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Abstract

Structural Health Monitoring promises to limit maintenance costs and increase the
safety of new and aging infrastructure, such as pipelines, bridges, or ship and airplane
hulls. Many sensors must be distributed over structures to efficiently fuel monitoring
and predictive maintenance applications with the essential data. Unfortunately, many
locations in structures are hard to reach and shielded by metal, impeding ready-to-use
radio frequency-based wireless communication techniques and complicating regular
battery replacement. Alternatively, acoustically communicating with and wirelessly
transferring power to sensor nodes can penetrate metal barriers, enabling in-structure
networks to run maintenance-free for decades. However, several shortcomings hinder
widespread adoption: Passive backscatter communication—known for its ultra-low-
power requirements—has only been demonstrated over a few centimeters between
coaxially aligned transducers, restricting its usefulness. Moreover, transmission over
longer distances suffers from severe reverberation, limiting data rates with conventional
methods to only a few hundred bits per second. Lastly, existing approaches were often
tailored to specific structures, requiring tedious setup by experts, and were only evaluated
with costly, bulky, and power-hungry laboratory equipment.

This dissertation builds the foundation for batteryless and acoustically-powered sen-
sors embedded in structures, taking a holistic approach, including active downlink,
passive uplink, and wireless power transfer. The feasibility of backscatter coommunication
from a sensor node to a readout device over more than 3 m distance is demonstrated for
the first time—showing potential extensions to tens of meters. Higher-order modulation
schemes and equalization in the non-linear backscatter channel are analyzed and
demonstrated to increase data rates several-fold despite reverberation. These meth-
ods require knowledge about the specific channel. Plug-and-play-like deployments
are realized by deriving channel models and proposing in-situ estimation procedures
for parameter estimation. Similarly, a wideband modulation scheme is proposed and
compared with commonly used narrowband schemes to speed up communication
from the active readout device to the passive sensor, increasing robustness and allevi-
ating the dependency on suitable carrier frequencies. Furthermore, the strong coupling
between structural and electrical impedances is identified as a significant limitation
for wireless power transfer, which requires impedance matching. We investigate using
maximum power point tracking (MPPT) to maximize efficiency without manual adaption
per deployment.

The proposed schemes are evaluated with simulation and practical experiments, for
which custom prototypes were constructed from commercially off-the-shelf (COTS)
components. These reveal practical non-idedlities that severely impact communication
reliability, e. g., inaccurate and unstable clocks and constrained computational resources.
Estimation, tracking, and correction strategies for inaccurate oscillators are proposed and
analyzed. The prototypes are published under an open-source license, enabling other
researchers to explore acoustic in-structure sensor networks in diverse applications.
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Chapter

Introduction

Large parts of the infrastructure of many industrialized countries were constructed in the
1950s and 1960s—and are increasingly deteriorating today. For example, in 2021, more
than 25 percent of German highway bridges received a 4 (sufficient, equivalent to a D
in the ECTS/US classification system) in the German grading system [23b]. As a result,
monitoring infrastructure health has become more important than ever. The current
process of structural monitoring involves experts that perform routine checks in fixed
intervals anywhere from three to six years [Dig22]. These checks are time-consuming,
tedious, and expensive. Furthermore, the human eye often only detects faults when
they have progressed to a significant extent. Hence, automated monitoring of civil
infrastructure comes with significant advantages:

B |t helps to identify damage early when repairs can be performed at low cost and
complexity.

B [t prevents potentially catastrophic failure by timely countermeasures.

B |t frees experts from tedious, time-consuming, and expensive manual routine
checks.

Likewise, monitoring other safety-critical structures, such as aircrafts and industrial
facilities, can reduce overall maintenance costs. Continuous data from densely de-
ployed sensors in structures is vital to fuel predictive maintenance techniques in such
applications.

There are many promising technologies for detecting malfunctions and damage in
various structures [Ric+22; Jia+20], but the deployment of the necessary sensors is still a
challenge: Sensors must be distributed in large quantities on large structures, often in
hard-to-reach or completely inaccessible places. Cable connections, on the one hand,
require a large amount of material and considerably increase the deployment cost of
sensor networks. Moreover, cables may even add critical weight or require maintenance
by themselves, and if holes must be drilled to feed cables into enclosed spaces, the
structural integrity may be compromised. On the other hand, battery-driven sensors



1 Introduction

Renewable
Supply

_ RodioNework 5 (;‘%))cmud

Acoustic Power Transfer
and Communication
[ — >

Embedded
Sensor

Embedded
Sensor

Defect Detection

Pipeline

[ Figure 1.1: Pipeline monitoring is one out of many envisioned applications for acous-
tic through-metal power transfer and backscatter communication. An outside
device (reader) wirelessly transfers power and data to one or more embedded and
backscattering sensors.

require regular battery replacement, causing considerable maintenance costs and
environmental impact. Sensor nodes that are wireless and battery-free, i.e., solely rely
on harvested energy, can last for decades without manual maintenance and, thus,
alleviate this burden.

Fuelled by the Internet of Things (IoT)fthe trend to connect devices in all sectors, from
industry to private homes—several low-cost and low-power communication technolo-
gies have reached a mature state and are readily available. However, most of these
technologies rely on radio-frequency waves. Radio-frequency waves are unfavorable,
if not infeasible, in applications where sensors are shielded by or embedded in metal
structures. Acoustic waves are a possible remedy to transmit both data and power
wirelessly in a broad range of different applications, such as structural health monitoring,
pipeline monitoring, nuclear power plant monitoring, aerospace vehicles, and cargo
container monitoring. Figure 1.1 presents the example of a pipeline monitoring system
similar to Radio-Frequency Identification (RFID) that uses wireless power transfer to sup-
ply a sensor node within a pipeline and acoustic backscatter communication to transmit
sensor reading out of the pipe.

Acoustically powered and connected sensors have a huge potential for structural
and industrial monitoring. However, they must be cheap and easy to deploy to be
economically attractive. Acoustic communication through metals is an emerging areq,
and many exciting research paths are yet unexplored. Current solutions only touch
upon the surface of this potential and are often very specific to a single application and
tailored to the specific specimen tested in a study. We envision networks of passively
communicating and wirelessly powered sensor nodes within all critical infrastructure.
RFID has already fulfilled this vision in the realm of electromagnetic waves and delivers
promising approaches that we can transfer to acoustic waves. However, the nature of
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acoustics has a unique set of challenges and opportunities in store that differ significantly
from the established RFID scenarios: While metal structures are excellent conductors of
acoustic waves, they usually also exhibit extreme multipath-propagation with strong
reverberation for several milliseconds, leading to frequency dependency. Furthermore,
usable bandwidths are three to four orders of magnitude smaller than in comparable
electromagnetic communication systems.

1.1 Contributions

This dissertation investigates communication and power transfer with RFID-like passive
modulation using acoustic waves through structural elements. Because of the excel-
lent propagation of acoustic waves in metals, the dissertation concentrates on metal
structures. However, the explored techniques are also feasible in other solid media, such
as carbon-fiber composites or reinforced concrete. In detail, we make the following
contributions:

B A better understanding of the nature of metal channels. Therefore, we analyze and
test our developments in several distinct physical channels on different specimens,
while most prior investigations tailored their solutions to a single channel only, with
no generality. Furthermore, we investigate the influence of transducers and the
coupling between the electrical and mechanical behavior of the system, which
significantly impacts system design.

