÞ ¼ 0 are no larger than
Ts—a condition whose usefulness will become clear
soon. For clarity in exposition, we rely on exact
knowledge of tL;0 in C2. But, as shown in [7], our
ensuing results carry over even when only an upper
bound of tL;0 is available. Condition C3 will prove
useful in suppressing MUI.
3. Timing and demodulation based on SAT

During the synchronization phase, we will peri-
odically modify the signal transmitted from node A
so that the signal received at node B has nonzero
mean. This will be done without sacrificing data rate
or interrupting the already established links (e.g.,
the link from node A to node C in Fig. 1). Node B
will rely on this nonzero mean transmitted signal by
node A to acquire timing and the synchronized
aggregate template (SAT) pRðtÞ. In the following
two subsections, we will review the SAT recovery
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algorithm we derived in [7] for BPAM, and we will
generalize it to BPPM transmissions.

3.1. SAT for BPAM

Recall that for BPAM, sðnÞ ¼ 2bðnÞ � 1 in (2) takes
�1 values equiprobably, i.e., it is a zero-mean
symmetric PAM (S-PAM). Our synchronization
pattern will also rely on nonzero mean symbols drawn
from an asymmetric PAM (A-PAM): sðnÞ ¼ 2bðnÞ�

1þ 2ydbðnÞ;1, where y40 and di;j denotes Kronecker’s
delta, i.e., di;j ¼ 0 when iaj and di;j ¼ 1 when i ¼ j.
When bðnÞ ¼ 0, the transmitted A-PAM symbol will
be sðnÞ ¼ �1; and when bðnÞ ¼ 1, we will transmit
sðnÞ ¼ þ1þ 2y. Our idea for SAT recovery is to
transmit A-PAM symbols during the synchronization
phase with period M selected as in C2, i.e.,

sðkMÞ ¼ 2bðkMÞ � 1þ 2ydbðkMÞ;1,

sðkM þmÞ ¼ 2bðkM þmÞ � 1; m 2 ½1;M � 1�.

(8)

It is worth stressing that signaling as in (8) does not
affect the detector of those already synchronized
users (e.g., node C in Fig. 1). Those users can
continue their original detection process with
improved BER because of the increased transmis-
sion energy. Upon completing the synchronization
phase, the broadcasting node A will return to S-
PAM to be energy efficient. Based on (8) and
recalling C3, let us take expectation of the received
signal in (6) to obtain

ErðtÞ ¼
ffiffiffiffi
E
p

y
X

k

pRðt� kMTs � t0Þ. (9)

Because ErðtÞ is periodic with period MTs, a natural
estimator for one of its periods is

r̄ðtÞ ¼
1

N

XN�1
n¼0

rðtþ nMTsÞ; t 2 ½0;MTs�, (10)

where N is the number of averaged segments of rðtÞ.
Relying on ErðtÞ (or r̄ðtÞ in practice), condition C1 en-
sures that timing t0 can be acquired uniquely using [7]

t0 ¼ arg max
t2½0;MTsÞ

JðtÞ; JðtÞ:¼
Z TR

0

½Erðtþ tÞ�2 dt.

(11)

Having acquired t0, we can recover the synchro-
nized aggregate template pRðtÞ as:

pRðtÞ ¼
1ffiffiffiffi
E
p

1

y
Erðtþ t0Þ; t 2 ½0;TR�. (12)
Using (10) to replace ensemble- with sample-mean
in (11) and (12), we have established the following
result in [7]:

Proposition 1. Under C1–C3, with the periodic A-
PAM pattern in (8) during the synchronization phase,
the timing offset t0 and the SAT pRðtÞ can be

estimated blindly in the presence of ISI and MUI by

using

t̂0 ¼ arg max
t2½0;MTsÞ

Z TR

0

r̄2ððtþ tÞmod MTs
Þdt,

p̂RðtÞ ¼
1ffiffiffiffi
E
p

1

y
r̄ðtþ t̂0Þ; t 2 ½0;TR�, (13)

where the ðmodMTsÞ operation is used because r̄ðtÞ in

(10) is estimated over a period of size MTs whereas

the integration in (13) needs its periodic extension.

In order to capture the full energy in pRðtÞ, when
we have available t̂0 and p̂RðtÞ, we demodulate using
a SAT-based correlator. Specifically, we form the
following decision statistic:

dðkÞ ¼

Z TR

0

p̂RðtÞrðtþ t̂0 þ kTsÞdt. (14)

When the amount of ISI is tolerable, we can simply
demodulate the transmitted symbol with a sign
detector: ŝðkÞ ¼ sign½dðkÞ�. Otherwise, Viterbi’s Al-
gorithm (VA) can be applied to demodulate a
sequence of symbols. In Sections 4 and 5, we
will study in detail the performance of the
timing estimator in (13) and the SAT-based sign
detector.

