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Chapter 1
Introduction

Ultrawideband (UWB) systems have been gaining a lot of interest in several research
fields during the last decade [1–5]. This interest was largely triggered by the intro-
duction of the world’s first commercial regulation on this technology by the Federal
Communications Commission (FCC) in 2002 [6].

UWB systems are usually based on short time sub-nanosecond impulses. These
type of impulses have potentials to achieve high data rates as well as high accuracy for
distance and position estimation (ranging), while promising devices with low com-
plexity and low power consumption. Compactness and longevity are very important
focal points in the development of future wireless technologies. Transmission with a
short duration impulse signal also means that UWB systems usually operate with a
low duty cycle, i.e. long empty period between impulses. The devices can be shut-off
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1 Introduction

for most of the time, thus the power consumption is low. These attractive properties
make UWB systems a very good choice for many areas of application, e.g. medicine,
military, rescue operation, sport and entertainment [7–15].

The UWB technology is well-suited for short-range transmission. It is often con-
sidered to be used in indoor personal-area and body-area systems. As an example,
several small UWB sensing/communication nodes can be attached to different parts
of a human body to form a body area network. The nodes capture some information,
e.g. body temperature, blood pressure, and then transmit them to a central node via
the UWB communication links. The information is then forwarded for further pro-
cessing by the central node. Another example for the use of UWB technology are
sensors for a contact-free detection of vital signals like breathing rate or heart beat.
For medical applications, this method gives an advantage in cases where conven-
tional wired electrodes cannot be used, e.g. for patients with burnt skin. For accident
prevention, sensors can be placed in a car to monitor the vital signals of the driver. It
is also possible to form a localization and imaging system using several UWB sensors.

Despite of many advantages, many problems with the use of UWB technology are
still needed to be addressed. Due to the large bandwidth, the operation frequency
band of typical UWB systems overlap with many existing wireless systems. Therefore
the power density of UWB systems is limited by spectral masks to prevent interfer-
ence to other systems. The power restriction make UWB systems weak against inter-
ference. It is very likely that the UWB received signal has low signal-to-interference
ratio as well as low signal-to-noise ratio (thermal noise of the receiver) because of
attenuation in the channel. Special techniques have to be applied at the receiver to
cope with these problems. Coping with the noise in the digital signal processing part
is not suitable, because direct analog-to-digital conversion cannot be performed at
reasonable power consumption for signals with several GHz bandwidth like UWB.
Therefore analog signal processing is attractive for UWB systems.

For narrowband communication systems, correlation based techniques are well-
known and widely used. Despite the fact that the correlation based detection can
provide optimal performance, applying these methods to UWB systems is very chal-
lenging. In general, correlation based detection methods require channel estimation
and very precise time synchronization. Detection methods without channel knowl-
edge, which are often referred to as ’noncoherent’ detection methods, turn out to be
the preferred option for UWB communication systems because they have lower com-
plexity and higher robustness. Methods based on energy detection require little to
no channel knowledge, and they have low complexity, greater robustness to multi-
path propagation as well as high resistance to synchronization errors. The drawbacks
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for the energy detection are the performance in the low SNR regime, low multiple
access capability, and its weak resistance against narrowband interference. For cor-
relation based detection, these problems can be coped by applying spread spectrum
techniques, i.e. several impulses are transmitted for representing one symbol. At
the receiver, coherent combination of these impulses are performed in the correla-
tion operation and the performance regarding SNR, multiple access capability and
interference is improved. The same solution can not be easily achieved in the energy
detection because there is no coherent combination in the process.

In this thesis, we propose novel UWB receiver structures based on a comb filter. The
comb filter is a feedback loop with an analog delay element, and it is used to perform
a coherent combination to give a SNR improvement and also to suppress interfer-
ence. The receiver can be used for both communications and ranging because, with
proper setting, the output signal of the comb filter is the effective channel impulse
response, i.e. UWB impulse convolved with the channel impulse response. For com-
munications, all of the basic detection methods can be directly applied after the comb
filter. It can be proved that the solution from the conventional ’symbol-based’ cor-
relation detection and the ’chip-based’ correlation detection with comb filter receiver
are equivalent under some assumptions. The coherent combination process in the
comb filter gives energy detection the benefits that cannot be achieved by applying
them directly. In addition to the receiver structures, we also propose several suitable
modulation techniques. The results are verified by simulations and compared with
conventional approaches.

Using short duration impulse signals, UWB ranging systems can provide high ac-
curacy and very fine resolution. The conventional methods based on analog impulse
correlation performs very well in high SNR scenarios. The problem occurs when the
SNR is low, because the delay estimation can be largely biased from the ambiguity in
the shape of the correlation function, i.e. the estimator tracks the side-lobe of the auto-
correlation function instead of the main peak. Moreover, in some applications, super-
resolution algorithm might be needed to extract the delays of unresolvable multipath
components. We proposed two advanced estimation techniques for UWB ranging
systems, i.e. particle filtering and compressed sensing.

Conventional methods based on the tracking of the minimum/maximum correla-
tion value can be seen as a maximum likelihood estimator because it uses only the
information from current measurement data. The particle filtering algorithm esti-
mates propagation delays based on a posterior densities, which incorporates the tem-
poral correlation of the change of the estimated parameters (delays). In addition,
several multipath components can be modelled and tracked in parallel, which results
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1 Introduction

in super-resolution. As mentioned before, for UWB impulse signals, analog-to-digital
conversion can not be performed directly because it requires high power consump-
tion. Sampling can be view as a scalar product operation between the sampled sig-
nal and measurement signals. For conventional sampling method, the measurement
signals are time-shifted Dirac delta functions. Compressed sensing is an emerging
concept where sampling can be done with different approach and can be performed
with sub-Nyquist rate. The underlying assumption is that the signal shall be ’sparse’
in some domain. Random signals are used as the measurement signals instead of the
Dirac delta functions. With this approach, there is always some information about the
incoming signal in every sample and the number of samples as well as the sampling
rate can be reduced. We propose to use compressed sensing as an alternative method
for acquiring UWB signals and as a super-resolution algorithm.

Outline of the Thesis

In Chapter 2, the fundamentals of UWB are discussed. Firstly, a brief history as well
as a modern day definition of UWB are introduced. We then look at the regularized
spectral masks from different regions and some examples of UWB impulse shapes
that conform with the FCC spectral masks. An overview of the UWB transmission
model is then discussed. Some basic modulation techniques based on the amplitude
and delay of the impulse signals are introduced. Because of the unique characteris-
tics of the UWB signals, different channel models for UWB are discussed. We look at
some theoretical channel models for analytical purpose as well as some channel mod-
els from IEEE standardizations. In general, UWB signal receiving techniques can be
categorized as correlation based detection and methods without channel knowledge
(noncoherent methods). Basic UWB receiver structures are introduced, and the basic
concept as well as their functionality are addressed. We then introduce the applica-
tion of spread spectrum techniques, i.e. direct-sequence and time-hopping, in UWB
systems. As mentioned above, UWB systems are not only limited to communications
but also ranging systems. The basic concept in UWB ranging systems and some per-
formance bounds are discussed. Finally, a practical implementation for the sampling
of UWB signals, i.e. equivalent-time sampling, is introduced.

In Chapter 3, we first look at the bit-error rate (BER) performance for the basic
receiver structures, i.e. correlation based receivers and energy detection receivers, in
several scenarios. After that the basic principle of the comb filter is discussed. The
properties of SNR improvement, multiuser capability and interference suppression
are addressed in details. The BER performance of the comb filter based receiver for
communication systems are compared with the conventional approaches. The main
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challenge in the comb filter realization is the analog delay element. The longer the
delay, the more difficult is its realization. Shortening of the delay means that the
effective channel impulse response is not apparent in the received signal because of
the interchip interference. The detailed analysis of the comb filter with shortened
delay is presented. It can be shown that the effective channel impulse response can
be partially extracted easily with proper setting. This idea forms the basis for an
implementation of rake-like comb filter based receiver. This novel receiver structure
and its performance is discussed. Finally, we look at a modulation technique called
code-reference UWB. The conventional detection method for this type of signal will
be introduced and compared with the comb filter based approach.

In Chapter 4, we focus on the UWB ranging systems. Two advanced estimation
techniques, i.e. particle filtering and compressed sensing, are discussed. We first in-
troduce the principle of Bayesian filtering. Sampling importance resampling (SIR)
particle filtering, which is a sub-optimal Bayesian filter, is considered for this thesis.
The basic principle and its application in UWB ranging systems are addressed. The
performance of the particle filtering is verified by simulation using measurement data
from a set up based on a wireless vital-sign detection. We then discuss the principle of
compressed sensing and its application in UWB ranging systems. Finally, we briefly
discuss about the application of the comb filter based receiver in UWB ranging sys-
tems. In general, all of the ranging algorithms can be used directly after the comb
filter.

An overview of this thesis is given in Fig.1.1. Parts of this thesis are published
in [16–21]
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Figure 1.1: Overview of this thesis.
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Chapter 2
Fundamentals of Ultrawideband Systems

In this chapter, we introduce the fundamentals of UWB systems that are used as bases
throughout this work. We first look briefly at the history of impulse transmission and
then discuss the definition and types of UWB signals. Basic modulation techniques
and basic receiver structures are introduced. They are used for performance com-
parison with our proposed methods in Chapter 3. We also look at different kind of
channel models that are typically considered for UWB transmission. Furthermore,
we discuss basic concepts for applying UWB signals in ranging applications. These
methods are used as benchmark for evaluating the advanced ranging techniques in
Chapter 4.
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2 Fundamentals of Ultrawideband Systems

2.1 Brief History of UWB

Despite often being considered as a new technology, transmissions of short impulse
signals exist as the first form of wireless transmissions [4,22]. In 1887, Heinrich Hertz
transmitted impulse signals in one of his wireless transmission experiments over a
distance of several meters. Guglielmo Marconi later performed a radio transmission
across the Atlantic (3500 km) using a similar principle in 1901 [22]. These impulse sig-
nals hold many similar characters to modern day UWB impulse signals but the equip-
ments, especially the antennas, are very different. Transmission of short impulses was
the simplest method at the time and was the dominant method of wave generations
for several years. However, to accommodate the demand for multiuser, multiplexing
and bandwidth efficiency, the transmission with narrowband carrier based systems
became the main focus. The research on impulse technology was scarce until the early
1960’s. The development of time domain devices, i.e. the sample and hold receivers
by the Tektronix Inc. and the sampling oscilloscope by the Hewlett Packard Company,
played a major role in giving researchers more understanding about the characteris-
tics of the impulses signals [23]. The transmission of impulse signals was known as
a baseband, carrier-free or impulse technology until the term ”Ultrawideband” was
given by the U.S. department of defense in 1989. The UWB technology was studied
for applications such as radar, sensing and military communication and can be used
only under special license until the commercial regularization by the FCC in 2002.

2.2 UWB Regulations

UWB systems are usually based on short time sub-nanosecond impulses and occupy
bandwidth much larger than the minimum required for delivering particular infor-
mation. The bandwidth of UWB signals can be in the range of several GHz, which
is much larger than typical narrowband signals (kHz) and spread spectrum signals
(MHz). Fig. 2.1 illustrates the differences between the spectrum of the narrowband
signals, the spread spectrum signals and the UWB signals. The operation bandwidth
of UWB signals overlap with many existing systems, and therefore emission power
limitation is necessary.

The UWB technology for commercial purposes was at first considered as a trans-
mission of signals with a fractional bandwidth BW f rac higher than 0.25 [24]. The frac-
tional bandwidth is the ratio of the 10 dB bandwidth BW10dB to the center frequency
fc. It can be calculated as
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2.2 UWB Regulations

Narrowband Communications (kHz) 

Spread-Spectrum Communications (MHz) 

UWB Communications (GHz) 

Frequency 

Figure 2.1: Comparison of the general spectrum of different wireless systems.

BW f rac =
BW10dB

fc
= 2

fH − fL
( fH + fL)

, (2.1)

where fH and fL are the 10 dB cutoff frequencies. In 2002, FCC refined the defini-
tion. The bandwidth of UWB signals was given as the fractional bandwidth BW f rac of
larger than 0.2 or an absolute bandwidth BWabs of at least 500 MHz [6]. Furthermore,
spectral masks limiting the frequency region and emission power for both indoor
and outdoor were given. The frequency band allocated for UWB is 3.1-10.6 GHz and
the maximum mean equivalent isotropically radiated power (EIRP) in this frequency
region is under FCC Part 15 rules, i.e. -41.3 dBm/MHz (measured with 1 MHz resolu-
tion bandwidth spectrum analyzer). The FCC spectral masks for indoor and outdoor
UWB transmissions are shown in Fig. 2.2(a).

The allocated frequency band directly coincides with the IEEE 802.11a wireless local
area networks (WLAN), which operate in the 5 GHz region with 20 MHz bandwidth.
In general, the UWB systems suffer more disturbances from the WLAN systems than
the opposite direction because of the big difference in the maximum limit of EIRP. The
frequency region 0.96-1.61 GHz for GPS transmissions is well protected and the max-
imum EIRP for UWB systems in this band is limited to -75 dBm/MHz. Some studies
regarding interference between UWB systems and several narrowband systems such
as WLAN, GSM and GPS can be found in [25, 26].

In addition to the mean EIRP limit, the power limit in terms of peak power was
also given. The impulse transmissions typically operate with very low duty cycle,
and the peak emission level increases proportion to the time between impulses for
a fixed average EIRP. At one point the amplitude of the UWB impulse signals shall
not be increased even if the duty cycle is reduced further. The peak emission limit is
given as 0 dBm EIRP density (measured in a 50 MHz bandwidth). More details on the
relationship between Impulse repetition rate and the peak EIRP limit can be found
in [27].
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2 Fundamentals of Ultrawideband Systems

(a) (b)

Figure 2.2: (a) FCC indoor and outdoor spectral masks. (b) Europe and Japan spectral
masks.

After the announcement of the FCC spectral masks, other regions in the world also
announced their own masks for UWB transmissions. Most notable spectral masks are
from Europe, Japan and South Korea [4,28,29]. The spectral masks from these regions
are much stricter than the FCC spectral masks. The European UWB spectral mask and
Japanese UWB spectral mask for UWB transmitters without detect-and-avoid (DAA)
algorithm are shown in Fig. 2.2(b).

Only the bandwidth and the emission power were given as the definitions for UWB
transmissions. As a consequence, there are two types of modern UWB signals. The
first one follows the classical approach, i.e. using short impulse signals for trans-
mission (known as Impulse Radio UWB). The second type is a wide-band version of
Orthogonal Frequency Division Multiplexing (OFDM).

Impulse Radio Ultrawideband

Short-duration impulse signals are used for the transmissions of the impulse radio
ultrawideband (IR-UWB) systems. The main difference between the impulse signals
for modern day UWB systems and the conventional impulse technology is that both
carrier-less baseband signals and carrier-based bandpass signals are considered as
UWB signals. Due to the power limitation, the IR-UWB transmissions are well-suited
for short range indoor communications, e.g. wireless personal area networks (WPAN)
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2.3 UWB Transmission Model

and wireless body area networks (WBAN). The short duration signals also give ad-
vantages for radar, imaging and localization applications. IR-UWB is considered as
the physical layer for some IEEE standardizations such as the IEEE 802.15.4a (WPAN
low data rate) and also being included as part of IEEE 802.15.6 (WBAN healthcare and
medical services). It was one of the candidates for IEEE 802.15.3a (WPAN high data
rate). Unfortunately, the task group 3a was disbanded because of the disagreement
between two proposals. IR-UWB will be taken as a basis in this thesis and the term
UWB shall be depicted as the impulse radio version of UWB.

Multiband-OFDM

This type of UWB is based on OFDM modulation with quadrature phase shift key-
ing and dual carrier modulation. The basic waveforms for this type of UWB are not
impulsive but they are classified as UWB signals since the bandwidth is larger than
500 MHz. The frequency region from 3.1-10.6 GHz is divided to 14 groups with each
group occupying the bandwidth of 528 MHz. Multiple access is performed by fre-
quency hopping (FH) within a subgroup consisting of three frequency bands. The
WiMedia alliance was the main developer for this technology, and it was the com-
peting candidate for the IEEE 802.15.3a standard. The flexibility to avoid strong nar-
rowband interference and the potential to transmit more bits per symbol compared
to IR-UWB make it a good candidate for high data rate WPAN communications. Af-
ter cancellation of the task group 3a, this technology made its way into commercial
products but they were not so successful. As a result of this, the WiMedia alliance
was disbanded in 2008. The technological specifications were then passed on to other
industry groups. This type of UWB is not considered in this thesis, and more de-
tails about the multiband orthogonal frequency division multiplexing (MB-OFDM)
systems with some comparison studies to IR-UWB can be found in [30–33].

2.3 UWB Transmission Model

A brief overview of the UWB transmission is discussed in this section. We consider
a digital transmission model and assume that the propagation channel is linear time-
invariant (LTI). Fig. 2.3 shows a coarse model of the basic digital transmission. The
data (bits) sequence x(k) ∈ {0, 1} is sent to the receiver by the transmitter via a prop-
agation channel. The transmitted signal and the received signal are referred to as s(t)
and g(t), respectively. The propagation channel is described by the channel impulse
response h(t) with additive noise n(t). The received data sequence is given as x̂(k).

11



2 Fundamentals of Ultrawideband Systems

In this section, we only look at the interconnection between the main components, i.e.
the transmitter, the propagation channel and the receiver, and their basic functional-
ity. Each of them will be explained in more detail in the following sections.

g(t) s(t) 

n(t) 

x(k) h(t) Receiver 
x(k) 
ˆ 

Channel 

Transmitter 

Figure 2.3: Block diagram of a digital transmission model.

At the transmitter, the data sequence x(k) is mapped to a transmit alphabet Ae,
which is a set of basic waveform. The size of the transmit alphabet Ae determine
the number of bit per transmit symbol Nb. Given that NA is the size of the transmit
alphabet Ae, we have Ae = {e0(t), e1(t), ...., eNA−1(t)} and Nb = log2(NA). The trans-
mitter chooses one of the basic waveforms according to the incoming data sequence
and sends it as a transmitted signal s(t) ∈ Ae.

UWB systems are usually operated with low-duty cycle, i.e. the duration of the
UWB impulse is much smaller compared to the symbol period Ts. The basic wave-
forms for an UWB system usually consist of the UWB impulse p(t) and a long pause
period. The number of impulses per basic waveform and the duration between im-
pulses can be varied depending on the modulation technique. Different type of mod-
ulation techniques for UWB transmission will be discussed in Sec. 2.5 and Sec. 2.8.

We consider the propagation channels to be linear time-invariant (LTI) systems and
usually assume that they are unchanged between impulses. The received signal g(t)
can be expressed as

g(t) = s(t) ∗ h(t) + n(t), (2.2)

where ∗ represents the convolution operation and n(t) is additive white Gaussian
noise (AWGN). Several type of channel models with different channel impulse re-
sponse h(t) are discussed in more detail in Sec. 2.6.

As mentioned above, the transmitted signal s(t) is a series of different basic wave-
forms. It can also be viewed as a series of modulated UWB impulses p(t) with some
periods between them. The result from the convolution between p(t) and h(t) is re-
ferred to as the effective channel impulse response hp(t) = p(t) ∗ h(t). Given that
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2.4 Impulse Shapes for UWB Systems

the minimum duration between impulses is Tp and the duration of the channel im-
pulse response is Tm, no overlapping of the effective channel impulse responses hp(t)
occurs at the receiver, if the basic waveforms are chosen such that Tp > Tm. In this
case, the received signal for the modulated UWB impulses p(t) usually consist of a
corresponding number of effective channel impulse responses hp(t) as illustrated in
Fig. 2.4. A Dirac delta impulse is used as the UWB impulse shape p(t) for illustration
and the AWGN is neglected for clarity of presentation. Based on the received signal
g(t), a decision is made at the receiver every symbol period to determine which basic
waveform from the set of alphabet Ae has been transmitted. The result is the received
data symbol x̂(k). There are many detection methods for UWB transmission, and they
are discussed in more detail in Sec. 2.7.

h(t) 

Channel 

Tp Tp 

Channel impulse response 

 

g(t) s(t) 

p(t) hp(t) 

Tm 

Figure 2.4: Illustration of the UWB signal before and after the channel. Tp is the mini-
mum duration between impulses. The AWGN has been neglected for clar-
ity of presentation.

2.4 Impulse Shapes for UWB Systems

The impulse shape (waveform) for UWB transmissions can be chosen freely as long
as it follows the regulations. Different shapes give advantages in different ways [34].
The capacity of UWB communication systems can be varied with different impulse
shapes [35], and the same applies to the ranging accuracy of UWB radar systems [36].
The key idea is to find the compromise between the spectral mask utilization, ranging
capability and implementation complexity. The most common impulse shapes are

the derivations of the Gaussian impulse waveform : p(0)G (t) = 1√
2πσ2

· exp(− t2

2σ2 ).
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The spectral shape of these signals can be controlled by the standard derivation σ

and the derivative order. Examples of different parameters of impulses based on
Gaussian waveforms are shown in [34,35,37]. Notable examples are the 5-th and 7-th
derivative of Gaussian waveform because their spectra can fit very well to the FCC
spectral masks and easy to implement. The 5-th and 7-th derivative Gaussian impulse
can be written as

p(5)G (t) =
A5√
2π
· (− t5

σ11 +
10 · t3

σ9 − 15 · t
σ7 ) · exp(− t2

2σ2 ), (2.3)

p(7)G (t) =
A7√
2π
· (− t7

σ15 +
21 · t5

σ13 −
105 · t3

σ11 +
105 · t

σ9 ) · exp(
t2

2σ2 ), (2.4)

where A5 and A7 are normalized constants. The time domain and frequency domain
of the 5-th derivative of a Gaussian impulse signal with σ = 51 ps and FCC indoor
spectral mask are shown in Fig. 2.5, and the 7-th derivative Gaussian impulse with σ

= 62 ps together with the FCC outdoor spectral are shown in Fig. 2.6. It can be seen
that the spectrum of both Gaussian impulses fits very well to the FCC indoor spec-
tral mask. An example of low complexity impulse generation devices for the 5th, 7th
derivative Gaussian impulse signals was presented in [27, 38]. Using similar princi-
ples, a tunable impulse generator which can generate impulse signals fit to European,
South Korean as well as Japanese spectral masks was introduced in [39].

Figure 2.5: 5th derivative Gaussian impulse with σ = 51 ps in time domain and fre-
quency domain (with FCC indoor spectral mask).
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Figure 2.6: 7th derivative Gaussian impulse with σ = 62 ps in time domain and fre-
quency domain (with FCC outdoor spectral mask).

Impulse signals for modern UWB systems are not limited to carrier-less baseband
signal. UWB signals can also be upconverted baseband signals similar to the narrow-
band transmissions. The baseband impulse shapes such as Gaussian waveform and
raised-cosine (RC) waveform are often considered. The original UWB systems are
known for their low complexity implementation because no mixer is required. For
this type of impulses, there is a need to have a mixer at the transmitter but, unlike
narrowband systems, it can be shut-off between the transmissions of impulses. The
mixer is turned-on only for short duration during the transmission of each impulse,
and therefore the transmitters can still being classified as low complexity devices. For
carrier based impulse, we consider here the RC waveform with roll-off factor α = 1
as the envelope of the carrier sinusoidal signal. The equation for this impulse shape
is then given as

pRC(t) = ARC ·
[
sinc(

t
T
)(

cos(πt
T )

1− 4t2

T2

)
]
· cos(2π fot), (2.5)

where ARC is a normalized constant, T is the width of the waveform that determines
the bandwidth and fo is the carrier frequency. An example of a RC impulse with
T = 0.5 ns and fo = 4.5 GHz in time and frequency domain is shown in Fig. 2.7.
The parameters are chosen according to the frequency region (2-6 GHz) used in the
WBAN channel model developed for IEEE 802.15.4a [40], since the channel model is
only valid for this band.
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Figure 2.7: Raised cosine UWB impulse with T = 0.5 ns and fo = 4.5 GHz in time
domain and frequency domain.

2.5 Basic UWB Modulation Techniques

UWB systems are normally operated with very low duty cycle. This means the dura-
tion of the UWB impulse signals are much smaller than the time between impulses.
Unlike conventional narrowband communication system, the UWB impulses together
with the gap between impulses are termed as basic waveform. There are numerous
modulation techniques for UWB, since most of the modulation techniques found in
typical communication systems can be applied to the UWB systems easily. The basic
modulation techniques for UWB signals use the amplitude, the delay time (position)
or the shape of the impulses (waveforms) to carry the message information (bits) [41].
To prevent intersymbol interference (ISI), an appropriate symbol period Ts for each
modulation technique is chosen differently according to the multipath delay spread
of the channels. In the following section, the three most common basic modulation
methods for UWB are introduced, i.e. pulse amplitude modulation (PAM), pulse po-
sition modulation (PPM) and transmitted reference (TR).

2.5.1 Pulse Amplitude Modulation

The classical PAM can be directly applied for the UWB transmissions. The message
information is encoded in the amplitude of the impulses. The PAM UWB impulse
transmission signal can be written as
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s(t) =
∞

∑
k=−∞

bk p(t− kTs), (2.6)

where s(t) is the transmit signal, and bk is the k-th transmit symbol. The number of
amplitude levels depends on the number of transmit bits per symbol. We consider
binary transmission, i.e. Ae = {e0(t), e1(t)}, and therefore one bit is transmitted
per symbol. The two widely used modulation techniques are binary pulse amplitude
modulation (BPAM) and on-off keying (OOK). The transmit symbols are bk ∈ {−1, 1}
for BPAM and bk ∈ {0, 1} for OOK. That means the data bit ’1’ is represented by one
impulse for both BPAM and OOK, and the BPAM transmit impulse has a negative
amplitude while OOK transmit nothing for data bit ’0’. In other words, the basic
waveforms for BPAM are e0(t) = −p(t) and e1(t) = p(t), while the basic waveforms
for OKK are e0(t) = 0 and e1(t) = p(t). In general, this specific type of BPAM is often
referred as binary phase shift keying (BPSK). An example of transmitted signals for
BPAM and OOK are shown in Fig. 2.8. For illustration, dirac delta impulse is used as
the impulse shape.

0 1 1 0 

Ts 
e0(t) e1(t) 

(a)

0 1 1 0 

Ts 
e0(t) e1(t) 

(b)

Figure 2.8: UWB basic waveforms for data bit ’0’ and ’1’ of (a) BPAM (b) OOK.

The amplitude-based modulation techniques are often considered in practice since
the signals are very simple to generate. The received PAM signal is a train of weighted
effective channel impulse responses. The symbol period Ts is in general chosen to
be larger than the multipath delay spread Tm to prevent ISI, i.e. overlapping of the
effective channel impulse responses. OOK is very common for UWB communication
systems because it is possible to use detection method without channel knowledge
such as energy detection.
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2.5.2 Pulse Position Modulation

As a consequence of operating with very low duty cycle, the information can be en-
coded in the position (delay) of the impulses. The transmit signal for PPM can be
written as

s(t) =
∞

∑
k=−∞

p(t− bkTppm − kTs), (2.7)

where bk is the transmit symbol and Tppm is the time shift between different trans-
mit basic waveforms. The time shift is usually selected such that the impulse wave-
forms are not overlapping, resulting in an orthogonal transmission. For binary pulse
position modulation (BPPM) transmission, bk ∈ {0, 1} and Tppm = Ts/2 are often
considered. This means that the basic waveforms for BPPM are e0(t) = p(t) and
e1(t) = p(t− Ts

2 ). An example of a transmitted signal for PPM is shown in Fig. 2.9.

Ts 

0 1 1 0 

e0(t) e1(t) 

Figure 2.9: UWB basic waveforms for data bit ’0’ and ’1’ of BPPM.

For this setting, Ts has to be chosen to be at least twice of Tm in order to preserve
the orthogonality at the receiving side and prevent ISI. PPM is also very popular in
practice because it can be detected with energy detection like OOK.

2.5.3 Transmitted Reference

One of the main challenges for the detection of UWB signals is the channel estimation
at the receivers. The main focus of UWB system design is usually on the low complex-
ity implementation but the channel estimation required for the correlation based re-
ceivers are always not simple. Therefore transmitted Reference is introduced to avoid
the explicit channel estimation process [42]. The basic waveform of TR consists of
two impulses. The first impulse is used as a pilot signal for channel estimation, while
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the second one is used for encoding the information bits. BPAM with bk ∈ {−1, 1}
is usually considered for the modulation of the information impulses. The transmit
signal of basic TR modulation with BPAM is given as

s(t) =
∞

∑
k=−∞

(
p(t− kTs)︸         ︷︷         ︸

pilot

+ bk p(t− kTs − TTR)︸                      ︷︷                      ︸
in f ormation

)
, (2.8)

where TTR is the delay between the two impulses which has to be larger than the
multipath delay spread Tm to avoid overlap. This means that the basic waveforms for
TR are e0(t) = p(t)− p(t− TTR) and e1(t) = p(t) + p(t− TTR). An example of TR
transmit signals are shown in Fig. 2.10.

Ts 

pilot 

information 

0 1 1 0 

TTR 

e0(t) 

e1(t) 

Figure 2.10: UWB basic waveforms for data bit ’0’ and ’1’ of TR modulation.

The detection of TR modulated signals has to be performed with a specific type
of receiver, i.e. the autocorrelation receiver. A properly delayed version of the pilot
impulse together with the channel impulse response are used as the reference for the
correlation process to detect the transmit information. For TR modulation, half of the
energy is spent every symbol for the channel estimation. For improvement in this
respect, differential phase shift keying (DPSK) can be considered. The concept for the
detection of the DPSK signals is similar to TR signal detection. Instead of transmit-
ting pilot impulses, the impulses from the previous symbols can be used for as the
reference. Performance comparison between TR and DPSK in different scenarios can
be found in [43].

2.6 UWB Propagation Channels

The characteristics of the UWB propagation channels can be very different to that of
narrowband systems because of the large signal bandwidth. The assumptions that are
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used in conventional channel modeling for standard wireless communication systems
cannot be applied directly to the UWB cases [44, 45]. For example, the multipath
propagation in indoor environment for UWB transmissions is much more resolvable,
and therefore Rayleigh fading cannot be assumed like in typical narrowband systems.
Numerous measurements for UWB systems were performed, and channel models for
different environments were proposed during the last decade. In this section, we
review some notable channel models that are widely considered in the literature.

2.6.1 AWGN Channel

The AWGN channel is the most basic channel for any system. It is a single path
channel with no scaling factor, and therefore the channel impulse response h(t) in
(2.2) is the Dirac function δ(t). The receive signal g(t) for an AWGN channel can be
written as

g(t) = s(t) + n(t). (2.9)

Thermal noise in the receiver is typically the primary source of the additive noise n(t).
In addition, the attenuation (path-loss) is interpreted in the signal-to noise ratio (SNR)
of the channel. The channel is modelled as infinite bandwidth and does not include
the smearing effect from antennas or other components. The AWGN channel is not
expected in any practical environment but it is usually considered as a benchmark for
different transmit and receive techniques.