B A method to achieve dynamic higher-order modulation with passive backscatter
communication, using the scarce available bandwidth more efficiently. While
straightforward higher-order modulation has already been proposed for RFID,
the coupling between structural and transducer impedance in through-metal
communication requires custom hardware modification for every deployment.
We develop automatic channel estimation procedures and hardware that can
dynamically adapt carrier frequencies and symbol constellations to every new
deployment based on a mathematical model of the through-metal channel in
steady-state.

B A model of the nonlinear transient backscatter channel, on which we show that
linear equalizers can be applied despite the nonlinearity of the backscatter channel.
We compare two popular equalization techniques and demonstrate that decision
feedback equalizers increase data rates the most.

B A wireless power transfer system that uses maximum power point tracking to
dynamically adapt to the characteristic impedance of the channel to increase
transfer efficiency. We also provide a detailed analysis of harvesting potential in
through-metal channels.
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B An investigation of wideband modulation for the communication towards the
resource-constrained passive sensor. Despite the need to use simplistic demodu-
lation techniques because of the constrained resources, modulation with wideband
pulses achieves, on average, a several-fold increase in data rate and removes the
need to select a suitable carrier frequency dynamically.

In this dissertation, we focus on practical solutions. In contrast to many prior studies,
we develop real prototypes based on microcontrollers and custom circuit boards con-
structed from commercially available components. Resources on the passive nodes
are strictly limited to achieve ultra-low-power consumption. Furthermore, as typical for
wireless coommunication, oscillators at the sender and receiver node are never perfectly
synchronized, and frequency offsets occur. We investigate how these offsets influence
the performance of acoustic backscatter and evaluate possible remedies.

1.2 Organization

The remainder of this dissertation is organized as follows. Chapter 2 summarizes the
fundamentals of wireless coommunication, the piezoacoustic backscatter phenomenon,
wireless power transfer, and elastic waves in solids. Then, Chapter 3 reviews the state
of the art of passive backscatter communication and power transfer in RFID and then
focuses on through-metal communication schemes. Section 4.2 defines the goals of this
dissertation and explores the properties of the transmission channels and transducers
used for evaluation throughout this dissertation.

Next, Chapter 5 focuses on expanding the modulation order in backscatter communi-
cation from simple binary modulation to up to 16-QAM. Furthermore, we present a reader
and tag prototype constructed from commercially available off-the-shelf components.
The hardware design also serves as the base for prototypes in the later chapters, where
some adjustments to the prototype follow.

Chapter 6 explains why conventional equalizers can not directly be used to mitigate
Inter-Symbol Interference (1s1) in acoustic through-metal channels because of the chan-
nel nonlinearity. We will characterize the transient channel and present a technique to
linearize it and apply equalization, which increases the achievable bitrates several times.

In Chapter 7, we combine wireless energy transfer with acoustic backscatter commu-
nication, showing that energy transfer is also practically feasible over longer distances.
We also strive to increase the ranges over which such sensors can be powered and read
out. We, therefore, introduce a method to cancel out the self-interference in the reader
node by isolating the backscattered signal before sampling.

Chapter 8 focuses on the communication from the active to the passive device, where
the main challenge is that the resource-constrained receiver can not apply complex
filters or equalizers. We utilize wideband pulses to mitigate ISI without requiring complex
receiver algorithms. Furthermore, we analyze the interdependence between the energy
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harvester and receiver at the same device. Finally, Chapter 9 concludes the dissertation
by summarizing the results and discussing future research paths.






Chapter

Fundamentals

This chapter reviews the indispensable foundation of wireless communication and energy
harvesting that this thesis builds upon. We start with a brief summary of wireless com-
munication, then move on to piezoelectric transducers and the piezoelectric backscatter
effect. We then discuss wireless power transfer and energy harvesting and conclude
with a short wrap-up of elastic wave propagation in solids.

2.1 Notation

The remainder of this thesis uses the following mathematical notation:

*

x Complex conjugate of x

Re{z},Im{z} Real andimaginary part of =

F{a(t)} Fourier transform of x(t)

FHX ()} Inverse Fourier transform of X (f)

z(t) * y(t) Convolution of signal (t) with y(t)

(k] Time-discrete signal « evaluated at sample index k
z(t) Time-continuous signal z evaluated at time ¢

Z(x) Phase of =

||| Euclidean norm of &

X, Tg Vector x, and the k-th element of the vector

o(t) Dirac delta function

2.2 Wireless Communication

Since the first transmission of a wireless message in the late 19th century, the field
has made tremendous progress—to the point of ubiquitous connectivity that we enjoy
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Transmitter

Message Codeword Symbol Baseband signal Passband Tx
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.......................................

b(t) T

Receiver

1 Figure 2.1: Block diagram showing the stages of a communication system.

today. Most of this progress concentrated on the transmission of information via elec-
tromagnetic waves. However, the established theoretical background is not limited to
electromagnetism but also applies to other forms of waves, e.g., acoustic waves. This
section discusses the fundamental steps in a wireless communication system required
to follow the work presented in this dissertation, as depicted in Fig. 2.1. As a detailed review
of all aspects of wireless communication is beyond the scope of this dissertation, we
cover only the parts most relevant to this dissertation. If no explicit sources are provided,
we refer the reader to [Gol05].

The input to the transmitter is a digital message, i. e., a bitstream m[k]. In the encoding
step, the transmitter applies a channel code to the original bitstream, which adds
redundancy to the message, aiding the receiver in detecting and correcting transmission
errors. The encoded bitstream m [1] is then mapped to symbols, where each symbol
c[i] encodes one or more bits. After mapping, pulse shaping converts the symbols
into time-continuous analog signals, yielding the baseband signal b(t). The baseband
signal is then modulated, i.e., up-converted to the passband—a higher frequency band.
The passband signal z(t) is emitted into the wireless channel, where it is distorted with
the channel's impulse response hpy, (t). The receiver senses the distorted signal y(t)
from the channel and performs the above steps in reverse. That is, it first demodulates
it, down-converting the signal back to the baseband, yielding E(t). An equalizer then
compensates for the distortion introduced by the channel, yielding E(t)A The equalized
signal is then decoded, i.e., the symbols are mapped back to bits, yielding 7 [k]. Within
this process, noise n(t) occurs in various stages of the system. These steps are explained
in more detail in the following sections.

2.2.1 Encoding and Decoding

Encoding adds redundancy to the message to enable the receiver to detect and correct
transmission errors. An important property of a code is the code rate R, which is the
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ratio of the number of information bits to the total number of bits in a codeword.

One common type of channel code are Low-Density Parity-Check (LDPC) codes, which
are used in many modern communication systems. LDPC codes are linear block codes,
which means that the encoding process can be represented as a matrix multiplication
of the original message with a generator matrix G, i.e.,

m.=m-G. (21)

While encoding a message is straightforward, decoding is more computationally de-
manding. Directly deriving the codeword with maximum probability from a received
message is infeasible on realistic hardware. Instead, a feasible decoding algorithm is the
Belief Propagation (BP) algorithm, which approximates the optimal solution iteratively. A
detailed description of the decoder and derivation of the underlying equations is out of
the scope of this dissertation, but we refer the reader to [Joho9l.

