Timing and Synchronization of Low Data Rate
Ultra-wideband Systems using Data-aided
Auto-correlation Method

by
Rongrong Zhang

B. Eng., Shanghai Jiao Tong University, Shanghai, China, 2004

A Thesis Submitted in Partial Fulfillment of the
Requirements for the Degree of

Master of Applied Science

in the Department of Electrical and Computer Engineering

(© Rongrong Zhang, 2008
University of Victoria

All rights reserved. This thesis may not be reproduced in whole or in part by
photocopy or other means, without the permission of the author.



Timing and Synchronization of Low Data Rate

Ultra-wideband Systems using Data-aided
Auto-correlation Method

by
Rongrong Zhang

B. Eng., Shanghai Jiao Tong University, Shanghai, China, 2004

Supervisory Committee

Dr. Xiaodai Dong, Supervisor (Department of Electrical and Computer Engineering)

Dr. Aaron Gulliver, Member (Department of Electrical and Computer Engineering)

Dr. Jianping Pan, Outside Member (Department of Computer Science)

Dr. Kui Wu, External Examiner (Department of Computer Science)



il

Supervisory Committee

Dr. Xiaodai Dong, Supervisor (Department of Electrical and Computer Engineering)

Dr. Aaron Gulliver, Member (Department of Electrical and Computer Engineering)

Dr. Jianping Pan, Outside Member (Department of Computer Science)

Dr. Kui Wu, External Examiner (Department of Computer Science)

Abstract

For low data rate ultra-wideband (UWB) communication systems employing non-
coherent detection and autocorrelation detection schemes, timing of integration re-
gion significantly affects their error rate performance. Time-of-arrival (TOA) esti-
mation of the first channel tap is also the foundation of the UWB based ranging
applications. In this thesis, a data-aided, autocorrelation based timing and synchro-
nization method is developed. First, estimation of the optimal integration region, i.e.,
the initial point and the length of the integration, using the new timing method is
presented. It is shown that the proposed method enhances the error rate performance
compared to non-optimal integration region-determining methods. After that, TOA
estimation using the proposed timing method is studied for the dual pulse (DP) sig-
nal structure. The performance improvement of this approach over the conventional

energy detection based method is demonstrated via simulation.
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Chapter 1

Introduction

Ultra-wideband (UWB) technology is a promising candidate for low power, low com-
plexity, short distance communications. Ever since the Federal Communications
Committee (FCC) granted the unlicensed 3.1-10.1 GHz spectrum for UWB sys-
tems [2], a large number of UWB techniques, algorithms and product prototypes
have been developed each year. In August 2007, IEEE standard board approved
UWB as an alternative physical layer technology for low-rate wireless personal area
network (WPAN) applications (IEEE 802.15.4a [3]). It is reasonable to expect that
the debut of UWB based personal communication products on the wireless market
is not far away:.

In this chapter, a brief overview of ultra-wideband technology is presented from
a historical perspective, with focus on the recently standardized low data-rate UWB
techniques. Strengths and challenges of low data-rate UWB applications are intro-
duced, which lay as the foundation and start point of the research that forms this

thesis.



1.1 Brief Overview of Ultra-wideband Communication

Ultra-wideband communication is not a new technology at all. When Guglielmo
Marconi started his pioneer works of wireless telegraph transmission, the information
was conveyed on a series of electrical sparks, which is nothing but carrierless, impulse
based, ultra-wideband communication. During 1960s and 1970s, UWB has been
developed for applications such as radar systems and ground penetrating geological
survey systems [4]. Ross, Robbins and other researchers made some of the earliest
contributions to the UWB communication systems [4]. However, the terminology
“Ultra-Wideband” did not come into being until 1989 when the U.S. Department of
Defense (DoD) decided to use this term for devices occupying a bandwidth no less
than 1.5 GHz or a -20 dB fractional bandwidth exceeding 25% [1].

In April 2002, FCC released its first report and order (R&0) about UWB com-
munications, in which it granted the bandwidth below 960 MHz and from 3.1 GHz
to 10.6 GHz for UWB use [2]. The FCC spectral mask for indoor UWB systems is
shown in Fig. 1. Specifically, the FCC spectrum mask requires the power spectral
density (PSD) of indoor UWB transmitted signal to be smaller than -41.3 dBm/MHz,
which is the Part 15 limit for spurious radio frequency (RF) emission, for the fre-
quency bands below 960 MHz and between 3.1 GHz — 10.6 GHz. This means the
UWRB signal is below the noise floor of other systems that share the spectrum with it.
Moreover, the UWB signal shall be below -75 dBm/MHz between 0.96 GHz to 1.61
GHz, which gives way to near-noise-floor communications such as global positioning
system (GPS).

The first REO also redefines UWB as a system with a -10 dB bandwidth no less
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Figure 1.1: FCC spectral mask for indoor commercial UWB systems [1].

than 500 MHz or a fractional bandwidth exceeding 20%. The fractional bandwidth
is defined as B/ f., where B = fy — fr is the -10 dB bandwidth with fz being the
upper frequency of the -10 dB emission point and f;, being the lower frequency of
the -10 dB emission point, and f. = (fg + f1)/2.

According to Shannon’s theorem on channel capacity, the maximum information

rate of a band-limited additive white Gaussian noise (AWGN) channel follows [5]

PaU
C =Wlog(l+ WNO) (1.1)

where W is the signal bandwidth, P,, is the average power of the transmitted signal,
and Ny is the noise variance. Eq. (1.1) shows that given a certain amount of transmit

power and noise variance, a larger bandwidth yields a greater channel capacity. For
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example, supposing the signal to noise ratio P,,/W Ny is as low as 0 dB, if the
whole 7.5 GHz regulated bandwidth is efficiently utilized, the data rate could be
7.5 Gbps. Therefore, even if the PSD of UWB signal is limited to a sub-noise-
floor level, at least in theory the UWB systems are able to achieve much higher
data-rate than the currently used narrowband and wideband systems. From another
perspective, given the ultra-wide bandwidth, a much lower transmitted power is
sufficient for communication at a comparable speed to existing wireless systems.
High data-rate, low power, along with other features such as high time resolution,
ability of penetrating objects, great security ability, etc., provide strong motivations
for people to pursue advances in the UWB technology.

Two task groups (TGs) were formed by IEEE to study the possibility of adopt-
ing UWB as an alternative physical layer option for wireless personal area network
(WPAN) (range from 1 m to 10 m). TG 802.15.3a is aiming at providing a higher
speed UWB physical layer enhancement amendment to IEEE 802.15.3 for applica-
tions which involves imaging and multimedia transmission; TG 802.15.4a is targeting
at communications and high precision ranging/localization systems (1 meter accuracy
and better) with high aggregate throughput, ultra low power and low cost.

Two technical proposals have been filed to TG3a. One is a single carrier UWB
using direct sequence (DS) spread spectrum technology introduced by XtremeSpec-
trum [6], and the other is a multiband orthogonal frequency division multiplex-
ing (MB-OFDM) based technology suppported by the Multiband OFDM Alliance
(MBOA) [7]. DS-UWB transmits ultra-short pulses at baseband using the whole
available spectrum, thus frees the requirements on (de)modulator. But otherwise it

is similar to the conventional CDMA technology, and suffers from complicate design
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of rake receivers to collect enough multipath diversity for reasonable system per-
formance. On the other hand, MB-OFDM transmits signals using a 128-subcarrier
OFDM scheme occupying a 500 MHz band. The signal band is frequency hopped
in the available spectrum on a block-by-block basis. Although OFDM systems have
simple receiver architecture, it also has drawbacks, such as OFDM’s inherent high
peak-to-average power ratio (PAPR) [8].

Since neither of the technologies has dominant advantage over the other, the stan-
dardization went into a deadlock. In January 2006, TG3a decided to withdraw the
December 2002 project authorization request (PAR) that initiated the development
of high data rate UWB standards and leave the decision to the market. If there is
a surviving approach in a year or two and the technology has proven itself to be
commercially viable, then IEEE will come back and revisit whether it makes sense
to create an IEEE standard for it.

Similar to high data rate UWB, a number of techniques have been developed as
candidates for low data rate UWB applications. These include time-hopping pulse
position modulation (TH-PPM) [9], pulse position amplitude modulation (PPAM)
[10], transmitted reference (TR) [11], dual pulse (DP) [12], etc. But unlike TG3a,
TG4a was able to reach an accordance on a draft standard, which was officially
approved by IEEE-SA Standard Board on March 22nd, 2007 as an amendment to
IEEE Std 802.15.4-2006 [3]. The standard specifies a clustered pulse train signal
pattern, a regulation on the transimtted pulse shape and operating frequency bands,
but leaves large freedom in signal structure and receiver design. According to the
standard, each transmitted information symbol may contain either a single or multiple

of clustered pulse trains. The number of pulses per clustered pulse train varies from 1
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to 128. This clustered pulse train pattern is compatible with all of the aforementioned
low data rate UWB signal schemes. This provides the opportunity and possibility

for researchers to develop novel receiver algorithms for various applications.

1.2 Strengths and Possible Applications of Low Data Rate

UWB

Typically a low data rate UWB signal consists of a series of sub-nanosecond pulses.
The bandwidth of the signal is roughly the reciprocal of the pulse duration, which
ranges from 500 MHz up to a few GHz. Besides the benefit of low transmit power,
as mentioned in the previous section, the UWB signal enjoys the following strengths

as well.

1. High multipath diversity

Because the UWB pulse has ultra-short duration, the possibility that pulses
from two different multipaths overlap and cancel each other is much less than
in narrowband systems. Intuitively, rich multipath diversity enhances the reli-
ability of the wireless link since it increases the possibility that at least some
of the multipath signal can go around obstacles. In other words, the multipath
fading is less significant in a UWB system. A discrete equivalent UWB channel
is usually comprised of hundreds of densely located multipath taps. A large
amount of multipath diversity can be obtained if the signal energy on most of

the multipath taps is collected by the receiver.

2. High timing resolution

Timing resolution is inversely proportional to the bandwidth of the signal [13].
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Because of the giga-Hertz bandwidth of the UWB signal, the timing resolu-
tion is in the order of nano-seconds, which leads to a centimeter-level ranging

capability.

3. High security

The sub-noise floor transmitted power of the UWB signal, along with the great
variety of signal pattern possibilities, makes UWB signal virtually impossible to
be detected by a third party. UWB may be the most secure means of wireless

transmission technology available.

4. Co-existence with narrowband and wideband systems

Since the power spectral density of UWB signal is below the FCC Part 15 limit,
it introduces only negligible interference into the existing narrowband and wide-
band communication systems. This allows UWB systems to be adopted in var-

ious indoor applications without worrying about affecting co-existing systems.