2.6.2 Multipath Propagation Channel

The most common propagation channel assumed for UWB is a multipath propagation
channel. The multipath could come from unintentional reflections of nearby scatter-
ing objects or intentional backscattered signals from complex-shaped objects in rang-
ing applications. As shown in Sec. 2.4, the duration of the UWB impulses is about
the inverse of the bandwidth and typically less than nanosecond. This means that the
multipath can be resolved down to path delay difference in the order of a nanosec-
ond or less. For the narrowband signals, the same amount of path delay difference
in the channel would not be resolvable, and thus resulting in fading. This behaviour
is illustrated in Fig. 2.11. The example channel is a simple 2-path channel consisting
of a direct path and a second path caused by reflection. A narrowband signal (sinu-
soidal) and an UWB impulse signal are transmitted through the same channel. The
results are significantly different as the narrowband signal has much longer duration
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than the delay difference between the two paths. The reflected path is not resolvable
resulting in the receive signal being a phase-shifted and amplitude changed replica
of the original signal. On the other hand, UWB impulses are so short that individual
reflections can be separated. The amplitude of the reflected path can be different de-
pending on the propagation time and also on the properties of the reflecting objects.

Tx Rx 

Direct Path 

Reflected Path 

Narrowband input signal 

UWB input signal 

Narrowband output  signal 

UWB output  signal 

Figure 2.11: An example of a 2-path propagation channel and the effect on the output
signals for both narrowband systems and UWB systems.

A simplified model of the reality is often considered for the modeling of multipath
propagation channels. The receive signal can be viewed as a weighted sum of time-
shifted versions of the transmitted UWB impulses. The multipath channel impulse
response h(t) can be represented using a tapped delay line model as

h(t) =
M−1

∑
m=0

αmδ(t− τm), (2.10)

where αm and τm are the amplitude and delay of the m-th path. The maximum num-
ber of paths is given by M. The tapped delay line model is commonly used to model
wireless communication systems and also forms the basis for many UWB channel
models. Similar to the AWGN channel, each path in this model is considered to have
infinite bandwidth and the frequency dependency from components as well as dis-
tortion due to reflections are not included. In a more advanced model, these effects
can be taken into account by linear filtering.
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2.6.3 Wireless Personal Area Network Channel Models

Since the announcement of the FCC regulations, there have been a lot of interests for
using UWB systems for many fields of applications, especially for short-range wire-
less communication systems. The potential of providing high data rate and precise
delay time estimation (distance) with low complexity devices made UWB systems
very popular choice for several standards. It is considered as the physical layer for
the IEEE 802.15.4a (WPAN low data rate), and two variants of UWB signal models
were the candidates for the IEEE 802.15.3a (WPAN high data rate) before the disband
of the task group 3a. Channel models for different scenarios were developed based
on several working groups and measurements [46, 47]. The UWB channel models for
IEEE 802.15.3a [46] and IEEE 802.15.4a were [47] commonly used in literature. Studies
show that clustering phenomena are observed in the UWB indoor propagation chan-
nels, i.e. the multipath components tend to arrive in groups (clusters) rather than at
random. The main reason is that many resolvable rays diffracting from one object
arrive at the receiver as a group. The amplitude of the multipath components de-
cay exponentially according to their propagation time and they can be categorized
into two types: inter- and intra-cluster decay. Inter-cluster decay is the decay rate
between clusters, while intra-cluster decay (ray decay) is the decay rate of the paths
within each cluster. To model the amplitude decays and clustering behaviour, both
channel models rely on a modification of the Saleh-Valenzuela (SV) model [48]. The
basic SV model describes the multipath propagation channel by dividing it into many
groups (clusters) with exponential decay. The channel impulse response according to
the basic SV model can be written as

h(t) =
L

∑
l=0

Ml

∑
m=0

αm,lδ(t− Tl − τm,l), (2.11)

where Tl represents the arrival time of the l-th cluster. αm,l and τm,l represent the
amplitude and the time delay of the m-th path in the l-th cluster. The number of
resolvable paths in the l-th cluster is given as Ml . Tl and τm,l are modeled as inde-
pendent Poisson processes with cluster arrival rate Λ and ray arrival rate λ as control
parameters. The clusters exponential decay is defined by the cluster decay factor Γ,
while the rays in every clusters follow the ray decay factor µ. Fig. 2.12 illustrates the
basic principles of the SV channel model [48].

For the UWB channel models, the arrival rates for both clusters and rays are mod-
eled as mixture of Poisson processes instead of a single Poissson process in the classic
SV model. Each ’path’ in the UWB channel model is a combination of many individ-
ually unresolvable paths, which are grouped together in resolvable bins, hence the
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Cluster arrival time 

Ray arrival time 

Cluster decay 

Ray decay 

t 

Figure 2.12: Typical channel impulse response for the Saleh-Valenzuela model.

amplitude factor αm,l for each path is described by the fading statistics. The number
of unresolvable paths in each resolvable bin is much less than in a typical narrowband
system, and therefore the fading statistics is better, i.e. no deep fade (Rayleigh fading).
It was concluded that the log-normal distribution fit best with the measurements for
IEEE 802.15.3a [46]. On the other hand, the Nakagami-m distributions was chosen for
the IEEE 802.15.4a [47]. The UWB indoor propagation channels are heavily dependent
on the distance and surrounding environment, therefore a generalization of channel
models is always a challenge. One solution, which was adopted by IEEE 802.15.3a
and IEEE 802.15.4a channel models, is dividing them into sub-channel modes. The
channel models for IEEE 802.15.3a and IEEE 802.15.4a use flexible parameters, i.e. Λ,
λ, Γ and µ, as basic parameters to fit the channel realizations to different scenarios.
The channel models of IEEE 802.15.3a are divided into four different categories, as
summarized in Table 2.1. Specific parameters and more details for each modes of the
IEEE 802.15.3a channel models can be found in [46].

Mode Distance Channel
CM-1 0-4 m Line-of-sight (LOS)
CM-2 0-4 m Non-LOS (NLOS)
CM-3 4-10 m NLOS
CM-4 - Severe NLOS

Table 2.1: Different channel modes for IEEE 802.15.3a WPAN channel model.

The IEEE 802.15.4a channel models focus on low data rate communication systems
and they consider larger area. Unlike the IEEE 802.15.3a models, the channel realiza-
tions are given in the complex baseband equivalent. The channel models are catego-
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rized based on the environment, and the operational frequency regions are not the
same for all the scenarios. Different channel modes for IEEE 802.15.4a are listed in
Table 2.2. Specific parameters and more details of the IEEE 802.15.4a channel models
are summarized in [47].

Mode Distance Frequency band Channel
Residential 7-20 m 2-10 GHz LOS and NLOS
Indoor office 3-28 m 2-8 GHz LOS and NLOS
Outdoor 5-17 m 3-6 GHz LOS and NLOS
Open outdoor - - LOS only
Industrial 2-8 m - LOS and NLOS

Table 2.2: Different channel modes for IEEE 802.15.4a WPAN channel model.

The clustering approach is one of many approaches for the modeling of the UWB
indoor propagation channels. In addition to these two channel models, there are
various other measurements and channel models in literatures [49–52]. A comparison
study between different approaches in channel modeling can be found in [53]

2.6.4 Wireless Body Area Network Channel Models

UWB systems are very good candidate for WBAN, since they promise small and com-
pact systems. Devices for WBAN are typically located in very close proximity or
even inside the human body. Therefore low complexity and low power consumption
is very important. The main focus of WBAN is on medical applications, and these
devices are usually connected to sensors that can monitor vital signs such as ECG,
temperature, and mobility [54].

The human body is a complex structure and the propagation channel can be dras-
tically different with slight position changes of UWB devices. The human tissue also
has different electrical properties which affect the propagation of the electromagnetic
wave. The channels can be very dynamic depending on the posture and movement
of the human body in different scenarios. These properties make the WBAN chan-
nels very different from other environments such as indoor propagation channels.
Many UWB measurements performed in close proximity to the human body have
been carried out in order to understand the characteristics of the radio propagation
channel near a human body at UWB frequencies [55–63]. The early notable chan-
nel model for WBAN is the contribution for IEEE 802.15.4a standardization by Fort
et al. [47, 55]. finite difference time domain (FDTD) simulations were used for the
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Mode Distance
Front 0.04-0.17 m
Side 0.17-0.38 m
Back 0.38-0.64 m

Table 2.3: Different channel modes for IEEE 802.15.4a WBAN channel model.

analysis of the electromagnetic wave with 2 GHz bandwidth in the 2-6 GHz range.
The transmitters/receivers were placed on several positions on the body surface for
measurements. The UWB signals either travel along the human body or are reflected
in the environment (parts of body, floor and walls). They can not penetrate through
the body because of extreme high attenuation. According to the measurements, the
propagation channels consist of two groups of multipath. The first one came from the
signal diffracting around the body and the second one that arrived much later was
the result from the reflection of the ground. Illustration of the measurement set up
and an example of a channel impulse response are shown in Fig. 2.13.

Direct path 

Reflected path 
Tx 

Rx 

time 

h(t) 

Figure 2.13: Illustration of the measurement setup and the characteristics of the chan-
nel realization for WBAN channel model by Fort et al. [55].

The delay difference between two paths is deterministic, since the distance to the
ground is known, and therefore can be calculated from the position of the transmitter
on the body surface. The channel parameters in this channel model depend on the
position of the receiver on the body. Three scenarios for the receiver position are
considered in this channel model:

Similar to the WPAN channel models, the ’Paths’ are bins of many unresolvable
multipath components. The bin size is generally chosen to be the resolution of the
measurements, which is 0.5 ns in this case. The number of rays within the bin is not
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so large and the amplitude statistics of the bins are modeled by correlated log-normal
distributions. The amplitude of the ground reflection depends on the floor materials
(metal, concrete, etc.), which are randomly chosen with equal probability. It is not
possible to generalize channel models for all WBAN systems, since the propagation
characteristics can be drastically different by slight change of transmitter/receiver
position on the body. [56, 57, 59] provide measurement results from similar on-body
set up with transmitters and receivers located around the body, e.g. chest, waist and
hand. The UWB propagation channel around the human head (ear-to-ear) is consid-
ered in [58]. The WBAN channel models for IEEE 802.15.4a did not consider the body
movement, which could change the behaviour of the channel. These effects were
studied in [57, 61]. A good survey on several WBAN channel models is given in [64].

Recently, the channel model subgroup of the IEEE 802.15.6 standard released sev-
eral channel models that cover many scenarios in a WBAN hospital environment [65,
66]. Two scenarios are covered for UWB transmissions: body surface to body surface
(CM3) and body surface to external (CM4). Another recent notable WBAN channel
model was developed by the Centre of Wireless Communications (CWC), Univer-
sity of Oulu, Finland [62]. Unlike the channel models for the IEEE 802.15.6, where
measurements took place in simulated hospital rooms, the CWC’s channel model are
based on measurements in a real hospital [62]. The measurements for both models
cover two body positions, i.e. standing and lying down. Comparison between the
channel realizations from these two channel models show that the channel impulse
response can be very different, although the objective of these two groups was to pro-
vide channel model for hospital scenario [67]. The channel realizations from the IEEE
802.15.6 channel model have rather wide multipath delay spread. It was commented
by [63, 67] that this channel model is a bit pessimistic regarding this aspect.

2.7 Basic Receiver Concepts

The emphasis for designing UWB receivers is usually on the analog signal processing,
because analog to digital conversion (ADC) for UWB signals requires high power con-
sumption and is impractical. The Nyquist-Shannon sampling theorem states that the
sampling frequency has to be at least twice of the signal’s bandwidth in order to per-
fectly recover the signal. This minimum sampling frequency is known as the Nyquist
sampling rate. With a bandwidth of several GHz, sampling is impossible for low com-
plexity UWB systems. Similar receiver structures as used in narrowband systems can
be adopted but some modifications according to the UWB signal characteristics are
required. For UWB communications, the detection of transmit symbols can be done
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with correlation based methods or methods without channel knowledge.Typically,
with perfect synchronization, correlation based detections give better performance.
In practice, implementing the correlation based detection can be a very challenging
task, therefore methods without channel knowledge such as energy detection and
autocorrelation detection are very attractive choices for UWB systems.

2.7.1 Correlation Based Receiver

Correlation based detection of the received signal using the transmitted impulse as
the template waveform is known to be the optimum method with respect to the bit
error rate (BER) for the AWGN channel. In case of multipath propagation channels,
the transmit impulse and the channel impulse response together (convolved) must
be used as the template waveform for the correlation detection, and in general more
complex signal processing is required. Channel estimation and accurate synchroniza-
tion are needed for such receivers. Correlation based receivers play a major role in
the UWB ranging applications, i.e. radar, localization and imaging. In this section, we
discuss about correlation based receivers for both, the optimal approach and practi-
cal implementations. For received signals with additive noise, channel matched filter
receiver maximizes the SNR of the output signal and is normally used for analytic
purposes. It is the common benchmark for performance evaluation. Sub-optimum
receivers such as impulse correlation receiver or rake receiver are usually considered
in practical implementations.

Channel Matched Filter Receiver

The channel matched filter receiver is a basic detection technique that maximizes the
SNR of the wanted signals that have been added by noise. The basic idea is to corre-
late the incoming signal with a template waveform and sample at sub-Nyquist rate.
Both the transmit signal and the channel impulse response are considered as the tem-
plate waveform for the matching with the incoming signals. This template waveform
is chosen based on the convolution product hp(t) = p(t) ∗ h(t), where p(t) is the
transmit impulse and h(t) is the channel impulse response. hp(t) can be referred to as
an effective channel impulse response or an effective basic waveform. For communi-
cations, the correlation function between the effective basic waveform hp(t) and the
incoming signal g(t) is sampled and used for deciding on the transmit information
(bits) with the decision device , i.e. threshold decision. The sampling processes are
performed on a symbol basis, and therefore the complexity for ADC is reduced. This
method maximize the signal to noise ratio (SNR), hence it is the optimum method
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with respect to the additive noise.
It is common to construct the channel matched filter receiver using correlation filter

as the main component. The block diagram of such a receiver is shown in Fig. 2.14.
Notice that the impulse response of the correlation filter is hp(−t), which is the time-
reversed version of the effective basic waveform hp(t).

Decision 

kTs 

hp(-t) 

y(t) 

Correlation filter 

g(t) 
yk 

x(k) 
ˆ 

Figure 2.14: Block diagram of the channel matched filter receiver constructed by a
correlation filter for UWB systems.

The incoming signal g(t) is convolved with the impulse response of the correlation
filter hp(−t) Assuming no ISI, the received signal can be analysed on the symbol
basis, and the output of the correlation filter y(t) is given as

y(t) = g(t) ∗ hp(−t)

=
[
hp(t) + n(t)

]
∗ hp(−t)

= ϕhphp (t) + nhp (t),

(2.12)

where nhp (t) = n(t) ∗ hp(−t) is the filtered noise and ϕhphp (t) represents the autocor-
relation function of hp(t). The decision is then performed by the sample of y(t). In
the noise-free case, the sample value is the correlation between the template wave-
form and the transmit signal including the channel impulse response. The SNR is
maximized after the channel matched filter, since the spectral bandwidth of the noise
is filtered by the shape of the spectrum of the template waveform.

Realization of linear filter with specific impulse response hp(−t) can be difficult,
and therefore another method to construct the channel matched filter receiver using a
correlator is often considered. The receiver consists of a multiplier fed by the template
waveform hp(t), an integrator, a sampler and a decision device. The block diagram
for this type of channel matched filter implementation is shown in Fig. 2.15

The implementation of the channel matched filter in practice is very challenging
and rather unrealistic, since an analog implementation of an adaptable correlation
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∫ Decision 
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Figure 2.15: Block diagram of the matched receiver constructed by a correlator for
UWB systems.

filter or a signal source for hp(t) is necessary. Full channel knowledge and accurate
synchronization are also required and this can be a big challenge for the low complex-
ity approaches.

Impulse Correlation Receiver

The transmit impulse p(t) can be used as the template waveform for correlation in
the case where the channel impulse response is not fully known. This type of receiver
is called impulse correlation receiver. It is considered as a special case of the chan-
nel matched filter receiver, and therefore it is an optimum detection method for the
AWGN channel. The channel matched filter receiver principles and structures from
Fig. 2.14 and Fig. 2.15 maintain but p(t) is used instead of hp(t) as the template wave-
form. The impulse correlator receiver is not only used for communications but also
very commonly used for ranging applications [27,68]. The impulse correlation output
on symbol basis is given as

y(t) =
[
hp(t) + n(t)

]
∗ p(t)

= ϕpp(t) ∗ h(t) + n(t) ∗ p(t),
(2.13)

where ϕpp(t) is the autocorrelation function of p(t). The output of the correlator is the
convolution between ϕpp(t) and h(t) added by noise. The autocorrelation functions
of UWB signals have extremely short duration, and therefore they can be used for
the estimation of the channel impulse response h(t). As a result, very fine resolution
and high accuracy of the channel estimations are promised. An example of the auto-
correlation function ϕpp(t) of a 5-th derivative Gaussian impulse shape with σ=51 ps
is shown in Fig. 2.16. The main lobe of the autocorrelation function is very narrow
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(70 ps) and could result in a delay estimation with very high accuracy. On the other
hand, the timing synchronization has to be very precise when using this receiver for
communication systems. For this impulse shape, mistiming in sampling time by 35 ps
could mean missing all of the impulse energy, and a large degradation in the bit error
rate performance is expected.

Figure 2.16: The autocorrelation function of the 5th derivative Gaussian impulse with
σ = 51ps.

Rake Receiver

A rake receiver is a sub-optimum receiver that is constructed by using several im-
pulse correlators in parallel. The impulse correlators are called ’branch’, and they are
designed to match the effects of multipath propagation. Each branch independently
collects contribution from a single multipath component, and they are weighted dif-
ferently according to the power delay profile of the channel before combining for the
decision. The structure of the basic rake receiver is illustrated in Fig. 2.17.

There are several types of rake receiver. The basic variants of rake receiver are ’all
rake’ (A-rake), ’partial rake’ (P-rake) and ’selective rake’ (S-rake) [69]. The A-rake
receiver considers all of the multipath components for the detection, and as a result it
can be considered optimum. However, there are some practical limitations, and only
P-rake and S-rake are used in practice. Both P-rake receiver and S-rake receiver con-
sider a small fixed number of branches L. The P-rake receivers capture the energy for
the first L multipath components that arrive at the receiver, while the S-rake receiver
collects the energy from the strongest L paths of the channel. The disadvantage of the
S-rake receiver is that it still needs full knowledge of the channel state information,

30



2.7 Basic Receiver Concepts

τ3 

τ2 

τ1 

∫ 
w3 

kTs 

∫ 
w2 

kTs 

∫ w1 

kTs 

Decision 

p(t) 

g(t) 

yk x(k) 
ˆ 

Figure 2.17: Block diagram of the rake receiver for UWB systems.

while P-rake needs to know only the first part of the channel. The weighting factors
for each branch can be calculated with different methods, e.g. maximal ratio combin-
ing (MRC) , minimal mean squared error (MMSE) and optimal combining (OC) [69].

2.7.2 Energy Detector

Although correlation based detection delivers superior performance compared to
methods without channel knowledge under perfect assumptions, the latter have been
attracting a lot of popularity in UWB communication systems because of its low im-
plementation complexity [5]. The performance of correaltion based detectors can be
severely degraded by just some slight deviation in the synchronization. Energy de-
tector, if applied in a proper way, does not require any knowledge about the channel
impulse response and are very robust against synchronization inaccuracy. The energy
detector is designed for the detection of the PPM, OOK modulations.

In its basic form, the energy detector consists of a squaring device, an integrator,
a sampler and a decision device. As its name implies, the receiver uses the squaring
device and the integrator to gather the energy of the receiving signal in a certain
interval for the decision. PPM and OOK modulation techniques combined with the
energy detector are typically used for UWB communications. The energy detector
cannot be used for the detection of signals that are sign-based modulated, such as
BPSK. The performance is expected to be worse than correlation based receivers, since
the noise is also squared. The integrator in combination with the sampler is often
known as ’integrate and dump’. The integrator collects the incoming energy and
immediately reset after sampling. The block diagram of the basic energy detector is
shown in Fig. 2.18.

31



2 Fundamentals of Ultrawideband Systems
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Figure 2.18: Block diagram of the energy detector for UWB systems.

To make energy detection for OOK modulated signals, the sampling is typically
performed at the end of every symbol period. The sample value is then used for
the comparison with a threshold at the decision device to determine the transmit
bit. However, the sampling for PPM detection is performed twice within one symbol
period. The decision for PPM modulation is easier to perform since comparing the
signal energy from two different intervals is enough. An example of the OOK (Ts =
4ns) and PPM (Ts = 8ns) modulated input signals with additive noise and the output
signal of the integrate and dump circuit are shown in Fig. 2.19

Determining the optimum threshold for the OOK detection is not straight-forward
because a probability density function (PDF) of the noise at the output of the squar-
ing device is Chi-square distribution. Many factors are needed for the threshold op-
timization. This includes the noise variance, received signal energy, integration in-
terval, synchronization point, and the bandwidth of the receiver [70]. There is no
close-form expression and searches over possible threshold values are needed to find
the optimal threshold. It is suggested in [71,72] that, according to the central limit the-
orem, the Chi-square distribution can be approximated by the Gaussian distribution,
given that the integration period is long enough. The decision threshold according to
the Gaussian approximation method for OOK detection can be calculated as

γGau = MN0 +
ETi

√
MN2

0√
MN2

0 + 2ETi N0 +
√

MN2
0

, (2.14)

where M is half of the degree of freedom, and can be calculated as M = BTi + 0.5,
while B is the bandwidth of the receiver and Ti is the integration time. ETi is the
collected signal energy without noise for Ti integration period when ’1’ is sent. N0
is the noise power spectral density. The Gaussian approximation method is not very
accurate in some situations but it can be calculated easily [71]. From Fig. 2.19, we can
see that the integrator collect some energy from the area where only noise is presence.
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(a)

(b)

Figure 2.19: Comparison between the squaring device input signal and the integrator
output signal for (a) OOK (Ts = 4 ns) (b) PPM (Ts = 8 ns).

Performance of the energy detector can be improved with a proper choice of the inte-
gration interval [72]. The same principle used in the rake receiver can also be applied
to the energy detector as well. The receiver can be constructed by several energy
detectors with small integration interval. The output from these energy detectors are
combined with different weights similar to the rake receiver [70]. The energy detector
can also be used for ranging applications but the accuracy and resolution are as good
as correlation based methods [73].
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2.7.3 Autocorrelation Receiver

Autocorrelation receiver is specifically used for the detection of the TR modulation.
For the transmitted reference modulation technique, two impulses are used for repre-
senting one basic waveform. Only the second impulse carries the information, while
the first impulse is used as a reference signal.

The basic assumption is that the channel does not change during the symbol period.
The detection of TR signals can be done by delaying the reference impulse (which in-
cludes the channel information) to perform correlation with the information impulse.
The delay is TTR as in (2.8). The autocorrelation receiver is designed specifically for
this operation. It consists of an analog delay element, a multiplier, an integrator, a
sampler and a decision device. The block diagram of the autocorrelation receiver is
shown in Fig. 2.20.

∫ Decision 

g(t) 

kTs 

TTR 

Analog delay element 

y(t) yk 
x(k) 
ˆ 

Figure 2.20: Block diagram of the autocorrelation receiver.

The autocorrelation receiver avoid the extra effort for the channel estimation but
the noise and interference are included in the reference signal for the correlation pro-
cess. The performance can be much worse than the correlation based detection when
the SNR is bad or interference is strong. Some variants of autocorrelation receivers
deal with this problem by iteratively smoothen the reference signal [74]. The integra-
tion interval also plays some role regarding the performance, similar to the energy
detector. This issue is studied in [72].
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2.8 Spread Spectrum Techniques in UWB

Spread spectrum techniques have been widely used in communication systems for
the purpose of improvement in performance regarding to narrowband interference
and other users during the last decades [75, 76]. Almost every UWB communication
system in recent time apply some sort of spread spectrum techniques [55]. Several
impulses with spreading code are grouped together to form a transmit symbol basic
waveform. The primary reason for using the spread spectrum techniques in UWB
is to allow multiple access. The most common spread spectrum techniques used in
UWB is direct sequence (DS) and time hopping (TH). Early UWB system designs
usually based on TH-UWB [77, 78] before the DS-UWB systems became increasingly
popular in recent years [79–81].

2.8.1 Direct Sequence - UWB

The direct sequence - UWB (DS-UWB) transmit signal consists of a train of so-called
chips, where the chips are represented by an UWB impulse p(t) follow by an con-
stant time interval, which is typically longer than the duration of the multipath delay
spread Tm of the channel. Many chips (impulses) are grouped together to form a DS
basic waveform. The individual UWB impulses in the basic waveform are weighted
by +1 or -1 according to spreading sequences. The spreading sequences are pseudo-
random and each transmitter (user) is assigned to different sequences. A DS basic
waveform qi(t) for the i-th user can be written as

qi(t) =
N−1

∑
n=0

ci,n p(t− nTc), (2.15)

where p(t) is the UWB impulse and ci,n ∈ {−1, 1} are the spreading sequences with
length N for i-th user. Tc is the period between two UWB impulses or ’chip period’
and Ts = NTc is the symbol period for communications or measurement period for
radar/localization applications. For communications, the basic waveform qi(t) can
be modulated by simply apply the basic modulation techniques in Sec. 2.5.

We first consider DS-UWB for binary transmissions based on the OOK and PPM
modulation, i.e. Ae = {e0(t), e1(t)}. For DS-OOK, transmitting the DS-UWB basic
waveform represents the data ’1’, while not sending anything means ’0’. On the other
hand, the two basic waveforms for the DS-PPM are different by time shifting TPPM.
The transmit signals for DS-OOK and DS-PPM are given as
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sDS−OOK,i(t) =
∞

∑
k=−∞

bkqi(t− kTs), (2.16)

sDS−PPM,i(t) =
∞

∑
k=−∞

qi(t− bkTPPM − kTs), (2.17)

where bk ∈ {0, 1} for DS-OOK and binary DS-PPM. This means the basic waveform
for DS-OOK of the ith user are e0(t) = 0 and e1(t) = qi(t), and the basic waveform
for binary DS-PPM of the i-th user are e0(t) = qi(t) and e1(t) = qi(t− TPPM).

In addition to the amplitude-based and delay-based modulation, there is also a pos-
sibility to use the spreading sequences themselves as means to carry the information.
This modulation technique is called DS-code shift keying (DS-CSK), and the trans-
mit data bits are used for the selection of the spreading sequences of the modulated
transmit waveforms. The transmit signal for DS-CSK can be written as

sDS−CSK,i(t) =
∞

∑
k=−∞

qibk
(t− kTs). (2.18)

The transmit bit bk determine index of the spreading sequences cibk
,n ∈ {−1, 1}

used for the transmissions. For binary transmission, the i-th user is assigned with a
code set Ci = {ci0 , ci1}. At least two spreading sequences are assigned to one user,
and therefore the number of possible supported users can be less than half of DS-OOK
and DS-PPM. This means the basic waveform for DS-CSK of the i-th user are e0(t) =
qi0 (t) and e1(t) = qi1 (t). The basic waveforms for different DS-UWB modulation
techniques are illustrated in Fig. 2.21. For illustration, dirac delta impulse is used as
the impulse shape.

In general, the detection techniques for DS-UWB are the correlation based detec-
tions [79, 80] because squaring device in energy detectors eliminate the uniqueness
of different spreading sequences. Another interesting variant of DS-PPM where im-
pulses in the basic waveform are grouped closer to each other can be found in [81].
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Figure 2.21: Transmit basic waveforms for data bit ’0’ or ’1’ of three basic DS-UWB
transmissions (a) DS-OOK (b) DS-PPM (c) DS-CSK.

2.8.2 Time Hopping - UWB

Time hopping is a spread spectrum technique where spreading sequences are used for
randomizing the duration between impulses in the basic waveform. This approach in
combination with the PPM modulation is considered as the primary approach for the
implementation of UWB communication systems [77, 78]. For TH-PPM, the impulse
position in each chip is randomized by the index given by the spreading sequences,
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and the delay is added for the PPM modulation. The example of TH-PPM basic wave-
forms are shown in Fig. 2.22.

Tc 

Ts 

e0(t) 

e1(t) 

Figure 2.22: UWB transmit basic waveform for data bit ’0’ or ’1’ for TH-PPM.

This approach allows the use of energy detection although it does not have the
advantage of SNR gain because the impulses together with noise are squared before
summing up. All sort of basic modulation, i.e. BPSK, OOK or CSK, can be applied
for TH-UWB. This type of spreading spectrum is not the focus in this thesis and more
details of this concept and performance comparison to DS-UWB can be found in [77,
78, 82–85].

2.9 UWB Systems for Ranging Applications

Apart from communications, UWB systems can be used for ranging applications. The
extreme short duration of transmitted impulse can provide precise accuracy as well
as very fine resolution, since most of the multipath are usually resolvable. Ranging
applications cover both estimating the distance between transmitter/receiver and the
distance of the UWB transceiver to some objects. The estimated distance can be used
for many purposes such as movement tracking, localization and imaging. UWB sig-
nals can also penetrate effectively through different materials (wall, ground).

The emission limits make UWB systems less suitable for estimation of long dis-
tances, i.e. global positioning system (GPS) but they are very good candidates for
future short-range indoor ranging systems. The UWB ranging based systems show
promising results in many areas, e.g. medicine, military, rescue operation, sport and
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entertainment [7–15]. The possibility of implementing less complexity devices with
low power consumption makes them an attractive choice for using in the WBAN
systems. UWB ranging for medical applications have become a main focus for re-
searchers in the last few years. Many kind of applications have been proposed,
e.g. tracking of vital signs (breathing rate, heart rate) [7, 13], imaging for breast tu-
mors [8, 12], localization of interventional devices [10, 11].

There are several techniques for estimating the range and the position. The time-
based, signal strength-based and angle-based are some of them [73]. The most com-
mon method for impulse signals is the time-of-arrival (TOA) based ranging tech-
nique. We consider two types of TOA technique namely one-way TOA and two-way
TOA. Fig. 2.23 show an illustration of the basic principles of radar and localization
with UWB for both one-way and two-way TOA.

Tx /Rx 

Tx /Rx 

Tx /Rx 

Tx /Rx 

Tx /Rx Object 

Object 

Ranging/Tracking (One-Way TOA) Localization/Imaging (One-Way TOA) 

Tx  

Rx 

Rx 

Rx 

Tx 

Rx 

Ranging/Tracking (Two-Way TOA) Localization/Imaging (Two-Way TOA) 

Figure 2.23: Examples of ranging applications for (left) UWB radar and tracking
(right) UWB imaging and localization.

39



2 Fundamentals of Ultrawideband Systems

In the one-way TOA systems, the goal is to find the distance between the transmit-
ter and the receiver. At least one of them can be moving, and the movement tracking
of one another can be achieved by continuously estimate the distance. On the other
hand, the distance from a transceiver to some dynamic or static object is calculated for
the two-way TOA systems. This method is usually used for tracking the movement
of the object. For one-way TOA, the propagation delay τ is used for the calculation of
the distance d = τ · c, where c = 3 · 108m/s is the speed of electromagnetic waves in
space. The distance to the reflected object for the two-way TOA is calculated by d/2.
Several distance estimations with two-way TOA from different directions can be used
for finding the location or the shape of some object. It is possible to find a location of
a small transmitter inside some object (implantable devices) using one-way TOA.