2.2.2 Mapping and Constellations

Mapping translates a sequence of bits to a sequence of symbols in the baseband. The
mapping is usually defined by a constellation, a set of valid baseband signals. We
represent the constellation as a set of complex numbers, where each complex number is
associated with a symbol. The number of symbols in the constellation S'is usually a power
oftwo,i.e., S = 2k, Then, one symbol can represent k bits. The choice of the constellation
has a significant impact on the performance of the communication system. The most
common constellations are Phase Shift Keying (PSK), Amplitude Shift Keying (ASK), and
Quadrature Amplitude Modulation (QAM). Often, the number of constellation points is
prefixed, e.g., 4-PSK, 4-ASK, and 4-QAM alll consist of four distinct constellation points.

In PSK, all constellation points have equal amplitude but differ in the phase angle of the
complex number, while in ASK, all constellation points have the same phase angle but
differ in amplitude. QAM combines both PSK and ASK, i.e., the constellation points differ
in both amplitude and phase angle. Figure 2.2 shows examples for these constellations.
In any case, it is desirable to maximize the distance between adjacent constellation
points, as this increases robustness against noise. The smallest distance between two
constellation points is called the minimum distance of the constellation. In some cases,
the same constellation is known under different terms, e.g., a 2-ASK constellation where
one constellation point is zero is also known as On-/Off-Keying (OOK). Similarly, 4-QAM
can yield the same constellation as 4-PSK.

Mapping results in a time-discrete sequence of constellation points c[z]. To transform
this into a time-continuous baseband signal, the transmitter uses a pulse shaping filter,
which convolves the sequence of constellation points with a time-continuous pulse. The
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[ Figure 2.2: Typical forms of constellations are ASK, PSK and QAM. The graphs also
show the mapping from bits to symbols.
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[T Figure 2.3: Convolution with the pulse shape transforms the time-discrete baseband
signal into a time-continuous signal with a given symbol duration. This figure shows
the results for two different pulse shapes: Rectangular and raised cosine.

pulse shaping filter is also responsible for the symbol interval Ty, of the communication
system. With pulse shape p(t), the baseband signal is described by

b(t) = Z c[i] - 6(t — iTw) | *p(t), (22)

i

where §(t) is the dirac delta function, i.e., the unit impulse. Figure 2.3 shows the convolu-
tion of an OOK signal with two common pulse shapes, a rectangular pulse and a raised
cosine pulse. The rectangular pulse can be implemented purely with digital logic, but a
drawback is the infinite bandwidth because of the sharp edges. The raised cosine pulse,
in contrast, has a limited bandwidth but is usually implemented with a digital filter with
many taps and requires a Digital to Analog Converter (DAC) with a high update rate to
generate the corresponding analog signal.

Many communication technologies apply pulse shapes with a narrow bandwidth,
such as the raised cosine pulse. These narrowband pulses typically occupy bandwidths
inversely proportional to the symbol rate, i.e., B & 1/Ty,. In contrast, other schemes
deliberately use wideband pulses, e.g., chirps or spreading codes that have advanta-
geous auto-correlation properties, to increase the resilience against noise or jamming
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in specific frequency bands. Furthermore, wideband pulses are typically more resilient
against multipath fading.

Modulation

Modulation mixes the baseband signal with a carrier, converting it into the passband—a
favorable frequency range in the transmission medium. The carrier is a complex sinusoid
with a frequency f., i.e.,

o(t) = Re{b(t) - 72" fct} (23)

which is equivalent to
z(t) = Re{b(t)} cos(2m fct) — Im{b(t)} sin(27 fot) . (24)

Hence, the carrier's amplitude is proportional to the magnitude of the baseband signal,
and the carrier's phase offset is proportional to the phase of the baseband signal. Modu-
lation is often distinguished into Amplitude Modulation (AM) and Phase Modulation (PM).
That directly relates to the constellation in the digital commmunication system. If ASK is
employed, the baseband signal is real-valued, leading to pure AM, while PSK is pure PM,
and QAM combines AM and PM.

We want to note that the discussion of modulation schemes is not exhaustive. Modern
communication schemes employ numerous other modulations, such as Frequency
Modulation (FM), where the symbols in baseband are sinusoids with different frequencies,
or Orthogonal Frequency Division Multiplexing (OFDM), where the baseband signal is split
into multiple subcarriers, each transmitting different message sections. However, these
modulation schemes are not relevant to this dissertation.

The wireless channel

Once the passband signal has been generated, the sender emits it into the wireless
medium using an antenna or other transducer. While traveling through the wireless
medium to the receiver over a single path, the physical waves experience distortions.
First, attenuation decreases the wave’s amplitude. Second, the wave travels with a
finite speed, requiring a delay proportional to the distance between the transmitter and
receiver. In the received signal, the attenuation is represented by a scaling. In general,
attenuation and time shift are also frequency-dependent.

Additionally, the signal may travel to the receiver over multiple paths when reflected
at obstacles in the environment, leading to interference at the receiver. As each path 4
covers a different distance and delay, it is scaled with an attenuation factor a; (|a;| < 1)
and experiences a time delay 7; > 0. We model the channel with its channel impulse
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response hp (t), which is the sum of the attenuated and time-shifted components of
each path, i.e.,
hon(t) = Y aid(t = 1i), (25)
i
and the received signal is then represented as the convolution of the transmitted signal
with the channel impulse response, i.e.,

y(t) = x(t) = hpp(t) . (26)

The multipath propagation leads to distortions of the received signal, e. g., Inter-Symbol
Interference (ISI). Due to the time delay of the paths, a late path of a previous symbol
can interfere with an early path of a later symbol, which may lead to decoding errors
at the receiver. The extent of ISI can be quantified with the channel delay spread—the
time difference between the first and last significant multipath component. A more
clearly defined version of the channel delay spread is the Root-Mean-Square (RMS) delay
spread, which we use throughout this dissertation. It weights the delay of propagation
paths by their power, given by

)y G = D2l ()lldr )
o S e (n)llar '

where 7 is the mean delay of the channel given as

L7 Tlihps () lldr

= (2.8)
L s (a7

T =
A related property is the coherence bandwidth of a channel, which is defined as a
bandwidth around the center frequency in which the channel impulse response is
roughly flat. The coherence bandwidth is approximately the inverse of the delay spread.

Another important property is the signal-to-noise ratio (SNR), which is the ratio of the
signal power to the noise power. The SNR is usually given in decibels (dB) and is defined

as

INEOIRY

(29)
INEOIR

SNR = 10log,,
over a period T, with b(t) as received baseband signal and n(t) as noise signal.

Demodulation

After the signal propagates through the wireless channel, the receiver demodulates it,
i.e., inverts the modulation to recover the baseband signal. In pure AM, the envelope,
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the signal’'s instantaneous amplitude, can be recovered with rectification and low-pass
filtering. However, a more complex approach is required when the carrier's phase is
required, too. Processing the signal directly in the passband requires high sampling rates.
Therefore, the receiver first down-converts the signal to alower frequency band. The most
common approach to achieve this is to mix the received signal with an unmodulated
carrier with the same frequency fe.