3.2. SAT for BPPM

In the case of BPPM, after synchronization has
been accomplished, we let each transmitting node
use aðkÞ ¼ 2X k � 1 in (4) with fX kg being i.i.d.
Bernoulli random variables taking 0, 1 values
equiprobably. As a result, the mean of the
transmitted signal from any node in normal com-
munication phase has zero mean. Thus, the mean of
the MUI rðtÞ in (7) will be zero because we have
assumed in C3 that except for node A no other
nodes transmit nonzero mean signals. To enable
synchronization with BPPM, node A selects aðkÞ

according to the following rule:

aðkMÞ ¼ ð2X kM � 1Þð1� dbðkMÞ;0Þ þ dbðkMÞ;0,

aðkM þmÞ ¼ 2X kMþm � 1; m 2 ½1;M � 1�, (15)
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where as before M ¼ dTR=Tse þ 1. We can easily
verify that aðkÞ is now periodically nonzero mean,
i.e.,

E½aðkMÞ� ¼ PrðbðkMÞ ¼ 0ÞE½aðkMÞjbðkMÞ ¼ 0�

þ PrðbðkMÞ ¼ 1ÞE½aðkMÞjbðkMÞ ¼ 1�

¼ 1
2
,

and E½aðkM þmÞ� ¼ 0, 8m 2 ½1;M � 1�. With this
choice of aðnÞ, the mean of the received signal at
node B is [c.f. (7)]:

ErðtÞ ¼

ffiffiffiffi
E
p

2

X
k

pRðt� kMTs � t0Þ. (16)

Clearly, the timing t0 and the SAT pRðtÞ can be
obtained the same way described by (13) in
Proposition 1. Thus, we can summarize our result
for BPPM in the following corollary:

Corollary 1. When we signal with BPPM under

C1–C3, and we select aðkÞ as in (15) during the

synchronization phase and aðkÞ ¼ 2X k � 1 outside

the synchronization phase, where fX kg are i.i.d.

Bernoulli random variables: PrðX k ¼ 0Þ ¼ PrðX k ¼

1Þ ¼ 1
2
, the timing offset t0 and the SAT pRðtÞ can be

estimated blindly in the presence of ISI and MUI
using

t̂0 ¼ arg max
t2½0;MTsÞ

Z TR

0

r̄2ððtþ tÞmod MTs
Þdt,

p̂RðtÞ ¼
2ffiffiffiffi
E
p r̄ðtþ t̂0Þ; t 2 ½0;TR�. (17)

Similarly, when we have available t̂0 and p̂RðtÞ,
demodulation can be performed by using a SAT-
based correlator. Specifically, to combat the ran-
dom sign aðkÞ, we form the following decision
statistic (binary case):

dðkÞ ¼

Z TR

0

p̂RðtÞrðtþ t̂0 þ kTsÞdt

����
����

�

Z TRþD

D
p̂Rðt� DÞrðtþ t̂0 þ kTsÞdt

����
����.
ð18Þ

When the amount of ISI is tolerable, we can simply
demodulate the transmitted binary bit as: b̂ðkÞ ¼

ð1� sign½dðkÞ�Þ=2.
4. Timing performance

In this and the ensuing section, we will analyze
the performance of our blind timing and SAT-based
demodulation algorithms. For succinctness, we will
only consider BPAM. Although a major advantage
of our SAT-based receiver is its ability to blindly
acquire timing and capture the full multipath energy
even in the presence of severe ISI and MUI [7], for
clarity in this and the next section, we will focus on
a point-to-point (or a broadcasting) link free of
MUI and ISI. To ensure ISI-free operation, we null
the last chip of the TH code (i.e., we set cNf�1

¼ 0)
and choose T f4Tp þ tL;0. Notice that IFI is still
allowed by this choice. With this operational
scenario, we see TRoTs in (6) and M ¼ 2 as per
C2. Furthermore, using (10), (8), and (6), we have
that for t 2 ½0; 2Ts�,

r̄ðtÞ ¼
1

N

XN�1
n¼0

rðtþ n2TsÞ

¼
1

N

XN�1
n¼0

Zðtþ n2TsÞ þ
ffiffiffiffi
E
p X

k

X1
m¼0

"

sð2k þmÞpRðt� ð2k þmÞTs � t0 þ n2TsÞ

#

¼

ffiffiffiffi
E
p

N

XN�1
n¼0

Xn

k¼n�1

sð2kÞpRðtþ 2ðn� kÞTs � t0Þ

þ

ffiffiffiffi
E
p

N

XN�1
n¼0

Xn

k¼n�2

sð2k þ 1Þ

�pRðtþ ð2ðn� kÞ � 1ÞTs � t0Þ

þ
1

N

XN�1
n¼0

Zðtþ n2TsÞ

¼
ffiffiffiffi
E
p

S̄0

X1
l¼0

pRðtþ 2lTs � t0Þ þ Z̄ðtÞ

þ
ffiffiffiffi
E
p

S̄1

X2
l¼0

pRðtþ ð2l � 1ÞTs � t0Þ, ð19Þ

where Z̄ðtÞ:¼
PN�1

n¼0 Zðtþ 2nTsÞ=N, and we have used

that for Nb1,
PN�1

n¼0 sð2ðn� 1ÞÞ¼
: PN�1

n¼0 sð2ðnÞÞ:¼

NS̄0, and
PN�1

n¼0 sð2ðn� 2Þ þ 1Þ¼
:PN�1

n¼0 sð2ðn� 1Þþ

1Þ¼
:PN�1

n¼0 sð2nþ 1Þ:¼NS̄1. Without loss of general-

ity, we will henceforth assume t0 2 ½0;TsÞ. For t 2

½0; 2Ts� and t0 2 ½0;TsÞ, the sample average in (19)
simplifies to

r̄ðtÞ ¼
ffiffiffiffi
E
p

S̄0pRðt� t0Þ þ Z̄ðtÞ

þ
ffiffiffiffi
E
p

S̄1

X1
l¼0

pRðtþ ð2l � 1ÞTs � t0Þ. ð20Þ
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In the remainder of this section, we will analyze the
performance of t̂0 in (13) based on the r̄ðtÞ expressed
as in (20). Since M ¼ 2 in the ISI-free case, we can
rewrite (13) as

t̂0 ¼ arg max
t2½0;2TsÞ

JðtÞ; (21)