Some of the challenges in time-based ranging are coping with the noise, multipath
components, obstacles, interference and clock drift [73]. The estimation of the TOA
is usually performed by the impulse correlation receiver, since it maximizes the SNR
of the propagation path. The energy detector can also be used for a low complexity
alternative approach but the accuracy and the resolution are expected to be worse [86–
88].

2.9.1 Performance Bounds

To get a general overview of the achievable accuracy of the UWB raging systems, the
common method is to find a performance lower bound. Many performance bounds
have been proposed for different scenarios and assumptions. The bounds are usu-
ally calculated for the impulse correlation receiver, since it maximizes the SNR. The
Cramer Rao bound (CRB) is a well-known and widely used bound for the prediction
of the mean square error (MSE) of unbiased estimators. For both AWGN channel and
multipath propagation channel, the CRB can provide closed-form solutions [73]. This
bound is a function of SNR and the effective bandwidth of the signal. For deriva-
tive Gaussian impulses, the effective bandwidth depends on the derivation order n
and the standard deviation σ. The CRB for ranging estimation of the n-th derivative
Gaussian impulses for the AWGN channel is given as

CRB =
σ2

(2n + 1)SNR
. (2.19)

The CRB for the root mean square errors (RMSE) of the distance estimation for
the 5-th derivative Gaussian impulse with σ = 51 ps in AWGN channel is shown in
Fig. 2.24. The CRB is easy to calculate but it is well-known that the CRB is valid only
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in high SNR region (> 15 dB). The bound is said to be too optimistic in the middle
(0 - 15 dB) and low (< 0 dB) SNR regions because the ambiguity effect is not included
in the calculation. The ambiguity effect is related to the shape of the impulse. As we
can see in Fig. 2.16, the autocorrelation function of the Gaussian impulse consists of a
main peak and two other side-peaks. For High SNR case, the estimation will always
be able to find the main peak. On the other hand, the estimator can pick the entirely
wrong peak for the lower SNR case resulting in large amount of biased errors. This
effect was not considered for the CRB bound calculation, and therefore it is too opti-
mistic in this SNR region. In other words, the CRB only considers ’Local errors’, and
does not take into account the ’Global errors’. It is shown in [73,89] that the Ziv-Zakai
bound (ZZB) [90] can provide more accurate lower bound for the low and medium
SNR regions. To calculate this bound, it is assumed that the propagation delay τ is
randomly distributed in the interval [0,Ta). In summary, the ZZB is calculated by
transforming the estimation problem into a binary detection problem. More details
on the derivations can be found in [73, 89]. The ZZB for the AWGN channel can be
calculated as

ZZB =
1
Ta

Ta∫
0

z(Ta − t)Pmin(t)dt, (2.20)

Pmin(t) = Q

(√
SNR · (1−

ϕpp(t)
Ep

)

)
, (2.21)

where Pmin(t) is the minimum attainable probability of error, Q(.) is the Gaussian
Q-function, ϕpp(t) is the autocorrelation of the UWB impulse and Ep is the impulse
energy. The ZZB for Ta = 10 ns (3 m) Ta = 50 ns (15 m) for the 5-th derivative Gaussian
impulse with σ = 51 ps in AWGN channel are compared with the CRB in Fig. 2.24.

We can see that the CRB is very different to the ZZB in the low SNR region. The
ZZB can provide tighter performance bound compared to the CRB but it is much
more complicated to calculate. There are no close-form expressions for the ZZB and
the calculation has to be done by numerical integrations or Monte Carlo simulations.
More performance bounds for several multipath channels (WPAN and WBAN) can
be found in [73, 91, 92]

41



2 Fundamentals of Ultrawideband Systems

Figure 2.24: The Cramer Rao bound and the Ziv-Zakai bound for the 5-th derivative
Gaussian impulse with σ = 51ps in the AWGN channel.

2.9.2 Sampling of UWB signals

Due to the large bandwidth of the UWB signals, the minimum required sampling
rate is high and impractical. This represents the main challenge in implementing the
correlation based receivers for ranging applications. Many authors consider the less
complex alternative approach using the energy detector [86–88]. In some situations,
the accuracy and the resolution of the energy detector approaches can not match the
demands of the systems. In many cases, the whole knowledge of the channel impulse
response is needed for the estimation of the distance for localization and imaging.
For movement tracking of a target signal (path), the impulse correlation receiver can
be used for the tracking of the slope of the impulse autocorrelation function [27]. A
Delay-Lock-Loop implementation with two impulse correlators is also possible [93].
The main problem for these methods is that finding the initial tracking point is also
complicated for UWB signals. The support range of operation depends on the im-
pulse width which can be very small. More importantly, these methods do not work
when multipath channels are considered.

One of the widely used techniques for acquiring UWB signals is the equivalent-
time sampling, which is the technique employed in the sampling oscilloscope. This
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technique requires a repetitive input signal. The equivalent-time sampling can be
performed with sequential approach or random approach. We consider the sequential
approach since it can provide greater resolution. The basic principle of the sequential
equivalent-time sampling with UWB periodic signals is illustrated in Fig. 2.25.

Equivalent time sampled signal 

Input signal 

Sample once every period 

Figure 2.25: Principle of equivalent-time sampling

The input signal is sampled only once per period, and a small delay is added to the
sampling points after each sample. At the end, the output signal is the combination
of several samples across the target waveform in equivalent-time. The output signal
can be used for signal processing such as correlation-based technique or some more
advance techniques realized with digital signal processing. This approach fits well
with the characteristics of the UWB receive signals even when the channel impulse
response is included. The duration between UWB impulses is typically in the range
of nanoseconds and the channel normally stay unchanged for much longer time, and
therefore the receive signal should be repetitive.

Using a commercial sampling oscilloscope for gathering the UWB signals and trans-
ferring them to other devices for signal processing purposes might be not so fast and
flexible. It is possible to perform the sequential equivalent-time sampling by using
the impulse correlator [27]. Assuming that the train of UWB signals is transmit-
ted with frequency f1, the impulse correlation receiver is triggered with frequency
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f2 = f1 + ∆ f . The frequency offset ∆ f results in accumulated time-shift between
transmit and receive impulses over the periods. This method is called sweeping-
impulse correlation and it uses the UWB impulses as the sampling signal instead of
using a short-duration input impulses (approximating Dirac delta functions). The
illustration of impulse sweeping technique is shown in Fig. 2.26. The SNR is maxi-
mized when the impulse shape at the receiver matched to the incoming impulses. The
drawback of this technique is that the correlation process makes the received signals
broader in time domain, and therefore the achievable resolution is reduced. Other
sampling methods, e.g. frequency-domain sampling and time-interleaved sampling,
can be found in [94].

Input signal 

Correlation 

template 

f1 

f1 + Δf 

Equivalent time  correlation signal 

Figure 2.26: Principle of equivalent-time sampling with the sweeping-impulse
correlator.
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Chapter 3
Transmission with Impulse Radio
Ultrawideband

UWB communication systems are well-known for their potential of achieving high
data rate transmissions while low complexity and low power consumption devices
can be used. In this chapter, we look at the bit error rate (BER) performance of UWB
communication systems with different modulation techniques and receiver struc-
tures. Firstly, the BER results from the basic modulation and detection techniques
introduced in the last chapter are presented and the general challenges and limita-
tions will be addressed. To cope with these problems like multiuser capability, multi-
path propagation, low SNR regime and strong interference, a novel receiver structure
based on a comb filter is proposed. The comb filter based receiver is designed for the
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DS-UWB signals and it can be used for both communications and ranging applica-
tions. All of the basic UWB detection methods can be applied in this receiver concept.
It also allows the energy detector to gain the benefits from the DS-UWB transmissions,
which are not possible with the conventional concept.

3.1 Performance of Basic UWB Receivers

We first look at the BER performance of the UWB binary transmission using the OOK,
PPM and TR modulation techniques from Sec. 2.5. The impulse correlation receiver
and the energy detector are considered for the OOK and PPM detection, while the au-
tocorrelation receiver is used for the detection of the TR signals. The 5-th derivative
of Gaussian impulse signals with σ = 51 ps, as shown in Fig. 2.5, is used. The symbol
period Ts is 4 ns for the OOK modulation, and 8 ns for the PPM and TR modulation.
The AWGN channel is considered and the synchronization is assumed to be perfect.
Multiple access is not yet included. The template waveform for the impulse corre-
lation receiver is matched to the transmit impulse shape. The integration period for
the energy detector and the autocorrelation receiver are 4 ns, which is the whole in-
formation impulse period. The decision threshold for the OOK modulation is half of
the energy per bit Eb for the correlation detection. For the energy detector, the Gaus-
sian approximation method from (2.14) is used for the approximation of the optimal
decision threshold. The decision of the PPM signals is performed by comparing the
energy in two different intervals collected by the impulse correlators or the energy
detectors. Sign decision is used for the TR signal detection with the autocorrelation
receiver. BER curves with respect to Eb/N0 (the energy per bit to noise power spectral
density ratio) for all the settings are shown in Fig. 3.1.

In the perfect synchronisation scenario, the correlation receiver is better than both
the energy detector and the autocorrelation receiver as expected. The BER perfor-
mance from the OOK modulation is slightly better than the PPM modulation when
the energy detector is considered, while the same performance is shown for the corre-
lation receiver. We also see that the BER performance from the PPM detection using
the energy detection is the same as the TR signal detection using the autocorrelation
receiver, although the TR modulation uses only Eb/2 for the transmission of the in-
formation impulse compared to Eb for the PPM modulation. The Euclidean distance
between two symbols in the TR constellation is smaller than the PPM constellation
but the noise term involves the product of two independent processes in the TR de-
tection, i.e. the noise from two different intervals, whereas the quadratic noise terms
n2(t) are considered for the PPM detection with the energy detector. In the following
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Figure 3.1: BER performance of PPM/OOK/TR modulation with different basic re-
ceivers for the AWGN channel.

part, the PPM and OOK modulation will be taken as the basis. The TR modulation
can be neglected since the performance is similar to the PPM modulation, and the en-
ergy detector for the PPM detection is less complex than the autocorrelation receiver
for the TR detection.

As mentioned in Sec. 2.7.2, the performance of the energy detector can be improved
by adjusting an integration interval. The previous BER results cover the whole inte-
gration interval of 4 ns. The duration of the UWB impulse signal considered here is
only about 500 ps, and therefore the energy detector collects only the noise energy
for most of the time. We consider the same settings as in the previous part with the
OOK and PPM transmissions in the AWGN channel. The integration periods for the
energy detector are 1 ns and 4 ns. The decision threshold for the OOK detection is a
function of the integration period and has to be calculated for every setting. The BER
performances with respect to Eb/N0 for the energy detector with different integration
periods are also shown in Fig. 3.2.

The improvement from reducing the integration period can clearly be seen. The
interesting part is that the performance of the OOK modulation tends to be worse for
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Figure 3.2: BER performance of OOK/PPM modulation with the energy detectors for
different integration period.

the small integration period at high Eb/N0. The threshold calculated with the Gaus-
sian approximation method is known to be inaccurate when the degree of freedom
is low [72]. Determining the optimal integration interval is not a simple task because
more knowledge about the channel is required. For simplicity, we consider only the
full integration period with the common knowledge that the results can be improved
if more complex algorithms are implemented.

For OOK signals, the decision threshold is always needed for the energy detector
to determine the information bits. There is no close-form expression to calculate the
optimal threshold, and therefore the Gaussian approximation method is usually con-
sidered in practice. We have seen from the previous results that this method can be
inaccurate in some situations. In this part, we consider the BER performance from
different threshold levels based on the Gaussian approximation threshold γGau. The
AWGN channel is considered and the integration period is 4 ns. The BER perfor-
mances of the OOK detection from different threshold levels are shown in Fig. 3.3.

It is clear that the BER performance become worse when the threshold is lower than
γGau. Interestingly, the Gaussian approximation method seems to underestimate the
threshold value in the high SNR region, and the BER performance can be improved
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Figure 3.3: BER performance of OOK modulation with the energy detector for differ-
ent level of decision thresholds.

by increasing the threshold in this situation. The threshold calculation is the main
drawback for the detection of the OOK signals with the energy detector. It can become
even more complicated when multiuser and narrowband interference are included
into consideration, and therefore the PPM modulation is preferred in many situations.

We have seen that the correlation detection performs better than the energy detec-
tor in the perfect scenario. The main challenge in the implementation of this type of
receiver is the synchronization. The UWB impulse signals and their autocorrelation
function have extremely short time duration, and therefore the synchronization has to
be very precise. We now look at the BER performance of the UWB receivers when the
synchronization is not perfect. Different levels of synchronization inaccuracy (perfect,
±20 ps, and ±40 ps) in the AWGN channel are considered. The errors in the synchro-
nization inaccuracy are uniformly distributed. The 5-th derivative Gaussian impulse
with σ = 51 ps is considered and its autocorrelation function can be seen in Fig. 2.16. It
can be seen that mistiming by 35 ps could result in missing all of the impulse energy.
The BER performance for different synchronization levels can be seen in Fig. 3.4. An-
other issue investigated here is the multipath propagation channel. As discussed in
Sec. 2.7.1, the channel impulse response has to be included for the optimal detection
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of the UWB signal with the correlation methods. We look at the performance loss
in the case where the impulse correlation receiver is used on the multipath propaga-
tion channel. The multipath delay spread is less than 4 ns, and it is assumed that the
impulse correlator is locked to the strongest multipath component. The BER perfor-
mances for the impulse correlation receiver and the energy detector in the multipath
propagation channel are shown in Fig. 3.4.

Figure 3.4: BER performance of OOK/PPM modulation for the AWGN channel
with different synchronization levels and for the multipath propagation
channel.

The performance of the correlation receiver suffers from the synchronization un-
certainty and the multipath propagation, while no changes in the performance occur
in the energy detector. The degradation is higher in the OOK detection compared to
the PPM detection because the decision threshold has to be adjusted according to the
mean of the received symbol energy. We can conclude that the result from the energy
detection is not affected by the channel if the integration interval is greater than the
duration of the channel impulse response. Moreover, the synchronization accuracy is
much more relaxed compared to the correlation detection.
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3.2 Comb Filter Based System Concept for UWB Transmissions

The BER performances from the last section show that the energy detector can be
much more robust in the multipath propagation channel and against the synchro-
nization inaccuracy in comparison to the correlation detection. The drawbacks of the
energy detector are the performance in the low SNR regime, the low multiple access
capability, and its weak resistance against narrowband interference. In applications
where the attenuation and the interference are strong, it is important to find a way
to improve the SNR of the received signals. Increasing the transmit power is not
an option because the emission power of the UWB signals is limited by the spectral
masks. Typically, the spread spectrum techniques are adopted for coping with these
problems. The energy detector can support multiple access when the TH-UWB is
considered but the SNR gain is not achieved. The key idea in achieving the SNR gain
is the coherent combination of the incoming impulses, but this process is not per-
formed if the energy detector is used directly. The issue with the strong narrowband
interference is also unsolved in the TH-UWB case.

We propose a comb filter based receiver for the DS-UWB detection. This receiver
structure allows the use of the energy detector in the multiple access scenarios with
the DS-UWB modulated signals. It gives the energy detector access to the SNR gain
and is also able to suppress narrowband interference without any explicit modifica-
tion.

The comb filter receiver can also be used for ranging. This aspect will be discussed
in more detail in Chapter 4. In the following sections, the basic concept and more
details on the receiver structure as well as the BER performance will be addressed.

3.2.1 Basic Concept of Comb Filter

The comb filter is a feedback loop with an analog delay element, and it can be con-
sidered as a high-gain resonant circuit for wide band signals. We first consider ideal
components where there is no attenuation or distortion (frequency dependent) in the
analog delay element. The ideal loop gain Gc of the comb filter is one. The period
of the incoming impulses should be matched to the analog delay element. The comb
filter is designed to sum up the signals with a period being the same as the analog
delay time and other signals that do not have the same period as the comb filter are
suppressed. After some periods, the last impulse period at the output is used for fur-
ther process. The SNR of the comb filter output signal can be significantly improved,
since the signal power grows quadratically, while the noise power grows only linearly
with the number of summed up operation. The comb filter shall be reset after the last
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impulse period to avoid instability (oscillation). The block diagram of the comb filter
and the illustration of the comb filter accumulation process is shown in Fig. 3.5. The
comb filter is reset after 4 iterations in this example.

Tp 

UWB impulse 

 

Comb filter 

Tp 

Noises 

Only the last period is used for 

further processing 

 

Improved SNR 
Reset 

Figure 3.5: Basic principle of the comb filter.

In Fig. 3.6, an example of the UWB input and output signals of the comb filter with-
out resetting are shown. The input signal is a train of UWB impulse with the period
of 4 ns. The SNR of the input signal is -6 dB, and we can see that the UWB impulses
cannot be distinguished from the noise. The SNR is measured in the bandwidth of the
UWB signal for the impulse period. The SNR improvement in the comb filter output
signal can be seen clearly as the impulses become visible after few iterations.

Given that N is the number of iterations, the UWB signal is algebraically summed
up, and therefore the signal energy is increased by a factor of N2. On the other hand,
the noise contributions in each period are added in power, and therefore the noise
energy at the output is increased only by a factor of N. The comb filter SNR gain Gp
(SNR improvement) can be calculated as

Gp = 10 · log10(N) [dB]. (3.1)

The values of Gc shall not be larger than one in practical systems, because then the
comb filter become unstable and an oscillation occurs. Gc is designed to be one but,
for real components, an attenuation in the comb filter loop is possible. If Gc is less
than one, the signals are attenuated and can be vanished after a few iterations in the
comb filter. For example, the weighting factor from going through the comb filter
with Gc = 0.8 for 10 times is 0.1. Using the same input signal from Fig. 3.6, the output
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Figure 3.6: Comparison between the UWB input signal (upper) and the UWB output
signal (lower) of the comb filter for Gc=1 without resetting.

signal from the comb filter with Gc = 0.8 is shown in Fig. 3.7.

Figure 3.7: The UWB output signal of the comb filter with Gc=0.8.

We can see that the output signal becomes saturated after some iterations because
only the contribution from the recent impulses are included. The achievable comb
filter SNR gain Gp in this case is obviously smaller than 10 log10(N)dB. The comb
filter SNR gain Gp can be calculated as a function of the gain Gc of the comb filter and
the number of iterations N as
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Gp = 10 · log10


(

∑N−1
n=0 Gn

c

)2

∑N−1
n=0 G2n

c

 [dB]. (3.2)

The relationship between Gp, Gc and N are shown in Fig. 3.8.

Figure 3.8: Relationship between the SNR gain Gp, the comb filter loop gain Gc, and
the number of iterations N.

The number of iterations shall be limited, if there is a known loss in the comb fil-
ter loop. Because the SNR improvement cannot be increased after some iterations.
We can also see that the comb filter loop gain has to be controlled more precisely if
a higher number of iteration is considered. The other challenges for the practical im-
plementation of the comb filter such as time jitter in transmit impulses and the effect
of the group delay variation of the analog delay element can be found in [16, 18].

3.2.2 Comb Filter Receiver Structure

The comb filter will be used as the basis for our proposed receiver structure for DS-
UWB detection. The DS-UWB symbol waveform consists of impulses with constant
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impulse period weighted by the spreading sequence. The combination of the UWB
impulse p(t) and the period between two impulses is depicted as a ’chip’. The ba-
sic assumptions are that the channel is time invariant within the symbol period Ts
and the chip period Tc is longer than the multipath delay spread to prevent inter-
chip/intersymbol interference (ICI/ISI). The received signal g(t) consists of a cor-
responding number of the convolution between the channel impulse response h(t)
and the UWB impulses p(t) with the weighting factor according to the spreading se-
quence. The convolution result, hp(t) = h(t) ∗ p(t), is also known as the effective
channel impulse response. In order to use the comb filter for the DS-UWB detection,
a multiplier has to be placed in front of the comb filter to ’despread’ the incoming
signal. We first look at the relationship between the input signal of the multiplier
and the output signal of the comb filter. The incoming signal is multiplied with a
spreading sequence waveform d(t) (i.e. a train of rectangular waveforms weighted
by spreading sequence). If the spreading sequences of the incoming signal and the
spreading sequence waveform are the same, the output of the multiplier u(t) is a pe-
riodically repeated effective channel impulse responses with period Tc. The signal is
then summed up at the comb filter and only the last chip period v(t) of the output
signal is taken for further signal processing. v(t) is expected to be the effective chan-
nel impulse response amplified by the number of chip per symbol N. The process
of the spreading sequence waveform multiplication and the comb filter accumulation
are illustrated in Fig. 3.9.

Spreading sequence 
Delay element 

1       1       1       1 

Tc  1    -1   -1     1 

Tc 

1      -1        -1      1 

Effective channel 

impulse response 

 

The last period is used for 

further processing 

 

u(t) g(t) 
v(t) 

Figure 3.9: Illustration of the signals at the multiplier and the comb filter.
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The comb filter based receiver consists of an antenna, a low noise amplifier (LNA),
the multiplier, the comb filter, the energy detector for communications and the im-
pulse correlator for radar/localization applications. The receiver structure and the
overview of the communication systems are illustrated in Fig. 3.10. In general there
are many transmitters with different corresponding spreading sequences, and the se-
quences are selected such that the mutual cross-correlation values are as small as
possible. This guarantees that many transmitters can be used at the same time in the
same area, e.g. several implants for digital transmission. The signals from all trans-
mitters are assumed to be transmitted in parallel with synchronization in a certain
time window. The spreading sequence waveform fed to the multiplier at the receiver
is matched to the target user. Interference from different UWB transmitters and other
systems are eliminated at the comb filter.

Interference are 

eliminated here 

Spreading 

sequence 
Comb filter 

Tc 

Energy 

Detector 

Ranging applications                 

(Radar, Imaging,      

Localization) 

Delay element 

(reset every symbol) 

Tx1 

Ts 

Tx2 

Tx3 

Txn 

Other interference 

Multiuser interference 

Rx1 

Target user 

Correlation 

receiver 

Communications 

LNA 

u(t) g(t) v(t) 

Figure 3.10: Block diagram of the comb filter based receiver and the overview of the
UWB transmission system.

We now look at the signals at the comb filter receiver in more details. Assuming no
ICI/ISI, the signal can be analyzed separately on a symbol basis. For simplicity, we
can consider the unmodulated DS-UWB as the transmitted signal and also neglect the
additive noise at the receiver. The data modulation such as OOK or PPM can be easily
included at the end, and the noise can be considered separately. The transmitted
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signal for the i-th user for one symbol is given as

si(t) =
N−1

∑
n=0

ci,n p(t− nTc), (3.3)

where p(t) is the UWB impulse and ci,n is the spreading sequence assigned for the
i-th user. N is the number of chip per symbol. The received signal from the i-th user
without the additive noise can be written as

gi(t) =
N−1

∑
n=0

ci,nhp(t− nTc), (3.4)

where hp(t) = p(t) ∗ h(t) is the effective channel impulse response. gi(t) is then mul-
tiplied with the spreading sequence waveform dj(t), which is a train of rectangular
waveforms weighted by the spreading sequence cj,n. The spreading sequence wave-
form dj(t) is given as

dj(t) =
N−1

∑
n=0

cj,nrect
(

t− nTc − (Tc/2)
Tc

)
. (3.5)

The multiplier output signal/comb filter input signal can be expressed as

uij(t) = gi(t) · dj(t)

=
N−1

∑
n=0

ci,ncj,nhp(t− nTc) · rect
(

t− nTc − (Tc/2)
Tc

)

=
N−1

∑
n=0

ci,ncj,nhp(t− nTc).

(3.6)

The comb filter input signal consists of the ’remodulated’ effective channel impulse
responses. These waveforms are feedback delayed and iteratively summed up at
the comb filter. Each of the comb filter output chip interval is the summation of the
current incoming chip with all the previous chips. Therefore the last chip period of
the comb filter output signal is the sum of all the chip intervals of the input signal,
and it can be written as

vij(t) =
N−1

∑
n=0

ci,ncj,nhp(t), (3.7)
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where vij(t) is the last chip period at the output of the comb filter, and ci,n and cj,n
are the spreading sequences of the transmitter and the receiver. By representing the
signals in a block of chip interval, the comb filter accumulation process is illustrated
in Fig. 3.11.

ci,0 cj,0 hp(t) ci,1 cj,1 hp(t) ci,2 cj,2 hp(t) ci,3 cj,3 hp(t) 

ci,1 cj,1 hp(t) 

ci,2 cj,2 hp(t) 

ci,0 cj,0 hp(t) 

ci,3 cj,3 hp(t) 
ci,1 cj,1 hp(t) ci,2 cj,2 hp(t) 

ci,0 cj,0 hp(t) 

0 Tc 2Tc 3Tc 4Tc 

ui j(t) = 

v ij(t) = 

Sum 

Figure 3.11: Illustration of the comb filter accumulation process.

For the comb filter with matched sequence (i=j), the comb filter output results
vii(t) = ∑N−1

n=0 ci,nci,nhp(t) = Nhp(t). We can see that vii(t) is a result from the co-
herent combination of the incoming effective channel impulse responses hp(t), and
therefore the energy increased N2 times. For the noise which is uncorrelated, the
multiplication does not change the result. The summation of uncorrelated noise still
result in N times increased in the noise power. The basic modulation of the DS-OOK
and DS-PPM can be simply added to the vij(t) because the amplitude deviation or
time-shift occurs within the chip period when no ICI/ISI is considered. It has to be
noted that the comb filter itself is a linear time-invariant system but the windowing of
the last chip period from the output signal make the whole process a time-variant sys-
tem. The channel impulse response is available at the output of the comb filter and all
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of the basic receiver principles can be used here. The important thing is that the SNR
gain from the spread spectrum technique is already achieved at this point. Therefore
the energy detector can get access to this benefit unlike the conventional approaches.
Assuming that the channel impulse response remains unchanged within the symbol
period, the correlation detection with the effective channel impulse response hp(t) as
the template waveform would result in the optimal detection similar to the conven-
tional channel matched filter receiver approach. This comparison will be discussed
in more details in Sec. 3.2.3. The suppression of the multiuser and the narrowband
interference occurs at the comb filter and will be addressed in the following sections.

Multiuser Interference Suppression

The multiplier and the comb filter are the crucial parts for the multiuser interference
(MUI) suppression. As shown in Fig. 3.9, the output of the multiplier is a periodical
repeat of the effective channel impulse response hp(t) when the transmit and receive
sequences are matched. If they are not the same, the weighting factors of the hp(t) are
the scrambled version between two sequences as in (3.6). After the comb filter, hp(t)
is weighted by the cross-correlation value between the two sequences ∑N−1

n=0 ci,ncj,n, as
shown in (3.7). The illustration of the multiplication and the comb filter accumulation
of the two received signals with orthogonal sequences is shown in Fig. 3.12.

1   -1   1   -1 

Spreading sequence for User i 

Tc 

Comb filter 
Scrambled version 

between 2 sequences 

No interference 

from user j 

User i 

User j 

g i(t) u ii(t) 

g j(t) u ij(t) 

vii(t) 

vij(t) 

Figure 3.12: Illustration of the multiuser interference suppression at the comb filter.

The spreading sequence set has to be properly chosen in order to have low cross-
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correlation value. The first spreading sequence set we consider is the maximum-
length sequence (m-sequence). The m-sequences are widely considered in practice
because they have an overall low cross-correlation and are very simple to generate.
The m-sequences are generated by linear feedback shift registers of length m, and
the sequence of length N is determined by N = 2m − 1, where m is positive integer.
The periodic autocorrelation function φci ,ci (k) of the m-sequences has the following
characteristic:

φcici (k) =
N−1

∑
n=0

ci,nci,n−k =

{
N for k = 0,

−1 else.
(3.8)

The other member cj in the m-sequence set can be generated by shifting the original
sequence ci cyclically. The cross-correlation function of the m-sequence has value -1
except at one particular shift that make the two sequences identical. The periodic
autocorrelation and cross-correlation function of the m-sequences are illustrated in
Fig. 3.13. It has to be noted that the index n of the spreading sequence belongs to a
cyclic group of modulo N, e.g. ci,N = ci,0 and ci,−1 = ci,N−1.

Alternatively, binary zero-correlation-zone (ZCZ) sequence [95] can also be consid-
ered. Unlike m-sequences, these sequences have a cross-correlation of zero within a
small window but the drawback is a smaller number of sequences in one set. Given
a ZCZ sequence set with family size Ns, each sequence is of length N, and Z is the
maximum shift. The sequences have the following characteristic:

φcicj (k) =
N−1

∑
n=0

ci,ncj,n−k =


N for k = 0, i = j,
0 for k = 0, i , j,
0 for 0 < |k| 6 Z.

(3.9)

For binary ZCZ sequences, the relationship between the family size Ns, the se-
quence length N and the maximum zero shift Z is given as N = 2Ns · Z. This means
that we have to make a compromise between these parameters. The bigger the size of
the zero correlation zone the smaller the family size. Example of periodic autocorre-
lation and cross-correlation function of the ZCZ sequence set with N = 128, Z = 4 are
illustrated in Fig. 3.13. The main advantage of using the ZCZ sequence set is that the
transmit waveforms are orthogonal and the MUI can be completely eliminated at the
comb filter, while the drawback is the limited number of supportable users due to the
small family size. Of course, if low interference can be tolerated, low correlation zone
(LCZ) sequences could be used as well [96], with the result of increasing the number
of supportable users.
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(a) (b)

Figure 3.13: Autocorrelation and cross-correlation of the sequence set for (a) m-
sequence (N=127) (b) ZCZ sequence (N=128, Z=4).

Narrowband Interference Suppression

Since UWB signals cover very large bandwidth, strong interference within the band
is possible and can cause problems at the receiver. Without additional effort, the
comb filter in combination with the spreading sequence waveform multiplication can
suppress narrowband interference very well. The comb filter transfer function H( f )
is given as follows:

H( f ) =
∞

∑
k=−∞

Ts · sinc
[ ( f − k

Tc
)

1
Ts

]
· e(−jπ f Ts). (3.10)

We can see that the transfer function of the comb filter consists of several peaks.
The peaks could be seen as tunnels that allow only signals with specific frequencies
to pass. Only a periodic signal that has a period which equals to one or multiples of
the comb filter delay can go through the comb filter without distortion. Of course,
the comb filter alone is weak against any interference that fall directly in those peaks.
The inclusion of the multiplier in front of the comb filter improves this aspect. After
the multiplication with the spreading sequence waveform, the spectrum of the UWB
signal has a shape matched to the transfer function of the comb filter (signal with
period Tc). On the other hand, the narrowband interferer is spread by this multipli-
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cation and only some frequency components could go through the comb filter. The
width of each peak depends on the number of chips per symbol N. It gets smaller
as the number of summation steps in the comb filter increases and as a result more
interference is suppressed. After the summation, the process of taking only the last
chip period, which is a multiplication with a time-shifted rectangular waveform with
duration Tc, smoothen the UWB spectrum. The narrowband interference suppres-
sion process from the input of the multiplier to the output of the comb filter in the
frequency domain is illustrated in Fig. 3.14.