Using the fundamental trigonometric identities
1
cos(¢o) - cos(¢1) = 5 [cos(¢po + ¢1) + cos(¢po — ¢1)] , and (210)
1
sin(¢o) - cos(¢1) = 3 [sin(¢o + ¢1) +sin(¢o — é1)] (2m)

we can rewrite the transmitted signal from Eq. (2.4), mixed with a cosine of the same
frequency as

br(t) = [Re{b(t)} cos(2m fot) — Im{b(¢)} sin(27 fot)] - cos(27 fet + bo)

Transmitted

Re{b(t)} (212)

= —s [cos(4m fet + ¢o) + cos(—¢o)]

_ w [sin(47 fet + ¢o) + sin(—¢o)] -

The mixed signal contains a baseband component and a component at twice the carrier
frequency. The high-frequency components can be removed with a lowpass filter, with
only the baseband component remaining, i.e.,

(1) = 5 [Re(b(1)} cos(~0) — Tm{b(1)} sin(~go)] , (210)

where ¢, is a phase offset introduced because the transmitter and receiver are usually
not synchronized, and the receiver starts sampling at an arbitrary point in time. Similarly,
mixing the received signal with a sine at the same frequency yields

ba(t) = 3 [~ Re(b(H)} sin(~60) — Im{b(®)} cos(~60)] . (214)

Interpreting by and bg as a complex number yields the demodulated signal

1
—e

5 i p(t). (215)

b(t) = bi(t) — j - bo(t) =
Hence, the demodulated signal is a rotated and scaled version of the transmitted
baseband signal. This derivation did not consider the distortion in the passband due to
the channel. Instead of describing this with the passband channel impulse response,
the channel is often characterized by the baseband channel impulse response h(t),
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[ Figure 2.4: lllustration of (left) the demodulator at the receiver and (right) the
frequency domain representations of the signals throughout the stages. After
demodulation, the distorted baseband signal is recovered. The higher-frequency
components are removed with a lowpass filter.

which describes the transformation between the baseband signal at the transmitter and
the demodulated signal at the receiver. The baseband impulse response is essentially
the downconverted and filtered passband impulse response. Figure 2.4 illustrates the
demodulator and shows the frequency domain of the signal during the transmission
stages.

2.2.3 Equalization

We discussed that the multipath propagation distorts the received signal significantly,
and especially ISI may lead to decoding errors. Equalizers are designed to mitigate the
distortion by learning and reverting the the effect of multipath propagation. The linear
equalizer is a filter with impulse response heq (t). Without noise, the ideal filter response
is such that convolution with the channel impulse response yields a dirac delta impulse,
which may incorporate a time delay tg, i.e.,

heq(t) * he(t) = 8(t — to) . (218)

Consequently,
b(t) = b(t) * heq(t)
= (b(t) * he(t) + n(t)) * heg(t) (217)
=b(t — to) + (n(t) * heq(t)) -

Initially, the receiver can not know the channel impulse response and must estimate it.
Therefore, the transmitter sends a training sequence, a predefined sequence of symbols
known to the receiver. The receiver can compare the known transmitted and received
signals and estimate the optimal filter coefficients that transform one into another.

Unfortunately, since noise compromises the received training sequence, the equalizer
can only approximate the channel impulse response. Furthermore, during the reception
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of the main message, noise will also distort the equalizer's output. In channels with a
low Signal to Noise ratio (SNR), or highly frequency-selective channels, the equalizer can
amplify the noise in the received signal significantly, leading to substantial noise in the
equalizer's output. In such channels, choosing the equalizer impulse response according
to Eq. (216) leads to bad performance. Instead, a better choice is to minimize the mean
square error between the expected training sequence and the equalizer output, known
as the Minimum Mean Square Error (MMSE) criterion [Gol05, p.357f].

Different types of equalizers have been developed to reduce the influence of noise
on the equalizer output. This dissertation employs the MMSE equalizer and the Decision
Feedback (DF) equalizers. The MMSE equalizer is linear and optimizes its weights to
minimize the mean square error between the expected training sequence and the
equalizer output, balancing precise channel inversion and noise enhancement.

The DF equalizer is a nonlinear equalizer, which further reduces the noise amplification
compared to linear equalizers. It consists of a short feedforward filter and a feedback filter.
After every equalized symbol, it makes a symbol decision, i.e., extracts the constellation
point closest to its output. This constellation point feeds into the feedback filter. Hence,
the feedback filter contains noise-free information about the previously transmitted
symbols. However, a severe disadvantage of the DF equalizer is that once it makes a
wrong decision, this decision error propagates through the feedback filter to the following
symbols, which can lead to burst errors.

We discuss the detailed implementation and equations for equalizer training used
within this dissertation in the context of the designed backscatter communication system
in Section 6.3.3.

2.2.4 Synchronization

In wireless communication, the transmitter and receiver are not synchronized, which
has several implications. First, the receiver must detect the start of a message, known
as frame synchronization. Second, the oscillators used in the devices are not ideal. For
modulation, the transmitter needs an oscillator to generate the carrier frequency, and
the receiver needs an oscillator at exactly the same frequency for ideal demodulation.
In reality, oscillators are inaccurate, and their frequencies deviate between devices. The
task of frequency synchronization is to detect and compensate for the Carrier Frequency
Offset (CFO). Lastly, mismatching oscillators also cause a Sample Frequency Offset (SFO),
i.e., the sampling rate at the receiver does not perfectly match the symbol rate generated
at the transmitter. This section discusses techniques to detect and compensate for
these synchronization errors.

Phase and Frequency Synchronization

With realistic oscillators, the local oscillator at the receiver has a frequency offset f,,
such that the demodulator mixes it with a frequency of f. + fo. This results in a periodic
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rotation of the received baseband signal after demodulation, i.e.,

b(t) = 2Tt R0 L (b(t) % he(t)) + n(t) . (218)

Rotation

While many approaches exist to detect and mitigate the CFO [LP17], we focus on two
methods in this dissertation. We distinguish between static detection at the beginning of
a message—which is sufficient when the CFO is approximately constant—and a dynamic
correction continuously updating its CFO estimate throughout the message.

Static detection transmits a CFO synchronization sequence at the beginning of the
message. When transmitting an unmodulated carrier, b(t) in Eq. (218) is constant, and
the receiver detects only the rotation caused by the CFO (and noise). To determine the
frequency offset, it calculates the phase difference between two or more samples. The
more samples are considered in the estimation, and the longer the estimation sequence
is, the more accurate the estimate is. More formally, the receiver estimates the CFO from
the demodulated signal using

N—-1
Ch AN e (it
pege(wi(E) v (5) ) e
i=0

with a sampling rate fs. Once f, is known, the receiver can compensate it by multiplying
the received signal with a complex sinusoid exp(—j27 fot) in the inverse direction,
recovering the frequency-synchronized signal.