JðtÞ:¼
Z tþTR

t
r̄2ððtÞmod 2Ts

Þdt. (22)

Because t̂0 in (21) is a nonlinear estimator, finite-

sample variance analysis is impossible; and for this
reason, we will resort to simulated performance
analysis when N is relatively small (see Section 7). In
this section, we will pursue local performance
analysis of t̂0 when N is large enough such that t̂0 ¼
arg max JðtÞ ¼ arg min _JðtÞ¼0jt� t0j, where _JðtÞ:¼
dJðtÞ=dt. To this end, we will rely on a first-order
perturbation analysis [17]. For a positive parameter
�40 satisfying �ominft1;0; tL;0 � tL�1;0; Tp;Ts�

TRg, the aggregate waveform pRðtÞ is differentiable
around the end points of its support; i.e., for
t 2 ð0; �� [ ½TR � �;TRÞ. When N is sufficiently large
so that t̂0 2 ½t0 � �; t0 þ ��, our objective function
JðtÞ over this interval can be expressed as [c.f. (20)
and (22)]: for t 2 ½t0 � �; t0 þ ��,

JðtÞ ¼
Z tþTR

t
r̄2ðtÞdt

¼

Z tþTR

t
ð
ffiffiffiffi
E
p

S̄0pRðt� t0Þ þ Z̄ðtÞÞ2 dt. ð23Þ

For t̂0 2 ½t0; t0 þ ��, we can write t̂0 ¼ t0 þ Dt, and
invoke the mean value theorem to express the
derivative of JðtÞ around t0 as

_Jðt̂0Þ ¼ _Jðt0 þ DtÞ ¼ _Jðt0Þ þ €Jðt0 þ mDtÞDt, (24)

where m 2 ð0; 1Þ is a function of Dt. Since _Jðt̂0Þ ¼ 0,
we obtain

Dt ¼ �
_Jðt0Þ

€Jðt0 þ mDtÞ
. (25)

When t 2 ½t0; t0 þ ��, we obtain from (23):

_JðtÞ ¼ � ES̄
2

0p
2
Rðt� t0Þ � 2

ffiffiffiffi
E
p

S̄0pRðt� t0ÞZ̄ðtÞ

þ Z̄2ðtþ TRÞ � Z̄2ðtÞ, ð26Þ

and after differentiating once more, we have

€JðtÞ ¼ � 2ES̄
2

0pRðt� t0Þ _pRðt� t0Þ

� 2
ffiffiffiffi
E
p

S̄0½ _pRðt� t0ÞZ̄ðtÞ þ pRðt� t0Þ _̄ZðtÞ�

þ 2Z̄ðtþ TRÞ _̄Zðtþ TRÞ � 2Z̄ðtÞ _̄ZðtÞ. ð27Þ
For sufficiently large N, the noise related terms in
(27) decrease at least as Oð1=NÞ, which allows us to
approximate €JðtÞ by its nonzero expectation E½ €JðtÞ�;
i.e.,

€JðtÞ¼: E½ €JðtÞ� ¼ �2Ey2pRðt� t0Þ _pRðt� t0Þ,

t 2 ½t0; t0 þ ��. ð28Þ

With this approximation, we can re-write (25) as

Dt¼:
_Jðt0Þ

2Ey2pRðmDtÞ _pRðmDtÞ

¼
Z̄2ðt0 þ TRÞ � Z̄2ðt0Þ

2Ey2pRðmDtÞ _pRðmDtÞ
. ð29Þ

From (29), we can draw the following conclusions:
(1) If within the interval ½0;þ��, pRðtÞ behaves like

pRðtÞ ¼ ta with a4 1
2
, then we have pRðtÞ _pRðtÞ ¼

at2a�1, which goes to zero as t! 0. This leads to
magnification of the timing estimation error since

pRðmDtÞ _pRðmDtÞ ¼ aðmDtÞ2a�1ppRð�Þ _pRð�Þ, (30)

and from (29), we deduce that

DtX
_Jðt0Þ

2Ey2pRð�Þ _pRð�Þ
. (31)

The message here is that this kind of pulse shapers
will not offer accurate timing estimates when N is
large.