Multiplier Comb filter 

H(f) 

H(f) 
UWB signal 

Narrowband signal 

f 
f 

f 

f 

f 
f f 

G(f) U(f) V(f) 

Take only last 
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f 

f 

Figure 3.14: Illustration of the narrowband suppression in the comb filter.

The improvement of the signal-to-interference ratio (SIR) of the UWB signal is
demonstrated in Fig. 3.15. The signals at the input of the multiplier are the UWB sig-
nal and a narrowband interference, which is the IEEE 802.11a OFDM WLAN signal
with a bandwidth of 16.66 MHz and a center frequency of 5.2 GHz. In this example,
the input SIR of -15 dB is improved by 10 dB for N = 63. We can see that the inter-
ference was suppressed very well and only some residual frequency left at the comb
filter output.

3.2.3 Comparison to Conventional Correlation Detection

The comb filter is designed to perform the coherent combination which is the crucial
part of the conventional correlation detection. The correlations in the conventional
DS-UWB detection method are performed on symbol basis. The optimum detection
with respect to the additive noise can be achieved by the channel matched filter re-
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Figure 3.15: Example of the UWB input signal with narrowband interference (upper)
and the comb filter output signal (lower).

ceiver as mentioned in Sec 2.7.1. The template waveform for the correlation process
of the channel matched filter receiver is given as

wj(t) =
N−1

∑
n=0

cj,nht(t− nTc), (3.11)

where wj(t) is the template waveform with cj,n as the spreading sequence, and ht(t)
is the estimated channel impulse response or the template chip waveform. If the
channel estimation is perfect and the transmit/receive sequence matched, we have
ht(t) = hp(t) and cj,n=ci,n. Assuming perfect synchronization, the output of the chan-
nel matched filter receiver can be expressed as the scalar product of the incoming
signal and the template waveform, which can be written as

yij = (gi(t), wj(t))

= (
N−1

∑
n=0

ci,nhp(t− nTc),
N−1

∑
n=0

cj,nht(t− nTc)).
(3.12)

The scalar product operation can be expressed in the integration form, and (3.12) can
be rewritten as
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yij =

∞∫
−∞

N−1

∑
n=0

ci,ncj,nhp(t− nTc)ht(t− nTc)dt. (3.13)

Since the channel remain unchanged during the symbol period, it is obvious that
the scalar product term

∫ ∞
−∞ hp(t − nTc)ht(t − nTc)dt give the same result for n =

[0, 1, 2, ..., N − 1]. Therefore this term can be represented by
∫ ∞
−∞ hp(t)ht(t)dt, and

(3.13) can be rewritten as

yij =

∞∫
−∞

N−1

∑
n=0

ci,ncj,nhp(t)ht(t)dt

= (
N−1

∑
n=0

ci,ncj,nhp(t), ht(t)).

(3.14)

The first term of the scalar product in (3.14) is the output of the comb filter vij(t)
as shown in (3.7). Therefore we can conclude that the correlation process between
the template chip waveform and the comb filter output signal is equivalent to the
conventional correlation detection method. This relation is illustrated in Fig. 3.16.

3.2.4 Bit Error Rate Performance of Comb Filter Receiver

The SNR gain from the comb filter coherent combination can be demonstrated by
the improvement in BER performance with respect to SNR. The modulation tech-
niques considered here are OOK (N = 1), PPM (N = 1), DS-OOK (N = 63) and DS-PPM
(N = 63) with m-sequence. The impulse correlation receiver and the energy detector
are considered after the comb filter. The AWGN channel is used and the synchroniza-
tion is assumed to be perfect. With the assumption of no ICI/ISI, the results from
the AWGN channel is sufficient, since the BER performance from the energy detec-
tor remains unchanged under multipath propagation channels as shown in Fig. 3.4.
The analog delay element in the comb filter is ideal, i.e. Gc = 1 and no group delay
variation. The chip period Tc is 4 ns for DS-OOK and 8 ns for DS-PPM, and the sym-
bol period Ts is NTc. The decision threshold of the energy detector for the OOK and
DS-OOK are calculated using the Gaussian approximation method. Only one user is
considered and no narrowband interference is presented. The BER performance with
respect to SNR for DS-PPM and DS-OOK with N = 1 and N = 63 using m-sequence are
shown in Fig. 3.17.
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Figure 3.16: Comparison between the conventional method for the DS-PPM signal
detection and the comb filter based method.

The SNR improvement of 10log(63) = 18dB, as calculated in (3.1), can be clearly
seen from the BER performance. We can see that the SNR gain is achievable for the
energy detector in the same way as the correlation detection. This is not possible with
the conventional energy detection method. It has to be noted that using several chips
per symbol gives a performance gain with respect to SNR but not to Eb/N0 due to the
difference in the data rate. For UWB transmissions, the SNR cannot be improved by
increasing the transmit power because of the spectral mask limitation. In general, a
trade-off between the data rate and the SNR improvement at the receiving side has to
be made.

we now look at the BER performance under the influence of a strong narrowband
interference. The simulations in this section consider AWGN channels with and with-
out additional narrowband interferer. The narrowband interferer is the WLAN signal
and has the same setting as in Fig. 3.14 with an average SIR of -15 dB at the input
of the comb filter. The number of chips per symbol N is 3, 15, and 63 for both DS-
OOK and DS-PPM. Only the energy detector is considered after the comb filter. The
receiver for DS-PPM does not require any extra modification for the inclusion of the
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Figure 3.17: BER performance of OOK/PPM modulation (N=1) and DS-OOK/DS-
PPM modulation (N=63) for the comb filter based receiver with the im-
pulse correlator (Cor.) and the energy detection (ED).

strong narrowband interference. However, the decision threshold calculation for the
DS-OOK method becomes more difficult. The mean of the interferer energy at the
output of the comb filter has to be estimated and included in the calculation. The BER
performance of the DS-PPM and DS-OOK with N = 3, 15, 63 under the influence of
narrowband interference (SIR = -15 dB) are shown in Fig. 3.18. The BER performance
for N = 1 without the narrowband interference are also included as the benchmarks.

The BER performance for both methods is improved with increasing number of
chips per symbol. The degradation of the performance due to the narrowband in-
terference for DS-PPM is much less than that for DS-OOK. As we can see from the
Fig. 3.14, the residual frequency left over is sinusoidal. The narrowband interferer
gives a contribution to both integrator outputs for DS-PPM, and because the outputs
are compared, the influence is reduced. For the DS-OOK the influence remains.

Now we look at the influence of the spreading sequence choice for the multiple
access. As shown in Fig. 3.13, the m-sequence is not orthogonal but easy to generate,
while ZCZ sequence is an orthogonal sequence set but potentially support less num-
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Figure 3.18: BER performance of DS-OOK/DS-PPM modulation (N = 3, 15, 63) for
the AWGN channel with strong narrowband interference (SIR = -15dB).

ber of users. The BER performance of the DS-PPM with eight users are considered.
The sequence considered is the m-sequence N = 127 and ZCZ sequence N = 128, Z = 4.
The channel is AWGN channel and the users are synchronized. To simulate a near-far
scenario, the average received power of the wanted user signal compared to each of
other users (near-far ratio) is 0 dB and -10 dB for the m-sequence and -10 dB for the
ZCZ sequence. The BER performance for all the settings are shown in Fig. 3.19.

The BER performance from the m-sequence is worse than the ZCZ sequence, be-
cause the interference are not completely eliminated due to the imperfect correlation
property. The performances from the ZCZ sequence remain the same even with many
users transmit in parallel. We could also see that the difference in the received signal
strength does not affect the performance in case the ZCZ sequence is used, whereas
the m-sequence could suffer from this.
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Figure 3.19: BER performance of DS-PPM modulation for the AWGN channel with
eight users in parallel. The ratio between the target user and each of the
other users (near-far ratio) are 0 dB, -10 dB for the m-sequence case and
-10 dB for the ZCZ sequence case.

3.3 Shortened Delay Comb Filter Receiver Structure

3.3.1 Problem Statement

The assumption we have so far is that the chip period Tc is sufficiently longer than
the multipath delay spread of the channel Tm, i.e. Tc > Tm for DS-OOK and Tc

2 > Tm
for DS-PPM. The main challenge for implementing the comb filter based receiver is to
realize the wideband analog delay element. The longer the delay, the more difficult
is its realization. The attenuation in the comb filter loop as well as the group delay
variation have to be controlled. Shortening the delay means that the assumption from
above does not hold any more. The chip period is shorter and overlapping of the
channel impulse responses occurs at the receiver. An example of such a situation is
illustrated in Fig. 3.20. In this example, we look at the two possible received signals of
the DS-PPM modulated signal. The duration of the two-path channel is longer than
half of the chip period. For illustration, dirac delta impulse is used as the impulse
shape.
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Figure 3.20: Illustration of the interchip interference after the comb filter when the
channel impulse response is too long. The transmitted signal is DS-PPM,
and the duration of the two-path channel is longer than half of the chip
period.

The influence from the interchip interference in the output signals after the comb
filter is obvious. The DS-PPM transmission is designed such that the signal after the
comb filter exists only either in the first part (’0’ is sent) or in the second part (’1’ is
sent). Because of the overlapping, the signal can be spread over the two intervals.
Not only the energy collected in the intended interval is reduced but the energy from
the other interval is also increased, and this disturbs the detection process. The BER
performance of the DS-PPM can be severely degraded because of this. In this section,
we present a novel concept for the comb filter based UWB receiver. The delay of the

69



3 Transmission with Impulse Radio Ultrawideband

analog delay element can be shortened while the performance remains.

3.3.2 Signal Analysis

An extension of the DS-CSK modulation (see Sec. 2.8) is considered here. The basic
concept of the DS-CSK modulation is to use the spreading sequences as means for the
transmission of data bits. In addition to the basic DS-CSK principle, some impulses
are added at the beginning of each transmit symbol as a cyclic prefix similar to OFDM
transmission. The purpose of the cyclic prefix is to have a predictable intersymbol
interference, and the number of cyclic prefix impulses depends on the length of the
channel impulse response. Assuming that the channel impulse response is limited
to a number M of chip intervals Tc, the number of the cyclic prefix impulses would
be M − 1. The cyclic prefix impulses are weighted by the cyclic shifted spreading
sequence. The transmitted signal si(t) of the extended DS-CSK for the i-th user with
the spreading sequence ci,n can be written as

si(t) =

p(t) ∗

 N−1

∑
n=−(M−1)

cibk
,nδ(t− nTc)

 ∗( ∞

∑
k=−∞

δ(t− kTs)

)
, (3.15)

where p(t) is the UWB impulse used at the transmit side, δ(t) is a dirac delta impulse,
and ’∗’ means convolution. Ts is the symbol interval, and Tc is the ’chip’ interval. It
has to be noted again that the index n of the spreading sequence belongs to a cyclic
group of modulo N, e.g. cibk

,N = cibk
,0 and cibk

,−1 = cibk
,N−1. The extended DS-

CSK symbol waveform consists of M + N − 1 impulses in which the first (M − 1)
impulses are the cyclic prefix impulses and N impulses are used for transmitting the
information, and therefore Ts = (M + N − 1) · Tc. The sum at the right hand side of
(3.15) describes an infinite transmission of DS-CSK waveforms. For binary transmis-
sion, each user is assigned with a code set Ci = [ci0 , ci1 ]. Different users use different
pairs of sequences for their binary transmissions. Illustration of the transmit symbol
for the extended DS-CSK modulation with N = 4, M = 3, ci0 = [1, 1,−1,−1], and
ci1 = [1,−1,−1, 1] is shown in Fig. 3.21. It has to be noted that these parameters
are chosen for illustration purposes, and N � M is usually considered in practical
situations.

The basic comb filter based receiver for the DS-CSK modulation is shown in Fig. 3.22.
It consists of two parallel comb filters with despreading (multiplication) followed by
the energy detectors. The multipliers are fed with different spreading sequences. The
energies from the two branches are then compared for the decision of the transmitted
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Figure 3.21: Illustration of the transmit symbol for the DS-CSK modulation with the
cyclic prefix for N = 4 and M = 3.

information bits. The advantage of this modulation technique is that no threshold
calculation is required at the receiver.

We now look at the signals at the comb filter receiver in more detail. For simplic-
ity, we assume perfect synchronization between the transmitter and the receiver. We
look at one transmit symbol only, and therefore the index for the spreading sequence
is i. The channel is assumed to be time invariant within the symbol interval. With
the cyclic prefix being long enough, we can consider each transmitted symbol inde-
pendently and we can use the periodic or cyclic convolution property similarly as in
OFDM. After cutting out the cyclic prefix in the received signal the following results

gi(t) = hp(t) ∗cyc

[
N−1

∑
n=0

ci,nδ(t− nTc)

]
, (3.16)

where hp(t) is the effective channel impulse response, which is the convolution be-
tween the transmit impulse p(t) and the channel impulse response h(t). ’∗cyc’ means
a cyclic convolution. If the effective channel impulse response is too long (M > 1),
the resulting interchip interference is included in (3.16).
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Figure 3.22: Comb filter based receiver with the energy detectors for the DS-CSK
modulation.

To get a clear view of the received signal, it is better to represent the effective chan-
nel impulse response in a ’chip-based’ form, i.e. dividing it into Tc intervals. The
effective channel impulse response hp(t) is of length MTc and it can be represented
in the chip-based form as

hp(t) =
M−1

∑
m=0

hp(t) · rect
(

t−mTc − (Tc/2)
Tc

)
(3.17)

=
M−1

∑
m=0

ĥ(m)
p (t−mTc). (3.18)

where,

• h(m)
p (t) is the effective channel impulse response hp(t) in the [mTc, (m + 1)Tc]

interval. It can also be written as

h(m)
p (t) = hp(t) · rect

(
t−mTc − (Tc/2)

Tc

)
. (3.19)

• ĥ(m)
p (t) is the time-shifted version of the h(m)

p (t). This function has non-zero
value only for the [0, Tc] interval. It can be expressed as

ĥ(m)
p (t) = h(m)

p (t + mTc). (3.20)

The relation ship between h(m)
p (t), ĥ(m)

p (t) and hp(t) is illustrated in Fig. 3.23.
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Figure 3.23: Illustration of the relation between hp(t), h(m)
p (t) and ĥ(m)

p (t).

Using this chip-based approach, it can be proved, (see Appendix A.), that the re-
ceived signal gi(t) in (3.16) can be rewritten as

gi(t) =
N−1

∑
n=0

M−1

∑
m=0

ci,n−m ĥ(m)
p (t− nTc). (3.21)

Similar to the basic comb filter receiver concept, gi(t) is then multiplied with the
spreading sequence waveform dj(t) from (3.5). The spreading sequence used in the
receiver is assumed for now cj,n. The output of the multiplier can be expressed as

uij(t) = gi(t) · dj(t) =
N−1

∑
n=0

M−1

∑
m=0

ci,n−mcj,n ĥ(m)
p (t− nTc). (3.22)

As we can see from (3.22), the comb filter input signal uij(t) in each chip interval Tc
is the overlay of M signal parts. As an example, we look at the time interval [Tc, 2Tc]

of uij(t) with M = 3. The signal in this interval is ci,1cj,1ĥ(0)p (t− Tc) + ci,0cj,1ĥ(1)p (t−
Tc) + ci,N−1cj,1ĥ(2)p (t− Tc). The first term is the intended signal that was sent in this
period and the second and third term are the interchip interference from the previ-
ous chips. It has to be noted that the last term is the result from the cyclic prefix. If
the cyclic prefix is not included in the transmitted signal, this term would be the re-
sult from the intersymbol interference, and therefore would be unpredictable. At the
comb filter, the chips are then delayed and iteratively summed up. The last chip pe-
riod of the output signal is chosen for further processing similar to the basic concept.
The comb filter accumulation process for N = 4, M = 2 is illustrated in Fig. 3.24 using
the chip-based approach. The last chip period of the comb filer output signal vij(t)
can be written as
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vij(t) =
N−1

∑
n=0

M−1

∑
m=0

ci,n−mcj,n ĥ(m)
p (t). (3.23)

For visualization purpose, vij(t) can also be expressed in another form as

vij(t) =

(
N−1

∑
n=0

ci,ncj,n

)
· ĥ(0)p (t) +

(
N−1

∑
n=0

ci,n−1cj,n

)
· ĥ(1)p (t) + . . .

. . . +

(
N−1

∑
n=0

ci,n−(M−1)cj,n

)
· ĥ(M−1)

p (t).

(3.24)

We can see that different parts of the effective channel impulse response hp(t) are
weighted differently. The choice of the spreading sequences and their correlation
properties play an important role here. Different parts of the channel impulse re-
sponse can be selected by the choice of the receive sequence cj,n. In general, the detec-
tion of the signal from the i-th user can be done by selecting j = i. By using ci,n as the

receiving sequence, the output signal is the combination of Nĥ(0)p (t) and interference
from the other parts of hp(t) that are weighted by the shifted autocorrelation values.
If the shifted autocorrelations are zero, we can suppress the unwanted parts perfectly.
This process is illustrated in Fig. 3.25. The other parts of the hp(t) can be selected
by using the cyclic shifted version of ci,n at the receiver. For example, ci,n−1 can be

used for extracting the ĥ(1)p (t). This process is illustrated in Fig. 3.26. Multiuser inter-
ference can be considered in the case where j , i. In this case the effective channel
impulse responses are all weighted by the cross-correlation function instead. In the
scenario where perfect synchronization is not assumed, the timing error can be easily
considered as an additional delay to the channel impulse response hp(t).

74



3.3 Shortened Delay Comb Filter Receiver Structure

0 Tc 2Tc 3Tc 4Tc 

vij (t) = 

ci,0 cj,0 hp
(0)(t) ci,0 cj,1 hp

(1)(t) 

ci,3 cj,0 hp
(1)(t) 

ci,1 cj,1 hp
(0)(t) ci,1 cj,2 hp

(1)(t) 

ci,2 cj,2 hp
(0)(t) ci,2 cj,3 hp

(1)(t) 

ci,3 cj,3 hp
(0)(t) 

Cyclic prefix 

ci,3 hp
(0)(t) 

Sum 

Σ 
m=0 

1 
ˆ ci,n-mcj,nh
(m)(t) = Σ 

n=0 

  3 

ˆ 

ˆ 

ˆ 

ˆ 
ˆ ˆ 

ˆ ˆ 
ˆ 

uij(t) 

p 

Figure 3.24: Illustration of the comb filter accumulation process with N = 4, M = 2.
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Figure 3.25: Illustration of the channel extraction with shortened delay comb filter for
N = 8, M = 2. The transmit and receive sequences are matched.
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Figure 3.26: Illustration of the channel extraction with shortened delay comb filter for
N = 8, M = 2. The receive sequence is the shifted version of the transmit
sequence.
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3.3.3 Rake-like Comb Filter Based Receiver

The property of being able to extract different parts of the channel impulse response
gives an opportunity to construct a receiver by using the rake receiver concept from
Sec. 2.7.1. This means for each part of the effective channel impulse response with
interval Tc, we have one rake branch for collecting its energy. For binary DS-CSK,
two parallel set of rake branches with different corresponding spreading sequence
sets are needed. The spreading sequences for each set of the rake branches are cyclic
shifted version of one single sequence. The energies of the rake branches in the set are
summed up and compared with the energy sum of the other branches set. The comb
filter in every branch is reset at the end of every symbol like in the basic concept.
The block diagram of the rake-like comb filer based receiver for DS-CSK is shown in
Fig. 3.27.
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Figure 3.27: Block diagram of the rake-like comb filer based receiver for DS-CSK
transmission.

In comparison to the basic concept described before, the delay of the analog delay
element can be much shorter. If the delay is shortened, for example, from 12 ns to 2 ns,
this is much more realistic with regard to realization, i.e. size, attenuation, frequency
dependency (group delay variation). Moreover, the data rate is higher because of the
shorter chip period.
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We now look at the BER performance of the rake-like comb filter receiver compared
to the basic concept. A deterministic two-path channel similar to the one that was
used for the illustration of the interchip interference in Fig. 3.20 is considered. In this
setting, the energy of the two multipath components is the same, therefore the inter-
chip interference is even stronger than in the example of Fig. 3.20. The 5-th derivative
Gaussian impulse with σ = 51 ps is considered, and the ZCZ sequence with N = 128,
Z = 4 is used. Only one user is considered to focus on the effect of the interchip inter-
ference. The first path delay is 1 ns and the second path comes at 6 ns. In Fig. 3.28,
the BER performance from the basic comb filter receiver for the DS-PPM modulation
with Tc = 8 ns, and the DS-CSK modulation with Tc = 4 ns, 8 ns are compared with the
performance of the rake-like comb filter receiver for the DS-CSK modulation with Tc
= 4 ns.

Figure 3.28: BER performance of DS-CSK modulation with the rake-like comb filer
based receiver for the 2-path deterministic channel.

We can clearly see that the DS-PPM detection does not work under strong interchip
interference. The DS-PPM modulation could provide good performance if the chip
period is selected large enough, however with a data rate decrease and more difficulty
in realization. The performance for the DS-CSK with the basic comb filter receiver
with Tc = 4 ns suffers from the delay shortening because it cannot collect all of the

79



3 Transmission with Impulse Radio Ultrawideband

energy from the channel impulse response. The performance from the rake-like comb
filter receiver with Tc = 4 ns is the same as the basic method with Tc = 8 ns. The
performance remains with the shortening of the analog delay element for the rake-
like comb filter receiver. It has to be noted that the total delay is still the same. The
individual analog delay element is shortened to 4 ns but we need two rake branches
to cover the channel impulse response of 8 ns. It is more beneficial in practice to
have several short analog delay elements than one long delay element because of the
smaller physical size, less attenuation and a more constant group delay.

We now look at a more practical channel model for the evaluation of our proposed
receiver structure. In the following, the WBAN channel model from [40], which was
introduced in Sec. 2.6.4, will be considered. The UWB impulse shape is the RC wave-
form with T = 0.5 ns and fo = 4.5 GHz as shown in Fig. 2.7. Note, that this impulse
shape is selected due to the limitation of the channel model specification. The pro-
posed receiver concept supports any UWB impulse shapes. Each channel realization
consists of two groups of multipath components with a lognormal fading statistic
for each group. We used 4000 channel realizations for the BER performance evalua-
tion. The total propagation time of the channels is 12 ns. The parameters are selected
such that the ratio between the energy of first path to second path is 6 dB on aver-
age. It has to be noted that in some of the channel realizations the second path was
stronger than the first path. Eight users with the same average receive energy are
considered. We consider a DS-CSK transmission with Tc = 2 ns, which corresponds
to M = 6. The spreading sequences were m-sequences with N = 127. An example of a
received signal at the input of the comb filter is shown in the upper part of Fig. 3.29.
It is normalized to the amplitude of the target signal (range±1). Additive noise is not
considered here to focus only on the ICI and MUI suppression. We can see that both,
ICI and MUI are very strong here. The target signal cannot be distinguished from the
interference at all. The SIR in this example is -18 dB. In the lower part of Fig. 3.29,
the original channel impulse response (black) is compared to the results taken from
six different rake branches with Tc = 2 ns. From the results we can see that the inter-
ference is suppressed very well. Only some residual interference can be seen which
is due to the m-sequences which have no perfect cross and autocorrelation functions.
The interference can be totally eliminated by using appropriate ZCZ sequences.

There are two possible ways to implement the rake-like comb filter receiver. The
first method is called ’parallel’ approach. In this one, the transmission is rather
straightforward. The number of rake branches in one set is M. The spreading se-
quence for each branch is selected such that the total integration area cover the whole
channel impulse response. The second method is called ’serial’ approach. For this
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Figure 3.29: Input signal of the comb filter (upper). Comparison between the actual
channel impulse response and the output signal of the rake branches
(lower).

method, the number of rake branches in one set is less than M. The transmission
of one information bit is repeated over several symbols depends on the number of
rake branches per set. The spreading sequences are cyclically shifted over the symbol
period to collect all of the signal energy. For example, the channel impulse response
that cover M = 6 chip interval can be detected with 3 rake branches per set over 2

symbols. The receiver collect the energies from h(0)p (t), h(1)p (t) and h(2)p (t) in the first

symbol, and h(3)p (t), h(4)p (t) and h(5)p (t) in the second. The total length of the analog
delay in the receiver is reduced but also the data rate. There is certainly a loss with
respect to Eb/N0 because of the data rate difference but the performance with respect
to the SNR remains. A trade-off between the complexity of the analog delay element
realization and the data rate has to be made.

We now look at the BER performance of these two types of rake-like comb filter
receiver in the WBAN channel. For the original basic comb filter concept, Tc = 12 ns
and 6 ns are considered. We label them as ’Basic 1’ and ’Basic 2’, respectively. For the
rake-like receiver, we label the ’parallel’ approach, i.e. Tc = 2 ns with 6 rake branches,
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as ’Rake-like 1’. This receiver yields equivalent integration time of 12 ns in one sym-
bol. For ’Rake like 2’, one data bit is transmitted over two symbol period. The number
of rake branches per set is 3, and the equivalent integration time of 6 ns per symbol is
achieved. The BER performance for the four receivers are shown in Fig. 3.30.

Figure 3.30: BER performance of DS-CSK modulation with the basic comb filer based
receiver and the rake-like comb filer based receiver with the WBAN
channel.

We can see that the performance of our original concept got worse if the delay is
shortened. There is a loss of about 4dB at the BER for 10−4. The results for ’Rake-
like 1’ is comparable to ’Basic 1’. The difference comes from the energy lost by the
cyclic prefix and the residual interference due to the m-sequences. The ’Rake-like 2’ is
comparable to the ’Basic 2’ at high Eb/N0. The results show that we can achieve very
similar performance to the original concept with much shorter analog delay element.
The new concept also adds more flexibility in the implementation of the receiver. We
have considered only equal gain combining of the signal energy from different rake
branches. Given that more channel knowledge is available at the receiver, improve-
ment in the performance can be expected similarly done in the optimization method
for the basic energy detector in [70].
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3.4 A Novel Detection Method for Code-Reference UWB
Transmission

In this part, we look at a novel detection method for code-reference (CR) modulated
UWB signals. The CR modulation technique is closely related to the transmitted ref-
erence (TR) modulation technique introduced in Sec. 2.5.3. The basic idea of the TR
modulation is to transmit an additional pilot (reference) impulse within the trans-
mitted symbol for the channel estimation purpose. For TR, the pilot impulse and
the information impulse are separated in time, and the pilot impulse including the
channel impulse response is delayed to be used as a template reference for the corre-
lation detection as discussed in Sec. 2.7.3. Recently, this idea has been expanded from
the time domain pilot impulse separation in TR to the frequency domain and the
code domain, i.e. frequency-reference (FR) modulation and the CR modulation, re-
spectively [97–99]. The CR modulation technique and the FR modulation technique
transmit the information impulses and pilot impulses simultaneously, and they are
separated in their respective domain. There are several names for the CR modulation
technique in literature, i.e. code-multiplexed transmitted-reference [97], code-shifted
reference [98], code-orthogonalized transmitted reference [99]. There are some minor
differences between them but they all share the same basic principle, i.e. using code
for the pilot/information separation, and they also share similar receiver concepts.

In general, each i-th user is assigned two spreading sequences (codes), i.e. ci for
the information and cri for the pilot (reference). In this work, the cyclic shifted guard
period introduced in the last section for DS-CSK is also included in the CR transmitted
signal model for later analysis with the comb filter based receiver. The transmit signal
of the CR modulation for the i-th user is given as

sCR,i(t) =
∞

∑
k=−∞

N−1

∑
n=−(M−1)

(
bkci,n p(t− nTc − kTs)︸                           ︷︷                           ︸

in f ormation

+ cri ,n p(t− nTc − kTs)︸                        ︷︷                        ︸
pilot

)
, (3.25)

where p(t) is the UWB impulse, Ts and Tc are the symbol period and chip period.
The channel impulse response duration is expected to be MTc, and therefore M − 1
impulses are added as the cyclic-shifted guard period. N is the number of informa-
tion impulses (chips) per symbol, i.e. Ts = NTc + (M − 1)Tc, and bk is the transmit
information symbol. We consider binary transmission with BPSK for the information
encoding, and therefore bk ∈ {−1, 1}. The cross-correlation between the spread-
ing sequences of the information ci and the reference cri shall be low (ideally zero).
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In [97, 98], more than two sequences are assigned for one transmitter. Several infor-
mation symbols with different information sequences are transmitted simultaneously
along with the pilot, hence the name multiplexing and code-shifted.

3.4.1 State of The Art

The main focus of the conventional CR receiver design is to get rid of the analog delay
element, which is the essential part of the autocorrelation receiver for the TR detection
as shown in Fig. 2.20. Two receiver structures for CR have been reported so far, and
they are shown in Fig. 3.31. dir(t) is a train of rectangular impulses weighted by the

scrambled version between ci and cri , i.e. dir(t) = ∑N−1
n=0 ci,ncri rect( t−nTc− Tc

2
Tc

). The
decision device for both receiver structures is performed based on a sign decision.

∫ ( )2 LNA 
DEC 

kTs 

dir(t) 

(a)

∫ LNA 
DEC 

kTs dir(t) 

(b)

Figure 3.31: Block diagram of the conventional CR-UWB receivers.

It has to be noted that these two receivers are actually the same type of receiver
with different orientation. The implementation with squaring device (Fig. 3.31(a)) is
simpler and more popular. Power splitter and power combiner are not needed, so it
is easier to implement. Interestingly, these receiver structures were adopted from the
receiver for the FR modulation technique. As being pointed out in [97, 100], FR and
CR are closely related. The difference can be narrowed down to the elementary shape
of the carrier signal, i.e. half-cosine for FR and rectangular for CR. FR can be seen as a
special case of CR, in which the codes are picked from the Walsh-Hadamard sequence
set and the elementary shape of the carrier signal is sinusoidal instead of square wave.
In [101], it was shown that the optimal selection of the CR codes from the Walsh-
Hadamard sequence set for the multiuser case resembles the carrier frequencies in
the FR modulation.

The conventional detection method relies on the fact that the transmit signals sCR,i(t)
are pruned because of the combination between the information and the pilot se-
quences. The transmit signal for single-user CR can be regarded as a burst-mode
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PPM modulation, as being pointed out in [100]. For example, we have a CR trans-
mission with ci = [1, -1, 1, -1], cri = [1, 1, -1, -1] and bk ∈ {−1, 1}. The effective transmit
sequences are the summation of these two sequences, which are [2, 0, 0, -2] for bk = 1
and [0, 2, -2, 0] for bk = −1. We can see that the two different basic waveforms occupy
different time slots in the symbol similar to the burst-mode PPM modulation. We
consider the received signal with no noise, and therefore the receive sequences after
the squaring device are [4, 0, 0, 4] for bk = 1 and [0, 4, 4, 0] for bk = −1. The key idea
is to use the scrambled sequence between ci and cri as the selector. In this example,
the scramble sequence cir = cicri = [1, -1, -1, 1]. After the multiplication, the received
sequences are [4, 0, 0, 4] for bk = 1, and [0, -4, -4, 0] for bk = −1. The integrator collect
the energy over the symbol period and the decision can then be performed by sign
decision.