Attributed by these merits, UWB is well suited to a lot of applications. First of
all, UWB could be the communication backbone of the future “digital home” [14].
UWRB wireless link can be used for sharing audio, video and data files between TV,
computers, printers and consumer electronics. Connecting to a sensor network, it can
also be used to wirelessly control the house heating and lighting systems to achieve
best energy efficiency. Besides, UWB can be used in medical imaging systems, where
small devices could be injected into human bodies to actually “see” the illness area
and transmit the image back via a low power UWB connection.

Moreover, with its accurate ranging capability, UWB can be used to enhance lo-

cation based services [15]. UWB localization devices can be attached to infants at
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home, inmates at prison or packages in a logistic warehouse for better surveillance;
accurate localization systems can also help fire fighters and earthquake or mine acci-
dent rescuers to get better knowledge about the location of themselves.

However, the ultra-wide bandwidth and low power also impose quite a few chal-

lenges on UWB system implementation.

e With current analog-to-digital converters (ADCs), it is impractical to sample
the UWB signal at Nyquist rate which may be several GHz. Analog correlation
and frame rate sampling are suggested in most of the proposed system designs,

e.g., [16-19].

e The great number of multipath taps brings difficulties on channel estimation
and full-rank rake receiver implementation [1,20]. Alternatives such as selective
rake receivers with partial channel estimation or transmitted reference autocor-

relation receivers are used in the literature (see [21] and references therein).

e Due to the wide bandwidth distinct frequency components may experience dif-
ferent channel environments, causing distortion on the UWB pulse shape [22],

which adds extra difficulty in coherent detection.

e Although UWB signals have fine timing resolution, achieving this resolution is
not easy [15]. On one hand, the nanosecond pulse duration requires the UWB
receiver to have nanosecond clock accuracy. Even the slightest timing jitter
compromises the accuracy of the ranging result. On the other hand, ultra-
short pulse duration and relatively long multipath delay spread extend the
uncertainty region of timing and synchronization, which increases the possible

delay positions to be searched.



1.3 Thesis Outline

The research that forms this thesis mainly tackles the last challenge in the previ-
ous section. A data-aided timing and synchronization method is proposed for UWB
systems. The proposed method bypasses the first three challenges mentioned in the
last section. That is, the proposed method is based on non-coherent and autocorre-
lation receivers, thus requires neither channel estimation nor rake receiver. By using
a training sequence, the proposed method is able to work at frame rate sampling.
Furthermore, the proposed method is also applied on a dual pulse (DP) system to
achieve a more accurate time-of-arrival (TOA) estimation which can be directly used
for localization.

Because the proposed timing and synchronization algorithm focuses on low data
rate UWB systems, from the next chapter on the term UWB denotes low data rate
UWRB. High data rate UWDB systems are generally not in discussion, unless otherwise
specifically mentioned.

The rest of the thesis is organized as follows.

Chapter 2 formulates the UWB system in discussion. Particularly, the UWB
systems with pulse position modulation, transmitted reference systems and dual
pulse systems are discussed. Different receiver schemes, such as coherent receiver,
non-coherent receiver with square-law detection and autocorrelation receiver are de-
scribed. On top of that, a brief introduction to the UWB channel model is also
included in this chapter.

In Chapter 3, a method of timing and synchronization is presented. The method

is able to estimate the optimal integration region, i.e., the initial point and the
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length of the integration, for the non-coherent and autocorrelation receivers. Fol-
lowing a theoretical BER analysis, a data-aided estimation method using the idea of
inter-symbol correlation is proposed. It is shown that using noise corrupted received
signals, the proposed method is not only practically applicable, but also enhances
the performance compared to non-optimal timing methods.

In Chapter 4, the timing method is modified for TOA estimation using the DP
signal structure. Inter-symbol signal autocorrelation and threshold crossing are used
to detect the direct path in a line-of-sight (LOS) channel. The effects of different
threshold values and training sequence lengths on the estimation accuracy of the
proposed method are studied. The performance improvement of this approach over
the conventional energy detection based method is also demonstrated via simulation.

Finally, Chapter 5 concludes the thesis and suggests future research topics.



Chapter 2

UWB Communication System

2.1 UWB Impulse Radio

One prevailing way to realize ultra-wideband communication is through impulse radio
(IR), which is characterized by the usage of unmodulated, nanosecond-width pulses
with a very low duty cycle. The ultra-narrow pulse duration makes it possible to
spread the energy over a large bandwidth, which may range from near DC to a
few gigahertz. To avoid inter-symbol-interference (ISI) and inter-frame-interference
(IFT), adjacent pulses or pulse clusters are separated further than the longest channel
delay spread, making the transmitter to work at only a small fraction of time, and
remain silent at most time. This allows the IR transmitter to operate with low power
consumption.

The shape of the pulse may vary from system to system. In some cases even
multiple types of pulses may co-exist in one system [23]|. As per IEEE 802.15.4a stan-
dard [3], a pulse p(¢) is compliant to the standard if its normalized cross-correlation
with the reference pulse r(t) has a main lobe greater than 0.8 for at least a duration

of T,,, and no side lobes above 0.3, regardless of the actual shape of the pulse. The



12

correlation is defined as ——= §R{ [ r@)p(t+ T)dt} where E, and E, are the en-
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pulse defined as
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where 3 = 0.6 is the roll-off factor and 7}, is the width of the reference pulse. The

minimum main lobe width 7}, is 0.5 ns for pulses of 500 MHz bandwidth and 0.2 ns

for pulses with larger bandwidth.
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Figure 2.1: The RRC pulse used in this thesis is compliant with the standard.

In this thesis, an RRC pulse pe(t) with 500 MHz bandwidth is used as transmitted
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Figure 2.2: The spectrums of the RRC pulse and second order Gaussian pulse.

pulse in most of the simulations. It follows the same mathematical form as (2.1), but
the roll-off factor of po(t) is 0.25. Fig. 2.1 shows the shape of pc(t), r(t) and their
cross-correlation. It is shown that this pulse complies with the 802.15.4a standard as
the main lobe of the normalized cross-correlation is greater than 0.8 for about 0.65
ns and no side lobe is greater than 0.3.

Besides the RRC pulse, second order derivative of Gaussian pulse is used in the
simulation in Chapter 4 to make a performance comparison between different pulse

shapes. The second order Gaussian pulse is widely used in UWB literatures [1,17,
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Figure 2.3: The second order Gaussian pulse used for comparison.

24,25|. Its mathematical representation is
pa(t) = [1 = 4n(t/T,)? |20/ (2.2)

where T}, also denotes the pulse duration. With the same pulse duration, the second
order Gaussian pulse has very similar -10 dB bandwidth as the RRC pulse, as shown in
Fig. 2.2. The pulse shape of ps(t) and its correlation with r(t) is shown in Fig. 2.3.
Unfortunately, the second order Gaussian pulse does not comply with the IEEE

standard because the side lobe of the cross-correlation is higher than 0.3, and the
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main lobe is above 0.8 for only around 0.2 ns.

In impulse radio UWB, data modulation is usually on the position or the polar-
ization of the pulse, rather than on its magnitude or phase. This is because in a
rich multipath environment it is more difficult to make a correct detection on the
magnitude or phase of the received signal. Typically, one data symbol is comprised
of several frames. Each frame may contain a single pulse, a pair of pulses, or a cluster
of pulses. The information bit is modulated onto all these frames identically, which

may be seen as a kind of repetition coding, which makes the i** transmitted symbol

be

Nj—1

sO(#) = % fz st = nTy — 7O (m) (2.3)

=0

where E is the transmitted energy per bit, Ny is the number of frames per symbol,
s¢(t) denotes the signal within a frame where various modulation schemes can be
applied and T (n) is a sequence of time delays for the frames in the i*® symbol that
is used to introduce time hopping to the system. Time hopping not only enables the
system to accommodate multiple users, but also scrambles the transmitted signal so
as to suppress the spectral spikes caused by the repetition of the signal. However,
multiple access and scrambling are out of the scope of this thesis, thus are not in-
cluded in the system model for timing and synchronization. As a result, Tc(i)(n) is
omitted in the following discussion. For systems with the proposed timing meth-
ods, time hopping can be adopted in the data transmission period once timing and

synchronization are done.
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2.2 UWB Channel Model

As mentioned in Chapter 1, due to its ultra short pulse width, the UWB signal is
able to resolve more multipath taps than conventional narrow band signals. This
determines that the channel models used for narrow-band systems are no longer
applicable for UWB studies. Based on various measurement results and modeling
recommendations filed to the channel modeling subgroup of IEEE 802.15.4a, the task
group proposed a generic UWB channel model in November 2004 [26]. It assumes
the channel bins arrive in the form of clusters following the S-V model [27] and the
channel fading is slow so that the channel stays constant during one block of data
burst.

According to the S-V model, the channel impulse response can be represented as

I K
=D anrexp(jonn)d(t — T — i) (2.4)

=1 k=1

where T; denotes the delay of the [*' cluster, T, denotes the delay of the k™ channel
tap of the I'® cluster relative to 7j, o, and ¢, denote the magnitude and phase
of the k™ channel tap in the I*" cluster, respectively. The total number of clusters
in the channel power delay profile (PDP) L is a random variable following Poisson
distribution. That is

z (2.5)

where L is the expectation of L. The cluster arrival time 7} is defined as a Poisson

process, i.e., the time difference of adjacent clusters follows the exponential distribu-
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tion, which can be written as
p(Ti|Ti-1) = Aexp[=A(T} = Tiy)], 1>0, (2.6)

where A is the cluster arrival rate. On the other hand, the channel bin arrival time

Ti, is defined as the mixture of two Poisson processes, which is

p(Tk,l|7'(k—l),z) = B\ eXP[—M(Tk,l - Tk—l,l)] + (1 - 5)>\2 eXP[—M(Tk,l - Tk—l,l)], k>0

(2.7)

where 3 is called the mixture probability whose value varies over different channel
environments, and A; and Ay are the ray arrival rates.

The tap gain «y; follows Nakagami distribution. Its probability density function

can be written as

Py, (@) = % (Qﬂm)mazm_l exp ( - %cﬂ) (2.8)

where m < 1/2 is the Nakagami factor, I'(m) is Gamma function and €2 is the mean
square value of . The Nakagami factor is modeled as a log-normal distributed
random variable whose logarithm has mean mgy and standard deviation mgy. The
mean power of the channel taps (2 ; follows exponential distribution in each cluster.