A Digital Phase Locked Loop (DPLL) can be used for dynamic CFO detection and miti-
gation. The core idea of the DPLL is that after making a symbol decision for each symbol,
the phase offset between the detected sample and the ideal constellation point serves
as an error signal. According to the error signal, the DPLL adapts its current phase offset
estimate as shown in Fig. 2.5. The error signal is additionally passed through a loop filter
with gain k. The loop filter can take various forms depending on the characteristics of
the communication system. The filter gain must be adapted to the SNR to find a balance
between quick response and stability of the feedback loop.

Frame Synchronization

A frame is a packet of information, i.e., a sequence of symbols that follow a protocol
known to the transmitter and receiver. To correctly decode such a packet, the receiver
must detect the start of a frame. Frame synchronization is often realized by prepending
the message with a preamble by, (t), a predefined sequence of symbols known to the
receiver. The receiver can then perform a cross-correlation between the received signal
and the expected preamble to determine the part of the received signal that matches
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[ Figure 2.5: Principle sketch of (a) a DPLL with proportional loop filter to track and com-
pensate phase errors, and (b) a possible Phase Error Detector (PED) implementation
working on a sample and a decision.

the preamble the closest. The correlation between the received baseband signal and
the preamble is given by

corry ,, [i] = Z B (k] - bplk — 4 . (2.20)
k=0

The most probable start index ig of the correlation sequence in the received signal is
then
ip = argmax ||corr , [4]]]. (2.21)
i
As an additional benefit, the cross-correlation also yields the phase shift between the
received signal and the preamble, i.e., the phase shift ¢, introduced due to the channel
delay
b = L (corri)’bp[ig]) . (2.22)

Care must be taken to choose a suitable preamble sequence, i.e., one that produces
a high and uniquely identifiable peak when correlated with itself. A common choice
is a Barker-Sequence, where every correlation with a version of itself shifted by one or
more symbols is zero, and only the exact overlap produces a high correlation peak.
In contrast, randomly chosen symbol sequences often produce multiple correlation
peaks. For example, Fig. 2.6 shows the autocorrelation of a 13-symbol Barker-Sequence
compared to a repetitive clocklike signal with many peaks. In a noisy channel, the peaks
of the clocklike signal may be ambiguous, while the peak of the Barker-Sequence is more
pronounced.
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1 Figure 2.6: lllustration of frame synchronization. The receiver correlates the received
signal with the preamble to determine the start of the message. The figure shows
two exemplary preamble sequences, where the Barker-Sequence is much better
suited for correlation.

Symbol Timing

As the receiver starts sampling at an arbitrary point in time, the sampling instants are
usually not ideal, i.e., a sample is not taken at the center of a symbol, which we call
Timing Error. Furthermore, the sampling clock at the receiver usually deviates from the
clock at the receiver, causing a drift of the sampling instants over time, which we refer
to as Sampling Frequency Offset (SFO). Throughout this dissertation, we use a static
approach to detect the timing error once at the beginning of a message, and a dynamic
approach to track and correct the time-variant SFO throughout the message.

The static approach uses a part of the signal to detect the symbol timing using a
square timing error detector first described in [OM88]. This detector is based on the
observation that a signal of alternating ones and zeros in the baseband is similar to a
sine with a frequency of half the symbol rate. Then, the square of this signal has a period
equal to Ty, (see Fig. 2.7). With such a signal, the digital Fourier transform evaluated for
the frequency bin 1 /Ty, yields the phase offset A¢,y,,, which can be used to correct the
timing error, e.g., using interpolation. To resolve the frequency component in the digital
Fourier transform, the sampling rate of the baseband signal must be more than twice
the symbol rate. The square timing error detector also works on signals that are not
purely alternating ones and zeros, as long as the signal contains sufficient zero-crossings,
usually ensured by encoding with a channel or source code. However, the square timing
error detector may fail when the signal contains long streaks of ones or zeros.

Like the frequency offset, diverging clock frequencies at the transmitter and receiver
also cause the sample timing to deviate throughout the message. The dynamic ap-
proach tracks the timing error over time using a timing-locked loop. The differences to
the previously discussed DPLL are

1. the error detector, which needs to detect if the sampling instants are too early or
too late, and

2. the compensation mechanism, which interpolates the ideal sample between the
original samples b(1/ f.), as displayed in Fig. 2.8 (left).

©
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[ Figure 2.7: lllustration of the square timing error detector with an alternating signal
(blue) of ones and zeros and the squared signal (orange), having a period of Th,.
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[ Figure 2.8: A timing-locked loop (left) takes feedback from a timing error detector
(TED) and interpolates the samples in the baseband signal. The Derivative timing
error detector (right) uses the derivative and sample value to determine if the
sample has been taken too early or too late.

For1), a derivative timing error detector is employed. This timing error detector assumes
that the derivative of the received signal is zero at the center of a transmitted pulse. If
the pulse is positive, a positive derivative indicates that the sampling instant is too early,
while a negative derivative indicates it is too late. In the case of a negative pulse, the
opposite is the case (see Fig. 2.8 right). Therefore, the timing error signal is proportional
to

N d .
er(t) o< b(t) - Eb(t). (2.23)

Similarly to the frequency-locked loop, the error signal is multiplied with a gain and
integrated, which reduces noise and stabilizes the feedback loop. The accumulated
timing error then controls the interpolator, which will correct subsequent samples ac-
cordingly, synthetically recreating the samples at the center of a symbol. However, in
a software-defined receiver, the derivative must be estimated, usually by taking the
central difference of the digital samples, i.e., with sampling interval Ty, the derivative is
approximated as

S0/ g (B4 11/ — B0 - 11/1) - (224)
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This way of approximating the derivative requires a sampling rate several times the
symbol rate, e.g., 4 or 8 times as fast. Like the static method, the timing error can only
be detected when the symbol value changes. Long streaks of ones or zeros can lead to
a loss of synchronization.

2.3 Piezoacoustic Backscatter

This section reviews the piezoelectric effect, the transducers fabricated from piezoelectric
materials, and the acoustic reflection coefficient, which are critical to understanding the
physical foundation of backscatter communication.

2.3.1 Piezoelectric Transducers

The direct piezoelectric effect describes a property of certain materials in which a
mechanical strain forced upon the material induces a change of an electric charge
on the material surfaces. Figure 2.9 (a) shows a simplified model of a quartz crystal—
which has a regular inner structure of positively and negatively charged particles—with
electrodes applied to both sides. In equilibrium, the center of the positive and negative
charges coincide, and the crystal is electrically neutral. If a mechanical force FY,, deforms
the crystal, as shown in Fig. 2.9 (b), the charge centers shift, inducing an electric field
between the electrodes.

Similarly, an externally generated voltage Vi between the electrodes generates an
electric field, which acts on the charged particles with a force Fe;. Upon the force, the
crystal is deformed. This is called the inverse piezoelectric effect. A detailed descrip-
tion of the fundamental physics of piezoelectricity is out of scope for this thesis, but a
comprehensive summary is given in [Rupi9].

For our purposes, it suffices to know that the coupling between mechanical strain and
charge on the transducer is linear, i.e., the induced charge AQ is linearly coupled to
the particle displacement Az in the crystal, and the electrically generated force Fe; is
linearly coupled with the voltage drop over the crystal. Hence,

AQ x Az and Fo o< —Vg . (2.25)

A piezoelectric transducer consists of a piezoelectric material coated with two elec-
trodes. As piezoelectric materials are always dielectrics, the transducer resembles a
capacitor, but energy can be stored in the electric and mechanical fields.