(2) If within interval ½0;þ��, pRðtÞ behaves like
pRðtÞ ¼ ta with ao 1

2
, then we have pRðtÞ _pRðtÞ ¼

at2a�1!1 as t! 0. Thus, from (29) and unlike
(31), we have

Dtp
_Jðt0Þ

2Ey2pRð�Þ _pRð�Þ
. (32)

The message here is that when pRðtÞ behaves close
to its endpoints like ta with ao 1

2
, the timing

estimator will exhibit low variance for N sufficiently
large. To ensure that pRðtÞ behaves this way, we
need to select the monocycle pðtÞ properly. To this
end, we choose pðtÞ to satisfy the following endpoint
properties (see also Fig. 2):
P1
 (Local behavior around t ¼ 0): pðtÞ / ta with
ao 1

2
, t 2 ½0;þ��;
P2
 (Local behavior around t ¼ Tp): pðtÞ / ðTp � tÞb

with bo 1
2
, t 2 ½Tp � �;Tp�;
where � is a parameter that is chosen to satisfy
0o�o minft1;0; tL;0 � tL�1;0;Tp;Ts � TRg.
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With this type of pulse shapers, we obtain
from (32)

E½Dt2jDt 2 ½0; ���

p
E½ _J

2
ðt0ÞjDt 2 ½0; ���

4E2y4p2
Rð�Þ _p

2
Rð�Þ

¼
E½ðZ̄2ðt0 þ TRÞ � Z̄2ðt0ÞÞ

2
jDt 2 ½0; ���

4E2y4p2
Rð�Þ _p

2
Rð�Þ

¼
N2

0W 2

N2E2y4p2
Rð�Þ _p

2
Rð�Þ

, ð33Þ

where in establishing the last equality, we used the
fact that for a zero-mean Gaussian random variable
X, it holds that E½X 4� ¼ 3ðE½X 2�Þ

2.
Based on (33), we can finalize our local mean

square error analysis of t̂0 as follows:

Proposition 2. If pðtÞ is selected to satisfy P1 and P2,
as N !þ1, the mean square error in the timing

estimator: t̂0 ¼ arg maxt2½0;2Ts�

R tþTR
t r̄2ðtÞdt is

upper bounded by

E½Dt2�

p
N2

0W
2

N2E2y4

�
1

minfp2
Rð�Þ _p

2
Rð�Þ; p

2
RðTR � �Þ _p

2
RðTR � �Þg

.

ð34Þ

Proof. When N is large enough, t̂0 in (21) will lie in
the interval ½t0 � �; t0 þ �� with probability close
to 1. Thus, we can write

E½Dt2�

¼ PrðDt 2 ½0;þ��ÞE½Dt2jDt 2 ½0;þ���

þ PrðDt 2 ½��; 0�ÞE½Dt2jDt 2 ½��; 0��

pPrðDt 2 ½0;þ��Þ
N2

0W
2

N2y4E2p2
Rð�Þ _p

2
Rð�Þ

þ PrðDt 2 ½��; 0�Þ
N2

0W 2

N2y4E2p2
RðTR � �Þ _p

2
RðTR � �Þ

p
N2

0W 2

N2E2y4
1

minfp2
Rð�Þ _p

2
Rð�Þ; p

2
RðTR � �Þ _p

2
RðTR � �Þg

.

In the derivation, we have utilized the upper bound
on E½Dt2� conditioned upon Dt 2 ½��; 0�, which can
be easily obtained through straightforward manip-
ulation of Eq. (26). &

Notice that although the mean-square error
bound grows with W, which is huge in UWB
transmissions, Proposition 1 establishes that by
judiciously selecting the monocycle pðtÞ, we can
ensure that the convergence rate of our mean square
sense consistent timing estimator in (21) will be
Oð1=N2Þ. Besides increasing the amount of aver-
aging N to lower the bound, in (34) we can reduce
the mean-square error of our timing estimator by
increasing the size of our periodically transmitted
nonzero mean symbols y. In Section 7, simulations
will be carried out to test the proposed timing
estimator’s performance with relatively small N.

5. Detection performance of SAT

In this section, we will evaluate the performance
of our SAT demodulator assuming that N is
sufficiently large to guarantee that t̂0 is within Ts

off the true t0, i.e., jt0 � t̂0joTs. Under this
condition, we will estimate the SAT as p̂RðtÞ ¼

r̄ðtþ t̂0Þ=ð
ffiffiffiffi
E
p

yÞ and then detect the transmitted
symbol as described in Section 3 using

ŝðkÞ ¼ sign½dðkÞ�

¼ sign

Z TR

0

p̂RðtÞrðtþ t̂0 þ kTsÞdt

� �
. ð35Þ

Supposing temporarily that t̂0pt0, we can express
the SAT estimate as [c.f. (20)]:

p̂RðtÞ ¼
S̄0

y
pRðt� ~t0Þ þ

S̄1

y
pRðtþ Ts � ~t0Þ

þ
1ffiffiffiffi
E
p

y
Z̄ðtþ t̂0Þ; t 2 ½0;TR�, ð36Þ
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where ~t0:¼t0 � t̂0. Substituting (36) into (35), we
have

dðkÞ ¼

Z TR

0

p̂RðtÞZðtþ t̂0 þ kTsÞdtþ
ffiffiffiffi
E
p

�

Z TR

0

p̂RðtÞ
X

n

sðnÞ

�pRðt� nTs � t0 þ t̂0 þ kTsÞdt
SINRSAT

¼
E½ð

ffiffiffiffi
E
p
ðS̄0=yÞECð~t0ÞsðkÞ þ ð1=yÞsðkÞZ̄Þ

2
�

E½ð
ffiffiffiffi
E
p
ðS̄1=yÞECð~t0 � TsÞsðk � 1Þ þ ð1=yÞsðk � 1ÞZ̄� þ ZkÞ

2
�

¼
E½EðS̄

2

0=y
2
ÞE2

Cð~t0Þs
2ðkÞ� þ E½ðs2ðkÞ=y2ÞZ̄2�

E½EðS̄
2

1=y
2
ÞE2

Cð~t0 � TsÞs2ðk � 1Þ� þ E½ðs2ðk � 1Þ=y2ÞZ̄2�� þ E½Z2k�

¼
Eð1þ ððyþ 1Þ2=Ny2ÞÞE2

Cð~t0Þ þ ðN0ECð~t0Þ=2Ny2Þ

ðN0=2Þð1þ ððyþ 1Þ2=Ny2ÞÞECð~t0Þ þ ðWTRN2
0=2Ny2EÞ þ EðE2

Cð~t0 � TsÞ=Ny2Þ þ ðN0ECð~t0 � TsÞ=Ny2Þ
.