That is

O = Qz eXp(—Tk,z/”Yl)

L= BN + B+ 1 (29)

where 7, is the intra-cluster decay time constant which is linearly dependant on the

cluster arrival time, and €; denotes the total channel tap power within the [*' cluster.
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In [26], the above mentioned parameters, e.g. L, A, my, etc., are specified for
nine different scenarios, including indoor residential environments, indoor office envi-
ronments, outdoor environments, indoor industrial environments and open outdoor
environments, and the former four environments are divided into line-of-sight (LOS)
and non-line-of-sight (NLOS) cases. Fig. 2.4 shows two examples of UWB channel
realizations. The upper plot is the channel impulse response (CIR) of a realization of
IEEE 802.15.4a channel model (CM) 1, which is an indoor residential LOS channel.
It has relatively short root-mean-square delay and fewer channel taps. The lower
plot is the CIR of a CMS8 realization, which is an industrial NLOS channel. Its tap
delay is much longer than the CM1 case and there is virtually no visible tap cluster-
ing. This is because in such an environment dense arrival multipath components are
observed, which means that each resolvable channel tap contains significant energy.
The channel model is thus virtually degraded to a conventional tapped delay line
model with regular tap spacing.
In the analysis of this thesis, the more general tapped delay line model is used for
all environments instead of the more complicated model (2.4) just for representational

clarity. It can be written as

h(t) = ad(t—m) (2.10)

where L is the total number of resolvable multipath taps, o; and 7; are the complex
magnitude and delay of the I'" tap, respectively. However, in all simulations and

numerical calculations, the channel model (2.4) as specified in [26] is used.
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Figure 2.4: CIR of two UWB channel model realizations [26]. The upper plot is a CM1
realization and the lower plot is a CM8 realization.

2.3 UWB Modulation and Detection Schemes

Three modulation schemes are studied in this thesis, including binary pulse position

modulation (BPPM), transmitted reference (TR) and dual pulse (DP) schemes.
2.3.1 Binary Pulse Position Modulation

The binary pulse position modulation is an orthogonal modulation. It equally divides
one frame duration into two halves. Each frame contains a single pulse which locates

in either the first half or the second half of the frame, depending on the data being
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“0” or “1”. The BPPM signal of the i*" symbol can be written as

Ny—1

Z- E
s = 4 [ 22 Z [ — dD)p(t — nTy) + dPp(t — Ty — Ty /2) (2.11)

where p(t) is the transmitted shaping pulse; d®) € {0,1} is a binary input data.
When the input data d is “0”, the transmitted pulse locates at the first half of the
frame; when d is “1”, the pulse is at the second half of the frame. The frame duration
Ty is chosen to satisty Ty > 2(7, — 7 + 1,) so as to avoid IFI at the receiver, where
T, is the duration of p(t) * f(t) where f(t) is the receiver filter matched to p(t) and
x is operator of convolution.

Denote g(t) £ p(t) * h(t) * f(t) as the impulse response of the equivalent channel,
the received waveform of the i*" symbol after passing through filter f(¢) is given by

Nf 1
() Z [ 1 — dDYg(t — nTy) + dDg(t — nT; — Ty /2)] () (2.12)

where the additive band limited complex Gaussian noise n(t) has a variance of Nj.
Assuming an ideal low-pass filter (LPF) is used for f(¢), the autocorrelation function
of n(t) is R,(7) = 2BNysinc(2B7), where B is the bandwidth of n(t), or equiv-
alently the bandwidth of f(¢). An LPF matched to p(t) can also be used in the
receiver, bringing only slight modification on R,,(7). Due to the orthogonal nature of
BPPM signaling, both coherent and non-coherent detection methods can be applied
to demodulate the received signal in (2.12).

For coherent detection, knowledge of the entire channel impulse response is re-

quired. In other words, a noiseless template of ¢g(t) should be stored in the receiver.
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Since the non-zero support of ¢(t) is [, 7, + T,], the coherent detector performs

cross-correlation in the following two time regions

T1

G _ e~ G
o= S [ e ) g0t (2.13)
n=0

. Ni—1 T¢ /2410 +Tp "
W= | P+ 0T7) - 6" (1)t (2.14)
n=0

Tf/2—|—T1
where the operator * denotes complex conjugate and R{z} takes the real part of z.

The decision is then made by picking the greater one between y; and 5, which can
e
be written as y\” % g7

For non-coherent detection, the detector simply calculates the received signal

energy in the two possible time slots in one frame, i.e.,

" Ny=1 4T o 9
o= Z / TBPPM(t_'_an)‘ dt (2.15)
n=0 v To
. Ni—1 1y o4 To+T o 9
Y = Z/ ‘TBPPM(t—i-an)‘ dt (2.16)
n=0 Y Tr/2+To

where Ty and T are the start point and the length of the integration region, respec-
tively. As in the non-coherent detection the channel state information is assumed
to be unknown, the integration start point and length need to be estimated by the
receiver. Because the choices of T and T determine the integrated signal energy
and noise energy, which are the decisive factors of the bit error rate performance of
the system, both parameters need to be optimized according to the current channel

condition. This is the target of the algorithm described in Chapter 3. Following the



22

integrations in (2.15)-(2.16), the decision is then made in the same manner as the
“177

coherent detection, as yf) % ygi).

In practice, the channel information is neither known by the transmitter nor by the
receiver beforehand, and channel estimation from the noise corrupted received signal
is shown to be overwhelmingly costly. Therefore, although non-coherent detection
has poorer performance than the coherent detection, it remains a good compromise

between complexity and performance.
2.3.2 Transmitted Reference

Originally, the transmitted reference system was proposed in the 1960s for communi-
cations in the situation where the channel is unknown and difficult to estimate [28,29].
Since proposed by Hoctor and Tomlinson [11] as an alternative modulation scheme
for UWB, transmitted reference scheme has drawn much attention among UWB
researchers (see [17,25,30,31], etc.). The advantage of the TR system is that the de-
tector is simply an autocorrelator. No channel estimation is needed, as is the BPPM
non-coherent detection. The main drawback of the TR system is its requirement on
a wideband analog delay line for the receiver to realize the long time delay. This is
not easy to implement.

In a TR system, each frame contains two pulses. The first one that sits at the
beginning of the frame is the reference pulse, and the second one which is delayed
from the first pulse by T} is the data pulse. When the transmitting data is bit “0”, the
data pulse is a replica of the reference pulse; when a bit “1” is transmitted, the data

pulse is the latter’s antipode. The i*" symbol of a TR signal can thus be represented
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as
Nf 1

0 = 2Nf Z [ (t —nTy) + (1 — 2dD)p(t — nTy — Td)]. (2.17)
The frame duration 7 in the TR system should also be at least 2(7;, — 7 +1},) so as
to avoid IFI. Moreover, the time delay Ty and the time difference between the data
pulse and the reference pulse of the next frame should both be at least (17, — 7 +1},)
so as to avoid the inter-pulse-interference (IPI). Therefore, one convenient way to
configure the TR signal structure is making 7% exactly twice as T;. This is the case
adopted in the discussion in Chapter 3, and thus 7;; will be replaced by T’ /2 within
the rest of this subsection and the next chapter.
Similar to the BPPM case, the received TR signal after passing the receiver filter
f(t) can be written as

Nfl

i (t) 2Nf Z [ (t —nTy) + (1 —2dD)g(t — nTy — Tf/Q)] +nlt).  (218)

Autocorrelation detector is used to detect TR signals. It correlates the reference

pulse with the data pulse, which is
Ny=1 4T
b = Z / Pt + T )rS (t 4 nTy + Ty /2)dt o, (2.19)

and then the decision is made as yf(m),;z 0 In (2.19), Ty and T represent the integra-
tion start point and integration length, respectively. Similar to BPPM modulation
with non-coherent detection, both parameters are not known a priori and thus need

to be estimated and optimized at the receiver.
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2.3.3 Dual Pulse Scheme

Realizing the difficulty of implementing the 7’ /2 long wideband analog delay line in
the TR system, Dong, et. al. proposed a dual pulse (DP) system that uses only pulse
duration delay [12]. Similar to the TR signal, a dual pulse signal contains a reference
pulse immediately followed by a data pulse in each symbol, as shown in Fig. 2.5. The
transmitted DP signal of the i*" symbol can be represented as

Nf 1
i ( B e o
spp( QNf Z [ t —nTy) + (1 —2d")p(t — nTy Tp)]. (2.20)

Comparing (2.20) with (2.17), the delay between the reference pulse and the data
pulse T, in conventional TR systems is longer than the channel maximum excess
delay, but in the DP scheme T; equals to the pulse duration 7,. Though certain
amount of IPI is present in the DP system, it is shown that the system performance
is just slightly degraded [12]. It is also found that the DP signal is an appropriate
choice to realize the TOA estimation method proposed in Chapter 4.

The received signal at the output of the receiver filter is given by

Nf 1
@ _ 9Nt — T
" QNf Z[ (t =nTy) + (1 —=2d")g(t —nTy = T,)| +n(t).  (2:21)

Autocorrelation is also used for data detection of the DP signal. The decision variable

of the i'" symbol is the following correlation

Ny=1 o4t
y =R Z / POt 4+ nTy)r 05 (¢ + nTy + T,)dt b, (2.22)
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Figure 2.5: Illustration of (a) the transmitted signal and (b) R{r(¢)r*(t —1},)} of the DP
system. The labeled time intervals in (b) correspond to the flat regions (noise region (NR)
of “1”, NR of “4+1”) and the monotonically decreasing region (signal region (SR) of “+17)
that the noiseless part of z(7) in eq. (4.2) experiences.

To further spread out the energy in the DP scheme into multiple DPs for lower

peak-to-average power ratio, we can modify the transmitted signal to be a cluster of

dual pulses spread by a pseudo random sequence, as given by

Ny—1N.—1
| E 4
2]\1; Z Z € pt nTy—2jT,)+ (1_2d(2))p(t_an_Qij_Tp> (2.23)

n=0 4j=0

where ¢; is the pseudo random code sequence with length N.. At the receiver, the

received signal is matched to the following pseudo random pulse sequence

()= 3 eplt —2T,) (2.24)

and the resultant signal is close to the single DP case for use in the autocorrelation
based TOA estimation. In the subsequent discussion we will not distinguish the

multi-DP scheme and the single DP scheme, while in the simulation single DP signal
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Chapter 3

Integration Region Optimization for
Non-Coherent Detection and

Autocorrelation Detection UWDB Systems

3.1 Background

As mentioned in the previous chapters, coherent detection of UWB signals requires
formidably complex channel estimation. Hence suboptimal receivers that do not re-
quire channel estimation were proposed for low complexity and low data rate applica-
tions, using either non-coherent detection of pulse position modulation signals (e.g.,
[32,33]) or autocorrelation detection of transmitted reference signals (e.g., [11,17]).
These two schemes simply perform “integration-and-dump” operation at the receiver,
which requires no channel estimation and only frame or symbol rate sampling. They
yield reasonable performance with a sufficiently low complexity. For these schemes,
the position and length of the integration region greatly affect their performance, be-

cause the start and end points of the integration determine how much signal energy
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and noise energy will be captured, which in turn determines the bit error rate (BER).
This issue was studied in some literature, e.g., [30,31,34]. In [30] and [31], the inte-
gration region was divided into a large number of smaller intervals, and a weighted
summation was performed on the integration results so that the signal-to-noise ratio
(SNR) at the detector is maximized. Both [30] and [31] focused on the methods of
finding the optimal combining weights, while assuming the synchronization was done
beforehand and the integration intervals were fixed. It is a different approach from
the one in this paper, which does a synchronization first and then determines the
position of the integration interval. In [34], synchronization for noncoherent schemes
was performed iteratively until the integration interval is approximately the same as
the signal region (SR), i.e., the time interval during which the transmitted pulses and
their multipath components are received. This led to some performance improvement
since the noise only region is excluded in the integration. However, covering the entire
signal region is not necessarily an optimal solution.