The energy exchange between the electric and mechanic fields makes any transducer
a resonator. The exact resonance frequency of a transducer depends on its material
parameters and geometry. In this dissertation, we used only disk-shaped transducers,
which have two fundamental resonance modes: a longitudinal mode, where the me-
chanic oscillation occurs in the thickness direction of the transducer, and a transverse

20
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[ Figure 2.9: The direct and inverse piezoelectric effect shown for a quartz crystal.
In equilibrium (a), the center of positive and negative charges (C'1., C'_) overlap.
On deformation (b), the charge centers move, creating an electric field. Applying
an external electric field (c) exerts a mechanical force on the charges, causing
deformation. The illustration is adapted from [Rupl9].

Transverse Mode Longitudinal Mode

a Figure 2.10: A transducer can resonate in transverse (radial) mode or in longitudinal
(thickness) mode, yielding two distinct resonant frequencies.

mode, where the oscillation occurs in the radial direction (see Fig. 210). Driving the trans-
ducer close to its resonance is essential for high-efficiency conversion of mechanical
energy into electrical energy and vice versa. This is especially important for wireless
power transfer systems, where transfer efficiency is critical. A detailed inspection of the
resonances and electrical impedance of the transducers used in this dissertation follows
in Section 4.2.1.

2.3.2 Reflection Coefficient

When a wave travels through a medium and encounters an impedance discontinuity,
e.g., a junction of two different materials, part of the wave is reflected. Analogously
to electromagnetic waves, this is also true for acoustic waves, where the acoustic
impedance measures a system’s opposition to particle movement when excited with
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1 Figure 2.11: The transducer (left) can change the acoustic impedance of the cross-
section to which it is attached. The load impedance (right) influences the relation
between the forces from the direct and inverse piezoelectric effect.

a periodic force. The acoustic impedance Z, is a complex and frequency-dependent
quantity, which is defined as
_ Pressure 1 F{Fa(t)}

%) = Velocity A F{dxz(t)/dt}’ (226)

with mechanical force Fy, acting on area A, and particle velocity dz /dt [Bru06].

When excited with a sinusoidal force, the particle velocity will also be sinusoidal. How-
ever, the relation between magnitudes and phase differences of force and velocity is
influenced by the material properties. When assuming a thin sheet from a homogeneous
material as a waveguide (see Fig. 211, left), the acoustic impedance is the same every-
where, and a wave can travel through the material without reflection. When a transducer
is attached to the metal surface, it changes the stiffness and mass of the cross-section to
which it is attached. Furthermore, due to the active piezoelectric material, the transducer
can generate a force on the surface.

Due to the coupling of mechanic and electric fields in a piezoelectric transducer, the
load impedance—the electric impedance connected between a transducer’s terminals—
influences the acoustic impedance of the transducer. Figure 2.11 (right) is a simplified
model of how the forces from direct and inverse piezoelectric effects are related. In
this model, a charge source represents the induced charge proportional to the external
mechanical force, and the voltage over the load impedance is proportional to the force
induced from the electric field. Hence, short-circuiting the load results in no electric
field (V; = 0V) and no force F, from the inverse piezoelectric effect is acting on the
transducer. On the other hand, an infinite load impedance results in the maximum Vg
and, hence, a force F) acting on the transducer in the opposite direction of the driving
mechanical force. Similarly, capacitive or inductive loads result in a phase shift between
the mechanical and electric forces up to +90°.

Wave theory provides a simple characterization of this effect, the complex reflection co-
efficient I'. At a transmission from one medium with characteristic acoustic impedance
Z, to another medium with acoustic impedance Z; the reflection coefficient is

_ Z,—Za

T, =
a Zé+Za7

(2.27)
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[ Figure 2.12: Wireless power transfer system overview.

where I', is a complex number whose magnitude describes the fraction of the wave's
amplitude that is reflected, and its phase describes the phase shift of the reflected wave
relative to the phase of the incident wave [Rosl4].

In the example from Fig. 2.11, we simplified the model by assuming that the transducer
is perfectly coupled to the metal beam. However, the binding layer, which attaches
the transducer to the surface, is never perfectly rigid, i.e., it will never fully transmit the
mechanic wave in the underlying structure to the transducer. Furthermore, some of the
wave energy dissipates during conversion between the mechanic and electric domain
due to internal resistances in the transducer. Hence, the acoustic reflection coefficient
can never fully achieve a magnitude of one. Detailed analysis and modeling of the
piezoelectric reflection coefficient is beyond the scope of this thesis but can be found
in [All21]. We experimentally analyze the characteristic impedances of the transducers
and channels used throughout this thesis in Section 4.2.

2.4 Wireless Power Transfer

A Wireless Power Transfer (WPT) system consists of a power transmitter and one or more
receivers. Different underlying mechanisms can be leveraged to transfer power wirelessly,
e.g., electromagnetic waves, inductive coupling, capacitive coupling, and elastic waves.
In this thesis, the discussion is limited to ultrasonic wireless power transfer. However, the
building blocks depicted in Fig. 2.12 are similar, independent of the transmission medium
and type of wave.

The transmitter transforms electric energy into a mechanical wave. Therefore, it
generates an electric AC waveform and applies it to a transducer. The transducer
excites a mechanic waveform in the coupled medium, which propagates on one or
more paths to the receiver. A second transducer converts the mechanic waveform back
to an electric waveform at the receiver. At this point, the transducer already provides
an electric AC signal at the excited frequency. However, electronic devices such as
sensors and Microcontroller Units (MCUs) require a DC voltage within a suitable range.
High voltages must be avoided to prevent device damage, while too low voltages can
not power the digital circuitry. Therefore, a harvesting circuit converts a wide range of
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incoming AC waveforms into a regulated DC voltage that fulfills the requirements of
digital electronics.

At every stage in this system, part of the energy is dissipated into the environment
and is lost for the receiver. The challenge in a WPT system is to optimize the parts so
that the largest possible fraction of the energy spent at the transmitter is available as
regulated DC power at the receiver. However, certain system components are not under
the designer’s control, e.g., the wireless channel, where typically most energy is lost.
Hence, the rest of the system must be tailored to best suit the channel's characteristics.

The targeted wave mode and frequency are the most influential design decisions in
ultrasonic channels in solid structures [Tse+20]. Once these are known, the transducer
must be chosen that is best suited to excite this kind of waveform. We discuss the options
in Section 4.2, where we investigate the channel in more detail. The rest of this section
discusses the electric building blocks of the WPT system and especially the interfaces
between these building blocks. We first review the maximum power transfer theorem to
understand the role of interfaces between circuits.

2.4.1 Maximum Efficiency and The Maximum Power Transfer Theorem

While circuits in WPT systems often comprise many elements, the Thevenin equivalent
states that any system that contains only voltage sources, current sources, and passive
elements can be replaced by a single voltage source in series with a single output
impedance [Joh03]. This law can also be extended to networks containing active ele-
ments, such as transistors and diodes, as long as the circuit behaves linearly around the
observed operation point.