The key assumption for this detection method is that the chip period Tc shall be
large enough to avoid channel impulse response overlapping, i.e. M = 1. The over-
lapping of the received signal could cause large BER performance degradation similar
to the DS-PPM as shown in Fig. 3.28. One critical drawback for the conventional de-
tection method is that the SNR gain from transmitting several impulses per symbol
is not achievable, because the received signal is squared before being summed up. In
general, the number of chips per symbol N cannot be so high because the performance
with respect to Eb/N0 would get worse with the increasing N. The multiuser interfer-
ence as well as the narrowband interference are not suppressed before the squaring
device, and this could result in a large BER performance degradation. Moreover, it
is not easy to increase the data rate because the receiver is only well-suited for BPSK
modulated information impulses. After the squaring device, the noise is squared, and
therefore the distribution is Chi-square. The decision thresholds for multi-level mod-
ulation technique, such as 4PAM, are very difficult to calculate with the Chi-square
distribution (similar to the basic energy detector). The data rate can be increased by
multiplexing as shown in [97, 98] but the family size of the sequence set is very lim-
ited, especially for small N. In summary, the advantage of the conventional receiver is
that no analog delay element is needed, but there are still many other aspects needed
to be improved.

3.4.2 Comb Filter Based Receiver for Code-Reference UWB

The key idea of our proposal is to separate the pilot impulses from the information
impulses at the receiver. The pilot impulses including the channel impulse response
shall be used for the correlation detection. The main objectives are to achieve the SNR
gain and to suppress the interference (multiuser interference, inter-chip interference,

85



3 Transmission with Impulse Radio Ultrawideband

narrowband interference) at the receiver. As shown in the previous sections, the comb
filter based receiver is designed to perform exactly all these tasks. The assumption
on the length of the chip period Tc can also be relaxed, since the comb filter based
receiver allow overlapping of the channel impulse responses as shown in Sec.3.3. We
can see that the CR transmitted signal in (3.25) holds some similarity to the DS-CSK
transmitted signal in (3.15). The comb filter based CR receiver can be constructed
in a similar way as the comb filter based DS-CSK receiver in Fig. 3.22, or using the
rake-like concept as in Fig. 3.27. For DS-CSK, the energy of the branches is compared
to determine the branches that contain the UWB signal. The difference is that, for
CR, one set of branch is used for extracting the reference signal while the other set
is assigned for the information signal. The ’clean’ chip-based reference signal is then
used as the template for the correlation detection of the ’clean’ chip-based information
signal. The decision is based on sign. The rake-like comb filter based CR receiver
structure is shown in Fig.3.32

∫ 
∫ 

Tc 
Tc 

Cyclic shifted 

versions 

Decision 

Spreading Sequence 

(information) 

Tc 

Tc 
Tc 

Cyclic shifted 

versions 

LNA 

Tc 

Spreading Sequence 

(reference) 

kTs 

∫ 

kTs 

kTs 

Figure 3.32: Block diagram of the rake-like comb filer based receiver for CR-UWB
transmission.

We now look at the comb filter output in more details. The CR received signal
can be seen as a combination of two received signals from (3.21) in parallel. One
received signal with sequence ci is modulated by bk, and the other with cri is unmod-
ulated. Considering one branch of the comb filter which has cj,n as the multiplication
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sequence, according to (3.21)-(3.23), the output of the comb filter can be written as

vij(t) =
N−1

∑
n=0

M−1

∑
m=0

bkci,n−mcj,n ĥ(m)
p (t)︸                                   ︷︷                                   ︸

in f ormation

+
N−1

∑
n=0

M−1

∑
m=0

cri ,n−mcj,n ĥ(m)
p (t)︸                                 ︷︷                                 ︸

re f erence

, (3.26)

where ĥ(m)
p (t) is one part of the effective channel impulse response as illustrated in

Fig. 3.23. We can see that the reference part and the information part are weighted
differently. The correlation property of the sequences plays a crucial role here. For
the reference branches, we select the receiver sequence cj,n such that the reference
part is amplified, while the information part is suppressed. The similar idea goes for
the information branches. The SNR is improved and the interference are suppressed
as explained in Sec. 3.2. we can say that the reference signal and the information sig-
nal are ’cleaned’, which is an improvement compared to the conventional detection
method. With the comb filter based receiver, the SNR gain is achievable for CR-UWB
transmission.No explicit channel estimation is needed. The synchronization is re-
laxed compared to the conventional correlation based receivers because the reference
impulses are always synchronized to the information impulses. The required syn-
chronization accuracy is on chip-level. Only simple adjustment is required from the
DS-CSK comb filter receiver, i.e. no additional analog delay element or complicated
devices.

In general, the BER performance of the CR transmissions is expected to be the same
as DS-CSK for the same chip period Tc,CSK = Tc,CR. Similar to the relationship be-
tween TR and PPM, discussed in Sec. 3.1, the Euclidean distance between two sym-
bols in the CR constellation is smaller than the DS-CSK constellation because half of
the transmitted power is given to the reference signal. However, the noise term for
CR involves the product of two independent processes, i.e. the noise term from two
comb filter outputs, whereas the quadratic noise terms are considered for the DS-CSK.

The advantage of the CR detection with the comb filter based receiver over the
conventional detection method and the DS-CSK transmissions is the flexibility. For
the DS-CSK and conventional CR detection, the data rate is limited by the family
size of the sequence set. More sequences are needed to increase the data rate. The
complexity of the receiver is also increased because more parallel branches are needed
for the corresponding sequences. For comb filter based CR receiver, there is no such
problem. The detection is based on the correlation detection, therefore the decision
threshold is very simple to calculated. The multi-level modulation such as 4-ASK or 8-
ASK can be easily used in place of BPSK, and the receiver structure remains the same,
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i.e. no additional branches are needed. The only change is that the decision device
is a multi-level threshold decision instead of sign. The BER performance degradation
with respect to Eb/N0 for increasing the data rate is similar to the classical M-ASK
transmission.

Moreover, the performance of the comb filter based CR receiver can be further im-
proved. In general, the comb filters are reset every symbol period because the in-
coming waveforms over different symbols are not the same. Unlike the information
branches, the reference branches sum up the pilot signals which are unmodulated,
and therefore the input signal of the comb filter is expected to be the same as long
as the channel remains unchanged. The comb filter for the reference branches can be
kept for longer than one symbol period without resetting. Given that the comb filter
sum up the pilot signal over Ms symbols, the SNR improvement of the reference tem-
plate in the ideal case is 10 · log10(Ms N)[dB]. If the channel remains unchanged and
Ms is large enough, the performance of the CR-UWB detection with the comb filter
based receiver can reach the matched filter bound for the CR-UWB correlation detec-
tion, i.e. 3dB worse than the matched filter bound for the BPSK correlation detection
because of the pilot transmitting power.

3.4.3 Simulation Results

In the following, we look at the performance of the comb filter based CR receiver in
different scenarios. It has to be noted that the comb filter modifications for improve-
ment/implementation are done on the reference branches only, i.e the information
branches are always ideal and reset every symbol. First, we look at the BER perfor-
mance in an ideal case where the comb filters of the reference branches have a mem-
ory over Ms = 1, 2, 10, 100, 1000 periods, i.e. the output of the comb filter is the sum
over the latest Ms symbols. The BER performance for the comb filter without reset is
also included. The channel is assumed to be unchanged within these periods. A de-
terministic two path channel with strong interchip interference is considered, which
is similar to the scenario for Fig. 3.28. The effective channel impulse response cover
8 ns, and the chip period is Tc = 4 ns, i.e. M = 2. The number of rake branches per
set is two, and the resulting effective integration period cover 8 ns. There are eight
users transmitting in parallel, and the spreading sequence set are the ZCZ sequences
with N = 128, Z = 4. The correlation properties of the spreading sequence set are illus-
trated in Fig. 3.13 (b). The BER performances from this scenario can be regarded as the
benchmarks for later practical implementation. The conventional detection method,
from Fig. 3.31, with the same setting as well as with the one user case in the AWGN
channel are included for comparison. The BER performances are shown in Fig. 3.33.
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Figure 3.33: BER performance of CR detection with Ms = 1, 2, 10, 100, 1000, and ’no
reset’ comb filter based receiver for a deterministic 2-path channel. For
comparison, the BER performance for the conventional method in the 2-
path channel and AWGN channel are included.

We can see that the BER performances from the comb filter based CR receiver are far
superior to the conventional detection method. The BER performance for the comb
filter with no reset reach the matched filter bound for the OOK, PPM correlation de-
tection (3 dB worse than BPSK) shown in Fig. 3.1. The performance for Ms = 1 is
the same as the DS-CSK in Fig. 3.28. The performances for the comb filter receiver
with memory fall between these two cases. The BER performance can be improved
with increasing Ms, and we can see that the performance is reaching the matched fil-
ter bound for Ms = 1000. It has to be noted that the performance of the conventional
method can be improved with decreasing N, but it would still be worse than the comb
filter receiver with Ms = 1.

As shown in (3.26), the correlation properties of the sequence set are the main key
for the interference suppression. The previous BER performances were ideal because
the selected ZCZ sequence can eliminate all the interference. In this section, we look at
the BER performance for the case where the correlation properties are not perfect, but
still maintain the low cross-correlation values. The ratio between the length of the se-
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quence N and the cross-correlation value plays an important role on the performance
degradation. In this part, the ZCZ sequence with N = 128, Z = 4 and m-sequence with
N = 31, 127 are considered. The channel is the same deterministic 2-path channel with
strong interchip interference, and eight users are transmitting in parallel with equal
average received energy (near-far ratio = 0 dB). The comb filter with Ms = 1, 100 and
without reset are considered The BER performances are shown in Fig. 3.34. Some per-
formance degradation can be seen but we can see that the receiver can still give good
results for non-ideal sequence set.

Figure 3.34: BER performance of CR detection with the comb filter based receiver with
no reset and Ms = 1, 100. Three spreading sequence sets are considered,
i.e. m-sequence with N = 31, 127 and ZCZ sequence with N=128, Z = 4.

We now look at the practical implementation aspect for the comb filter based CR
receiver. The comb filter with memory, which give results in Fig. 3.33, can be easily
implemented in the digital domain. However, the challenge occurs when the analog
implementation of the comb filter is considered. We propose two methods for the
analog implementation of the comb filter based CR receiver. The first method is to
reset the comb filter of the reference branches after some fixed number of iteration
Mr. The SNR improvement of the reference signal reaches the peak just before the
reset, and it has to be built up again afterwards. The BER performance from this type
of implementation shall be in between the performance from Ms=1 and Ms = Mr. We
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consider the same scenario as in Fig. 3.33, i.e. eight users, 2-path deterministic chan-
nel, ZCZ sequence with N = 128, Z = 4. The BER performance for the comb filter based
CR receiver with Mr = 1, 2, 10, 100, 1000 are shown in Fig. 3.35. The BER performance
for the comb filter without reset is also included as a benchmark.

Figure 3.35: BER performance of CR detection with Mr = 1, 2, 10, 100, 1000, and ’no
reset’ comb filter based receiver for a deterministic 2-path channel.

Alternatively, the attenuation in the analog comb filter loop gain Gc can be seen as
a memory. In the ideal case, we have Gc = 1 which means that the memory is perfect.
In Fig. 3.7, it was shown that for Gc < 1, the comb filter output signal saturated at
some point. This is because the memory in the comb filter is not perfect and the in-
formation of the signal is lost after going through the comb filter several times. We
can implement the reference branches by attenuated comb filter without reset. For
this type of implementation, the exact number of the iteration in the comb filter is
very important. The number of chips per symbol is limited because the SNR gain Gp
of the comb filter Gc < 1 has an upper bound as shown in (3.2), and illustrated in
Fig. 3.8. For this scenario, we consider 1 user with the AWGN channel, i.e. M = 1,
and Walsh-Hadamard sequences set with N = 8 and 16. The comb filter for the ref-
erence branches have Gc = 1, 0.99, 0.95, 0.9, 0.85, while Gc = 1 is considered for the
information branches. The BER performance for the comb filter based CR receiver
for different Gc are shown in Fig. 3.36. The BER performance for the comb filter for
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Gc = 1 with Mr = 1 is also included as a benchmark. The improvement in the BER
performance from the basic implementation, i.e. Gc = 1 and Mr = 1, can be seen in
almost all the settings. One particular setting that give worse performance is N=16
and Gc = 0.85. This is because the maximum achievable SNR gain Gp for Gc = 0.85 is
8.24 dB, as calculated in (3.2), is significantly smaller than the ideal comb filter gain
for N = 16, which is 12 dB as calculated in (3.1). In other words, the early reference
impulses vanished before the end of the symbol period.

(a) Walsh-Hagamard sequence with N = 8. (b) Walsh-Hagamard sequence with N = 16.

Figure 3.36: BER performance of CR detection with the comb filter based receiver with
Gc= 1, 0.99, 0.95, 0.9, 0.85 for 1 user in the AWGN channel.

In summary, we have shown that the performance of the comb filter based CR
receiver performs much better than the conventional receiver. It has to be noted that
the main objective of the conventional CR receiver is to eliminate the analog delay
element, which is found in the TR-UWB detection. Our proposed receiver concept
contains analog delay elements in the comb filters, but the required length of these
analog delays is much smaller than those needed for the TR detection. The delay can
be shortened as demonstrated by the rake-like comb filter receiver concept. We have
shown that the performance of the comb filter based receiver can reach the optimum
matched filter bound under certain conditions.

92



Chapter 4
Advanced Concepts for UWB Ranging
Systems

The extreme short duration of the UWB impulse signals make them well-suited for
both communications and ranging applications. As mentioned in Sec. 2.9, the esti-
mated distance from the propagation delay can be used in many applications, e.g.
tracking of moving object, imaging of unknown object, as illustrated in Fig. 2.23.
The conventional delay estimation method is a time based approach, which can be
performed with the impulse correlator receiver. The propagation delay can be de-
termined by searching for the maximum/minimum correlation value between the
received signal and the template impulse. This method works well if the SNR is high
enough. There is a certain SNR threshold where the performance could become sig-

93



4 Advanced Concepts for UWB Ranging Systems

nificantly worse as demonstrated by the performance bounds in Fig. 2.24. The prob-
lem occurs if the main peak of the UWB impulse correlation signal cannot be easily
distinguished from its side lobes of the autocorrelation function due to the noise. The
resolution provided by UWB is very good compare to other systems, because the
multipath components are usually resolvable. However, in some applications, the
channel can be a highly dense multipath propagation. The performance of the con-
ventional method can be strongly degraded because of the bias from additional un-
resolvable multipath components. Super-resolution algorithms are needed to extract
these multipath components.

In this chapter, we want to address an algorithm for delay estimation and move-
ment tracking, which can be used for the UWB ranging problems. The conventional
method can be classified as a maximum-likelihood estimation, since it does not use
any prior information for the estimation. More advance techniques involving a-priori
information could be used for improving the performance in the lower SNR case.
Particle filtering is a known technique used in localization applications and tracking
in dynamic scenarios [102–105]. It implements a sequential Bayesian estimation by
using Monte-Carlo methods. The estimation is based on a posterior density, and it
uses a movement model to incorporate the temporal correlation of the change of the
estimated parameters.

Another major challenge for the UWB ranging is the analog to digital conversion.
Sampling of signals with such large bandwidth might be impractical due to power
consumption. The problem of the conventional sampling method is that it can be
very wasteful when applying to the UWB signals. Sampling can be view as a scalar
product operation between the sampled signal and measurement signals. For conven-
tional sampling method, the measurement signals are time-shifted Dirac delta func-
tions. UWB systems usually operate with low duty cycle, and therefore the samples
are mostly noise. Compressed sensing is an emerging concept that acquiring signal
(sample) can be done with different approach. The underlying assumption is that the
signal shall be ’sparse’ in some domain. Random signals are used as the measurement
signals instead of the Dirac delta function. With this approach, there is always some
information about the incoming signal in every sample. This sampling technique is
well-suited for ’sparse’ signals, and UWB signals with low duty cycle are relatively
sparse in time domain. In this work, the compressed sensing is considered for two
purposes. The first is to use it as an alternative method for acquiring UWB signals,
and the second is to use it as the super-resolution radar algorithm.

The comb filter based receiver can be used for improving the performance of the
UWB ranging systems. As shown in Sec. 3.2, the channel impulse response with
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improved SNR is available at the output of the comb filter receiver. The conventional
method as well as the two advanced techniques, i.e. particle filtering and compressed
sensing, can be included in the comb filter based receiver structure.

4.1 Particle Filtering

The estimation of unknown parameters of a system of interest from a set of noisy
observable measurement is a problem that can be found in many situations, e.g. esti-
mating the propagation delay and the amplitude of the multipath components from
the UWB received signal. This problem can be regarded as a stochastic filtering pro-
cess, and the Bayesian filtering is a well-known method for solving this problem via
Bayes’ theorem. Implementing the optimal Bayesian filter can be difficult because
it involves complex high-dimensional integrals. Particle filtering is a sub-optimum
Bayesian filtering algorithm, which can achieve optimum solution under some re-
strictions.

In general, the tracked systems are dynamic and their underlined model can be
non-linear and non-Gaussian. Dynamical systems are usually modeled using a state-
space (time-based) approach with discrete-time formulation, since the measurements
usually arrive in certain intervals. Dynamical systems in this sense can be charac-
terized by a state vector xk and a measurement vector zk. Two models describing
their relation and the evolution of the dynamical systems have to be defined. The
first model is the system model (state transition equation), which describes the evo-
lution of state vector xk from time instant k− 1 to time instant k. The second model
is a measurement model (measurement equation), which is a model describing the
relation between the state vector xk and the measurement vector zk at time instant k.
Given that fk(.) and hk(.) are known (possibly non-linear) functions, the state transi-
tion equation and the measurement equation can be described as

xk = fk(xk−1, vk), (4.1)

zk = hk(xk, nk), (4.2)

where vk and nk are the vector of transition noise and the vector of the measure-
ment noise, respectively. The state transition equation and the measurement equa-
tion can be represented in a probabilistic form as a transition prior (movement model)
p(xk|xk−1) and a likelihood p(zk|xk), respectively. It can be seen from (4.1) and (4.2)
that a state xk is only a function of the previous state xk−1 with some transition noise,
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and the measurement zk is only a function of xk with additional measurement noise.
Therefore the system model together with the measurement model form a first order
Markov process, as shown in Fig. 4.1. Notice that the state vector xk is hidden and the
objective of the stochastic filtering is to estimate it from the available measurement
zk.

zk-1 zk zk+1

xk-1 xk xk+1

fk(xk-1 ,vk)

hk(xk ,nk) hk(xk ,nk)p( zk | xk )

p( xk | xk-1)

Figure 4.1: A first order Markov model for a dynamic system.

4.1.1 Recursive Bayesian Filtering Algorithm

The objective of the Bayesian filtering is to obtain the posterior density p(x1:k|z1:k)
from a set of measurements z1:k to estimate the current state vector xk. Roughly speak-
ing, the posterior density p(x1:k|z1:k) is the probability density that the state sequence
of the dynamical system is [x1, x2, x3, ..., xk] given that the history of measurements
is [z1, z2, z3, ..., zk]. The Bayesian filtering can provide the optimal solution in the
sense of computing the posterior density [106]. The posterior density is regarded
as the complete solution to the estimation problems, because all of the available sta-
tistical information are included in it [107]. An initial density p(x0), the movement
model p(xk|xk−1), and the likelihood p(zk|xk) are the tools for the posterior density
estimation. Typically, the estimation of xk is required at every time step when a new
measurement zk is received. The calculation of p(x1:k|z1:k) at every time step k can re-
sult in increased computation complexity and high memory requirement, since all of
the measurements up to that point are reprocessed and have to be kept. To overcome
this problem, a recursive approach is a common and convenient method. The esti-
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mation for each step is performed sequentially and based only on the solution from
the previous step p(x1:k−1|z1:k−1) and the new measurement data zk. As a result, the
complete history of the measurement data is not needed. In this case, the posterior
density p(x1:k|z1:k) can also be represented as p(xk|z1:k), and the state vector xk can
be easily estimated at every time step. The recursive Bayesian filtering can be divided
into two stages: prediction and update.

Prediction

The goal of the prediction stage is to obtain the prior density p(xk|z1:k−1), which is
the probability density of xk given that only the measurement data up to time step
k − 1 are available. The Chapman−Kolmogorov equation (law of total probability)
and the assumption that xk depends only on xk−1 are the main keys in obtaining the
prior density. The prediction equation can be written as

p(xk|z1:k−1) =
∫

p(xk|xk−1)p(xk−1|z1:k−1)dxk−1. (4.3)

We can see that the prior density p(xk|z1:k−1) can be found by using a combination
of the movement model p(xk|xk−1) and the posterior p(xk−1|z1:k−1) from the previ-
ous time instant k− 1. Notice that the initial density p(x0) is used as the prior density
for the first time step.

Update

In order to obtain the posterior density p(xk|z1:k), the latest measurement zk is used
for updating the prior p(xk|z1:k−1) from (4.3) via Bayes’ theorem. The update equa-
tion can be written as

p(xk|z1:k) =
p(zk|xk)p(xk|z1:k−1)

p(zk|z1:k−1)
, (4.4)

where p(zk|z1:k−1) is called an evidence probability density. For the estimation of xk,
this term can be neglected or expressed as a constant value because it is independent
from the state vector xk.

Fig. 4.2 is an illustration of the connection between the prediction and update pro-
cesses of the recursive Bayesian filtering. In summary, the prior density p(xk|z1:k−1)
is constructed in the prediction process from the movement model p(xk|xk−1) and the
posterior density in the previous time step p(xk−1|z1:k−1). It is then combined with
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the likelihood p(zk|xk), which can be obtained after a new measurement zk at time
instant k is available, to estimate the current posterior density p(xk|z1:k).

Prediction

Posterior :  p(xk|z1:k)

Transition Model :  p(xk|xk-1)

k=k+1

p(xk|z1:k-1) =    p(xk|xk-1) p(xk-1|z1:k-1) dxk-1∫p(xk|z1:k-1) =    p(xk|xk-1) p(xk-1|z1:k-1) dxk-1∫

Priori :  p(xk|z1:k-1)

Update

Likelihood :  p(zk|xk)

p(xk|z1:k) =
p(zk|xk) p(xk|z1:k-1)

p(zk|z1:k-1)

Figure 4.2: Block diagram of update and prediction process of the recursive Bayesian
filtering.

There are several criterion to estimate the state vector xk from the posterior density.
Two common methods are the minimum mean-square error (MMSE) estimate, which
is the conditional expectation of the state xk with respect to measurements z1:k, and
the maximum a posteriori (MAP) estimate, which searches for the maximum value of
the estimated posterior density. These two solutions can be expressed as

xMMSE
k = E {xk|z1:k} =

∫
xk · p(xk|z1:k)dxk, (4.5)

xMAP
k = arg max

xk
p(xk|z1:k). (4.6)

The MAP estimate has lower complexity but suffers some drawbacks especially in a
high-dimensional space. High probability density does not always guarantee a good
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solution. The high probability density could be a result from a narrow peak, and it is
possible that the actual state belongs to the smaller but broader density mass.

Unfortunately, the Bayesian filtering can only provide a conceptual solution, as
it can not be determined analytically in general. The evaluation of complex high-
dimensional integrals is required for the computation of the probability densities in
the Bayesian filtering algorithm. In practice, the optimal Bayesian filtering can only be
implemented under strict restrictions. Two well-known optimal recursive Bayesian
filtering algorithms are Kalman filter and grid-based filter. The basic assumptions
for the Kalman filter is that the dynamical system equations, i.e. (4.1) and (4.2), are
linear and the posterior density at every time step is Gaussian. The grid-based fil-
ter represents the posterior density in a discrete state space. The complexity of this
method grows exponentially with the number of dimensions. Therefore, it is only
well-suited for low-dimensional estimation problems. There are two sub-optimal al-
gorithms which were derived from these two optimal methods: extended Kalman fil-
ter and approximated grid-based filter. The extended Kalman filter can handle non-
linear dynamic system equations but still assume the posterior density to be Gaus-
sian, while the approximated grid-based filter uses cells instead of discrete points in
the state space. More details on these four methods can be found in [107].

Particle filtering is one of the emerging concepts that implement the sub-optimal
recursive Bayesian estimation. The advantage of this algorithm is that the dynamic
systems can be described by nonlinear functions and the posterior density is not re-
stricted to Gaussian. There are many variant of particle filters. The most common
one is the sampling importance resampling (SIR) particle filtering, which will be de-
scribed in more details in the following.

4.1.2 Sampling Importance Resampling Particle Filtering

Particle filtering performs suboptimum non-linear filtering with the Monte Carlo
sampling principle for implementing recursive Bayesian filter [107]. The idea of this
algorithm is to represent the posterior density p(xk|z1:k) by a set of random samples
(particles) with associated weights. The state vector xk are estimated based on these
samples and weights. The posterior density is represented in a discrete form similar
to the grid-based method. Unlike the fixed points in the grid-based method, the po-
sition of the particles in the state space change from one time step to another. Using
particles with associated weights, the posterior density p(xk|z1:k) can be represented
as
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p(xk|z1:k) ≈
Ns

∑
n=1

w[n]
k δ(xk − x[n]k ), (4.7)

where x[n]k is the position of the nth particle in the state vector space. w[n]
k is the weight

of nth particle. Ns is the number of particles. The approximation of the posterior
density in (4.7) approaches the true posterior density, if the number of particles Ns is
sufficiently large. In other words, the particle filtering can be regarded as the optimal
Bayesian filtering given that the number of particles is large enough.

As the name implies, the two important elements of the SIR particle filtering are
the importance sampling principle and the resampling algorithm. The classical Mote
Carlo sampling draws the samples via the posterior density, and this can be diffi-
cult for the practical implementation [107]. On the other hand, the importance sam-
pling principle draws the samples using another proposal distribution and weights
the samples according to how they fit to the posterior density. In practice, it is very

common to choose the transitional prior p(xk|x
[n]
k−1) as the importance density. This

selection is proven to be both effective and simple as shown in [107]. The resampling
algorithm is performed every time step k to eliminate the particles with low weight.
If the resampling is not performed, a problem called degenaracy occurs. The dege-
naracy problem describes the situation where most of the particles wander around the
state space without any restrictions. Therefore, it is very likely that the total particle
weight concentrates only on a few particles that falls in the high density area. Most
of the contributions from the other particles do not count because their weight are
too small. The resampling algorithm redraws the particles according to their weight.
The small particles are eliminated and re-spawn from the larger ones. The number
of the duplicate samples from the large particles depends on their relative weight to

the total weight sum ∑Ns
n=1 w[n]

k . After the resampling process, the total number of the
particles remain the same , and the weight of all particles is reset to 1/Ns.

We look now at the prediction and update processes at time step k for the SIR parti-

cle filtering. The samples are drawn from the transitional prior density p(xk|x
[n]
k−1) or

the initial density p(x0) in the first time step. The new measurement zk becomes avail-
able and the importance weights can then be calculated. Compared to other type of
particle filters, the importance weights for the SIR particle filtering are much simpler
to calculate. In general, the weight of the particles shall be carried from one step to the
next, but the SIR particle filtering always resets the weights every time step because
of the resampling process. Therefore, the weight is directly related to the likelihood
and the relation is given as
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w[n]
k ∝ p(zk|x

[n]
k ) (4.8)

After the weight calculation, the approximation of the posterior density can be

drawn according to (4.7). The weight sum ∑Ns
n=1 w[n]

k is then normalized to represent
the true probability density. The result can be estimated by MMSE or MAP as in (4.5)
and (4.6), respectively. After the estimation, the resampling process starts and then

the prediction process, according to the movement model p(xk+1|x
[n]
k ), is performed

The randomness in the movement model gives some diversity to the particles that
spawn from the same (large) particle in the resampling process. The new measure-
ment become available and the processes repeated. The illustration of one cycle of
SIR particle filtering is shown in Fig. 4.3.

Simply drawing the samples from the movement model in the prediction step and
calculating the weights directly from the likelihood in the update step are the main
advantages of the SIR particle filtering. One drawback is that the movement model

p(xk|x
[n]
k−1) is independent from the measurements zk. As a result, the particles will

explore the state space without making use of the knowledge from the observations.
Moreover, the resampling algorithm is performed at every time step and this can lead
to another problem in the state space exploring aspect. It is possible that the diversity
among the particles is very low because most of the particles originate from the same
particle after some iterations. Partially redraws some fixed number of particles after
the resampling or perform the resampling process once every few iterations could
be helpful in dealing with this problem. It should be noted that particle filtering is a
method well-suited for systems with noisy measurements. Using a particle filtering in
a high SNR scenario is not entirely appropriate because the likelihood density can be
too narrow [106]. Moreover, the particle filters cannot outperform the Kalman filters
or the grid-based method if their strict assumptions are true.

4.1.3 Particle Filtering for UWB Radar

To demonstrate the use of particle filtering in UWB ranging systems, a setup consist-
ing of a bistatic UWB transceiver and a moving metal plate is used. Measurements of
the reflected signal are used for the distance estimation and the movement tracking
of the metal plate. The background application behind this setup is the tracking of
the chest movement for the vital sign detection (breathing/heart rate) for biomedical
diagnostics. The model is used as a rough approximation for later tests with human
bodies. A schematic block diagram of the setup and an example of a receiving signal
after correlation with a target 30 cm away is shown in Fig. 4.4.
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Resampling 

Prediction 
p(xk+1|xk) 

Update  
with p(zk|xk) 
 

p(xk|zk) 

k=k+1 

Figure 4.3: Illustration of the update, prediction and resampling processes for one cy-
cle of SIR particle filtering.

The 5th derivative Gaussian impulse fitting to the FCC mask is used and the rep-
etition rate is 200 MHz (i.e. Ts = 5 ns). The corresponding distance for two way
wave propagation of 5 ns is 75 cm. The metal plate moves periodically within 5 mm
range. The receiver is a cross-correlation receiver, and the analog-to-digital conver-
sion (ADC) is performed by the equivalent time sampling method using impulse tem-
plate as illustrated in Fig. 2.26. The parameters are selected such that the equivalent
sampling frequency is approximately 270 GHz. For a conventional maximum track-
ing method, an accuracy of 0.5 mm can be achieved. The received signal consists of
two main contributions which can be seen in each period, corresponding to two-path
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Moving metal plate 

d ≈ 30cm, 90cm, 120cm 

∆d ≈ 5mm 

Impulse 

Gen. 

Baseband 

Circuit 

f1 = 200 MHz 

f2 = (f1 + ∆f)  

Analog correlator 

Impulse  

Gen. 