In this paper, determining the optimal integration region includes the estimation
of two parameters: the start point of the integration and the length of the integra-
tion. The start point estimation is a similar problem to the fine synchronization
that estimates the time of arrival (TOA) of the first significant tap. Previous litera-
ture, e.g. [35,36], proposed methods such as energy detection or maximum likelihood
detection on the TOA estimation problem. Performance sensitivity to the timing in-
accuracy of a non-coherent UWB system was derived in [24]. Theoretical discussion
on the relationship between BER performance and the integration length of PPM
non-coherent receivers and TR receivers can be found in [32] and [37], respectively.

Except for the SNR maximization criterion derived, no practical method was given
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on how to carry out the optimal integration length estimation in both papers. In
this chapter, we develop an optimum integration region estimation method that is
able to perform timing acquisition from the noise corrupted received signal. The
method we propose is based on the idea of maximizing the captured receiving SNR
at the integrator. In particular, we propose a data-aided approach that first performs
a frame-level coarse timing, followed by accurate timing acquisition that determines
the start point of the detection integration and then estimates the optimal integration
length.

The idea of data-aided timing using inter-symbol correlation can be traced back
to previous research on the synchronization for UWB signals in [38] and [39]. These
two papers studied frame-level synchronization, which is similar to the coarse timing
step in our method. Since both [38] and [39] focused on bipolar modulation with
coherent detection, they did not deal with the integration length problem. In this
chapter, we further apply the idea of inter-symbol correlation with training sequence
to non-coherent and autocorrelation schemes to perform fine timing and determine
the optimal integration interval. Due to the transmitted reference signal structure,
we are able to devise a relatively simple training sequence.

The rest of this chapter is organized as follows. A theoretical BER performance
analysis of the optimal integration region is given in Section 3.2. Section 3.3 pro-
poses a practical estimation approach using training sequences. Section 3.4 presents
some simulation results using the developed method and Section 3.5 gives concluding

remarks.
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3.2 BER Performance Analysis

In this section, the performance analysis will first focus on BPPM modulation, and the
results can be easily extended to the transmitted reference scheme thereafter. BPPM
and TR signals follow the signal models in Chapter 2. Particularly, (2.15) and (2.16)
are used to detect the BPPM signal. In the absence of IFI and IPI, demodulation and
detection can be carried out symbol by symbol. Thus in the subsequent discussion
in this section the index 7 is omitted for notation brevity. Intuitively, since more
noise will be counted into the decision statistics with a longer integration length, the
integration region should be chosen within the non-zero support of g(t), i.e., Ty > T
and Ty + T < 7, + T, Suppose in the i symbol interval d = 0 is transmitted, the

detector outputs are then given by

T0+T T0+T
R / £)2dt + g(6)n* (¢ + nT))dt
To Nf

Eb T0+T Nf To+T (3 1)
g (t)n(t+nTy)dt + ) / In(t + nTy)[2dt '
n= 1 To

n=1

cap T(]v )+C1+C2+C3

Nt Ty /24 To+T
w=> [ n(t +nTy)Pdt 2 ¢, (3.2)

n=1"Ts/2+To

where Eeqy(T5,T) = Ey |, T°+T |g(t)|?dt is the signal energy captured in the integration,
(1 and (y are the signal—noise cross terms, and (3 and (4 are the noise-noise cross
terms. As shown in Appendix A, when 7" > T, they can be approximated as

independent Gaussian random variables of which the distributions are respectively
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G, G~ N (0, NoEooy(To, T)) and (s, ~ N (2N NoBT, 2Ny NG BT).
Similar to the expression given in [32], the bit error rate of BPPM non-coherent

detection is given by

P.ppv = P(y1 < y2) = P(Beap(To, T) + G4 G+ G — G < 0)

3.3
_ Q Eczap(T()’ T) ( )
AN;NZBT + 2NoEoap(To, T)
where Q(z) £ % [ e~z dt. Eq. (3.3) shows that the BER of BPPM signal largely

depends on the choice of Ty and T'. Therefore the optimization of Ty and T is

equivalent to the maximization

T T Egap(TO’T)
( 05 ) - argrjl%?b%( 4NngBT+ 2N(]Ecap(T07T).

(3.4)

Noticing that most of the energy in h(t) is in the front part while the latter part
contains relatively small scattering and low-energy pulses traveling from far. By
including the latter part of the signal region into the integration interval the additional
collected signal energy may not compensate the additional noise energy. Therefore,
the optimal integration length 7' is usually smaller than the length of signal region.

Although the two-dimensional maximization in (3.4) can be solved by trying all
the possible values within Ty € |7y, 7, +71,] and T" € [0, 71,41, — 1] for both variables,
this approach has a computation complexity of O((%)Z), which grows rapidly
as 71, + 1, — 71 gets larger or the trying step size At gets smaller. In order to alleviate
the computation task, we hope to fix one degree of freedom first and then perform the

maximization over the other variable. It is found through simulation that deeming
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Ty as the arrival time of the first “significant” tap, i.e., the first tap whose captured
energy exceeds a small threshold &, involves only negligible performance degradation
compared to the optimum. Thus a threshold crossing (TC) scheme can be used in

the estimation of Ty. That is,

Ty = max (7'|Ecap(7'1, T—T1)< f)

3.5
,j—, Ec2ap(T07 T) ( )
= argia. 2
T AN, NZBT + 2NoEoa(Ty T)

Similar derivation can lead to the optimal integration interval of the transmitted
reference signals. Again, suppose d = 0 is transmitted, the autocorrelator output

given by (2.19) can be expressed as

Eb T0+T T0+T
Yrr = — " t)|2dt + R{g(t)n*(t + nT} + }dt
T 2N

Eb TO+T R{g"*(t)n(t + nTy)}dt
2Nf (3.6)
To+T
—I—Zl/TO R{n(t +nTy)n (t—l—an+ )}t

2 BTy, T)/2+ G+ Co+ G

Similar to the PPM case, the noise terms (i, (3, (3 can be approximated as inde-
pendent Gaussian random variables when 7' > T),, with distributions as (;,(y ~

N (0, M) (3 ~ N(0,N;NgBT). Thus the BER of a TR receiver can be
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written as

Perr = P(yrr > 0) = P(=Eeap(T0, T) /2 + G + G+ (3 > 0)
. Ec2ap(T07 T) (37)
=0 ANy NZBT + 2NoE,op(Ty,T) )

A similar expression for TR can be found in [17]. From (3.7), the optimal integration

interval for TR system is given by

T T Egap(T(]vT)
(16, T) = are Wax s NEBT 4 2o By (T, T

3.3 Optimization Using Training Sequence

Comparing (3.3) and (3.7), the BER performance of BPPM and TR are exactly the
same, provided that all the parameters in (3.3) and (3.7) are equal to each other.
This implies the optimum integration region of these two schemes should be exactly
the same for the same channel condition. In this section, a data-aided {7y, 7'}-
estimation method for both schemes is presented. Because the designed training
sequence is based on the TR signal structure, we introduce our method for the TR
scheme. However, exactly the same training pulses and the estimation method apply
to the BPPM scheme, since both schemes have the equivalent optimal integration
region. Suppose at the i bit interval, d) = 1, and at the (i + 1) bit interval,
d1) = 0. Fig. 3.1 depicts the noiseless version of the two received TR signals () (¢)
and 7+ (t) with N; = 4. The integration region optimization procedure consists of
three steps:

1) Coarse timing
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Figure 3.1: Received TR signal (noiseless) 7()(¢) and r(+1(¢), N; = 4.

Let the receiver catch 7 at an arbitrary point 7o = ¢NyTs+7 at the very beginning,
where ¢ is an integer and 7 is in the region [r;, + T, — T /2, 7, + T, + (N; — 1/2)T%]

as shown in Fig. 3.1. Perform the following integrations

Ny—1

Ty Ty Ty
Z/ Dt +nTy+j 2) rO*(t+nTy+ L 5 +j7)dt j=0 - 2N;—1.
(3.9)

If for a certain j, 7 + j % falls in the first half of the first frame in a symbol plus
a small interval from the end of the last received pulse of the previous symbol to
the beginning of the current symbol, i.e., 7 + j% €[ +T1,—Ts/2, 71 +Ty/2], the
noiseless part of I; will be . Then for another j, if 7 4 j + falls in the second half
of the first frame, the noiseless part of I; becomes Z&(1 — 2E(7)/N;) < £, where

i (T — mmod %) + 71. For other j’s, 7+ j% fall into other frames of the current
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symbol, and the noiseless part of I; will be even smaller. Therefore simply shifting 7
to

T
T="T+ %arg max /; (3.10)
j

will ensure 7 to be in the first half of the first frame in a symbol plus a small interval
before it, i.e., iN;Tf+ 7+ T, — T /2,iNf/Ts+11 +T¢/2] or [(i + )N Ty + 711+ 1}, —
Ty/2, (i 4+ 1)N;Ty + 1 + Tr/2], which is the prerequisites of the following fine timing
steps.

2) Estimating Tp, or equivalently 7

After the coarse timing step we have 7 € [r, + 1, — Ty/2, 71 + T} /2], which is
indicated in Fig. 3.1. Note that since whether 7 is at the beginning of the i*" symbol
or the (i + 1)™ symbol does not affect the fine timing step, parameter 7 is omitted

here for brevity. Now do the following integration

Np—1
T T

{ Z / O (t4-nTy)r (’+1)*(t+an)dt}, %—71‘ <7< %+7 (3.11)

for all 7’s in the range [T — & T+ ], which is just the correlation between the

shadowed parts of r®(¢) and r@*1(¢) in Fig. 3.1. Define E(7) £ [ |g(t)[dt, then

£y

x(7) = 5 [1—2E(1)] +¢(7) (3.12)

where ((7) is approximately a zero-mean Gaussian noise process with variance ag =
(N;NEBT; + NoFEy,)/2. A plot of z(7) for 7 > 11, + T, — Ty/2 including the effect of
noise ( is illustrated in Fig. 3.2.

When 7 € [, + T, — Ty/2, 7], which is the blank space from the end of the last
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Figure 3.2: Typical curve of z(7) with detailed display of the threshold and estimated 7.
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received pulse to the begining of the current pulse, E(7) achieves its minimum value
0, which leads x(7) to its maximum Ej/2 if neglecting {(7). When 7 < 7, +1,—1T}/2,
x(7) monotonously increases, whereas when 7 > 71, x(7) monotonously decreases.
In other words, a noiseless z(7) has a plateau shape with flat top in the interval
7€ +1T,— %, 71]. Thus we can estimate Ty as

Ty
2

. T
Ty = max (7|z(1) > x0), 7 — <T<%+7f (3.13)
where the threshold xy ~ Eb( % —¢& ) The rule used to decide the value of z¢ is given
later.