Using the Thevenin equivalent, we can describe the transmitter as an ideal voltage
source generating Vs ¢x With output impedance Zs ¢, as shown in Fig. 213 (left). At
the same time, the transducer driven by the transmitter is modeled as a single load
impedance Z; . The goal is to match the source’s parameters to the transducer to
maximize the power transfer efficiency ny, i.e.,

Re{P;} Re{I7  Zeex}

= = . (2.28)
Re{IDs + Pt} Re{Iatx(Zt,tx + Zs,tx)}

Nex

Efficiency in such a circuit is maximized by first matching the transducer’s reactance
by choosing a Zs tx with opposite reactance, i.e.,

Im{Z, .} =—Im{Zeex}, (229)

in that case, the efficiency calculation is simplified to

Re{Z¢,1x }

_ 2.30
Zewx + 2L (230)

Mex =
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[ Figure 2.13: Impedance mismatch between a source and a load leads to a reduced
power uptake of the load.

This equation shows that efficiency can finally approach unity by minimizing the source’s
output impedance as much as possible. Since the generator typically uses an amplifier
with a small output impedance, e.g., a few Ohms to tens of Ohms, and piezoelectric
transducers typically have much larger input impedances, high efficiencies of more
than 90 % can be achieved in the transmitter.

At the receiver depicted in Fig. 213 (right), a similar matching problem arises. How-
ever, in this case, the source represents a transducer excited by a mechanical wave,
and Zs « is the transducer’s output impedance. The voltage V; .« is not under the
designer’s control but depends heavily on the transmission channel. The transducer’s
series resistance Zs . is usually assumed to be a fixed property of the transducer. At
the receiver, the goal is slightly different: Instead of maximizing transfer efficiency, we
want to adapt the harvester's input impedance to extract the largest possible amount
of power from the source.

The maximum power transfer theorem [ASSI6] states that this is achieved by choosing

Zum + Ry = Z7, (231)

-

Therefore, the harvester typically uses a matching network with equivalent impedance
Zm to match the source’s reactance. Furthermore, the harvester must control the current
to mimic a resistive load with resistance Ry, hence

Zm = —j - Im{Zsx} and Ry = Re{Zqx}- (232)

Optimal matching results in a maximum harvestable power

max _ Vi & Rn
P, = — with V=V, —————
Rh Rh + Zm + Zs,rx
s (2.33)
Pn]ax — # ,
h 4Re{Zq x}

where \_/S,rx is the RMS voltage of the input waveform. Hence, even in a perfect match,

N
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only a fraction of the available source energy can be harvested, and the absolute value
depends on the open circuit voltage of the transducer and its series resistance.

In some harvesting applications, the source’s series resistance or open circuit voltage
change dynamically, e.g., in solar harvesting, series resistance changes with solar ra-
diation intensity. This is relevant for transfer through metal channels, as we discuss in
Section 4.2. In such cases, Maximum Power Point Tracking (MPPT) is a useful technique
where the harvester dynamically adapts its resistance to the time-variant source.

2.4.2 Rectification and Voltage Multiplication

The harvester must rectify the AC signal and convert it to a suitable voltage level. Most
commonly, diode-based rectifiers are used for this purpose, which can be arranged
in several configurations: Most reported are the half-wave rectifier, full-wave-rectifier,
full-bridge rectifier, and voltage quadrupler [TCP17] shown in Fig. 214. The half-wave
rectifier is the simplest, requiring only a single diode and a capacitor, but can only rectify
power during the positive half of an input wave, not fully leveraging the available power
of the waveform. The full-wave rectifier requires two diodes, leverages the power of both
positive and negative half-wave, and can create a DC output voltage with twice the
amplitude of the input wave. The full-bridge rectifier requires four diodes and leverages
the whole waveform. However, it does not double the input voltage. Lastly, a voltage
quadrupler is a rectifier constructed from four diodes, that can achieve a four times
voltage gain. The choice of the rectifier depends on the application, e.g., the expected
input amplitudes and required DC voltage.

When the input voltage is much lower than the required DC voltage, multiple full-wave
rectifier stages can be chained to further multiply the output voltage, which comes
at the cost of diminished efficiency. Due to the forward voltage drop of real diodes,
the efficiencies of rectifiers vary with the input waveform’s amplitude. When the input
voltage is low compared to the diode forward voltage drop, the diode has a considerable
resistance that reduces the efficiency of the rectifier to just a few percent. With high
input voltages, however, the efficiencies can be well above 90 %. Therefore, a diode with
a low forward voltage can improve the harvesting efficiency at low voltages by up to
800 % compared to a diode with a high forward voltage drop [YCLI8].
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2.4.3 Power Management

As the harvested power in WPT systems depends on parameters that are outside of the
control of the system designer, e.g., the distance and the wireless channel gain between
transmitter and receiver, the harvested power is often less than the consumed power
of the load, e.g., a sensor node. However, even if the harvested power is insufficient,
the sensor node can still provide some service when it performs energy-aware power
management with a Power Management Unit (PMU).

A typical option is to run the sensor node in a duty cycle, i.e., to adapt the interval
in which the sensor node performs its task to match the average consumption to the
supplied power. Therefore, the sensor node remains in a sleep state—or even fully powers
down—while the harvester charges an energy buffer up to a threshold voltage, such as
a capacitor or supercapacitor. Once the threshold is reached, the PMU activates the
sensor node, which then executes one task cycle, e.g., it reads a sensor and transmits
the result. The energy buffer’s capacity and threshold voltage should be large enough
to supply at least one task cycle to avoid the node running out of energy before finishing
a task.

A duty cycle could theoretically enable a sensor node to perform a task with any
nonzero amount of harvested power, even if the task intervals become very large. A
practical limitation, however, is the leakage current that exists in storage elements and
harvester circuits. Hence, the harvested power must be larger than the leakage power
to load the storage element up to the threshold voltage.

2.5 Elastic Waves in Solids

In solid media, multiple types of waves can propagate, having distinctive properties,
such as wave speed and attenuation coefficient. These types are characterized by
propagation direction and the direction of particle movement. Selecting the right wave
mode for the application is crucial, and several factors influence how a specific mode
can be excited.

Bulk waves are longitudinal waves, where the particle movement is in the same direc-
tion as the wave propagation. They also exist in fluid media and gases and propagate
by alternating compression and expansion of the medium. In contrast, the transversal
waves propagate perpendicular to their particle movement direction. Transversal waves
require a shear coupling between neighboring particles in the material. Hence, they
predominantly occur in solid media.

Specific superstitions of bulk and transveral waves in thin, plate-like structures form
guided lamb waves [Su09, p19]. Two basic modes can occur: symmetric and antisym-
metric. Additionally, an infinite number of higher orders of these basic moded may occur
in higher frequency ranges. Figure 2.15 illustrates the described wavetypes.

The properties of the wave types vary and impact their usefulness for ultrasonic power
and data transfer. While bulk waves can efficiently be excited in a wide range of frequen-
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I Figure 2.15: Non-exhaustant overview of wave types emerging in solid media. Every
type has specific properties that can aid or harm the application.

cies, they experience more attenuation than lamb waves, making them unsuitable for
longer distances. In contrast, lamb waves travel long distances with less attenuation and
lower propagation speeds. However, not all lamb waves propagate equally. Attenuation
also increases with frequency, rendering the basic lamb-wave modes more efficient
than the higher-order modes [Sun+21]. Furthermore, the antisymmetrical modes are
attenuated less than the symmetric modes. Hence, the basic antisymmetrical mode is
the wave mode with the lowest attenuation.