UWB Transceiver 

Figure 4.4: Measurement setup for target movement tracking and example of a peri-
odic received signal after the correlator.

propagation on the channel. The first path is the direct path between the transmit
and the receive antennas (direct coupling signal). This signal has very strong visi-
ble ringing due to signal reflection from the impedance mismatch. The second signal
is a signal reflected from the moving metal plate. The transmit signal is a train of
unweighted UWB impulse and can be written as

s(t) =
∞

∑
k=−∞

p(t− kTs), (4.9)
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where p(t) is an UWB impulse with a spectrum fitting with given regulation masks.
(4.9) means that an infinite number of periods are transmitted. As p(t) will be consid-
ered here as analogue of a symbol waveform for a digital transmission, the period Ts
is also called ’symbol period’. It is straightforward then to consider the transmission
path from transmitter via the reflector to the receiver as ’channel’. We use a tapped
delay line to model this (multipath) channel. The channel we considered is slow time-
varying. The amplitude and the delay time do not change within a symbol period Ts.
The channel impulse response at the k-th symbol period is then given as

hk(t) =
M−1

∑
m=0

αm,kδ(t− τm,k), (4.10)

where δ(t) is a dirac delta impulse, αm,k and τm,k are the time-variant amplitude and
propagation delay of the m-th path at k-th symbol, respectively. The total number
of paths for the multipath propagation is M. We assume no band limitation for this
channel impulse response model. To model the physical system, the received impulse
p̆(t) now represents the transmitted impulse p(t) as well as all remaining linear filter-
ing rm(t) in the transmit-receive chain of the m-th path, i.e. p̆m(t) = p(t) ∗ rm(t). The
received signal can be written as

g(t) =
∞

∑
k=−∞

M−1

∑
m=0

αm,k p̆m(t− τm,k − kTs) + n(t). (4.11)

The additive white Gaussian noise n(t) shall model the noise of the low-noise ampli-
fier at the receiver. As shown in Fig. 4.4, we have M = 2 for this measurement setup.
The first path is the direct path between the transmit and the receive antennas (direct
coupling signal). This signal has very strong visible ringing due to signal reflection
from impedance mismatch. The second signal is a signal reflected from the moving
metal plate. The signal after the correlation can be represented as

z(t) =
∞

∑
k=−∞

1

∑
m=0

αm,k ϕpp̆m (t− τm,k − kTs) + np(t), (4.12)

where ϕpp̆m is the cross-correlation of the received impulse and the template impulse
for m-th path. The two paths are slightly different in shape because of the band limita-
tion and different reflections of each propagation paths as seen in Fig. 4.4. The signal
in (4.12) is then sampled by the impulse correlator with the equivalent-time sampling
method. L samples at times (n + kL)Ts , n = 0, . . . , L − 1, can be grouped together
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to form a vector zk. This leads to a symbol-based discrete time model, which can be
expressed as

zk = Φ(τk)αk + nk, (4.13)

where Φ(τk) is a LxM signal matrix which has UWB cross-correlation signal vectors
as columns, i.e. Φ(τk) = [φ0(τ0,k), φ1(τ1,k)], and φm(τm,k) is a Lx1 column vector
representing the cross-correlation impulse ϕpp̆m (t− τm,k). τk = [τ0,k, τ1,k]

T and αk =
[α0,k, α1,k]

T are Mx1 column vectors containing the delay and amplitude of each path
at time k. nk represents samples of the additive Gaussian noise process.

We can now see that the interested unknown vectors xk for the particle filtering
framework in this set up are the amplitude αk and delay τk. The measurement signal
vector zk is directly the received signal vector from (4.13). The dimension of xk can be
reduced because αk can be estimated from zk and τk using simple geometry mapping.
The estimation of the amplitude vector is given by

α̃k = (Φ(τk)
HΦ(τk))

−1Φ(τk)
Hzk. (4.14)

According to (4.14), the estimated amplitude vector α̃k and the signal matrix Φ(τk)
are used for describing the likelihood function as

p(zk|τk) = (2πσ2)−1 exp
[
− (zk −Φ(τk)α̃k)

H(zk −Φ(τk)α̃k)

2σ2

]
. (4.15)

The likelihood function is used for the calculation of the particle weights accord-
ing to (4.8). The movement model for the particle filtering prediction process can be
constructed by a basic first order Markov chain. This model suggests that the propa-
gation delay evolve slowly in a similar way as the previous step with some additional
noise. The movement model can be described by

τk = τk−1 + ∆k−1 + nm, (4.16)

where ∆k−1 = τk−1 − τk−2 is the temporal change of the channel delay vector and
nm is an artificial noise vector which adds randomness to the movement model. Each
particle has a delay vector τ

[n]
k (state vector), i.e. its own equations (4.14)-(4.15) for the

update and the prediction process. The result from every time step is the posterior
density p(τk|z1:k) as given in (4.7). The delay can be estimated from the posterior
density with MMSE method from (4.5).
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4.1.4 Simulation Results

Particle filtering with a 2-path model is used for the propagation delays tracking. In
the following, tracking results for a moving metal plate with distances of approxi-
mately 90 cm and 120 cm are discussed. The metal plate move periodically back and
forth within 5 mm range. The symbol period is 5 ns, and therefore the distance of am-
biguity for this setup is 75 cm. For the estimations, we use the a-priori knowledge that
the target is in the 75-150 cm range. This is sufficiently large for our target applica-
tion. The reflected signal appears one period after the original impulse was transmit-
ted. Particle filtering with 1000 particles is considered and the results are compared
with a conventional maximum tracking method. The initialization of the state vector
for each particle covers the area of 30 cm range (2 ns) from the target with uniform
distribution. The movement of the first path (direct coupling) and the second path
(metal plate) are tracked simultaneously. We are only interested in tracking the mov-
ing metal plate. The tracking of the direct coupling path is used for suppressing the
bias in the scenario where the two paths are coincided. The shape of the direct cou-
pling signal ϕpp̆0 (t) is measured and used at the receiver. The information about the
exact shape of the reflected signal from the moving metal plate ϕpp̆1 (t) is unknown.
For tracking this signal, we approximate the ϕpp̆1 (t) by the ideal cross-correlation of
the 5-th derivative Gaussian impulse ϕpp(t).

Target Distance 120 cm

We first consider a setup with the moving target at approximately 120 cm. An exam-
ple for one period of the received signal is shown in Fig. 4.5 (upper). The reflected
signal is located at around 8.8 ns. In this example, the reflected signal can be still rec-
ognized easily. Fig. 4.5 (lower), shows the tracking results of the moving metal plate
from both methods (particle filtering and maximum tracking). The tracking results
fit well with each other and the small movement of 5 mm was estimated correctly.
We can see that the particle filtering is more robust. This improvement comes from
the fact that the movement model incorporates the temporal correlation of the change
of the channel delays in different time steps. The conventional method does not use
this information and the results can change rapidly. The particle filtering needs some
iterations to converge to the correct estimate.
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Figure 4.5: Received signal with target distance ≈ 120 cm and tracking result for tar-
get distance ≈ 120 cm from conventional maximum tracking and particle
filtering.

Target Distance 120 cm with Additional Noise

We consider the case where the noise is strong and the peak of the signal cannot be
easily identified. To reduce the SNR of the signal, Gaussian noise was added to the
measurement data of the previous part, so that the SNR was approximately 0 dB. An
example for one period of the received signal zk is shown in Fig. 4.6 (upper). The
target signal is not clearly visible any more and the peak value is disturbed strongly
by noise. The tracking results are shown in Fig. 4.6 (lower). The conventional method
does not work because the main peak of the cross-correlation is now comparable to
the secondary peaks. The tracking results from the conventional method rapidly
jump from one peak of correlation function to the other. The particle filtering still
gives good estimates, because it does not consider only the maximum point in the
target signal but the waveform as a whole. The movement model also plays a role in
this improvement because the estimated delay cannot be changed too rapidly.
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Figure 4.6: Received signal with target distance ≈ 120 cm with additional noise and
tracking result for target signal ≈ 120 cm with additional noise from con-
ventional maximum tracking and particle filtering.

Target Distance 90 cm

Now we consider the tracking of the reflected signal for the moving metal plate at a
distance of 90 cm. An example of a received signal is shown in Fig. 4.7 (upper). We
can see that the reflected signal is coincided with the ringing of the direct coupling
signal. In this case, the amplitudes of the target signal and the ringing are comparable.
It is not easy to distinguish between these two signals any more. This is the same
situation as in radar where we have cluttering. It can cause a bias to the estimation.
A comparison of the tracking results from maximum tracking and particle filtering
is shown in Fig. 4.7 (lower). We can see that the maximum tracking performs very
badly because of the bias. The tracking results from particle filtering are very good.
The use of the multipath propagation model eliminates the error bias given by the
clutter (direct coupling).
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Figure 4.7: Received signal with target distance ≈ 90 cm and tracking result for tar-
get distance ≈ 90 cm from conventional maximum tracking and particle
filtering.

Additional Remarks

The drawback of the particle filtering is mainly its complexity. Our system model
is relatively simple and this drawback is not so serious. For vital sign detection or
small-scale localization, the model given in this paper is sufficient. Using particle
filtering in parallel with conventional methods and exchanging information between
them could also help reducing the complexity. The complexity of the method can
be adjusted by the constraints given to the model. With more complexity, we could
improve the results for the delay tracking especially for low SNR. The amplitude
vector was estimated directly from the received signal. The approximation of the αk
in (4.14) is likely to be inaccurate when the measurement vector zk is noisy. It is also
possible to keep this amplitude vector as an additional unknown part in the state
vector xk.

The system model in this work considers a fixed 2-path channel model. The algo-
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rithm can also cope with the case of more multipath components and more dynamic
scenarios with changing in the number of paths as in [108]. Moreover, the example of
cluttering here was stationary, but the method can also work with dynamic cluttering
without additional modification.

Additionally, we would like to thank Dr. Bernd Schleicher and Dayang Lin from
Institute of Electron Devices and Circuits, University of Ulm and Dr. Mario Leib from
Institute of Microwave Techniques, University of Ulm for providing us the measure-
ment setup for the experiments in this section.

4.2 Compressed Sensing

One of the major challenges for the UWB impulse technology is to bring (sample) the
analog UWB signals into the digital domain. The Nyquist-Shannon sampling theorem
state that the sampling frequency has to be twice of the cut-off frequency or the signal
bandwidth in order to perfectly reconstruct the analog signal [109]. Simple analog-to-
digital conversion (ADC) is not feasible for UWB systems because of their large band-
width. The power consumption for such high sampling frequency is too demanding
for any practical realizations. Therefore, digital signal processing techniques such as
noise averaging is not easy to perform. A big part of the total signal processing shall
be done in the analog domain before doing ADC with lower sampling rates. A prac-
tical solution to acquire the UWB signals is to perform the equivalent-time samples,
which was introduced in Sec. 2.9.2. The samples are collected over several repetitive
UWB signals to combine as one period of UWB signal in the equivalent-time domain.
Since UWB systems are usually operated with low duty cycle, the signal exists only
in a short period of time. In other words, the UWB signals are relatively ’sparse’ in
time domain. We can say that the conventional sampling approach is very wasteful
because most of the samples are just noise.

In recent years, many interests were drawn to compressed sensing [110]. It is a
concept where unknown signal can be acquired with less measurements (samples)
than the sampling theorem requires. The main conditions are that the unknown signal
must have a ’sparse’ representation in some domain and that the set of signals used
for measuring is ’incoherent’ with respect to the unknown signal. We can see that this
fits quite well to the UWB systems with low duty cycle.

For conventional sampling, the measurements (samples) were performed in time
domain. The sampling process can be generalized as scalar products between the
unknown signal and measurement signals. Time-shifted Dirac-delta impulse signals
are used as the measurement signals for the conventional sampling method. As men-

110



4.2 Compressed Sensing

tioned above, for this approach, most of the samples give no additional information
when the unknown signal is sparse in time domain. For compressed sensing, the mea-
surement signals are random signals, e.g. Gaussian noise and Walsh-Hadamard func-
tions. Every measurement (sample) contains some information about the unknown
signal. The reconstruction process is more complicated for compressed sensing but
the number of samples can be much less than the conventional approach.

There have been some studies about applying compressed sensing to UWB systems
for several purposes, e.g. channel estimation [111,112] and communication [113,114].
In this work, compressed sensing will be used in the scope of channel estimation.
Two scenarios are considered. The first one is to use it for acquiring (sampling) sig-
nal. The second is to apply it in the post processing to achieve super-resolution. We
first look at the performance in simulated scenarios, i.e. ideal channel, AWGN chan-
nel and multipath propagation channel. The algorithm is then verified by two dif-
ferent measurement setups, which aim to perform a localization of an active device
inside a lossy medium and a high resolution imaging of an unknown object. The main
objective is to estimate the propagation delay of multipath components from highly
attenuated and strongly interfered UWB received signals. The attenuation is caused
by the wave propagation through a lossy medium and the interference can caused
by multi-scattering of an object with complex-shape. Applying compressed sensing
directly to these types of signals is a challenging task because both signal and noise
are reconstructed at the same time. Our results show that with a proper setting, we
can cope with these problems to some degree.

4.2.1 Fundamentals

Sampling, as we know, is to take a measurement of an analog signal at one time
instant. The process can be explained mathematically as a scalar product between
the analog signal and a dirac impulse signal. The dirac impulse signal is considered
as the sampling function. It is obvious that this method does not suitable for signals
which are sparse in time domain. The idea of compressed sensing is to choose a
more suitable sampling function for the sparse signal case. As a generalization of the
conventional sampling, the acquisition of an unknown signal z(t) can be described
by taking measurements with more general sampling functions ak(t). This means to
calculate the following scalar product:

yk =

∞∫
−∞

ak(t)z(t)dt, (4.17)
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where yk are the samples, and the scalar product will also be termed ’measurement’.
In general, ak(t) span a subspace of the signal space containing z(t).

For conventional sampling, the ak(t) is a time-shifted dirac impulse signal δk(t).
Several samples are combined and the analog signal z(t) is ’reconstructed’. Inter-
polation is very simple and sufficient for reconstructing the signal. For compressed
sensing, the measurement is done in a different way. A simple yet most effective
approach is by using random signals, such as noise or predefined PN sequence , as
measurement signals ak(t). Unlike conventional sampling, the samples do not re-
semble the original signal at all. Every sample contains some information about the
original signal in contrast to the conventional case where no useful information in
samples is possible.

Compressed sensing can lead to a much less number of samples but required more
complex reconstruction operator to extract the information from the samples. Roughly
speaking, there is a trade off between the number of samples and the complexity in
the signal reconstruction. The reconstruction techniques for compressed sensing will
be discussed in more details later in the next section. An illustration of conventional
sampling and compressed sensing is illustrated in Fig. 4.8.

In the following, we consider a discrete-time representation of (4.17). By taking K
measurements, we can write the whole sampling process as

y = Az, (4.18)

where y = [y1, y2, · · · , yK ]T is a Kx1 vector containing the samples and A is a KxN
measurement matrix with a discrete-time representation of ak(t) in its rows ak. z is a
Nx1 vector which represents z(t) with N samples. For comparison, N is the amount of
samples required to satisfy the Nyquist-Shannon sampling theorem of z(t). In order
to acquire full knowledge of z from y and A, K ≥ N is required. If K < N, the system
of equations is underdetermined and the solution for z is not unique. An illustration
of the discrete-time representation in (4.18) for the conventional sampling and com-
pressed sensing is shown in Fig. 4.9. The measurement matrix A for the conventional
sampling is an identity matrix that represent the time-shifted dirac functions.
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Figure 4.8: Comparison between the conventional sampling and the compressed
sensing reconstruction.
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Figure 4.9: Illustration of the discrete-time signal model of the conventional sampling
(upper) and the compressed sensing (lower).
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Dictionary of Basis

One important thing in compressed sensing is that the sparsity of the considered sig-
nals z is not limited only to the time domain. It is sufficient for the sparse recovery
that the signal z can be represented in some domain that is sparse. Given that z = Bx
we can rewrite the system equation in (4.18) as

y = Az = ABx = Dx, (4.19)

where x is a vector that can represent z in a sparse domain and B is a NxN matrix
so called ’dictionary of basis’ which represents a linear transformation between z and
x. D = AB is called an effective measurement matrix. The dictionary can be either
achieved through machine learning or predefined, e.g. a Fourier transform, Walsh-
Hadamard transform or convolution matrix. If z is already in the sparse domain, the
dictionary of basis B can be simply represented by an identity matrix. The recovery
of x with the knowledge of y, A and B would lead to the solution of z. In Fig. 4.10, a
linear transformation with Walsh-Hadamard transformation matrix is illustrated. We
can see that z, which is not sparse at all in time domain, can be represent by a sparse
vector x through the Walsh-Hadamard transformation.

z 

= 

N x 1 N x 1 N x N 

Time domain signal 

(Not sparse) 

x B 

Walsh-Hadamard transform 

domain (Sparse) 

Dictionary of basis 

(Inverse Walsh-Hadamard transform matrix) 

1 -1 0 

Figure 4.10: Matrix representation of the Walsh-Hadamard dictionary of basis.
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An example of compressed sensing reconstruction through the Walsh-Hadamard
dictionary is shown in Fig. 4.11. We consider a signal z , which is ’dense’ in time
domain. Assuming that the number of required samples in time domain for this sig-
nal is N = 256, and it can be represented in Walsh-Hadamard transform domain with
four coefficients. The measurements are performed by randomly sampling the signal
30 times (K = 30) which is less than the required samples for conventional sampling.
In other words, the measurement matrix A is formed by randomly selecting 30 rows
from an identity matrix with size NxN. As a result, the effective measurement ma-
trix D is constructed by the corresponding rows of B. The original signal in Walsh-
Hadamard domain can be reconstructed perfectly and the time domain signal can be
recovered with simple inverse Walsh-Hadamard transformation.

Figure 4.11: Example of the sparse reconstruction through the Walsh-Hadamard dic-
tionary of basis. The time domain signal is randomly sampled (top), the
signal is first recovered in the sparse domain (middle). The reconstructed
time domain signal (bottom) can be calculated through the inverse Walsh-
Hadamard transformation.
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Quality of Measurement Matrix for Sparse Recovery

In addition to the basic requirement that the unknown signal shall be sparse in some
domain, the measurement functions in the matrix A shall also be ’incoherent’ to the
dictionary of basis B of the sparse domain. The mutual coherence between the mea-
surement matrix A and the dictionary of basis B is a parameter widely used for iden-
tifying the quality of the measurement matrix A for sparse recovery of the signal x.
The mutual coherence between A and B can be calculated as

µ(A, B) = max
16k,j6N

|(aT
k , b́j)|

‖aT
k‖2‖b́j‖2

(4.20)

where ak represents the k-th row of A, and b́j is the j-th column of B. ‖.‖2 is the 2-
norm. The mutual coherence is the maximum absolute value of the cross-correlations
between the rows of A and the columns of B. Low mutual coherence means that the
sample functions are dense in the sparse domain. This ensures that there is always
some information about the sparse signal x in every sample. In general, random
sampling functions, such as Gaussian matrices and Bernoulli matrices (±1 with an
equal probability), have low mutual coherence to any fixed basis with high proba-
bility [110]. Therefore, they are good sample functions for sparse signal reconstruc-
tion. On the other end, an example of the high mutual coherence case is for the con-
ventional sampling matrix and time-domain sparse signals. A is part of an identity
matrix, and the mutual coherence between A and B, which is an identity matrix, is
maximized. As a result, it is clear that the conventional sampling is not well-suited
for time-domain sparse signals.

4.2.2 Reconstruction Algorithms

In general, the most common approach to solve the system equation in (4.19) is to use
the method of frame (also known as L2 minimization) [115]. It is the simplest method
but not well-suited for the sparse signal recovery since the recovered signal would
almost never be sparse. We now look at the sparse signal reconstruction methods
in compressed sensing. The optimal solution for the sparse signal recovery in (4.19)
shall be achieved through the so-called ”L0-minimization”, which can be written as

min
x
‖x‖0 subject to y = Dx, (4.21)

where ‖.‖0 is 0-norm or the number of non-zero element in the vector. The fundamen-
tal problem of the L0-minimization is that it is a NP-hard problem, therefore it is not
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straight-forward to find the solution [110]. In general, there are two common meth-
ods for coping with this problem. The first one is called convex relaxation, e.g. basis
pursuit (BP) proposed in [116]. The basic idea is to substitute the L0-minimization
problem by convex L1-minimization. Another method is to use greedy algorithms,
e.g. matching pursuit (MP) proposed in [117, 118]. They are iterative algorithms that
build a sparse solution by selecting non-zero elements (atoms) in a greedy way one
at a time or in groups. The two methods determine the sparse solution in a different
way. We can say that BP solves the problem in a top-down manner, while the MP
constructs the solution bottom-up. The initial solution vector for BP is at least M-
sparse (M non-zero elements), while OMP starts with an empty solution vector. The
solution from BP can be regards as the global solution of the convex relaxation, while
this could not be guaranteed by MP [116]. The advantage of the algorithms based
on the MP is their lower computation complexity. In general, a trade-off between the
complexity and the performance has to be made.

Basis Pursuit

The principle idea of the basis pursuit is to use the L1-minimization instead of the L0-
minimization to find the sparse solution of underdetermined systems. The solution
for the L1-minimization is the same as L0-minimization under certain conditions, but
L1-minimization is a convex problem and can be solved by simple linear program-
ming [116]. The L1-minimization can be expressed as

min
x
‖x‖1 subject to y = Dx (4.22)

where ‖x‖1 = ∑N
n=1 |xn|. A geometrical visualization of the L2-minimization and L1-

minimization for a two-dimensional problem is shown in Fig. 4.12. There exist many
solutions for the underdetermined system (K < N), and they can be represented
by a line in the two-dimensional plane. The solution for the L2-minimization is the
point on the line that has the smallest distance from the origin, and the process can
be visualized by a circle expansion. The solution of the L2-minimization is the point
(x1,x2) where the circle intersects with the line. On the other hand, an expansion of a
diamond shape is considered for the L1-minimization. We can see that the solution of
the L1-minimization would always include zero, i.e. (x1,0) or (0,x2), as the intersection
is always at the corner of the diamond.

There are many criterions describing the condition for the perfect sparse recovery
with L1-minimization, e.g. restricted isometry property (RIP), exact reconstruction
principle (ERP) and uniform uncertainty principle (UUP) [119–122]. The basic idea is
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x #1 = argminx:Dx=y ||x||1  x #2 = argminx:Dx=y ||x||2  y=Dx  

x1 
 

x2 
 

x1 
 

x2 
 

Figure 4.12: Illustration of a 2-dimensional underdetermined system with the solu-
tions from the L2-minimization (left) and the L1-minimization (right)

that the columns in D shall be almost orthogonal to each others. The system model
in (4.19) suggests that a N-dimensional vector is mapped (projected) into a smaller
K-dimensional vector. We can also say that the n-th element of x is mapped into a
subspace spanned by the corresponding column of D. Each element shall be mapped
into different subspaces in order to be separated again in the reconstruction process.
If the subspaces are highly correlated, we can say that the geometry of the new vector
space is bad for the sparse reconstruction. Conveniently, it is well-known that ran-
dom matrices, such as Gaussian matrices and Bernoulli matrices, can guarantee the
successful recovery with high probability if the number of measurement K is large
enough [121, 122].

We now look at the case where y is noisy, i.e. y = Dx + n, where n is a Kx1
noise vector. The direct application of basis pursuit to this noisy signal would give a
problem in sparse signal reconstruction, since the algorithm would try to reconstruct
both the signal and the noise together. Some constraints have to be added in the
recovery process to suppress the noise. An extension of BP to deal with this problem
is called basis pursuit denoise (BPDN), which can be described as

min
x

1
2
‖y−Dx‖2

2 + λ‖x‖1, (4.23)

where λ is regularization parameter that control the balance between the sparsity and
the noise matching of the solution vector. Small value of λ would lead to a solution
with more non-zero entries, but the difference between Dx and y is smaller. The
solution from larger value of λ is more sparse but less fit to y, which is the wanted
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signal plus noise. In general, the value of λ shall be selected according to the SNR.
In [116], it was suggested that the λ value can be calculated as λp = 2log(p)σ, where p
is the cardinality of a normalized dictionary D and σ is the standard deviation of the
noise.

Orthogonal Matching Pursuit

Greedy algorithms based on matching pursuit (MP) are widely considered for the
compressed sensing reconstruction because of their low complexity. The MP was
initially proposed for a signal decomposition purpose in [117]. The basic assumption
of the MP method is that the columns of the effective measurement matrix D are
incoherent to each other. We can see from Fig. 4.9 (lower) that if the signal vector z
is sparse, y is actually a summation of some column vectors from A with the non-
zero elements from z as their weighting factors. Notice that z is already in the sparse
domain for this example, i.e. D = A and x = z. We consider (4.19) as the basic system
model for consistency. Given that only x2, x3 are non-zero elements in x. We have
y = x2d́2 + x3d́3, where d́n is the n-th column of D. This characteristic is the key idea
in the MP algorithm to construct the sparse solution. The MP algorithm is an iterative
process. It starts the process by introducing two vectors, i.e. a solution vector x̂0 and
a residual vector r0. The first iteration of the MP algorithm is illustrated in Fig.4.13.

In the first iteration, the solution vector x̂0 is empty, i.e. all elements are zero, and
the residual vector r0 is y. The algorithm searches for the column that has the highest
coherence to the current residual vector r0. The index of this column is then used
for adding a new element to the solution vector x̂0. The scalar product between that
column and the current residual r0 is used as the coefficient for the new element.
The solution vector is updated with the new element, and it is now x̂1. The residual
vector r0 is then updated to r1 by subtracting the column with highest coherence.
The process is then iteratively repeated and the number of non-zero elements in the
solution vector depends on the number of iterations. Orthogonal matching pursuit
(OMP) is the most popular variant of MP. The main difference to the basic MP is that
all of the coefficients in the solution vector are updated in every iteration by solving
the least-squares problem.
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Figure 4.13: Illustration for the first iteration of the matching pursuit algorithm.
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4.2.3 Compressed Sensing for UWB Ranging Systems

In this work, compressed sensing is considered for two purposes. The first one is to
use it for the analog-to-digital conversion (compressive sampling) at the receiver, and
the second is to use it in the post-processing as a super-resolution radar algorithm to
extract multipath components in dense multipath propagation channels. The UWB
transmit signal s(t) is the periodic repeated UWB impulse signal p(t) as in (4.9). The
UWB transmit signal s(t) is considered as analogue of symbol waveforms for a digital
transmission, the period Ts is also called the symbol period. The channel impulse
response hk(t) is a tapped delay line multipath channel model for k-th symbol as in
(4.10). The received signal g(t) is then given as

g(t) =
∞

∑
k=−∞

gk(t− kTs) =
∞

∑
k=−∞

hp,k(t− kTs) + n(t), (4.24)

where hp,k(t) is the effective channel impulse response, which is a convolution be-
tween the k-th symbol transmitted impulse and the channel impulse response, i.e.
hp,k(t) = p(t− kTs) ∗ hk(t). The additive white Gaussian noise n(t) shall model the
noise of the low noise amplifier (LNA) in the receiver. gk(t) is a symbol-based re-
ceived signal. A schematic block diagram of the proposed UWB receiver for signal
acquisition is shown in Fig. 4.14.

∫ 

ak(t) 

gk(t) yk 
Signal 

Processor 
LNA 

kTs 

Figure 4.14: Basic receiver structure for signal acquisition with compressed sensing.

ak(t) is a sequence of rectangular impulses weighted by Bernoulli matrices (±1 with
equal probability), and total duration Ts. This measurement function is different in
every interval Ts. The width of the rectangular impulses determines resolution of the
acquisition. The use of this ak(t) can lead to low complexity for the implementation of
the receiver. Because the weighting factor is either 1 or -1, the signal can be generated
by a 1-bit digital-to-analog converter together with shift register circuit generating the
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sequence of binary weights. Every symbol interval we get one measurement value yk
by integrate and dump, which forms the scalar product between gk(t) and the sample
functions:

yk = (ak(t), gk(t)). (4.25)

Every K symbol interval, the signal processor performs one signal reconstruction.
The effective channel impulse response hp,k(t) is assumed to be unchanged within
these intervals. The measurement is performed serially rather than parallel leading
to lower power consumption, and it can be represented by hp(t). The noise in each
sample is different, and this will give advantage later in noisy cases. The reconstruc-
tion model for the interval of duration KTs can be written in discrete form as

y = Ag = Ahp + nA, (4.26)

where y = [y1, y2, · · · , yK ]
T is a Kx1 vector. A is a KxN matrix with ak as rows

being a discrete-time representation of ak(t). hp is a Nx1 vector which represents
hp(t) in discrete-time with N samples. nA = [n1, n2, ..., nK ]

T is the noise vector where
nk = (ak(t), nk(t)). Given that the width of the rectangular impulses in ak(t) is Tr,
we have N = Ts/Tr. We can clearly see the similarity between our signal model (4.26)
and the compressed sensing system model in (4.19). For the super-resolution radar
algorithm purpose, we assume that g is acquired by the equivalent-time sampling
method and (4.26) can be directly performed in the digital domain.

To improve the sparsity of our signal model, we can introduce a dictionary matrix
P which has the UWB impulse shape as the basis. This is similar to ’signal recon-
struction using multipath diversity’ introduced in [111]. We can rewrite our system
equation as

y = APh + nA, (4.27)

where P is a Toeplitz matrix used for representing the convolution of p(t) ∗ h(t) in
discrete-time. It consists of shifted versions of samples of p(t). h is a Nx1 vector that
is a discrete-time representation of h(t) and hp = Ph. Fig. 4.15 gives an illustration of
(4.26) and (4.27) for an ideal channel. The compressed sensing theory is used at the
receiver for calculating h from the measurement samples y for given P and A.
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Figure 4.15: Illustration of the discrete-time signal model for UWB signal without dic-
tionary (upper) and with impulse shape dictionary (lower).
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4.2.4 Simulation Results from Simulated Channels

We look at the performance of the UWB signal reconstruction with compressed sens-
ing in three scenarios: ideal channel, AWGN channel and multipath propagation
channel. We use MATLAB for simulations and for BP and OMP, we use the imple-
mentation of toolbox from SparseLab [123].

Ideal Channel

First, we demonstrate the importance of the dictionary P in (4.27) for the UWB signal
reconstruction. The channel is an ideal channel, and therefore, nA = 0. The symbol
interval Ts is 5 ns and the number of samples per period N = 512. p(t) is the 5-th
derivative Gaussian impulse with σ = 51 ps.

We first look at an example of the reconstruction of an ideal received signal with
and without impulse shape dictionary P. In this example, the signal vector hp is
directly reconstructed according to (4.26) by BP with K = 80 for the case without dic-
tionary. On the other hand, p is reconstructed by BP with K = 40 as in (4.27) for the
case with dictionary, and hp can be calculated from that result. The UWB signals are
relatively sparse but, for this example, including the impulse shape dictionary can
reduce the number of non-zero elements from M = 59 to M = 1. The original and
the recovered signals are shown in Fig. 4.16. We can see that perfect reconstruction
from less number of measurements is possible with the inclusion of the impulse shape
dictionary. The reconstruction signal without dictionary does resemple the original
signal but it requires more measurements to give a perfect result.

We now consider results from BP and OMP as a function of the number of mea-
surement (sample) K. The reconstruction h̃p of the signal vector hp is considered suc-
cessful if the reconstruction error is less than 1 percent of the original signal energy,

i.e. (‖hp−h̃p‖2
2)

(‖hp‖2
2)

< 0.01. The results are shown in Fig. 4.17. We can clearly see the big

improvement achieved by introducing the dictionary. The number of measurements
required to achieve successful reconstruction with 95 percent success probability are
K = 45, 55 for BP and OMP with dictionary, and K = 225, 120 for BP and OMP without
dictionary.