3) Estimating T’

The candidates of T" are confined in the region [0, 7 /2]. Comparing the definition
of E(7) and E..,(Tp, T) and using (3.5) and (3.2), T can be estimated as

. [:L'(To) —x(t + To)}z

T = arg max = —.
T 4NngBT + 2N0 [.CL’(T()) — LU(T + T(])}

(3.14)

Defining the SNR v £ E, /Ny, and normalizing z(7) to (1) £ x(7)/E}, (3.14) can
be rewritten as
i Y [#(To) — 2+ Ty)]”

T' = arg max — ~ .
T ANy Bt 4 2v[2(Ty) — &(1 + To)]

(3.15)

To use (3.14) or (3.15) the knowledge of the SNR + is required at the receiver.
When v is not too large, e.g. when v < 15 dB for CM1 and when v < 20 dB for
CMS, which are quite reasonable in practical environments, the second term in the

denominator is much smaller than the first one. For example, when Ny =4, B = 500
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MHz, Ty =1 ps, v = 17 dB, 7 will be more than 125 ns for a typical CM8 channel,
thus the first term 4N, B7 > 1000 while the second term 2v((Tp) — & (1 +1p)) < 100.
Therefore we can simply ignore the second term in the denominator of (3.14) or (3.15)

so that they can be further simplified to

~

) [2(Ty) — a(r + Tp)]”
T = arg max .

(3.16)

T

Eq. (3.16) is the formula adopted in Section V to estimate 7". For a system operating
in a high SNR environment we can use (3.15) instead of (3.16) and substituting v by
a fixed SNR value less than the true SNR. It is found in our simulation that if the
true SNR is in the 10-20 dB region, v fixed at 10 dB will work well.

The discussion so far has not considered the nuisance noise term ((7). When
the noise term is taken into account, the useful signal waveform will be distorted,
sometimes even inundated, making accurate estimation almost impossible without
necessary denoising treatment. Since ((7) is approximately a Gaussian random pro-
cess, an effective way of denoising is by averaging. To better fulfill this task, a training
sequence is implemented. Observing (3.11), we can see that z(7) is essentially the
correlation of two consecutive TR symbols, one conveying data “1” and the other
conveying “0”. Thus a training sequence can be designed such that “0”s and “1”s

appear alternately, i.e.,

dV = (=1)"', i=1.--N (3.17)

where an even integer N denotes the length of the sequence. With the N-symbol
training sequence, there are now N — 1 pairs of consecutive symbols that can be

used to generate z(7). We can average the N — 1 correlation outcomes to arrive at
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a revised x(7) as

N-1N;—1 0
z(r) = ﬁﬂ%{ Z Z / rO(t 4 nTy) - r* D (¢ + an)dt}. (3.18)

It is easy to find that Z(7) has a smaller noise variance of ag = (N;N;BT; +
NoEy)/2(N —1).
Furthermore, if we are able to implement analog averaging over several symbols,

the variance of the noise term can be further reduced by first averaging over the

analog symbol waveforms and then correlating the averaged signals like

Nyl ritype o N2 o N2
Z( ):éﬁ{ / = Bt paTy)) - (=Y (4 nTy) dt}.
T\T ; - (N;’f’ n f) (N;’f’ n f)

(3.19)
The variance of noise term of Z(7) is a% = (2N;NZ BTy + NNyEy)/N?. Obviously,

2

a longer training sequence will result in smaller oz

and 02?’ which makes the esti-
mation more accurate. With a large N, af: will be much greater than O’%, thus the
improvement of z(7) becomes more prominent than z(7).

The value of the threshold xy can be decided according to the chosen averaging
scheme. In simulation, we choose z; as max (:c(T)) — 20¢ if no denoising process
is employed at all. If (3.18) or (3.19) is used for averaging, the threshold should
be adjusted to Ty = max (Z(7)) — 20 or Zp = max (Z(7)) — 20%, respectively. An

example of the threshold zy and the estimated T, o is shown in Fig. 3.2.

Similar to (3.18) and (3.19), averaging process can also be performed on the coarse
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timing step, using the following equations instead of (3.9),

T - T T
/ rM ) (t 4 0Ty 4§ 2)-r*(m+’)(t+an—l—7f+j7f)dt

€N

o M=
=0

j=0---2N;—1

(3.20)
or
Ny=1 = T A1
_ 2 p) . T
e Z/ (3 o4 nty +55)
n=0 T i=0
]\1 -1
Ty Ty
(ZT 20 (¢ 4Ty + L+ L) )at
1=0
Ny—1 = T M1
2 i . T (3.21)
e (m+2i+1) Lf
+ 37 nZ:O/T (;)r (t+an—|—j2)>
M
. T T
( P ¢ Ty 4+ L Ef))dt
i=0

j=0---2N; — 1

where m is the index of the first symbol in the received signal and M is the length of
the training sequence that is used to do the coarse timing. One thing worth noting is
that with coarse timing and fine synchronization together, the length of the training
sequence should be at least M + N so that there are M training symbols used for
coarse timing and there are another N symbols used for fine synchronization and
estimating the optimal integration length 7.

Furthermore, some implementation considerations are presented in the following.

First, the above discussion of the timing method is based on the continuous signal.
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To search for the estimation of Ty and 7" exhaustively in the continuous region [7 —
%, T+ %] and [TO,TO + Ts/2], respectively, is a formidable task, if not impossible
at all. To reduce the complexity, the search can be performed on a discrete series of
time instants instead. The distance between adjacent time instants, denoted by 7,
depends on the required synchronization resolution.
Since the searching process requires the whole training sequence to be sent once
for every calculation of z(7), a long preamble would be needed which affects the
achievable data rate. To avoid this problem we can substitute the integration in

(3.11) with a series of integrations over smaller intervals. That is,

N7l bkt )Ty '
rr =R Y / rO (t4nTp)r D (t4nTy)dt 3, k= —Q,---,2Q—1 (3.22)
n=0 T

F KT,

where @) = L2T—T’;J and |z] takes the integral part of . The z}’s are stored in the
registers and then (3.11) can be obtained by digital processing as
k+Q—1
( |T =7F+kT, — Z Zy, = 7' 7@ — L (323)
Consequently, (3.13) and (3.16) can be expressed as

Ty = Ty max ({k|z(? + kTy) > w9, k= —Q, -+ ,Q — 1}) (3.24)

and
[2(Ty) — 2(KTy + Ty)]*
kT, ’

T:Tb-argmkax k=1,---.,Q (3.25)

and (3.18) and (3.19) can be modified accordingly.



42

Note that the algorithm still requires an analog delay line as long as a symbol
duration, which is out of the capability of a normal wideband analog delay line. This
is a well known open problem in the TR literature. Future research will focus on

modifying the algorithm to avoid the long delay requirement.

3.4 Simulation Results

In this section, simulation results of PPM non-coherent detection and transmitted
reference scheme are presented for IEEE 802.15.4a CM1 (indoor residential line-of-
sight environment) and CM8 (indoor industrial non-line-of-sight environment) chan-
nel models, respectively. The default parameters for the simulations are as follows:
number of frames in a symbol Ny = 1, frame duration 7y = 1 ps, the bandwidth
B = 494 MHz, the sampling rate for the simulation f; = 3.952 GHz, the shaping
pulse p(t) is a root raised cosine pulse with roll-off factor 5 = 0.25, the resolution
T, is the simulation sampling rate. All the simulation results are the average of the
error rate in 100 different channel realizations. Synchronization is performed on each
of the channel realizations.

First, the impact of integration region on the BPPM and TR system performance
are studied to show the importance of conducting an integration region optimization
on each of the channel realizations. In Fig. 3.3, the effect of Ty or T° mistiming
is evaluated for TR systems in CM1 and CMS8 channels, respectively. We can see
that the BER performance in CM1 channels is quite sensitive to the accuracy of Tj
and T estimation. The BER performance in CMS8 channels is less sensitive to the
estimation accuracy, but estimation errors can still cause visible BER degradation.

Fig. 3.4 plots the distributions of the optimal Ty, T" and the corresponding BER. of
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Figure 3.3: The effect of a timing error on the BER performance of the non-coherent and
TR schemes. The top two plots represent error in Ty and T for CM1 channels; the bottom
two plots represent error in Ty and 1" for CMS8 channels.
50 channel realizations for CM1 and CMS8. It is shown that both T and T" may vary
in a large range between different channel realizations, and the corresponding BER
also changes greatly. Therefore, for every single channel realization an integration
region optimization is necessary for the non-coherent detection and autocorrelation
detection systems.

Figs. 3.5-3.6 show the BER performance of four different scenarios, including PPM
modulation in the CM1 channel model, TR scheme in the CM1 channel model, PPM
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Figure 3.4: The distribution of the optimal integration region and the corresponding BER

of 50 CM1 and CMR channel realizations.
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modulation in the CMS8 channel model, and TR scheme in the CM8 channel model.
In all simulations, we assume that the coarse timing is perfectly done beforehand
and we only focus on the fine timing steps. Each figure contains five BER vs. SNR
curves. Among them, the theoretically optimal curve stands for the method given by
(3.4) and (3.8). With the assumption that full channel state information is known at
the receiver, the theoretically optimal integration region is obtained from numerical
calculation of (3.4) and (3.8), with the calculation step size be the reciprocal of sam-
pling rate, which is one eighth of the pulse duration. The “Estimated with z” curve
represents the proposed estimation method using (3.13) and (3.16)-(3.18). Eq. (3.17)
is used to construct a training sequence, (3.13) and (3.16) are used to estimate 7j
and T respectively, and eq. (3.18) is used for averaging. The “Estimated with z”
curve represents the estimation method that utilizes almost the same equations as
the “Estimated with z” method, except this time eqs. (3.19) is employed to do the
averaging. It is clearly shown that this estimation method has a very close perfor-
mance to the theoretically optimal method. The performance of the method using
(3.18) for denoising is slightly worse than the method using (3.19), because the noise
variances of (3.18) is larger than that of (3.19).

The rest two non-optimal methods, one determines the integration region from
the amplitude of the channel gain and the other fixes the integration length as con-
stants, are included in Figs. 3.5-3.6 for comparison to show the benefit of performing
integration region optimization. The “Scale=0.5" method defines the integration
start and end points to be the first and last taps that have magnitude greater than
or equal to 50% of the strongest tap. Since it uses the channel amplitude instead

of the channel energy to determine the integration region, this approach has worse
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Figure 3.6: BER obtained with 5 different integration regions for transmitted reference

in CM1 and CMR& channel realizations.
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performance than the theoretical and estimated optimal ones. Note that this method
also requires channel state information, thus is difficult to implement. The “Fixed
length” curve integrates the signal from the beginning of a frame (assuming known)
through a fixed integration length which is set to be 25 ns for the CM1 channel and
100 ns for the CMS8 channel. Apparently, this non-adaptive method gives the worst
performance among the five. CM1 is found to be more sensitive to the choice of
integration region than CMS8. The parameters in the scale method and fixed length
method are carefully chosen through simulation trials such that the average BER
over different channel realizations can be reduced as much as possible.