ð39Þ
¼ Zk þ
ffiffiffiffi
E
p S̄0

y
ECð~t0ÞsðkÞ þ

sðkÞZ̄þ sðk � 1ÞZ̄�
y

þ
ffiffiffiffi
E
p S̄1

y
ECð~t0 � TsÞsðk � 1Þ, ð37Þ

where Zk:¼
R TR
0 p̂RðtÞZðtþ kTs þ t̂0Þdt, ECðuÞ:¼R TR

0 p2
Rðt� uÞdt, Z̄:¼

R TR
0 Z̄ðtþ t̂0ÞpRðt� ~t0Þdt, and

Z̄�:¼
R TR
0 Z̄ðtþ t̂0ÞpRðtþ Ts � ~t0Þdt.

To analyze the performance of the detector (35)
based on (37), let us note first that

E½S̄0� ¼ y; VarðS̄0Þ ¼
ðyþ 1Þ2

N
,

E½S̄1� ¼ 0; VarðS̄1Þ ¼
1

N
;

E½Z̄� ¼ 0; VarðZ̄Þ ¼
N0

2N
ECð~t0Þ,

E½Z̄�� ¼ 0; VarðZ̄�Þ ¼
N0

2N
ECð~t0 � TsÞ.

Clearly, the random variable Zk has zero mean and
variance:

E½Z2k� ¼ E½E½Z2kjS̄0; S̄1; Z̄ðtÞ��

¼ E
N0

2

Z TR

0

p̂2
RðtÞdt

� �
¼
y2 þ ðyþ 1Þ2=N

y2
ECð~t0Þ þ

1

Ny2
ECð~t0 � TsÞ

þ
N0WTR

ENy2
. ð38Þ

The average signal-to-interference-plus-noise-ratio
(SINR) in (37) is then given by (39). For large
SINRSAT¼
: EE2

Cð~t0Þ

ðN0=2ÞECð~t0Þ þ ðWTRN2
0=2Ny2EÞ

¼
2EECð~t0Þ

N0
1þ

WTR

Ny2
N0

EECð~t0Þ

� ��1
, ð40Þ

which leads to the following approximate expres-
sion for the probability of error of the detector
in (35):

PSAT
e ¼

:
Qð

ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi
SINRSAT

p
Þ

¼ Q

ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi
2EECð~t0Þ

N0

s
1þ

WTR

Ny2
N0

EECð~t0Þ

� ��1=2 !
.

ð41Þ

Now, we can summarize our result on SAT-based
demodulation in the following proposition:

Proposition 3. For a point-to-point link without ISI,
when the timing estimate t̂0 incurs error ~t0:¼t0 � t̂0
bounded by one symbol period Ts, i.e., j~t0joTs, as

the number of samples N in (10) grows large, the

asymptotic SINR of the SAT-based detector in (35) is

given by (40) and correspondingly the asymptotic

BER by (41).

Because the only term in (40) affected by timing
error is ECð~t0Þ ¼

R TR
0 p2

Rðt� t0 þ t̂0Þdt, the SAT
receiver exhibits robustness to mistiming so long as
ECð~t0Þ is sufficiently large. Indeed, ECð~t0Þ matters
more than the accuracy of t̂0. Even when the error
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~t0 is relatively high, if EC captures most of the
multipath-spread energy, the resultant BER will be
low; see also [11]. This is important since after all
the goal is reliable demodulation rather than
‘‘super-accurate’’ synchronization. In Section 7, we
will verify through simulations that the expression
for the asymptotic probability of detection error in
(41) is accurate enough and predicts well the
dependence of PSAT

e on N.
6. SAT vs. RAKE

In UWB communications, the RAKE receiver is
typically employed to collect the ample multipath-
induced energy. If perfect knowledge of ftlg

L
l¼0 in (5)

is available, the RAKE receiver with Lr diversity
branches will select ftl;0gl2ILr

as branch delays,
where ILr is the selected path index set, and then
perform maximum ratio combining (MRC) of the
Lr branch outputs f

R Ts

0
pTðt� tl;0Þrðtþ kTs þ t0Þ

dtgl2ILr
. In the following two subsections, we will

compare our SAT receiver with the RAKE receiver
from various aspects. Again, to prevent ISI at the
receiver, i.e., in order to ensure that TRoTs, we let
cNf�1

¼ 0 and select T f such that T f4tL;0 þ Tp.