From this point on, only the reconstruction with the dictionary matrix P will be
considered. Moreover, the dictionary P acts similar to an impulse-shape filter which
will be a very important part to deal with noisy signals in following scenarios.
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Figure 4.16: Received signal without noise and comparison between the recon-
structed signal without dictionary (BP, K = 80) and with dictionary P (BP,
K = 40).

Figure 4.17: Probability of successful reconstruction without dictionary(solid) and
with dictionary (dash) for BP (red) and OMP (black).
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AWGN Channel

Dealing with noisy signals is a challenging task for compressed sensing. We can see
in (4.26) that the algorithm would try to solve for the solution of g which consists of
signal hp and noise n . Some constraints have to be added in order to reconstruct
only the signal and suppress the noise. One method to cope with this problem is to
use the BPDN in (4.23). The challenges for BPDN are the selection of the regularized
parameter λ and the computation time of BP in general. Alternatively, we can use
OMP with a very limited number of iteration for the reconstruction. Each iteration in
this algorithm, one path (atom) is added to the reconstructed signal. We can choose
the number of iterations according to the expected number of paths.

Although the principle idea of using compressed sensing is to have K � N, we
suggest that in the very low SNR scenario it is good to increase the number of mea-
surements to average out the noise. The measurements are performed serially and
the noise for each measurement is different. We can say that the in this case com-
pressed sensing is used as a noise averaging algorithm. With increasing N, the length
of the noise vectors nA in (4.27) grows. This gives the algorithm more knowledge
about UWB signal and noise. As a result, the reconstruction of an UWB signal can
be perfect even for a very noisy input signal. As mentioned above, the number of
measurement K shall be large for the low SNR case (possibly K > N), OMP is the
preferred method for the signal reconstruction because of its low complexity. BPDN
could be too slow for any practical implementation in this scenario.

We consider an example of UWB signal with SNR = 0 dB, N=512. The recovery
algorithms are OMP with one iteration and BPDN with λ = λp, 0.1λp. The number of
measurement K is 200. The results are shown in Fig. 4.18. In this example, we can see
that the reconstructed signal from OMP is perfect. BPDN with λ = λp suppress the
noise very well but also suppress the UWB signal, as we can see from the amplitude
of the reconstructed signal. The reconstructed signal is not as sparse when the λ get
smaller, as shown in the result of BPDN λ = 0.1λp, but the UWB is not suppressed as
much.

In the following, we consider the performance of OMP with one iteration for AWGN
with different SNR ranging from -20 dB to 10 dB. The probability of successful recon-
struction for different number of measurements K is shown in Fig. 4.19. We can see
that it is possible to recover a signal hp in a very low SNR scenario by increasing the
number of measurement K.

In practice, there is a limit in the amount of measurements we can perform to make
one reconstruction. This depends very much on the assumption that the channel has
to be time-invariant within the reconstruction period KTs. It has to be noted that, for
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Figure 4.18: Received signal with SNR = 0 dB(top) and reconstructed signals from dif-
ferent reconstruction methods with K=200.

large number of K, the sample functions can be repeated. It has been shown in the
ideal case that K = 55 is enough to determine the UWB signal in the sparse domain.
This set of sample functions can be repeated several times just for the noise averaging
purpose. This means that a measurement matrix with K > 55 can be constructed by
repeating rows from a measurement matrix with K = 55. This gives advantage in the
practical implementation aspect, because the sample functions have to be known at
the receiver for the reconstruction. The limited number of sample functions can be
helpful in terms of required memory.
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Figure 4.19: Probability of successful reconstruction using OMP with different num-
ber of measurements for different SNR.
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Multipath Propagation Channel

In this part we want to address a scenario with multipath propagation channel. Com-
pressed sensing is used as a super-resolution algorithm to extract the multipath com-
ponents of unresolvable UWB signals. We look at the performance of OMP and BP
in a deterministic 4-path propagation channel without noise. The period of the UWB
signal is 5 ns and the discrete-time representation has N = 1000. Therefore, the time
resolution of the signal is 5 ps (1.5 mm). In this example, there is one pair of unre-
solvable multipath components with a delay different of 5 ps. The number of mea-
surements K is 200 for both methods. The reconstructed effective channel impulse
response hp and the extract multipath delay profile h from OMP and NP are shown
in Fig. 4.20.

Figure 4.20: Comparison between the original multipath propagation signal and the
recovered signals from BP and OMP (top). Recovered multipath delay
profile from OMP (middle) and BP (bottom) compared to the original
channel impulse response.
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We can see that only the BP can extract the multipath delay profile h perfectly.
OMP has no problem with extracting the resolvable paths, but it gave completely
wrong result for the unresolvable pair. The two unresolvable paths were interpreted
as only one single path for OMP. This problem comes from the way the OMP algo-
rithm approaches the sparse recovery problem. As mentioned before, the algorithm
builds the solution vector in the bottom-up manner. By adding the path one by one,
the bias from the unresolvable paths is unavoidable. In order to solve this problem,
some modification in the algorithm has to be done, i.e. add several paths (atoms)
simultaneously. Interestingly, both algorithms estimate the effective channel impulse
response hp perfectly. It is possible to use the OMP in applications where only the
effective channel impulse response hp is needed. For example, we can implement a
twofold operation where OMP is used for the ADC (because it is faster), and BP is
used later in the post-process to extract the MDP.

4.2.5 Simulation Results from Measurement Data

We now look at the performance of the reconstruction of UWB signals with com-
pressed sensing from two measurement scenarios. The data is collected by equivalent-
time sampling and the compressed sensing is used for the post-process. The first
scenario is a UWB ranging system with one-way TOA, i.e. estimating the distance
between a transmitter and a receiver. The compressed sensing is used for extracting
the propagation delay of the signal in a noisy scenario. The background application
is the localization of an active beacon transmitter that is located deep inside a lossy
medium (e.g. a human body). The second scenario is a UWB ranging system with
two-way TOA, i.e. estimating distance between a transceiver and a reflector. The
compressed sensing is used for extracting the propagation delays of multi-scattering
of an object with complex-shape from different angles. The estimated delays are used
for the imaging of the object.

Localization of Active Beacon Transmitter

The motivation for this measurement setup is the scenario where a beacon transmit-
ter inside a human body (interventional devices, e.g. a catheter tip) transmits a train
of UWB impulses for the localization purpose. An array of transmitting/receiving
antennas around the human body can be used for the estimation of the transmitter
location, as illustrated in Fig.4.21 (a). The operation is twofold. The surface is first
estimated from back-scattered signals of the transceivers, and then the transmitter
inside of the body starts sending impulses to the receive antennas. The propaga-
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tion delays are estimated and combined for the localization. We focus on the second
operation, i.e. the transmitter position estimation, and assume that the surface is es-
timated correctly. The signal can be highly attenuated and the UWB impulse shape
can be linearly distorted.

In this work, the body was modeled by a sugar-water solution with dielectric con-
stant εR = 30 which resembles a human body. The surface is flat and the array of
receiving antennas was emulated by using one antenna moving along the x-axis. The
measurements were performed 51 times from different positions, and this results in a
setting equivalent to having an array of 51 antennas. The illustration of the measure-
ment setup is shown in Fig.4.21 (b). Further details on the measurement setup can be
read from [124].

Transmitter 

Transceivers 

TX/RX 
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/R
X
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Transceivers 

Medium 

Air 

(b)

Figure 4.21: Illustration of (a) A setup for the localization of a beacon transmitter in-
side a human body using an array of transceivers (b) Measurement setup
for the localization of a beacon transmitter inside a lossy dielectric media.

The experiment was performed with the depth of the transmitter approximately
2.5 cm from the surface. The received signal was acquired with the equivalent-time
sampling principle with an impulse correlator, as shown in Fig. 2.26. The number of
samples per period for this experiment is N = 1832. The dictionary P is constructed
from a measurement which was less noisy but the distance in the liquid was smaller.
Therefore the results discussed here are in a certain way sub-optimum. The SNR of
the received signals range from -11 dB to -5 dB. An example of a signal from receiving
antenna number 25 with SNR ≈ -7 dB is shown in Fig. 4.22.
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Figure 4.22: Received signal at antenna number 25 with SNR = -7 dB.

We can see that the signal is heavily disturbed by noise. A conventional method
is to find the maximum of the received signal. For compressed sensing, we consider
OMP with 1 iteration and K = 400. The results of distance estimations for each antenna
are shown in Fig. 4.23 (a). For comparison, the results of the conventional method
for distance estimation are also shown. It is clear that the results from compressed
sensing are far superior to the conventional method. The estimated distances are then
used to find the exact position of the transmitter using the algorithm from [124]. The
localization result is shown in Fig. 4.23 (b). We can see that the estimated position is
approximately 2.5 cm from the surface which corresponds to the measurement setup.

It can be argued that the result from conventional methods can be improved by
filtering out the noise (smoothing) but still even after this the distance estimation
contains big errors for low SNR received signal i.e. for antenna number 1-10. On
the other hand the reconstruction with compressed sensing could additionally also
benefit from such techniques resulting in a lower number of random samples.

Additionally, we would like to thank Michael Mirbach from Institute of Microwave
Techniques, University of Ulm for providing us the measurement data and the local-
ization result.
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(a)

(b)

Figure 4.23: (a) The estimated distances for different positions by conventional
method and compressed sensing. (b) The estimated location of the trans-
mitter calculated by the estimated distances.
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Imaging of an Unknown Object

The objective of the second measurement setup is to verify the use of compressed
sensing as a super-resolution imaging algorithm. We have seen from the earlier result
that the BP algorithm can efficiently extract the multipath delay profile in a dense
multipath environment. In this experiment, the shape of an unknown metal object is
estimated from backscatter (reflected) signals from different angles. The m-sequence
UWB radar system from [125] was used for this measurement. The measurements
were performed by one fixed-position UWB transceiver, and the metal object is placed
on a rotatable platform with a distance of 1 m. The platform is rotated with a 1 degree
grid and the measurements were performed 360 times. The measurement setup is
illustrated in Fig. 4.24. Two metal objects are investigated, and their cross-section are
shown in Fig. 4.25. More details on the measurement setup can be found in [126,127].

TX/RX 

UWB radar transceiver 

• The Object is placed 
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• Measurements are 

performed 360 times 

with one degree grid Object 

Figure 4.24: Measurement setup for the UWB imaging system.

Object 1 Object 2 

6 cm 
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Figure 4.25: Cross-section of the two investigated metal objects.

Examples of the received signals from two different angles of the ’object 2’ are
shown in Fig. 4.26. The first example, in Fig. 4.26 (a), shows the received signal which
was reflected back from the flat surface. There are some visible interfering signals,
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i.e. ringing, but the target path can be clearly seen in this case. In Fig. 4.26 (b), the
received signal is reflected from the non-flat surface part. We can see that multiples
reflections are not resolvable and are very difficult to be distinguished.

(a) (b)

Figure 4.26: Example of received signals from ’object 2’ at (a) 260 degree (flat surface)
(b) 120 degree (non-flat surface).

For this measurement setup, the number of samples per period N is 1601. The
received signals are interfered by ringing, and therefore BPDN is considered to sup-
press the effect of the interference in the sparse reconstruction. Random sampling,
according to (4.26), was performed on the received signal with K = 100. The signal-
to-interference ratio is different for each measurement, and it is difficult to select an
optimum regularization parameter λ for each reconstruction. If λ is too high, some
of the wanted signals are suppressed along with the interference. On the other hand,
ringing would be included in the solution when the λ is too low, which gives a shad-
owing effect to the constructed image. The value of λ for our results is arbitrarily
selected to be 100 for all measurements. With this parameter setting, ringing was
included in some solutions. The mistaken paths are suppressed using a priori knowl-
edge that the measurements were perform in a horizental-horizental polarization, i.e.
all the reflected paths from the object have positive amplitude. From the solution
vectors of BPDN, only three strongest elements with positive amplitude are kept.
The multipath delay profiles extracted from all measurements are then used for the
shape estimation using the imaging algorithm from [128]. The normalized multipath
delay profile and the result from the imaging algorithm for both investigated objects
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are shown in Fig. 4.27 and Fig. 4.28. We can see that the estimated shapes match very
well with the actual shape of the objects from Fig. 4.25. Alternative delay extracting
algorithms applied to the same test objects can be found in [126, 127].

Figure 4.27: Estimated multipath delay profile of ’object 1’ from 360 measurements
(left). Constructed image of ’object 1’ from the estimated multipath delay
profile (right).
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4 Advanced Concepts for UWB Ranging Systems

Figure 4.28: Estimated multipath delay profile of ’object 2’ from 360 measurements
(left). Constructed image of ’object 2’ from the estimated multipath delay
profile (right).

Additionally, we would like to thank Rahmi Salman from Chair of Communication
Systems, Universität Duisburg-Essen for providing us the measurement data and the
results from imaging algorithm.
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4.3 Comb Filter Receiver for UWB Ranging Systems

As mentioned in the previous chapter, the comb filter based receiver can also be
used for improving the performance of UWB ranging systems. The benefits from
using the comb filter are similar to those for the communication systems, i.e. SNR
improvement, interference suppression and multiple users (sensor nodes) capability.
The comb filter output signal is a function of the effective channel impulse response
hp(t), as shown in (3.6). All of the ranging techniques discussed so far, i.e. impulse
correlation ,particle filtering and compressed sensing, can be directly applied to the
comb filter output signal. An overview of the comb filter based receiver structure for
different ranging methods is showed in Fig. 4.29.

Spreading      

sequence 

LNA 

Tc 

Delay element 

∫ 

(reset every symbol) 

Pulse  

Gen. 

∫ 

kTs 

Tc 

Random sampling 

Conventional 

Particle filter 

Compressed 

sensing 

kTs 

Equivalent-time sampling 

Figure 4.29: Block diagram of the comb filter based receiver structure for ranging
applications.

As an analogue of a DS-UWB waveform for a digital transmission, the impulse
period Tc is also called ’chip period’, and the ranging algorithms are applied every
’symbol period’ Ts = NTc. The spreading sequence multiplication at the transmitter
and the receiver can be omitted, if no interference, i.e. interchip/intersymbol interfer-
ence, multiuser interference and narrowband interference, are presence. We present
two types of signal acquisition techniques after the comb filter. The first one is the
equivalent-time sampling, as illustrated in Fig. 2.26. The equivalent-time samples
are performed by the impulse correlator, and they can be used for the conventional

139
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method (min./max. tracking), particle filtering and compressed sensing. For the com-
pressed sensing, the samples are used for post-processing, i.e. super-resolution radar
in Sec. 4.2.5. The second type of implementation is the random acquisition with com-
pressed sensing, as discussed in Sec. 4.2.3.

The ranging performance of the conventional impulse correlation based method
can be significantly improved through the SNR improvement from the comb filter. As
illustrated by the Ziv-Zakai performance bound in Fig. 2.24, there is a lower thresh-
old in which the performance of the conventional impulse correlator becomes signif-
icantly worse. In this scenario, the noise is large enough for the estimator to decide
on the wrong peaks in the impulse correlation function. In other words, the results
are largely biased. This effect was demonstrated in Sec. 4.1.4. We can see that the
performance for the conventional method are very good in Fig. 4.5. However, it be-
came much worse because of the bias when the SNR is decreased as shown in Fig. 4.6.
For particle filtering, the number of particles can be reduced because of the SNR im-
provement, and as a result the computational complexity is lower. Moreover, the
amplitude vector was estimated directly from the received signal in our setting, as
shown in (4.14), and the accuracy of this estimation depends largely on the SNR of
the received signal. Improving the SNR would result in better amplitude vector esti-
mations. In addition, delay estimations become more accurate. However, one should
be careful with the SNR improvement for the particle filtering. The algorithm does
not work properly under noise-less scenario, since the likelihood function becomes
too narrow. For the compressed sensing, the SNR affects directly the number of mea-
surements which is required for the perfect signal reconstructions as shown in Fig.
4.19.

In Sec. 3.3, we have shown that the effective channel impulse response hp(t) can
be partially extracted using the shortened delay comb filter. If the effective channel
impulse response hp(t) has a duration longer than Tc, the comb filter output signal is
a ’windowed’ version of the effective channel impulse response with time duration of
Tc. The position of the window can be adjusted by shifting the spreading sequence at
the receiver cyclically. In Sec. 3.3.2, the shifting was performed with a grid of Tc, but
arbitrary shifting is also possible. The windowing of the channel impulse response is
illustrated in Fig.4.30. The shortening of the chip period also give advantage in reduc-
ing the computational complexity for the advance ranging techniques. The length of
the incoming signal vector becomes smaller for the particle filtering in (4.13), and the
compressed sensing in (4.26). For the particle filtering, the number of particles can be
reduced because the search space is smaller. The computation time of the recovery
process in compressed sensing is reduced with the size of the incoming vector.
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Figure 4.30: Illustration of the effective channel impulse response windowing with
the shortened delay comb filter receiver.
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Chapter 5
Summary and Conclusion

In this thesis, the applications of UWB in communications and ranging are discussed.
Our main goal is to present novel solutions for problems in typical UWB systems.

The fundamentals of UWB were presented in Chapter 2. A brief overview of the
definition of UWB, signal models as well as typical UWB channel models were given.
UWB propagation channels have some unique characteristics compared to typical
propagation channels for narrowband systems. The multipath components are usu-
ally resolvable, and arrive at the receiver in groups (clusters). There are unresolvable
components that produce fading but not severe, i.e. no deep fades. Furthermore, we
also looked at basic modulation techniques and basic receiver structures. The UWB
receivers can be, in general, classified as methods based on correlation detection, e.g.
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channel matched filter receiver, impulse correlator and rake receiver, and methods
without channel knowledge, e.g. energy detector and autocorrelation receiver. More-
over, spread spectrum techniques, i.e. direct sequence and time hopping, for impulse
radio UWB are introduced. Finally, basic UWB ranging techniques were briefly dis-
cussed in Chapter 2. Impulse correlation is a widely used method for the distance es-
timation (ranging). We looked at its performance bounds, i.e. Cramer-Rao bound and
Ziv-Zakai bound, for the AWGN channel case to get a rough idea about achievable
accuracy for different SNR levels. The performance bounds suggested that the error
in the distance estimation from the conventional method can significantly increase
if the SNR is lower than a certain threshold. Moreover, analog-to-digital conversion
(sampling) cannot be performed with a reasonable power consumption for UWB sig-
nals because of their large bandwidth. Practical implementation techniques, i.e. the
equivalent-time sampling and the impulse sweeping method, were discussed. The
sampling was performed once every period on a repetitive UWB signal by a conven-
tional sampler and impulse correlator, respectively.

In Chapter 3, we first looked at the BER performance of the basic UWB receivers.
For AWGN channel with perfect synchronisation scenario, correlation based receivers
give the best performance. However, they are very sensitive against any small mis-
match, e.g. synchronization error and lack of complete channel knowledge. The en-
ergy detector shows a much more robustness for multipath propagation channels and
also for non-perfect synchronization scenarios. Despite of the robustness, there are
still several issues needed to be addressed. The main drawbacks are the performance
in the low SNR regime, the low multiple access capability, and its weak resistance
against narrowband interference. A comb filter based receiver was proposed, and
we have shown that the performance in all of these aspects can be significantly im-
proved. The receiver is designed for the detection of direct sequence UWB signals.
SNR improvement is achieved through the coherent combination performed at the
comb filter. With proper setting, the comb filter output signal is an effective chan-
nel impulse response, i.e. the UWB impulse convolved with the channel impulse
response with improved SNR. The SNR gain from the spread spectrum technique is
already achieved at this point. All of the basic detection methods, i.e. correlation
based detection, energy detection and autocorrelation detection, can be directly ap-
plied after the comb filter. With this approach, the energy detector can achieve a SNR
gain, which is not possible for conventional approach. The despreading is performed
before the comb filter, and the multiuser interference and narrowband interference are
suppressed at the comb filter. This allows the use of the energy detector for the direct
sequence UWB signal detection. We have also shown that the performance from the
chip-based correlation detection after the comb filter is the same as the conventional
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symbol-based correlation detection.
The main challenge for the comb filter implementation is the realization of the ana-

log delay element, the longer the delay the more difficult it is. The primary assump-
tion of the comb filter was that the delay has to be longer than the multipath prop-
agation of the channel. This condition was assumed to avoid the overlapping of the
effective channel impulse responses, i.e. interchip interference, at the receiver. The
performance can be largely degraded if interchip interference occurs, especially for
the pulse position modulation (PPM) technique. We have shown that, with an appro-
priate choice of the spreading sequence, the interchip interference can be suppressed
by the comb filter. Furthermore, different parts of the channel impulse response can
be selected by cyclically shifting the spreading sequence at the receiver. Then a comb
filter receiver based on a rake reception concept with several receiving branches was
possible. In comparison to the basic comb filter receiver, the total delay is the same but
each individual delay element is shortened. This leads to an easier implementation
while the BER performance remains nearly unchanged.

Additionally, we looked at a specific type of modulation technique, i.e. code refer-
ence ultrawideband (CR-UWB). The current state of the art for this modulation tech-
nique was discussed. We pointed out the weakness of the current detection method,
i.e. no SNR gain, low multiple access capability and weak resistance against narrow-
band interference. We have shown that the comb filter based receiver for this mod-
ulation technique can be easily constructed, and the BER performance is superior to
the conventional methods. Under certain conditions, i.e. time-invariant channel for
long periods and ideal comb filters, the performance of the comb filter based receiver
for CR-UWB detection without explicit channel estimation can reach the matched fil-
ter bound (correlation detection with channel knowledge). Moreover, the practical
implementation of the comb filter based receiver for CR-UWB is flexible. We have
proposed two types of practical implementations, i.e. resetting the comb filters after
several symbols and using attenuated comb filter as memory. All of the settings out-
performed the conventional methods. Another advantage for using the CR-UWB and
the comb filter based receiver is the scalability. Unlike in the conventional methods,
the data rate can be easily increased by multi-level modulation techniques for the data
encoding, e.g. 4ASK, and the threshold is easy to calculate because the detection is
based on correlation. The increase of data rate is not limited by the family size of the
spreading sequences, and the receiver structure remains unchanged.

In Chapter 4, we looked at the performance of UWB in ranging applications. We
first introduced two advanced methods from UWB ranging systems, i.e. particle fil-
tering and compressed sensing. Particle filtering implements a sequential Bayesian
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estimation by using Monte-Carlo methods. The estimations are performed based on
the posterior density, which is regarded as the complete solution to the estimation
problems, since all of the available statistical information is included in it. We veri-
fied the performance of the particle filtering approach in UWB ranging systems with
measurement data from a setup based on a breathing rate detection problem. We
have shown that particle filtering gave a much better estimation compared to the con-
ventional max./min. tracking in the low SNR scenario and unresolvable multipath
propagation channel scenario.

The second advanced ranging method is compressed sensing. For UWB systems,
analog-to-digital conversion is one of the most challenging tasks. Directly sampling
of UWB signals cannot be performed with reasonable power consumption because
of their large bandwidth. Compressed sensing acquires the analog signals with a
different approach. The samples were taken by random signals instead of Dirac im-
pulses. This sampling technique is well-suited for ’sparse’ signals, and impulse radio
UWB signals are relatively sparse. We have shown that, with proper setting, UWB
signals can be reconstructed in the digital domain with sub-Nyquist rate sampling
even for low SNR cases. Another use for compressed sensing in UWB ranging sys-
tems is for super-resolution radar applications. We have shown that unresolvable
multipath components can be precisely extracted by using compressed sensing in the
post-processing. The performance of compressed sensing is verified by measurement
data from two different setups. The first measurement setup is for the localization of
a transmitting beacon in a lossy media, and the second is for the imaging of an un-
known metal object. We have shown that the results from compressed sensing were
accurate and outperformed conventional methods.

Finally, the comb filter based receiver structure for ranging systems was discussed.
The integration of ranging techniques to the comb filter based receiver is straightfor-
ward. The channel impulse response is available at the comb filter output, therefore
all of the ranging techniques, i.e. conventional max./min. tracking, particle filtering
and compressed sensing, can be directly applied after the comb filter. We also dis-
cussed the shortened delay comb filter for ranging applications. We have shown that
the channel impulse response can be partially extracted, if the chip duration (impulse
period) was shorter than the channel impulse response duration. The comb filter out-
put is a windowed version of the channel impulse response with duration equal to the
chip period. The position of the window can be easily adjusted by cyclically shifting
the spreading sequence at the receiver.
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Appendix A
Shortened Delay Comb Filter Received Signal

In Sec. 3.3, we introduced the cyclic-prefix impulses in the UWB transmit symbol for
the case where the chip period is shorter than the duration of the channel impulse
response. This gives the possibility to describe each received symbol separately by a
cyclic convolution operation, as in (3.16). Based on the cyclic property, the received
symbol can be expressed in a chip-based form as in (3.21). In this appendix, we look at
the transition between (3.16) and (3.21) in more details. We first consider a DS-UWB
received symbol without the cyclic-prefix impulses. The cyclic property will be added
later. One symbol of the DS-UWB received signal for the i-th user can be written as
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A Shortened Delay Comb Filter Received Signal

gi(t) =

(
N−1

∑
n=0

ci,n p(t− nTc)

)
∗ h(t)

=

(
N−1

∑
n=0

ci,nδ(t− nTc)

)
∗ hp(t)

=

(
N−1

∑
n=0

ci,nδ(t− nTc)

)
∗

M−1

∑
m=0

ĥ(m)
p (t−mTc)

=
N−1

∑
n=0

M−1

∑
m=0

ci,n ĥ(m)
p (t−mTc − nTc),

(A.1)

where ci,n is the spreading sequence for the i-th user. Tc is the chip period and N is

the number of chips per symbol. ĥ(m)
p (t) is the chip-based effective channel impulse

response, as introduced in Fig. 3.17. The duration of the effective channel impulse
response is MTc. (A.1) can be alternatively expressed as

gi(t) =
M−2

∑
n=0

n

∑
m=0

ci,n−m ĥ(m)
p (t− nTc) +

N−1

∑
n=M−1

M−1

∑
m=0

ci,n−m ĥ(m)
p (t− nTc) + ...

... +
(N−1)+(M−1)

∑
n=N

M−1

∑
m=n−(N−1)

ci,n−m ĥ(m)
p (t− nTc).

(A.2)

The illustration of the relationship between (A.1) and (A.2) for N=6 and M=3 is
shown in Fig. A.1. From (A.2), we can see that gi(t) can be divided into three parts.

We now focus on the third part, i.e. ∑
(N−1)+(M−1)
n=N ∑M−1

m=n−(N−1) ci,n−m ĥ(m)
p (t− nTc).

This part is the intersymbol interference for the next received symbol. In general, sim-
ilar intersymbol interference from the previous received symbol will also be present
in the current received symbol interval. The cyclic-prefix impulses were introduced
to make this part of the received signal predictable. The duration of the intersymbol
interference is (M − 1)Tc, which is the same as the duration of the cyclic-prefix im-
pulses. The intersymbol interference would fall into the cyclic-prefix period, and does
not disturb the information part. The contribution from the cyclic-prefix impulses in
the current symbol can be described by time-shifting the third term by NTc, as illus-
trated by the dash boxes in Fig. A.1. We now want to consider only the information
part of the current received symbol, and the third term can be replaced by the contri-
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bution from the cyclic-prefix impulses. The information part of the current received
symbol has a duration of NTc, which can be written as

g(t) =
M−2

∑
n=0

n

∑
m=0

ci,n−m ĥ(m)
p (t− nTc) +

N−1

∑
n=M−1

M−1

∑
m=0

ci,n−m ĥ(m)
p (t− nTc) + ...

... +
M−2

∑
n=0

M−1

∑
m=n+1

ci,n−m ĥ(m)
p (t− nTc).

(A.3)

Notice that the contribution from the cyclic-prefix is the third term in A.3. The first
term and the third term can be combined, and A.3 can be rewritten as

gi(t) =
M−2

∑
n=0

M−1

∑
m=0

ci,n−m ĥ(m)
p (t− nTc) +

N−1

∑
n=M−1

M−1

∑
m=0

ci,n−m ĥ(m)
p (t− nTc). (A.4)

Finally, we can expressed one symbol of the DS-UWB received signal in the chip-
based form as

gi(t) =
N−1

∑
n=0

M−1

∑
m=0

ci,n−m ĥ(m)
p (t− nTc). (A.5)
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Figure A.1: Illustration of the relationship between (A.1) and (A.2). The contributions
from the cyclic-prefix in (A.3) are illustrated by the dash boxes.
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Appendix B
List of Abbreviations

ADC Analog-to-digital conversion
AWGN Additive white Gaussian noise
BER Bit error rate
BP Basis pursuit
BPAM Binary pulse amplitude modulation
BPDN Basis pursuit denoising
BPPM Binary pulse position modulation
BPSK Binary phase shift keying
CRB Cramer-Rao bound
CSK Code shift keying
CWC Centre of wireless communications
DAA Detect-and-avoid
DPSK Differential phase shift keying
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DS Direct sequence
ED Energy detection
EIRP Equivalent isotropically radiated power
ERP Exact reconstruction principle
FCC Federal communications commission
FDTD Finite difference time domain
FH Frequency hopping
FR Frequency reference
ICI Interchip Interference
IR-UWB Impulse radio Ultrawideband
ISI Intersymbol Interference
LCZ Low-correlation zone
LNA Low noise amplifier
LTI Linear time-invariant
MAP Maximum a posteriori
MB-OFDM Multiband orthogonal frequency-division multiplexing
MMSE Minimal mean squared error
MP Matching pursuit
MRC Maximal ratio combining
MUI Multiuser interference
OC Optimal combining
OFDM Orthogonal frequency-division multiplexing
OMP Orthogonal matching pursuit
OOK On-off keying
PAM Pulse amplitude modulation
PDF Probability density function
PPM Pulse position modulation
RC Raised-cosine
RIP Restricted isometry property
SIR Signal-to-interference ratio
SNR Signal-to-noise ratio
SV Saleh-Valenzuela
TOA Time-of-arrival
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TR Transmitted reference
UUP Uniform uncertainty principle
UWB Ultrawideband
WBAN Wireless body area network
WLAN Wireless local area network
WPAN Wireless personal area network
ZCZ Zero-correlation zone
ZZB Ziv-Zakai bound
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Appendix C
List of Frequently Used Symbols and
Functions

a(t) measurement signal
ak measurement vector, i.e. discrete-time representation of a(t)
A measurement matrix
bk kth transmission symbol
B dictionary of basis
d(t) spreading sequence waveform
D effective measurement matrix D = AB
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Eb energy per bit
e(t) basic waveform
Gc comb filter loop gain
Gp comb filter SNR gain
g(t) received signal
h(t) channel impulse response
hp(t) effective channel impulse response hp(t) = p(t) ∗ h(t)
h(m)

p (t) windowed version of hp(t)

ĥ(m)
p (t) shifted version of h(m)

p (t)
H( f ) transfer function
N number of chip per symbol
Ns number of particles
N0 noise power spectral density
n(t) additive noise
p(t) UWB impulse
q(t) direct sequence basic waveform
s(t) transmitted signal
t time
Tc chip period
Tm multipath delay spread
Ts symbol period
u(t) received signal after multiplier
v(t) received signal after comb filter
w(t) receive filter

w[n]
k weight of nth particle at time instant k

x(k) transmitted data sequence
x̂(k) received data sequence
xk state vector at time instant k
x1:k state vector from time instant 1 to k
y received signal after sampling
y(t) received signal before sampling
zk measurement vector at time instant k
z1:k measurement vector from time instant 1 to k
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αm amplitude of mth path
φcc(k) periodic autocorrelation of sequence c
δ(t) Dirac delta function
λ regularization parameter
ϕxx(t) autocorrelation function of x(t)
ϕxy(t) cross-correlation function of x(t) with y(t)
σ standard deviation
σ2 variance
τm propagation delay of mth path

157



158



Bibliography

[1] M. Z. Win and R. A. Scholtz. Impulse radio: how it works. IEEE Communications
Letters, volume 2(no. 2):36–38, 1998.