We have also performed simulations using (3.15) instead of (3.16), by fixing 7 to
a value smaller than the actual SNR. The results are shown in Figs. 3.7-3.8. It can
be seen that different fixed v has a negligible impact on a system in CM8 channels.
Moreover, fixing v at a value that is smaller than the true value provides very small
performance degradation for CM1 channels. Therefore as an extreme case we can
fix v at 0, which means dropping the second term in the denominator in (3.15). For
CM1 channels in a high SNR environment, we can fix v at a close to but smaller than
true SNR value. For example if the true SNR is in the 10-20 dB region, v fixed at
10 dB will work well.

Figs. 3.9-3.10 display the effect of different training sequence lengths on the BER
performance. Since the PPM non-coherent detection case and TR scheme are equiv-
alent in terms of BER performance, we plotted the curves of using (3.18) with PPM
non-coherent detection and the curves of using (3.19) with the TR scheme. Actually
the results are interchangeable for PPM and TR. As discussed in the previous sec-

tion, a longer training sequence results in a smaller noise variance and consequently
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Figure 3.9: The effect of different training sequence length on the performance of PPM
non-coherent detection in CM1 and CM8 channel realizations. Eq. (3.18) is used for aver-

aging.
lower BER. Generally, if (3.18) is used, a training sequence with N = 64 is sufficient,
while if (3.19) is used, N = 32 or more makes very little difference on the BER
performance.

Fig. 3.11 shows the simulation results of the Ny = 2 and Ny = 4 cases in CM1
channels for the TR scheme. Compared to Figs. 3.5-3.6, we can find that the difference
between a multi-frame signal structure and a single-frame structure is that the former

performs integration on multiple intervals thus involves more noise and has a worse
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Figure 3.10: The effect of different training sequence length on the performance of trans-
mitted reference in CM1 and CMS8 channel realizations. Eq. (3.19) is used for averaging.
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Figure 3.11: The BER performance of 5 different integration region determining methods.
The top plot represents the Ny = 2 case, the bottom plot represents the Ny = 4 case.
performance. For example, performance of an Ny = 2 system is roughly 1.5 dB worse
than an Ny = 1 system, and the same difference exists between an N; = 4 system
and an Ny = 2 system.

We have also tested the coarse timing step of our algorithm. We find when the
SNR is greater than 11 dB in CM1 channels or greater than 15 dB in CMS8 channels,
an M = 16 is sufficient if applying (3.21) and M = 64 if employing (3.20) to ensure
90% probability of correct coarse timing. Our simulation also shows that the coarse

timing step of the proposed method is more reliable than the methods presented
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in [38] and [39]. This is mainly because the method of [38], in which a {+1, +1, -1,
-1} pattern training sequence is employed, utilizes only M /2 correlations compared to
M correlations in the proposed method, and the method of [39] requires an additional

analog averaging process to construct a template beforehand.

3.5 Summary

In this chapter, a data-aided algorithm of synchronization and optimal integration
region estimation has been proposed. The algorithm is based on the theoretical
analysis of the optimal integration region that minimizes the probability of error.
The proposed method employs a {0,1,0,1} pattern training sequence to first perform
a frame-level coarse timing, then does a fine synchronization and finally estimates
the optimal integration length by autocorrelation operations on consecutive symbol
waveforms. To enhance the estimation accuracy, averaging over the training sequence
has been applied for the purpose of denoising. Simulation results have shown that the
proposed method can greatly reduce the bit error rate compared to the conventional

fixed length method and achieves close-to-theoretical optimum performance.



Chapter 4

Time of Arrival Estimation Using Dual

Pulse Signals

4.1 Background

Due to the ultra-wide bandwidth induced high timing resolution, UWB is considered
as a promising candidate for accurate localization applications [15]. Among the
localization methods, the time of arrival (TOA) approach is most suitable for use
with UWB signals [15]. The TOA approach estimates the travel time of the first
multipath component (or the direct path component) and thus acquires the distance
between two nodes by multiplying the travel time by the speed of the light. The
challenge to obtain a precise TOA estimation lies in detecting the first arriving pulse
from a noise corrupted signal in a dense multipath environment, where the first
arriving pulse may not come from the strongest path.

Various TOA estimation methods have been proposed in the literature [15,35,
40-44]. In [15], the received signal is correlated with a previously constructed tem-

plate on different intervals that have the same length as SR (assuming known) and
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picks the maximum correlation output as the TOA. Another method that requires
the knowledge of the SR length was proposed in [43], where a maximum energy de-
tection (MED) method was proposed, which integrates the received signal energies
within intervals that have the length of SR but start from different points, and picks
the one with maximal energy as the SR. Both [15] and [43] have the drawback that
their performances are closely related to the accuracy of the SR length estimation.
Moreover, constructing the noisy template in [15] is also a challenge in practical im-
plementation. In [35], a generalized maximum likelihood (GML) detection method
was proposed. It assumes the position of the strongest tap is correctly acquired at
first and then detects the taps before the strongest tap one by one until a thresh-
old is reached and assigns the last detected tap to be the direct path component.
Threshold crossing (TC) methods based on energy detection (ED) or correlation are
proposed in [40-42]. These methods used a threshold on the received signal energy
to distinguish between the SR and the noise-only region (NR) (the time interval dur-
ing which only additive noise is received). In [40], a two-stage (namely the coarse
timing phase and the fine timing phase) correlation based method was proposed for
UWB timing acquisition, and the algorithm for finding the first arrival pulse in a
received symbol is applicable to the TOA estimation problem. The coarse timing
phase adopts a fixed threshold, and the fine timing phase uses an adaptive threshold
based on the noise energy estimation obtained from the first phase. Guvenc et. al.
proposed an adaptive threshold crossing method [41,42], whose threshold depends on
the maximal and minimal values of the received signal energy. The approach given
by [44] distinguishes the SR and the NR based on the difference in their statistical

characteristics. It requires Nyquist rate sampling and a large number of samples to
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get a reliable estimation of the statistical parameters of a random process.

In this chapter, a practical TOA estimation method based on the autocorrelation
of a DP signal is proposed. In the proposed method, a training sequence of bipolar
modulated DP symbols with alternating signs is transmitted and the received sig-
nal is correlated with its delayed version in the receiver. The autocorrelations are
performed starting from different positions in a search region for a length equal to
the symbol duration, and the outcomes drop rapidly when the autocorrelation start
point encounters a multipath component. A threshold is then applied to detect the
TOA by determining the position of the first significant descent of the autocorrelation
results. The autocorrelations are averaged across several training symbols to reduce
noise effect. This process is similar to the algorithm presented in Chapter 3 for es-
timating the integration start point of a TR autocorrelation receiver. However the
objective of TOA estimation of the direct path is somewhat different from estimating
the integration start point of a TR receiver which is determined from the perspective
of integrated energy. Moreover, the method in Chapter 3 involved symbol duration
long analog delay line. This drawback is avoided in the current chapter thanks to
the adoption of the DP scheme.

The rest of this chapter is organized as follows. The proposed TOA estimation
method is discussed in Section 4.2. Performance analysis of the developed TOA
estimation method is given in Section 4.3. Section 4.4 presents simulation results

and discussions, and Section 4.5 summarizes this chapter.
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4.2 TOA Estimation Using Autocorrelation

The DP signal model used in this Chapter follows (2.20) with the number of frame

Ny = 1. The received DP signal can be rewritten as

T’Dp(t) = (Zals[)p(t — ’7‘1)) * f(t) + n(t)
=1

— \/% Z Zal [gDp(t — 'éTs — Tl) + gDp(t — 'éTs — T — Tp)} + n(t)

i=—00 [=1

(4.1)

where T, denotes the symbol duration, gpp(t) is the composition of the transmitted
pulse p(t) and the receiver matching pulse f(t¢), n(t) is the additive white Gaussian
noise with power spectral density of Ny/2 passed through the band-limited filter f(t).
The tapped delay line model described in (2.10) is used as channel model in (4.1).
Particularly, 71, which is the time delay of the direct path, is the parameter of interest
in the TOA estimation.

Let 7 denote the initial time instant that the receiver locks to at the beginning
of the communication. The arrival time of the direct path of the i*" symbol is T =
71 + iT}, and the objective is to estimate T}, given the arbitrary 7 falls in the ‘"
received symbol or its vicinity. That is, (i — 1)Ts+ 7 + T, <7 < (i +1)Ts + 7. Let
the 7" transmitted data be “+1” while the (i + 1) transmitted data be “-17. The

following integration

LL’(%) = [%+TS %{TDP(T,)’F*DP(T, + Td)}dt (42)

can provide an estimation of where 7 situates relative to the i** symbol. Referring to
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Fig. 2.5, when 7 is within the noise region of the (i —1)*® symbol, i.e., 7 € [(i —1)T, +
71, + T, Ty], the value of z(7) is E,/2 plus the noise and IPI. When 7 is within the
noise region of the i'" symbol, i.e., 7 € [iTs + 77+ T, (i + 1)T% + 71, the noiseless and
IP1 free part of x(7) is —E,/2 since all of the signal region of the (i + 1) symbol is
included in the integration (4.2). In between the above two intervals, i.e., when 7 €
[Ty, iTs+71,+T,], the noiseless and IPI free part of 2(7) is in between £, /2 and —E}, /2
due to the fact that integrals over the sub-intervals f;TSJFTL tTp R{rpp(t)rpp(t+Ty) }dt
and f(:f)T o R{rpp(t)rpp(t + T4) }dt have opposite signs and thus will partially
cancel each other. Therefore, let 7 be a variable that varies in the range [7, 7 + T

and define
T+Ts
x(r) = / R{rpp(t)rpp(t+Ty)}dt, 7€ [7,7+T). (4.3)

If7e(i—1)Ts+ 7 +1T,,To], Ty can be determined as the time when z(7), ignoring

the noise term, starts to decrease from its maximum, i.e.,

. E
Ty = max{r|z(r) = 76 — Eipr,7 <1 <7+T,} (4.4)

where Ejp; is the signal energy loss due to IPI. If 7 € [Tg, (i + 1)Ts + 11|, Ty can be

determined as the time when x(7) starts to increase from its minimum, i.e.,

. E
To = max{r|z(r) = —?b + Erpr, 7 <1 <7+ Ts}. (4.5)

Taking the noise and IPI into account, the curve of z(7) contains fluctuation.

Thus the exact first falling edge of x(7) is obscured, as shown in Fig. 4.1. To combat
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Estimatinq of TOA,
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Figure 4.1: The noisy x(7) curve with an example threshold crossing of n = 0.9 and
Ey/No = 16 dB.
noise and IPI, three steps are devised to form a complete algorithm based on the
autocorrelation (4.3) and the edge detection (4.4) or (4.5).