6.1. Ideal SAT vs. ideal RAKE

As N !1 in (10), the law of large numbers
implies that r̄ðtÞ will converge to ErðtÞ in the mean
square sense. Thus, our timing estimate t̂0 and
recovered SAT p̂RðtÞ in (13) will converge to t0 and
pRðtÞ, respectively. The ideal SAT receiver is the one
based on perfect pRðtÞ knowledge. With perfect
SAT, the decision statistic in (14) becomes

dSATðkÞ ¼ sðkÞ
ffiffiffiffi
E
p

Z TR

0

p2
RðtÞdt

þ

Z TR

0

Zðtþ t0 þ kTsÞpRðtÞdt, ð42Þ

which is exactly the sampled value of the output of
the filter with impulse response pRðTR � tÞ matched
to the receive symbol waveform pRðtÞ.

For the RAKE receiver with Lr fingers, when the
optimal combining coefficients are f�algl2ILr

, the
resulting decision statistic is

dRAKEðkÞ

¼
X
l2ILr

�al

Z Ts

0

pTðt� tl;0Þrðtþ kTs þ t0Þdt
¼

Z Ts

0

X
l2ILr

�alpTðt� tl;0Þrðtþ kTs þ t0Þdt

¼ sðkÞ
ffiffiffiffi
E
p

Z Ts

0

�pRðtÞpRðtÞdt

þ

Z Ts

0

�pRðtÞZðtþ kTs þ t0Þdt, ð43Þ

where �pRðtÞ:¼
P

l2ILr
�alpTðt� tl;0Þ. Clearly, dRAKEðkÞ

is the sampled output of a filter with impulse
response �pRðTs � tÞ. Since it is well known that the
SNR at the matched filter output is maximum [18],
we have the following result:

Proposition 4. For a single-user link without ISI, as

N !þ1, the SAT receiver yields the maximum

SNR at its output. In order to catch up with it, the

RAKE receiver needs to employ as many fingers as

the number of paths in the channel, i.e., Lr ! Lþ 1;
see (5). Meanwhile, the RAKE requires perfect

knowledge of pTðtÞ, and ideal estimates of the

ftl ; alg
L
l¼0 channel parameters—none of which is

required by the SAT receiver.
6.2. Practical SAT vs. practical RAKE

In order to analytically characterize the perfor-
mance of the RAKE in a single-user link without
ISI, we henceforth also assume equi-spaced path
delays tl;0 ¼ lTO, where TO dictates the resolution.
Here, we further take TO4Tp, where Tp is the time
duration of the monocycle pðtÞ. Since RAKE
assumes knowledge of the TH code in (2) and (6),
to balance the comparison with SAT, we neglect the
TH code and re-write the transmit symbol wave-
form as: pTðtÞ ¼

PNf�1

n¼0 pðt� nT f Þ; and the receive
symbol waveform as: pRðtÞ ¼

PNf�1

n¼0

PL
l¼0alpðt�

lTO � nT f Þ. As before, selecting T f4Tp þ LTO

prevents ISI. Thus, we have ECð0Þ ¼
R

p2
RðtÞdt ¼

ET

PL
l¼0a

2
l , where ET:¼

R
p2
TðtÞdt.

From the SINR expression in (40), we know how
the SAT receiver gains robustness to timing errors
and is effective in collecting the multipath energy. In
contrast, the RAKE receiver is known to be
particularly sensitive to timing errors and the
multipath energy collected tends to diminish even
when mis-timing is in the order of Tp [11]. In the
remaining part of this section, we will assume that
perfect timing information is available for the
RAKE receiver. The only parameters that must be
estimated are those MRC coefficients, which turn



ARTICLE IN PRESS
X. Luo, G.B. Giannakis / Signal Processing 86 (2006) 2139–21522148
out to be just the corresponding path gains falg
L
l¼0

here.
With Lr fingers in the RAKE, let ILr be the set of

selected path indices and fiTOgi2ILr
denote the

branch delays. The optimal combining coefficients
faigi2ILr

can be estimated by transmitting N training
symbols; e.g., using sðkÞ ¼ 1; k ¼ 0; 1; . . . ;N � 1 in
(6) allows one to recover the SAT as

p̂RðtÞ ¼
1ffiffiffiffi
E
p

1

N

XN�1
k¼0

rðtþ t0 þ kTsÞ

¼ pRðtÞ þ
1ffiffiffiffi
E
p Z̄ðtþ t0Þ. ð44Þ

The combining coefficients can then be estimated
using the maximum likelihood approach [14]

âi ¼
1

ET

Z TR

0

p̂RðtÞpTðt� iTOÞdt

¼ ai þ
1ffiffiffiffi
E
p

ET

Z TR

0

Z̄ðtþ t0ÞpTðt� iTOÞ. ð45Þ

Because Z̄ðtÞ:¼
PN�1

n¼0 Zðtþ nTsÞ=N, we find thatR TR
0

Z̄ðtþ t0ÞpTðt� iTOÞ is zero mean Gaussian with
variance N0ET=ð2NÞ. So we have

E½âi� ¼ ai; VarðâiÞ ¼
N0

EET

1

2N
. (46)

The RAKE receiver will rely on the template:

ĥðtÞ ¼
X
i2ILr

âipTðt� iTOÞ, (47)

to correlate with rðtÞ and yield at its output the
following decision statistic:

dRAKEðkÞ ¼

Z Ts

0

ĥðtÞrðtþ kTs þ t0Þdt

¼ sðkÞ
ffiffiffiffi
E
p

Z Ts

0

pRðtÞĥðtÞdt

þ

Z Ts

0

Zðtþ kTs þ t0ÞĥðtÞdt

¼ sðkÞ
ffiffiffiffi
E
p

ET

X
i2ILr

aiâi þ
X
i2ILr

âiZk;i, ð48Þ

where Zk;i:¼
R Ts

0 pTðt� iTOÞZðtþ kTs þ t0Þdt are
i.i.d. zero-mean Gaussian with variance N0ET=2.
The average SNR in (48) is