[2] R. J. Fontana. Recent system applications of short-pulse ultra-wideband (uwb)
technology. IEEE Transactions on Microwave Theory and Techniques, volume 52
(no. 9):2087–2104, 2004.

[3] L. Yang and G. B. Giannakis. Ultra-wideband communications: an idea whose
time has come. IEEE Signal Processing Magazine, volume 21(no. 6):26–54, 2004.

[4] H. Nikookar and R. Prasad. Introduction to Ultra Wideband for Wireless Commu-
nications. Springer Publishing Company, Incorporated, 1st edition, 2008. ISBN
1402066325.

[5] K. Witrisal, G. Leus, G. J. M. Janssen, M. Pausini, F. Troesch, T. Zasowski, and
J. Romme. Noncoherent ultra-wideband systems. IEEE Signal Processing Maga-
zine, volume 26(no. 4):48–66, 2009.

[6] Federal Communications Commission. Revision of part 15 of the commission’s
rules regarding ultra-wideband transmission systems. First report and order
02-48, April 2002.

[7] B. Schleicher, J. Dederer, M. Leib, I. Nasr, A. Trasser, W. Menzel, and H. Schu-
macher. Highly compact impulse uwb transmitter for high-resolution move-
ment detection. In IEEE International Conference on Ultra-Wideband, 2008. ICUWB
2008, volume 1, pages 89–92, 2008.

[8] Xu Li, Essex J. Bond, B. D. Van Veen, and S. C. Hagness. An overview of
ultra-wideband microwave imaging via space-time beamforming for early-
stage breast-cancer detection. IEEE Antennas and Propagation Magazine, volume

159



Bibliography

47(no. 1):19–34, 2005.
[9] Z. N. Low, J. H. Cheong, C. L. Law, W. T. Ng, and Y. J. Lee. Pulse detection

algorithm for line-of-sight (los) uwb ranging applications. IEEE Antennas and
Wireless Propagation Letters, volume 4:63–67, 2005.

[10] J. Mung, S. Han, F. Weaver, and J. Yen. Time of flight and fmcw catheter local-
ization. In 2009 IEEE International Ultrasonics Symposium (IUS), pages 590–593,
2009. ISBN 1948-5719.

[11] C. L. Merdest and P. D. Wolf. Locating a catheter transducer in a three-
dimensional ultrasound imaging field. IEEE Transactions on Biomedical Engi-
neering, volume 48(no. 12):1444–1452, 2001.

[12] S.K. Davis, B.D. Van Veen, S.C. Hagness, and F. Kelcz. Breast tumor character-
ization based on ultrawideband microwave backscatter. IEEE Transactions on
Biomedical Engineering, volume 55(no. 1):237–246, 2008.

[13] M. Y W Chia, S.W. Leong, C.K. Sim, and K. M. Chan. Through-wall uwb radar
operating within fcc’s mask for sensing heart beat and breathing rate. In Euro-
pean Radar Conference, 2005. EURAD 2005, pages 267–270, 2005.

[14] R. Zetik, S. Jovanoska, and R. Thoma. Simple method for localisation of multi-
ple tag-free targets using uwb sensor network. In 2011 IEEE International Con-
ference on Ultra-Wideband (ICUWB), pages 268–272, 2011.

[15] Y. Zhou, C.L. Law, Y. Liang Guan, and F. Chin. Localization of passive target
based on uwb backscattering range measurement. In IEEE International Confer-
ence on Ultra-Wideband, 2009. ICUWB 2009, pages 145–149, 2009.

[16] T. Thiasiriphet and J. Lindner. A novel comb filter based receiver with energy
detection for uwb wireless body area networks. In IEEE International Symposium
on Wireless Communication Systems 2008. ISWCS ’08., pages 498–502, 2008.

[17] T. Thiasiriphet, Rui Zhan, and J. Lindner. Interference suppression in ds-ppm
uwb systems. In 2009 IEEE International Conference on Ultra-Wideband (ICUWB),
pages 718–722, 2009.

[18] T. Thiasiriphet, M. Leib, D. Lin, B. Schleicher, J. Lindner, W. Menzel, and
H. Schumacher. Investigations on a comb filter approach for ir-uwb systems. In
FREQUENZ Journal of RF-Engineering and Telecommunications, volume 63, pages
179–182, 2009.

[19] T. Thiasiriphet and J. Lindner. An uwb receiver based on a comb filter
with shortened delay. In 2010 IEEE International Conference on Ultra-Wideband
(ICUWB), volume 1, pages 1–4, 2010.

[20] T. Thiasiriphet and J. Lindner. Particle filtering for uwb radar applications. In
2011 IEEE International Conference on Ultra-Wideband (ICUWB), pages 248–252,

160



Bibliography

2011. ISBN 2162-6588.
[21] T. Thiasiriphet, M. Ibrahim, and J. Lindner. Compressed sensing for uwb med-

ical radar applications. In 2012 IEEE International Conference on Ultra-Wideband
(ICUWB), pages 106–110, 2012. ISBN 2162-6588.

[22] K. Siwiak and D. McKeown. Ultra-wideband Radio Technology. John Wiley and
Son, Ltd, 1st edition, 2004. ISBN 978-0-470-85931-5.

[23] T. W. Barrett and V. A. Vienna. Technical features history of ultra wideband
communications and radar: Part 1, UWB communications. Microwave Journal,
2001.

[24] J. Reed. An introduction to ultra wideband communication systems. Prentice Hall
Press, Upper Saddle River, NJ, USA, first edition, 2005. ISBN 0131481037.

[25] M. Chiani and A. Giorgetti. Coexistence between uwb and narrow-band wire-
less communication systems. Proceedings of the IEEE, volume 97(no. 2):231–254,
2009.

[26] M. Hamalainen, V. Hovinen, R. Tesi, J.H.J. Iinatti, and M. Latva-aho. On the
uwb system coexistence with gsm900, umts/wcdma, and gps. IEEE Journal on
Selected Areas in Communications, volume 20(no. 9):1712–1721, 2002.

[27] B. Schleicher. Impulse-Radio Ultra-Wideband Systems for Vital-Sign Monitoring and
Short-Range Communications. Verlag Dr. Hut, München, Germany, 2012. ISBN
978-3-8439-0302-8.

[28] Electronic Communications Committee (ECC) within the European Confer-
ence of Postal and Telecommunications Administrations (CEPT). Commission
decision of 21 february 2007 on allowing the use of the radio spectrum for
equipment using ultra-wideband technology in a harmonised manner in the
community. Official Journal of the European Union, document number C(2007)
522, 2007.

[29] EUWB Research and Development project deliverable documents. World-wide
regulation and standardisation overview, 2008.

[30] M.P. Wylie-Green, P.A. Ranta, and J. Salokannel. Multi-band ofdm uwb solution
for ieee 802.15.3a wpans. In 2005 IEEE/Sarnoff Symposium on Advances in Wired
and Wireless Communication, pages 102–105, 2005.

[31] A. Batra, J. Balakrishnan, G.R. Aiello, J.R. Foerster, and A. Dabak. Design of a
multiband ofdm system for realistic uwb channel environments. IEEE Transac-
tions on Microwave Theory and Techniques, volume 52(no. 9):2123–2138, 2004.

[32] O. Shin, S. S. Ghazzemzadeh, L. J. Greenstein, and V. Tarokh. Performance eval-
uation of mb-ofdm and ds-uwb systems for wireless personal area networks. In
2005 IEEE International Conference on Ultra-Wideband, 2005. ICU 2005., 2005.

161



Bibliography

[33] P. Runkle, J. McCorkle, T. Miller, and M. Welborn. Ds-cdma: the modulation
technology of choice for uwb communications. In 2003 IEEE Conference on Ultra
Wideband Systems and Technologies, pages 364–368, 2003.

[34] Bo Hu and N. C. Beaulieu. Pulse shapes for ultrawideband communication
systems. Trans. Wireless. Comm., volume 4(no. 4):1789–1797, 2005.

[35] M. Abdel-Hafez, F. Alagoz, M. Hamalainen, and M. Latva-aho. On uwb ca-
pacity with respect to different pulse waveforms. In Second IFIP International
Conference on Wireless and Optical Communications Networks. WOCN 2005., pages
107–111, 2005.

[36] D. Dardari, C. Chong, and M. Z. Win. Improved lower bounds on time-of-
arrival estimation error in realistic uwb channels. In The 2006 IEEE 2006 Inter-
national Conference on Ultra-Wideband, pages 531–537, 2006.

[37] H. Sheng, P. Orlik, A. M. Haimovich, L. J. Cimini, and J. Zhang. On the spectral
and power requirements for ultra-wideband transmission. In IEEE International
Conference on Communications, 2003. ICC ’03, volume 1, pages 738–742, 2003.

[38] J. Dederer, A. Trasser, and H. Schumacher. Sige impulse generator for single-
band ultra-wideband applications. In Third International on SiGe Technology and
Device Meeting, 2006. ISTDM 2006., pages 1–2, 2006.

[39] D. Lin, B. Schleicher, A. Trasser, and H. Schumacher. Si/sige hbt uwb impulse
generator tunable to fcc, ecc and japanese spectral masks. In Radio and Wireless
Symposium (RWS), 2011 IEEE, pages 66–69, 2011.

[40] A. Fort, C. Desset, J. Ryckaert, P. De Doncker, L. Van Biesen, and P. Wambacq.
Characterization of the ultra wideband body area propagation channel. In 2005
IEEE International Conference on Ultra-Wideband, 2005. ICU 2005, page 6 pp.,
2005.

[41] J. Zhang, P. V. Orlik, Z. Sahinoglu, A. F. Molisch, and P. Kinney. Uwb systems
for wireless sensor networks. Proceedings of the IEEE, volume 97(no. 2):313–331,
2009.

[42] C. K. Rushforth. Transmitted-reference techniques for random or unknown
channels. IEEE Transactions on Information Theory, volume 10(no. 1):39–42, 1964.

[43] F. Troesch and A. Wittneben. An ultra wideband transmitted reference scheme
gaining from intersymbol interference. In Conference Record of the Forty-First
Asilomar Conference on Signals, Systems and Computers, 2007. ACSSC 2007., pages
1070–1074, 2007.

[44] M. Z. Win and R. A. Scholtz. Characterization of ultra-wide bandwidth wireless
indoor channels: a communication-theoretic view. IEEE Journal on Selected Areas
in Communications, volume 20(no. 9):1613–1627, 2002.

162



Bibliography

[45] D. Cassioli, M.Z. Win, and A.F. Molisch. The ultra-wide bandwidth indoor
channel: from statistical model to simulations. IEEE Journal on Selected Areas in
Communications, volume 20(no. 6):1247–1257, 2002.

[46] A.F. Molisch, J.R. Foerster, and M. Pendergrass. Channel models for ultrawide-
band personal area networks. IEEE Wireless Communications, volume 10(no. 6):
14–21, 2003.

[47] A.F. Molisch, K. Balakrishnan, C. Chong, S. Emami, A.Fort, J. Karedal, J. Ku-
nisch, H. Schantz, U. Schuster, and K. Siwiak. Ieee 802.15.4a channel model -
final report. In Converging: Technology, work and learning. Australian Government
Printing Service. Online]. Available, 2004.

[48] A. A. M. Saleh and R. A. Valenzuela. A statistical model for indoor multipath
propagation. IEEE Journal on Selected Areas in Communications, volume 5(no. 2):
128–137, 1987.

[49] W. Wu, C. Wang, C. Chao, and K. Witrisal. On parameter estimation for ultra-
wideband channels with clustering phenomenon. In IEEE 68th Vehicular Tech-
nology Conference, 2008. VTC 2008-Fall, pages 1–5, 2008.

[50] S.S. Ghassemzadeh, L.J. Greenstein, T. Sveinsson, A. Kavcic, and V. Tarokh.
Uwb delay profile models for residential and commercial indoor environments.
IEEE Transactions on Vehicular Technology, volume 54(no. 4):1235–1244, 2005.

[51] A. Austin and C.D. Sarris. Ultra-wideband interference modelling for indoor
wireless channels using the fdtd method. In 2012 IEEE Antennas and Propagation
Society International Symposium (APSURSI), pages 1–2, 2012.

[52] D. Sugizaki, N. Iwakiri, and T. Kobayashi. Ultra-wideband spatio-temporal
channel sounding with use of an ofdm signal in the presence of narrowband
interference. In 2010 4th International Conference on Signal Processing and Com-
munication Systems (ICSPCS), pages 1–10, 2010.

[53] L.J. Greenstein, S.S. Ghassemzadeh, Seung-Chul H., and V. Tarokh. Comparison
study of uwb indoor channel models. IEEE Transactions on Wireless Communica-
tions, volume 6(no. 1):128–135, 2007.

[54] J. Ryckaert, C. Desset, A. Fort, M. Badaroglu, V. De Heyn, P. Wambacq, G. Van
der Plas, S. Donnay, B. Van Poucke, and B. Gyselinckx. Ultra-wide-band trans-
mitter for low-power wireless body area networks: design and evaluation. IEEE
Transactions on Circuits and Systems I: Regular Papers, volume 52(no. 12):2515–
2525, 2005.

[55] A. Fort. Body area communications: channel characterization and ultra-wideband
system-level approach for low power. Dissertation, Vrije Universiteit Brussel, 2007.

[56] T. Zasowski, F. Althaus, M. Stager, A. Wittneben, and G. Troster. Uwb for non-

163



Bibliography

invasive wireless body area networks: channel measurements and results. In
2003 IEEE Conference on Ultra Wideband Systems and Technologies, pages 285–289,
2003.

[57] Q. Wang and J. Wang. Performance of on-body chest-to-waist uwb communi-
cation link. IEEE Microwave and Wireless Components Letters, volume 19(no. 2):
119–121, 2009.

[58] T. Zasowski, G. Meyer, F. Althaus, and A. Wittneben. Propagation effects
in uwb body area networks. In 2005 IEEE International Conference on Ultra-
Wideband, 2005. ICU 2005., pages 16–21, 2005.

[59] E. Reusens, W. Joseph, G. Vermeeren, and L. Martens. On-body measurements
and characterization of wireless communication channel for arm and torso of
human. In 4th International Workshop on Wearable and Implantable Body Sensor
Networks (BSN 2007), volume 13 of IFMBE Proceedings, pages 264–269. Springer
Berlin Heidelberg, 2007. ISBN 978-3-540-70993-0.

[60] A. Alomainy, Y. Hao, X. Hu, C.G. Parini, and P.S. Hall. Uwb on-body radio
propagation and system modelling for wireless body-centric networks. IEE
Proceedings-Communications, volume 153(no. 1):107–114, 2006.

[61] A. Taparugssanagorn, C. Pomalaza-Raez, R. Tesi, M. Hamalainen, and J. Iinatti.
Effect of body motion and the type of antenna on the measured uwb channel
characteristics in medical applications of wireless body area networks. In IEEE
International Conference on Ultra-Wideband, 2009. ICUWB 2009, pages 332–336,
2009.

[62] M. Hamalainen, A. Taparugssanagorn, and J. Iinatti. On the wban radio channel
modelling for medical applications. In Proceedings of the 5th European Conference
on Antennas and Propagation (EUCAP), pages 2967–2971, 2011.

[63] X. Chen, X. Lu, D. Jin, L. Su, and L. Zeng. Channel modeling of uwb-based
wireless body area networks. In 2011 IEEE International Conference on Commu-
nications (ICC), pages 1–5, 2011.

[64] A. Taparugssanagorn, A. Rabbachin, M. Hmlinen, J. Saloranta, J. Iinatti, and Se-
nior Member. A review of channel modelling for wireless body area network in
wireless medical communications. In Proc. 11-th Int. Symp. on Wireless Personal
Multimedia Communications (WPMC), 2008.

[65] IEEE Standard for Local and metropolitan area networks. Part 15.6: Wireless
body area networks. pages 1–271, 2012.

[66] K. Kwak, S. Ullah, and N. Ullah. An overview of ieee 802.15.6 standard. In 2010
3rd International Symposium on Applied Sciences in Biomedical and Communication
Technologies (ISABEL), pages 1–6, 2010.

164



Bibliography

[67] H. Viittala, M. Hamalainen, J. Iinatti, and A. Taparugssanagorn. Different ex-
perimental wban channel models and ieee802.15.6 models: Comparison and
effects. In 2nd International Symposium on Applied Sciences in Biomedical and Com-
munication Technologies, 2009. ISABEL 2009, pages 1–5, 2009.

[68] J. Dederer, B. Schleicher, F. De Andrade Tabarani Santos, A. Trasser, and
H. Schumacher. Fcc compliant 3.1-10.6 ghz uwb pulse radar system using corre-
lation detection. In IEEE/MTT-S International Microwave Symposium, 2007, pages
1471–1474, 2007. ISBN 0149-645X.

[69] D. Cassioli, M.Z. Win, F. Vatalaro, and A.F. Molisch. Low complexity rake re-
ceivers in ultra-wideband channels. IEEE Transactions on Wireless Communica-
tions, volume 6(no. 4):1265–1275, 2007.

[70] M. E. Sahin, I. Guvenc, and H. Arslan. Optimization of energy detector re-
ceivers for uwb systems. In 2005 IEEE 61st Vehicular Technology Conference, VTC
2005-Spring, volume 2, pages 1386–1390 Vol. 2, 2005. ISBN 1550-2252.

[71] P.A. Humblet and M. Azizoglu. On the bit error rate of lightwave systems with
optical amplifiers. Journal of Lightwave Technology, volume 9(no. 11):1576–1582,
1991.

[72] S. Dubouloz, B. Denis, S. de Rivaz, and L. Ouvry. Performance analysis of ldr
uwb non-coherent receivers in multipath environments. In 2005 IEEE Interna-
tional Conference on Ultra-Wideband, 2005. ICU 2005, page 6 pp., 2005.

[73] D. Dardari, A. Conti, U. Ferner, A. Giorgetti, and M. Z. Win. Ranging with ul-
trawide bandwidth signals in multipath environments. Proceedings of the IEEE,
volume 97(no. 2):404–426, 2009.

[74] F. Dowla, F. Nekoogar, and A. Spiridon. Interference mitigation in transmitted-
reference ultra-wideband (uwb) receivers. In IEEE Antennas and Propagation
Society International Symposium, 2004., volume 2, pages 1307–1310 Vol.2, 2004.

[75] A.J. Viterbi. Spread spectrum communications: myths and realities. IEEE Com-
munications Magazine, 40(no. 5):34–41, 2002.

[76] R. A. Scholtz. The origins of spread-spectrum communications. IEEE Transac-
tions on Communications, 30(no. 5):822–854, 1982.

[77] R. A. Scholtz. Multiple access with time-hopping impulse modulation. In Mili-
tary Communications Conference, 1993. MILCOM ’93. Conference record. Communi-
cations on the Move., IEEE, volume 2, pages 447–450 vol.2, 1993.

[78] M. Z. Win and R. A. Scholtz. Ultra-wide bandwidth time-hopping spread-
spectrum impulse radio for wireless multiple-access communications. IEEE
Transactions on Communications, volume 48(no. 4):679–689, 2000.

[79] H. Khani and P. Azmi. Novel modulation schemes for uwb-ppm systems. In

165



Bibliography

2005 IEEE 61st Vehicular Technology Conference, 2005. VTC 2005-Spring, volume 2,
pages 1401–1405 Vol. 2, 2005. ISBN 1550-2252.

[80] W. Cao, A. Nallanathan, B. Kannan, and C. C. Chai. Exact ber analysis of ds
ppm uwb multiple access system under imperfect power control. In IEEE Mili-
tary Communications Conference, 2005. MILCOM 2005, pages 977–982 Vol. 2, 2005.

[81] F. Troesch, F. Althaus, and A. Wittneben. Modified pulse repetition coding
boosting energy detector performance in low data rate systems. In 2005 IEEE
International Conference on Ultra-Wideband, 2005. ICU 2005, pages 508–513, 2005.

[82] W. Siriwongpairat, M. Olfat, and K. Liu. On the performance evaluation of th
and ds uwb mimo systems. In 2004. WCNC. 2004 IEEE Wireless Communications
and Networking Conference, volume 3, pages 1800–1805 Vol.3, 2004.

[83] L. Zhao and A.M. Haimovich. Performance of ultra-wideband communications
in the presence of interference. IEEE Journal on Selected Areas in Communications,
volume 20(no. 9):1684–1691, 2002.

[84] B. Hu and N.C. Beaulieu. Exact bit error rate analysis of th-ppm uwb systems
in the presence of multiple-access interference. IEEE Communications Letters,
volume 7(no. 12):572–574, 2003.

[85] D.C. Laney, G.M. Maggio, F. Lehmann, and L. Larson. Multiple access for uwb
impulse radio with pseudochaotic time hopping. IEEE Journal on Selected Areas
in Communications, volume 20(no. 9):1692–1700, 2002.

[86] I. Guvenc, Z. Sahinoglu, and P.V. Orlik. Toa estimation for ir-uwb systems
with different transceiver types. IEEE Transactions on Microwave Theory and Tech-
niques, volume 54(no. 4):1876–1886, 2006.

[87] A. Rabbachin, I. Oppermann, and B. Denis. Ml time-of-arrival estimation based
on low complexity uwb energy detection. In The 2006 IEEE 2006 International
Conference on Ultra-Wideband, pages 599–604, 2006.

[88] A.A. D”Amico, U. Mengali, and L. Taponecco. Energy-based toa estimation.
IEEE Transactions on Wireless Communications, volume 7(no. 3):838–847, 2008.

[89] E. Weinstein and A. J. Weiss. Fundamental limitations in passive time-delay
estimation–part 2: Wide-band systems. IEEE Transactions on Acoustics, Speech
and Signal Processing, 32(no. 5):1064–1078, 1984.

[90] D. Chazan, M. Zakai, and J. Ziv. Improved lower bounds on signal parame-
ter estimation. IEEE Transactions on Information Theory, volume 21(no. 1):90–93,
1975.

[91] D. Dardari and M. Z. Win. Ziv-zakai bound on time-of-arrival estimation with
statistical channel knowledge at the receiver. In The 2009 IEEE 2006 International
Conference on Ultra-Wideband, pages 624–629, 2009.

166



Bibliography

[92] H.A. Shaban, M.A. El-Nasr, and R. Michael Buehrer. Toward a highly accurate
ambulatory system for clinical gait analysis via uwb radios. IEEE Transactions
on Information Technology in Biomedicine, volume 14(no. 2):284–291, 2010.

[93] S. Tachikawa and S. Sumi. A novel delay locked loop for uwb-ir. In 2004 In-
ternational Workshop on Ultra Wideband Systems, 2004. Joint with Conference on
Ultrawideband Systems and Technologies. Joint UWBST IWUWBS., pages 273–277,
2004.

[94] C.R. Anderson, S. Venkatesh, J.E. Ibrahim, R. Michael Buehrer, and J.H. Reed.
Analysis and implementation of a time-interleaved adc array for a software-
defined uwb receiver. IEEE Transactions on Vehicular Technology, (no. 8):4046–
4063, 2009.

[95] Z. Zhou, Z. Pan, and X. Tang. A new family of optimal zero correlation zone
sequences from perfect sequences based on interleaved technique. In 3rd Inter-
national Workshop on Signal Design and Its Applications in Communications, 2007.
IWSDA 2007, pages 195–199, 2007.

[96] P. Fan. Spreading sequence design and theoretical limits for quasisynchronous
cdma systems. EURASIP Journal on Wireless Communications and Networking,
volume 2004(1):724989, 2004.

[97] A.A. D’Amico and U. Mengali. Code-multiplexed uwb transmitted-reference
radio. IEEE Transactions on Communications, volume 56(no. 12):2125–2132, 2008.

[98] H. Nie and Z. Chen. Code-shifted reference ultra-wideband (uwb) radio. In
6th Annual Communication Networks and Services Research Conference, 2008. CNSR
2008, pages 385–389, 2008.

[99] Z. Jian, H. Han-ying, L. Luo-Kun, and L. Tie-feng. Code-orthogonalized
transmitted-reference ultra-wideband (uwb) wireless communication system.
In International Conference on Wireless Communications, Networking and Mobile
Computing, 2007. WiCom 2007, pages 528–532, 2007.

[100] D.L. Goeckel, J. Mehlman, and J. Burkhart. A class of ultra wideband (uwb) sys-
tems with simple receivers. In IEEE Military Communications Conference, 2007.
MILCOM 2007, pages 1–7, 2007.

[101] A.A. D’Amico and U. Mengali. Code-multiplexed transmitted-reference uwb
systems in a multi-user environment. IEEE Transactions on Communications, vol-
ume 58(no. 3):966–974, 2010.

[102] B. Krach, M. Lentmaier, and P. Robertson. Joint bayesian positioning and multi-
path mitigation in gnss. In IEEE International Conference on Acoustics, Speech and
Signal Processing, 2008. ICASSP 2008, pages 3437–3440, 2008. ISBN 1520-6149.

[103] B. Denis, L. Ouvry, B. Uguen, and F. Tchoffo-Talom. Advanced bayesian filter-

167



Bibliography

ing techniques for uwb tracking systems in indoor environments. In 2005 IEEE
International Conference on Ultra-Wideband, 2005. ICU 2005, page 6 pp., 2005.

[104] D. Fox, J. Hightower, Lin L., D. Schulz, and G. Borriello. Bayesian filtering for
location estimation. IEEE Pervasive Computing, volume 2(no. 3):24–33, 2003.

[105] J. Gonzalez, J.L. Blanco, C. Galindo, A. Ortiz-de Galisteo, J.A. Fernandez-
Madrigal, F.A. Moreno, and J.L. Martinez. Combination of uwb and gps for
indoor-outdoor vehicle localization. In IEEE International Symposium on Intelli-
gent Signal Processing, 2007. WISP 2007, pages 1–6, 2007.

[106] Z. Chen. Bayesian Filtering: From Kalman Filters to Particle Filters, and Be-
yond. Technical report, McMaster University, 2003.

[107] M. Sanjeev Arulampalam, S. Maskell, N. Gordon, and T. Clapp. A tutorial
on particle filters for online nonlinear/non-gaussian bayesian tracking. IEEE
Transactions on Signal Processing, volume 50(no. 2):174–188, 2002.

[108] M. Lentmaier, B. Krach, P. Robertson, and T. Thiasiriphet. Dynamic multipath
estimation by sequential monte carlo methods. In Proceedings of the 20th Interna-
tional Technical Meeting of the Satellite Division of The Institute of Navigation (ION
GNSS 2007), pages 1712–1721, 2007.

[109] C.E. Shannon. Communication in the presence of noise. Proceedings of the IRE,
volume 37(no. 1):10–21, 1949.

[110] E.J. Candes and M.B. Wakin. An introduction to compressive sampling. IEEE
Signal Processing Magazine, volume 25(no. 2):21–30, 2008.

[111] J. L. Paredes, G. R. Arce, and Z. Wang. Ultra-wideband compressed sensing:
Channel estimation. IEEE Journal of Selected Topics in Signal Processing, volume
1(no. 3):383–395, 2007.

[112] M. Ozgor, S. Erkucuk, and H.A. Cirpan. Bayesian compressive sensing for
ultra-wideband channel models. In 2012 35th International Conference on Telecom-
munications and Signal Processing (TSP), pages 320–324, 2012.

[113] A. Oka and L. Lampe. A compressed sensing receiver for bursty communica-
tion with uwb impulse radio. In IEEE International Conference on Ultra-Wideband,
2009. ICUWB 2009, pages 279–284, 2009.

[114] A. Schenk and R. F H Fischer. Compressed-sensing (decision-feedback) differ-
ential detection in impulse-radio ultra-wideband systems. In 2011 IEEE Inter-
national Conference on Ultra-Wideband (ICUWB), pages 121–125, 2011.

[115] I. Daubechies. Time-frequency localization operators: a geometric phase space
approach. IEEE Transactions on Information Theory, volume 34(no. 4):605–612,
1988.

[116] S. S. Chen, D. L. Donoho, Michael, and A. Saunders. Atomic decomposition by

168



Bibliography

basis pursuit. SIAM Journal on Scientific Computing, 20:33–61, 1998.
[117] S.G. Mallat and Z. Zhang. Matching pursuits with time-frequency dictionaries.

IEEE Transactions on Signal Processing, volume 41(no. 12):3397–3415, 1993.
[118] J. A. Tropp and A. C. Gilbert. Signal recovery from random measurements via

orthogonal matching pursuit. IEEE Transactions on Information Theory, volume
53(no. 12):4655–4666, 2007.

[119] E.J. Candes and T. Tao. Decoding by linear programming. IEEE Transactions on
Information Theory, volume 51(no. 12):4203–4215, 2005.

[120] E.J. Candes, J. Romberg, and T. Tao. Robust uncertainty principles: exact signal
reconstruction from highly incomplete frequency information. IEEE Transac-
tions on Information Theory, volume 52(no. 2):489–509, 2006.

[121] R. Baraniuk, M. Davenport, R. DeVore, and M. Wakin. A simple proof of the
restricted isometry property for random matrices. Constructive Approximation,
volume 28(no. 3):253–263, 2008.

[122] S. Mendelson, A. Pajor, and N. Tomczak-Jaegermann. Uniform uncertainty
principle for bernoulli and subgaussian ensembles. Constructive Approximation,
volume 28(no. 3):277–289, 2008.

[123] D. Donoho, I. Drori, V. Stodden, and Y. Tsaig. SparseLab.
http://sparselab.stanford.edu/, 2005.

[124] M. Mirbach and W. Menzel. Time of arrival based localization of uwb trans-
mitters buried in lossy dielectric media. In 2012 IEEE International Conference on
Ultra-Wideband (ICUWB), pages 328–332, 2012. ISBN 2162-6588.

[125] J. Sachs, R. Herrmann, M. Kmec, M. Helbig, and K. Schilling. Recent advances
and applications of m-sequence based ultra-wideband sensors. In IEEE Inter-
national Conference on Ultra-Wideband, 2007. ICUWB 2007, pages 50–55, 2007.

[126] R. Salman and I. Willms. Super-resolution object recognition approach for com-
plex edged objects by uwb radar. In Object Recognition. InTech, 2011. ISBN
978-953-307-222-7.

[127] R. Salman and I. Willms. Joint efficiency and performance enhancement of
wavefront extraction algorithms for short-range super-resolution uwb radar.
In 2012 The 7th German Microwave Conference (GeMiC), pages 1–4, 2012.

[128] R. Salman and I. Willms. 3d uwb radar super-resolution imaging for complex
objects with discontinous wavefronts. In 2011 IEEE International Conference on
Ultra-Wideband (ICUWB), pages 346–350, 2011.

169



170