First, the autocorrelation (4.3) requires the adjacent data symbols to have op-
posite signs. Thus a training sequence comprised of alternating “-1”s and “+17s is

transmitted, i.e.,

bi=(-1)"' 1=0,---,N—1 (4.6)

where N is the length of the training sequence.

Second, the edge detection (4.4) requires an exhaustive search of 7’s in the entire
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T,-long uncertainty region. For practical implementation, the integration region in
(4.3) is divided into @ = L%J sections where 7T}, is the desired timing resolution.
Then the integration results over sections are averaged over N — 1 training symbols
through digital processing and then summed up with different starting points. The

procedure can be written as

1 k+Q—-1N-2 ' T+(m~+1)T,+1Ts
Ty = N_1 Z Z(—l)z_l/ éR{TDP(t)T*DP(t_l'Td)}dt’ k=0,--,0Q-1
m=k i=0 %+me+iTs

(4.7)

where 7 can be viewed as the sampled sequence of z(7) using sampling rate 1/},
yet the noise power in Z;’s is greatly reduced through averaging.

Third, a threshold is used to determine the TOA of the direct path from z(7).

This is done by choosing the time instant corresponding to the last sample of Z;’s

that is greater than a threshold ¢ as the TOA. The TOA estimation can be written

as

Ty =%+ T -max ({k|z, > & k=0,---,Q — 1}). (4.8)

The threshold crossing process is depicted in Fig. 4.1. Instead of choosing a fixed

threshold &, we set the threshold to be proportional to the maximum value of Ty.

That is,
where 7, = max{zy, k=0,---,Q — 1} and n € (0,1) is termed as the normalized
threshold.

Note that here we assume the initial time 7 is within one symbol duration ahead

of the TOA of the first training symbol. If this assumption does not hold, i.e., 7
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is behind the first training symbol, more training symbols are needed so that the
training sequence can cover the region [7,7 + NTs|. Moreover, if 7 falls in the SR of
a “+17 training symbol, z(7) would start somewhere between max and min values,
keep decreasing to the minimum, stay around minimum values and eventually start
to increase to the maximum. If 7 falls in the NR of a “+1” symbol, z(7) would
increase from its minimum to its maximum. In both cases, it is the rising edge
that tells the TOA of the next “-1” training symbol as given by (4.5). The signs

of all Z;’s should be flipped so that (4.8) still applies. In our simulation, if z; < 0
Q-1

k=imin

1 Imax
tmaz k=1

or Ty is smaller than —ﬁ > Ty, where z;, . and z; . are the
maximum and minimum of Z;’s with index 4,,,, and i,,;,, respectively, the signs of
all z;’s are flipped. Although this sign decision scheme does not guarantee 100%
correctness, it only adds negligible extra error to the mean absolute error. When the
SNR is greater than 16 dB, the error rate occurred at this flipping step is found to be
less than 0.1% and when the SNR is lower, a flipping error introduces an equivalent

early false alarm error while the error rate of the former is far less than the latter.

4.3 Analysis on Py,, P, and M AFE of the Proposed TOA
Method

Define the probability of early false alarm Py, as the probability that the estimated
TOA is in front of the true TOA [35], i.e., Ty < Ty — Ty, Suppose the true TOA Ty
falls in the section [jT, + 7, (7 + 1)1, + 7], i.e., j satisfies jT, +7 < Ty < (j+ 1)1, + 7.
There is

Ppo=Pr{z, <& fork=jj+1,---,Q—1} = Pr{z; < ¢} (4.10)
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The approximation is justified based on the reason that for a given channel realization,

all zx’s for k = j,--- ,@Q — 1 are highly correlated Gaussian random variables with
. . . NoEy+NEBT.
monotonically decreasing mean values and the same variance o2 ~ %, where

B is the bandwidth of the shaping pulse. Next, we consider a fixed threshold £ to

facilitate analysis tractability. Since z; ~ N (% — Erpr,02), we have

(4.11)

P ~ Q<Eb/2_EIPI —f)

Oz
. . 00 2
where the Q-function is defined as Q(z) £ [ \/%e ©/24t.
Similarly, let P,, denote the probability of missed-direct-path error which is the
probability that the estimated TOA is behind the true TOA [35], i.e., To > Ty + Tp.

We have
Po=1-Pr{z, < fork=j+1,---,Q—1} > Pr{z;;; > ¢} (4.12)
It can be shown that z;;; can be written as Z;;; = % — Eipr — Ey|lagl* = nja

where the noise term n;; is a zero mean Gaussian random variable with variance o2

and |ap|? is the energy of the first multipath tap which follows Gamma distribution

(since ag follows Nakagami distribution [26]) given by f,2(z) = %(%)m exp(—"g)-

Therefore,
1_Erpr+é+t

%—EIPI_g A
P> / / For (2) fo (£)
—00 0

4.13
B /%—Ezpl—ﬁ fy(m’ %( ( )

Erpr+&+t 42 /942
— T)) et /202

% d
['(m) V2moz

where y(a,z) = [; t*"'e'dt is the lower incomplete gamma function. In the high

t

SNR environment, where n;.; < |ag|?, the pdf of nj;; can be approximated as
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foyoi(t) = (). Thus P, > ~(m, 2(3 — Efgifg))/lﬂ(m) This shows that when the
SNR is high, P,, depends only on the choice of threshold, but is independent of SNR.

Fig. 4.2 plots the analytical and simulation results of Py, and P,,. In [26], the
parameters m and €2 are both defined as log-normal random variables. In our analyt-
ical evaluation, m and €2 are determined as m = 1.2 and €2 = 0.4 by curve fitting the
distribution of the first taps of 1000 channel realizations in CM1 channels. Moreover,
note that £;p; varies from channel to channel, and for a same channel realization, the
“+1” DP symbol leads to different IPI energy from the “-17 DP symbol due to their
asymmetrical structures. Therefore, we calculate the “+1”7 symbol E;p; and “-17
symbol Ejp; for each channel realization and insert the mean value into (4.11) and
(4.13). The probabilities of error are then obtained by averaging over 1000 channel
realizations. It is observed from Fig. 4.2 that the approximate analysis for Py, and
the lower bound of P, agree with simulation. In addition, a larger threshold £ results
in a larger Py, but a smaller P,,.

Furthermore, the mean absolute error (MAE), which is defined as the ensemble

average of the absolute estimation errors over all channel realizations, can be written

as
Q-1

MAE:ZV—ﬂTbPT{@ >0 Ty Tk <N T, for k=i+1,---,Q—1}. (4.14)
i=0

Unfortunately, we find that for the proposed TOA estimation algorithm, the theo-

retical formula of MAE is very difficult to derive even for a simple AWGN channel
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and fixed threshold. Denote

T+G+D)Ty
Yy = / R{rpp()rpp(t +Ta)}dt for j=0,1,---,2Q — 2 (4.15)
T+5Ty
and
k+Q—1
rp= Yy fork=0--,Q-1 (4.16)
j=k

where x, is the sample of x(7) at 7 = 7+ kT},. In an AWGN channel, y,’s are approx-

imately independent non-identical distribution (i.n.d.) random variables. However,

xi’s are highly correlated random variables because x; and x;; both have the com-
k+Q—1

mon term ;77" y;. Assume the covariance matrix of z;’s is calculable and denoted

as M, their joint pdf can be written as

1 1 T i1
X)=————exp|—=(x—a) M (x—a 4.17
P00 = g P L M =) (4.17)
where x = [xg, -+ ,20_1]7, a is the mean of x and 7 is the matrix transpose. Thus

MAE can be calculated as MAE = ZZ.Q:_OI li — j|T, Pr {i’, > 1 < &, for k=

z'+1,---,Q—1},where

Pr{a’:i >&a, <& fork=i+1,--- ,Q—l} :/00/5 /5 f(x)dzg_y - - - dz;.

oo (4.18)
Eq. (4.18) involves (@) — i)-tuple integral and cannot be decomposed into multiplica-
tion of a series of single integrals, thus it is very difficult to derive the closed form of
this probability. In the next section, we study the effect of normalized threshold 7

on MAE via simulations.
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4.4 Simulation Results

In this section, we present the simulation results of the proposed algorithm. The
performance is evaluated based on three criteria: MAE, Py, and P,,. Simulations are
carried out on each of the 1000 channel realizations of the IEEE 802.15.4a channel
model 1 (CM1) for indoor residential line-of-sight environments and the channel
model 4 (CM4) for indoor office NLOS environments as described in [26]. The symbol
duration of the dual pulse signal is Ty = 125 ns. The signal bandwidth is B = 494
MHz and the shaping pulse p(¢) is a root raised cosine pulse with roll-off factor
B = 0.25. The threshold (4.9) is used in all the simulation.

Figs. 4.3-4.4 depict the estimation accuracy as a function of the normalized thresh-
old 7. Similar to using a fixed threshold, a larger 7 results in a larger Py, but a smaller
P,,. This is because a larger n leads to larger Pr {:Ek <N - Ty, forall k:} Moreover,
Fig. 4.3 shows that Py, varies with the SNR while P, is almost independent of the
SNR. This is because when the noise power is high, z(7) has larger fluctuation in
the region [7, Tp], which often leads to a larger Z,,. Consequently the threshold ¢ is
more likely to be higher than z;, where [jT}, + 7, (j + 1)1}, + 7] is the section where
the true TOA lies, resulting in a larger Pr,. On the other hand, the probability
of missed-direct-path error mainly depends on the impulse response of the channel
realization, or more exactly, the magnitude of the first multipath tap relative to the
threshold. A sufficiently strong first tap can provide enough descent from z; to ;4
so that all z;’s for k£ > j are smaller than the threshold 7 - z,,. Comparing Fig. 4.4
with Fig. 4.3, it is also found that at lower SNRs, the MAE follows the trend of Py,
whereas P, determines the MAE floor at high SNRs.
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Figure 4.3: The probability of early false alarm and probability of missed-direct-path
errors with normalized threshold 7, N = 32 and T, = 1 ns.
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Figure 4.4: The effect of different values of normalized threshold 7 on the mean absolute
error, with N = 32 and T = 1 ns. Solid lines represent the DP based estimation method,
dashed lines represent the ED based estimation method with perfect coarse timing, and
dashed-dotted lines represent the ED based method without coarse timing.
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The DP autocorrelation based TOA estimation method is compared with the en-
ergy detection (ED) based TOA estimation [41] in Fig. 4.4. In the simulation, the
transmitted signal for the ED method contains a single BPSK modulated pulse in
each symbol duration, which has higher peak power than the DP structure. The ED
receiver integrates the energy of the received signal over each Tj interval, and deter-
mines the TOA as the first interval whose energy integration z, = f;ﬂrlgﬁjlm |r(t)|?dt

is greater than a threshold. The threshold {gp for the energy detection method is

chosen as [41]

Eep = nep(max{z} — min{z,}) + min{z,} (4.19)

where ngp € (0,1) is the normalized threshold for the ED method. The same N
bit training sequence as (4.6) is used and the z;’s are averaged over the training
symbols to increase the SNR. For the ED method, a coarse timing step is required
to make sure the initial point 7 falls in the interval [Ty + 7, — T, Tp]. Otherwise,
averaging over multiple training symbols starting from the position 7 will divide
a continuous signal region into two parts. In this case, it is difficult to distinguish
whether the first pulse crossing the threshold is the earliest channel tap in the current
symbol interval or a delayed pulse of the previous symbol. The DP method does not
have this problem and therefore does not require coarse timing. In Fig. 4.4, both
perfect coarse timing and no coarse timing are tested for ED based TOA estimation.
Simulation results show that the ED method in general has worse performance than
the DP autocorrelation method. Especially, in the high SNR region, a proper n for
the DP autocorrelation method leads to a significantly lower MAE floor (about 0.7
ns) whereas for the ED based method with perfect coarse timing the lowest MAE

floor is around 1.5 ns. To explain this, it is noticed that the DP method chooses the
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last threshold crossing point as the estimated TOA whereas the ED method picks the
first one. For a threshold that leads to a low P,,, e.g., for n = 0.9 and ngp = 0.2, the
DP mechanism is less sensitive to the noise region fluctuation in z,’s, while for the
ED method the first z; greater than the threshold in the noise region tends to cause
a large early false alarm error. Besides this, the descent of Z;’s in the DP method
caused by a multipath component is about twice as much as the energy collected in
the corresponding interval of the ED method.