SNRRAKE

¼
E½ðsðkÞ

ffiffiffiffi
E
p

ET

P
i2ILr

aiâiÞ
2
�

E½ð
P

i2ILr
âiZk;iÞ

2
�

¼
EE2

Tð
P

i2ILr
a2i Þ

2
þ EE2

Tð
P

i2ILr
a2i ÞðN0=EETÞð1=2NÞP

i2ILr
ða2i þ ðN0=EETÞð1=2NÞÞðN0ET=2Þ

.

ð49Þ

For N large enough, we can approximate (49) with:

SNRRAKE

¼
: EE2

Tð
P

i2ILr
a2i Þ

2

ð
P

i2ILr
a2i ÞðN0ET=2Þ þ ðLr=4NÞðN2

0=EÞ

¼
2EET

P
i2ILr

a2i
N0

1þ
Lr

2N

N0

EET

P
i2ILr

a2i

 !�1
.

ð50Þ

Using (50), the probability of detection error of the
sign detector: ŝðkÞ ¼ sign½dRAKEðkÞ� can be approxi-
mated by the following expression:

PRAKE
e

¼
:

Q
ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi
SNRRAKE

p� �

¼ Q

ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi
2EET

P
i2ILr

a2i
N0

s0
@

� 1þ
Lr

2N

N0

EET

P
i2ILr

a2i

 !�1=21A. ð51Þ

Summarizing, the performance of the RAKE
receiver can be characterized as follows:

Proposition 5. Consider a single user link without ISI
and channel model hðtÞ ¼

PL
l¼0aldðt� lTO � t0Þ with

TO4Tp. Assuming perfect knowledge of t0 and TO,
the RAKE receiver with Lr branches having delays

fiTOgi2ILr
and combining coefficients estimated as in

(45) exhibits asymptotic SNR (as N !1) given

by (50).

Substituting ~t0 ¼ 0 in (40), we can also obtain the
following asymptotic SNR of the SAT receiver with
perfect timing:

SNRSAT¼
: 2EECð0Þ

N0
1þ

WTR

NSATy
2

N0

EECð0Þ

� ��1

¼
2EET

PL
i¼0a

2
i

N0

� 1þ
WTR

NSATy
2

N0

EET

PL
i¼0a

2
i

 !�1
, ð52Þ
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where NSAT is the sample size used in (19) to form
the average: r̄ðtÞ.

If we define the energy capture fraction of the

RAKE receiver as: r:¼ð
P

i2ILr
a2i Þ=ð

PL
i¼0a

2
i Þ, we can

write the asymptotic SNR of the RAKE receiver as
[c.f. (50)]:

SNRRAKE¼
: 2EET

PL
i¼0a

2
i

N0

� 1þ
Lr

2NRAKE

N0

EET

PL
i¼0a

2
i r

 !�1
r,

ð53Þ

where NRAKE is the number of samples used to
obtain p̂RðtÞ in (44).

Comparing (52) with (53), we deduce the follow-
ing:

(1) Because of the noise enhancement effect
arising due to the large time-bandwidth product
WTR in (52), for small NSAT, the RAKE can
outperform the SAT. But remember, here we
assumed that RAKE finger delays (which are not
needed by the SAT) are error-free.

(2) When NSAT is large enough, the SAT will
outperform the RAKE, which is destined to be an
approximation of the ideal matched filter since
Lr5L. In contrast, because SAT can operate
blindly, averaging over a sufficient number of
symbols will bring SAT performance close to the
ideal one without sacrificing rate or interrupting
information transmission. In fact, as will be seen in
our simulations, it is enough to set NSAT4100.

(3) As shown in (52), what really determines SAT
performance is the product NSATy

2, which suggests
an alternative means of approaching the optimal
limit, by simply increasing y. By tuning this
parameter, we can mitigate delays in acquisition
by keeping NSAT to a small value.

In Section 7, we will validate these observations
via simulations performed with pragmatic UWB
system parameters.
Remark. In the preceding comparison, we have
supplied RAKE with ideal conditions not required
by the SAT receiver. First, we have assumed in (45)
that RAKE knows pTðtÞ perfectly, which is hardly
the case due to un-modeled pulse distortions.
Furthermore, the TH sequence fckg embodied in
pTðtÞ may not be known a priori which will
challenge RAKE but not SAT operation. Finally,
it is well known that in UWB communications,
performance of the RAKE receiver degrades
severely even with mistiming in the order of Tp

(nanosecond magnitude). However, our SAT recei-
ver will not have this problem. What is more, our
SAT recovery module entails timing acquisition,
which is not the case for the RAKE receiver. Given
all these ideal conditions we have supplied RAKE
with, it is truly surprising that SAT can still
outperform RAKE for N sufficiently large!
7. Simulations

In this section, we simulate the implementation of
our SAT-based algorithms to validate the results
developed in this paper. Throughout, BPAM based
UWB transmissions are tested using the so called
Gaussian (monocycle) pulse shaper pðtÞ ¼ 2

ffiffiffi
e
p

Aðt=
tgÞ expð�2t2=t2gÞ, with tg ¼ 0:2 ns. At the receiver,
the front-end low pass filter has cutoff frequency
W ¼ 4GHz, which exceeds the transmission band-
width (3 dB bandwidth � 3:5GHz). In (2), we select
T f ¼ 30 ns, N f ¼ 2, and c0 ¼ c1 ¼ 0.
7.1. Performance of SAT

To evaluate the timing and demodulation perfor-
mance of SAT, we used the multipath channel
model ‘‘CM 1’’ from the IEEE 802.15.3a working
group [19], having mean excess delay 4.9 ns and
RMS delay spread 5 ns. We have verified experi-
mentally that the delay spread of CM1 is effectively
upper bounded by 29 ns. After truncation to 29 ns,
the channel is normalized to have unit power gain.
The A-PAM parameter y is chosen to be 1
throughout.

(1) Timing performance. At 10 and 15 dB receive
bit-energy-to-noise ratio, and variable sample size
N, the normalized (with respect to T2

s ) mean square
errors of the timing estimator t̂0 in (13) are plotted
in Fig. 3. However, t̂0 in (13) and (21) requires
searching for the maximum of JðtÞ over a contin-
uous range, which is impossible in practice. Instead,
we maximize JðtÞ in (22) over a grid of finite values
t ¼ kTD, where k ¼ 0; 1; . . . ; b2Ts=TDc, and TD is
the sampling period. Let k� ¼ arg max JðkTDÞ, and
define the probability of detection as the probability
that k� equals kopt:¼ arg minkjkTD � t0j. For 10 dB
receive bit-energy-to-noise ratio, this probability for
different sampling periods TD is plotted in Fig. 4,
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Fig. 3. Normalized mean square error of timing estimator in (13).
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where we can clearly see that it approaches 1 as N

becomes large.
(2) Detection performance. In order to test

robustness of the SAT receiver to timing errors,
we simulate the BER of the detector in (35) with
mistiming t0 � t̂0 ¼ 10 ns, which is more than 10
times Tp. For different sample sizes N, the simula-
tion results are depicted in Fig. 5. In order to check
how well (41) approximates the true BER, at fixed
100 150 200 250 300 350 400
N
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Fig. 6. BER vs. N dependence of the SAT-based demodulator

verifying the accuracy of Eq. (41).
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Fig. 7. RAKE vs. SAT comparison at fixed averaging sizes

involved in recovering them.
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bit-energy-to-noise ratio, we plot the result of (41)
along with the simulated BER in Fig. 6. Clearly, the
larger N is, the better is the approximation.

7.2. SAT vs. RAKE

In order to capture the dense multipath nature of
UWB channels, we adopt the following normalized
channel in our subsequent simulations:

tl;0 ¼ l ns; al ¼ �1=
ffiffiffiffiffi
30
p

; l ¼ 0; 1; . . . ; 29.

Varying the number of RAKE fingers Lr, when
NRAKE ¼ 100, the BER of the RAKE receiver is
plotted in Fig. 7, where we also depict the BER of
the SAT receiver (y ¼ 1) with NSAT ¼ 100 and 200.
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B
E
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, NRAKE )

10− 4

10− 5

10− 6
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= 25, 10 dB 
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Fig. 8. RAKE vs. SAT comparison at fixed 10 dB bit-energy-to-

noise-ratio.

Table 1

Comparative characteristics of SAT and RAKE

SAT RAKE

Low complexity: High complexity:

� No need for individual path estimation � Need to estimate many

� Single correlator (RF chain) needed � Large number of correl

� Simple tracking algorithm [7] � Resource consuming tra

Effective energy capture: Ineffective energy capture

� Full multipath diversity � Limited diversity

Robustness to: Sensitively to:

� Timing errors � Timing errors

� Un-modeled pulse distortion � Un-modeled pulse disto
In Fig. 7, we observe that when Lr is small, the SAT
receiver performs better than the RAKE. In Fig. 8,
we have plotted the BER dependence on the sample
size N (NSAT and NRAKE) for a fixed 10 dB bit-
energy-to-noise ratio. It is clear that the RAKE
receiver’s performance is limited by its energy
capture, which is determined by Lr. As long as
LroLþ 1, i.e., the number of fingers is less than the
total number of multipath returns, the SAT will
outperform the RAKE beyond a certain finite
averaging size NSAT which can be as small as 100
in practical settings.

8. Concluding summary

In this paper, we have generalized and analyzed
low-complexity timing and demodulation modules
based on the synchronized aggregate template
(SAT) recovered using a judiciously designed
periodically nonzero mean transmission pattern
that can rely on either BPAM or BPPM. The
proposed algorithms are applicable even in the
harshest scenario, where ISI and MUI are simul-
taneously present. Unlike the widely adopted
RAKE receiver, the SAT demodulator can be very
robust to timing estimation error. Even with per-
fect timing information, RAKE reception in the
UWB regime suffers from limited energy that can
be captured with an affordable number of fingers.
On the other hand, our SAT demodulator can
achieve full multipath diversity at low-complexity.
As a concluding remark, we have listed the
characteristics of SAT in comparison with RAKE
in Table 1, from which one can appreciate the
great potential SAT based algorithms have for
deployment.
individual paths for combining

ators needed

cking: all fingers need for real-time updating

:

rtion
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