A threshold analysis can be drawn from the curves in Fig. 4.5. In the figure
the MAE with respect to a wide range of normalized threshold values is shown for
different SNR values in CM1 channels. Given a certain SNR, an optimal normalized
threshold can be picked. Generally, the optimal threshold value goes from about 0.5
to about 0.9 as the SNR varies from 10 dB to 24 dB. The MAE is more sensitive to
the choice of threshold in high SNR environments.

The MAE results of using a second order Gaussian pulse are shown in Fig. 4.6.
The second order Gaussian pulse is generated following (2.2). Comparing it with
Fig. 4.4, the results using second order Gaussian pulse are slightly worse than those
using root raised cosine pulse, while they show similar features in terms of MAE
floors and the advantage of the proposed method over the ED based method. This
shows that the estimation performances change just slightly for different pulse shapes
as long as the bandwidth of the pulses are similar.

Fig. 4.7 depicts the impact of different search resolution T, on the MAE. As
shown in the figure, the smaller T; is, the better estimation performance will be.
When 1 = 0.9, the mean absolute error approaches T;,/2 in the high SNR region,

which is the theoretical optimal result.
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Figure 4.6: The mean absolute error of using a 2nd order Gaussian pulse with different
values of the normalized threshold, N = 32 and 1, = 1 ns. The solid lines represent DP
based estimation method, and the dashed line represent the ED based estimation method
without coarse timing.
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Figure 4.7: The mean absolute errors with different search stepsize T3 in CM1 channels,
and N = 16.
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Figure 4.8: The effect of different training sequence length N on the DP based TOA
estimation performance, with n = 0.9 and T = 1 ns.

The effect of training sequence length N on the estimation performance is shown
in Fig. 4.8. A longer training sequence leads to lower noise levels in Z;’s. Therefore
the larger N is, the smaller Py, will be. However, it is also shown in Fig. 4.8 that
P, just slightly changes when increasing N due to its insensitivity to SNR. Similar
to Fig. 4.4, the MAE is closely related to Py, at lower SNRs. But since all N’s yield
similar P,,, the MAE curves tend to converge to an approximately same error floor
at higher SNRs.

In the non-line-of-sight channels where the first channel tap is severely attenuated,
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Figure 4.9: The mean absolute errors of the proposed TOA estimation method in CM4
channels with N =32 and T}, = 1 ns.

often the arrival time of the first significant channel tap, instead of the very first tap,
is located. The performance of the proposed TOA estimation algorithm and the ED
method in CM4 non-line-of-sight channels are presented in Fig. 4.9. It is shown that
the proposed DP based method outperforms the ED based method at low SNRs, but
has a similar MAE floor at high SNRs in CM4 channels.
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4.5 Summary

A dual pulse autocorrelation based TOA estimation method has been proposed in
this chapter. This method results in more accurate TOA estimates (in terms of
lower MAE) than the existing ED based method and does not require the additional
coarse timing step in the ED approach. It has also been shown that for the proposed
method, the probability of early false alarm is sensitive to the SNR, the probability of
missed-direct-path error closely relates to the channel condition, and MAE depends

on the combined effects of the two.
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Chapter 5

Conclusions and Future Work

5.1 Conclusions

Timing and synchronization play a pivotal role in the digital communication world.
Due to the ultra-short pulse width and rich multipath environment, timing and syn-
chronization for ultra-wideband systems encounter particular difficulties. In this the-
sis an autocorrelation based timing and synchronization method is designed for low
data rate UWB systems. The proposed timing method is able to provide an estimate
of the optimal integration region for the BPPM non-coherent detection system and
the TR system. When applied to the DP scheme, the proposed timing method can
also provide an accurate time-of-arrival estimation.

In Chapter 3, the optimal integration region estimation algorithm is described.
It is based on inter-symbol correlation on the received signal of a {0,1,0,1} pattern
training sequence. The algorithm consists of three consecutive steps: coarse syn-
chronization which locates the first half of a symbol’s first frame; estimation of the
integration start point; and estimation of the optimal integration length. The latter

two steps are based on the theoretical derivation of the bit error rate of the BPPM
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and TR systems. Significant performance improvement has been observed for the
systems using the proposed method against the conventional fixed integration region
method. The estimation accuracy is related to the length of the training sequence
and the search stepsize. It has been found that with several tens of training symbols,
the proposed method is able to closely approach the theoretical optimal error rate
performance. Although this data-aided timing method uses a TR signal as training
symbols, it is possible to apply the algorithm onto both TR and BPPM systems,
because in a given channel condition the BPPM non-coherent detection system and
the TR autocorrelation system have the same error rate expression.

The autocorrelation based time-of-arrival estimation method has been studied in
Chapter 4. Again, the {0,1,0,1} pattern training sequence is applied with the dual
pulse signal scheme. After the autocorrelation, a normalized threshold is used to
find the arrival time of the first significant drop in the correlation result. The per-
formance of the new estimation method has been analyzed theoretically and through
simulations. It has smaller mean absolute error than the energy detection method.
Moreover, when using single frame signal structure, the proposed method does not
require any coarse timing, which is a critical step for the energy detection method.

Besides their advantage in performance, another important merit of the timing
method developed in this thesis is its applicability. First, the signal structure used
in the timing method fully complies with the IEEE 802.15.4a standard. Second, the
method treats the channel response as a whole and avoids the complexity of search-
ing for individual channel taps. Third, the method requires frame or symbol rate

sampling rather than Nyquist rate sampling, thus alleviates the receiver complexity.



80

5.2 Future Work

Nonetheless, several critical issues and more in-depth research work should be further
dealt with before the implementation of the proposed timing method. These issues,

as listed below, will be the topics of future study.

1. For the integration region optimization algorithm, a 7/2 long analog delay line
is required. As widely known, manufacturing of the accurate wideband delay
line is very difficult. It is necessary to find a way to remove this requirement
from the algorithm. One method of removing the long delay line requirement
is changing the transmitted signal pattern, as is in the DP scheme which uses
a short T;. On the other hand, if the DP scheme is used for data transmis-
sion, the integration region of its autocorrelator should also be estimated and
optimized. It is worthwhile to investigate the relationship between the error
rate and integration region for DP scheme, which is more complicated than the

conventional TR system since it involves certain amount of IPI.

2. The repetition of the training symbols for both the integration region optimiza-
tion algorithm and the TOA estimation algorithm may induce spectral spikes
which violate the FCC mask. As mentioned in Chapter 2, one solution is to
spread the energy into a cluster of PN sequence modulated pulses. Other pulse
cluster structures may also do the work. The impact of using the pulse cluster

signal structure needs to be studied in detail in the future.

3. As mentioned in Chapter 2, time hopping is a widely used method to accom-

modate multiple users. It can also alleviate the magnitude of spectral spikes.
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In this thesis, the proposed timing method deals with single user only. Further
study could focus on modifying the method to be compatible with the UWB

system with time hopping.

. The TOA estimation method presented in Chapter 4 provides accurate rang-
ing capability. With a number of nodes that are able to measure the distance
between each other, an accurate sensor network can be formed. Some algo-
rithms could be developed to coordinate the ranging among these nodes so as
to calculate the location of some desired node. Multi-user detection and ad-hoc

network technologies are involved in this problem.
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Appendix A

The distributions of the noise terms, i.e. ;i = 1,---,4, in (3.1) and (3.2) for
PPM are derived here in detail. The derivation is based on the fact that {(;}’s are
approximately Gaussian random variables and 7" > T), along with the following two

equations,

E[n(t)n*(u)] = R.(t — u) = 2B Nysinc(2B(t — u)) (1)
E[n(t)n(u)] = E[n*(t)n"(u)] = 0. (2)

It is trivial that E[¢;] = E[(2] = 0. The autocorrelation and cross-correlation of

(1 and (, are given as

To+T To+T
BlGG] = BlGG] = B / / VE[n(t)n* (u)] dedu
To+T  [To+T

= 2BN0Eb/ / u)sinc(2B(t — u))dtdu

To+T To+T B )
—NOEb/ / (u / /2= fdtdu

To+T '
m%&/’ ‘/ Wﬁ/ ez fuqud far - (3)

To+T
:M&/ /‘@ e itd fat

To+T
— NoE), / gDy (H)dt

To

= NOEcap (T0> T)
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Eb T0+T
E[Gi1G] = E[G] = Nf n*(t +nTy)dt
/ Eb To+T (a4 T, .
= F, /TO+T /TO+T JE[n*(t)n* (v)]dtdu

7
thus ¢; and (, are independent zero-mean Gaussian random variables with variance

NoEeop(Ty, T). For (5 and (4 we have

E[G) =E[G] =Y / " RA(0)dt = 2N, Ny BT, (5)

n=1+To

To+T
E[G¢s] = E[G¢i] = [Z/ n(t +nTy)n*(t +nTy)dt

To+T
Z / n(u—+nTy)n*(u + nTy)du

n=1 7o

T T
= /O /O (N7RZ(0) + NyR2(t — u))didu
T T B )
= 4N7NGB*T* + 2BN;N; / / sinc(2B(u — t)) / eI =0 fdtdu
0 0

—-B
T
~ ANFNGB*T? + NyN; / / / 2Bsinc(2Bu)e 7 dud fdt
0 —-B
T B
= AN;NiB*T? + Ny N; / / dfdt
0 —-B

= AN;NiB*T? + 2N; N BT.

So var[(s] = var[(y] = 2N;NZBT.