The generation of a specific wave mode and order depends strongly on the excitation
frequency. The wavelength should be larger than the structure’s thickness to excite
predominantly the most efficient guided lamb waves. When higher frequencies are
chosen, more bulk and higher-order lamb waves occur [Ros14, p.3], which do not travel
as far in the metal. Consequently, the carrier frequency is limited to a low frequency
range imposed by the structure’s thickness for efficient power transfer.

N
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Chapter

State of the Art

This chapter first summarizes the targeted applications for acoustic power transfer
and communication and analyzes the design requirements for these applications. We
then briefly summarize the history of backscatter communication and introduce the
fundamental principles and nomenclature. While electromagnetic backscatter is well
established, acoustic backscatter is a relatively new field and has not been studied inten-
sively. However, it adopts many techniques from Radio-Frequency Identification (RFID).
Therefore, we start by summarizing the current state of RFID, then progress to more recent
developments and adaptions in acoustic backscatter. Finally, we provide an overview
of acoustic through-metal communication, focussing on active communication and
power transfer required for fully batteryless embedded sensor nodes.

3.1 Applications and Requirements

Acoustic power transfer and communication in metals can supply and read out de-
vices in places that are out of reach for conventional, electromagnetic-wave-based
techniques. Examples are sensors embedded in a pipeline [Tse+22; SN22; ACG2]; TSMIG;
YS16; GNSTI, in pressurized tanks and nuclear-waste containers [Zha+19; All21], into the
reinforced concrete reactor chambers in nuclear power plants [Hei+19], and cargo con-
tainers [A\g+l9; Hos+10; RMK09]. Others mention also reading out sensors through thick
steel structures, such as ship hulls and bulkheads [Pri+07]. Using ultrasonic waves in
these applications is an alternative to drilling holes and feeding cables directly through
the metal, which compromises the structural integrity and may be costly and difficult to
seal in pressurized tanks.

A second class of applications is Structural Health Monitoring (SHM) of bridges and
wind turbines [TMO22; Sun+21; STM20], airplane hulls [Xu+22; Tse+22; STM20; Mcl+19; TBLIS;
TSM18], and similar structures, where conventional electromagnetic communication may
be a viable alternative. However, the use of acoustic waves has advantages:

B Hardware reuse: Many SHM techniques use ultrasonic-guided waves to detect
cracks and other damages in the structure [Ric+22; Lam+17]. The same transducers,
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7 Figure 3.1: Ultrasonic power transfer and communication is promising for monitoring
diverse structures, e.g., nuclear power plants, pipelines, aircraft and ship hulls, and
wind turbine blades.

measurement circuits, and signal generators can also serve for power transfer and
communication, saving costs and space for additional communication hardware.

B |Long-range power transfer: Wireless power transfer with electromagnetic waves
is inefficient over long distances and usually covers only a few meters. Metal
structures can serve as a waveguide for ultrasonic waves, transmitting power
more efficiently over longer distances.

B Privacy and security: Attackers can overhear electromagnetic communication,
insert false data, or jam the medium from the outside. Physical access to the
structure is required to achieve the same attacks in an ultrasonic through-metal
communication scheme, making it easier to protect critical systems.

Monitoring applications often require large amounts of sensors distributed over the
structures. Hence, economic viability introduces the following requirements.

1. Sensor nodes must be cheap and small to be distributed flexibly and in large
quantities.

2. In many applications, sensor nodes are placed in hard-to-reach locations, making
regular battery replacement difficult, if not infeasible. Hence, wirelessly powered
nodes are desirable.

3. WPT requires a power emitter that is more power-consuming, complex, and costly
than the sensor nodes themselves. Establishing long-range transfer enables a
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single emitter to power several sensors and reduce the number of required devices
significantly.

4. As the harvestable power shrinks with the distance from the emitter, a sensor
device with less power consumption can power up over a longer range. Hence,
the sensor devices should also be ultra-low-power consuming.

These requirements motivate the investigation of backscatter commmunication, which
helps to achieve two goals at once: It enables ultra-low-power consumption at the
transmitting sensor node, since it does not actively generate a waveform for communi-
cation, and it enables simple and cheap circuitry by omitting the hardware for active
signal generation.

3.2 Backscatter Communication

Conventional wireless communication relies on a sender actively generating a signal to
embed information. To propagate well in the targeted medium, e.g., in air, these signals
must be in a suitable frequency range and have sufficient power to be detectable at
the receiver. Consequently, the sender requires active circuitry and a power source
to generate the high-frequency carrier wave. Opposed to conventional communica-
tion, backscatter is passive, i.e., the sender does not generate the carrier wave, but
relies on an existing carrier generated by a different entity. To transmit information, the
sender modulates the reflection of the incident wave. The receiver can then detect the
modulation in the reflected signal and decode the embedded information.

The concepts of sender, transmitter, and receiver are somewhat ambiguous in the
context of backscatter communication, as the backscattering device is simultaneously
receiving a carrier wave, but sending data. Therefore, different terminology has evolved
in the community. The active device, which generates the carrier, is termed the sig-
nal source, and the backscattering device is termed a tag. The reader receives the
backscattered signal from the tag. The reader often includes the signal source and even
shares the same antenna (or transducer) for carrier generation and signal reception,
which is called a monostatic backscatter configuration. Communication may occur in
both directions, where the communication from reader to tag is called downlink, and
the tag to reader communication is the uplink. The setup and terminology are illustrated
in Fig. 3.2.

Backscatter is often referred to as an ultra-low-power communication paradigm.
However, it is crucial to understand that only the passively communicating tag nodes
fulfill this promise. When comparing the energy per transmitted information bit, the most
energy-efficient backscatter schemes communicate at less than 10 pJ bit'—more than
two orders of magnitude less than Bluetooth Low-Energy (BLE) or WiFi [Ensi6]. At the
same time, typical backscatter readers transmit carriers with up to 1W power, about
three orders of magnitude more than WiFi and BLE transmitters. This imbalance in
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[ Figure 3.2: General setup and terminology of @ monostatic backscatter configuration.
The signal source and receiver can also be separate devices (bistatic configuration).

power consumption stems from the low efficiency of wireless power transfer, and the
total power consumption of readers and tags will be much higher than in conventional
wireless sensor networks. Hence, backscatter networks are advantageous when a) a
single reader serves many tags, b) tags are located at inaccessible places where regular
battery replacement is infeasible, or ¢) tags must be cheap, disposable devices.

The earliest reports of backscatter communication date back to the 1930s, when
fighter planes intentionally flew specific maneuvers to modify their reflection of radar
signals. Allegedly, the radar ground stations evaluated the systematic modulation
to discriminate the planes from their own side from others [Dob08]. A more formall
foundation for backscatter commmunication was given in 1948 by Harry Stockman, who
already foresaw various applications and backscattering of different types of waves,
i.e., RF, microwaves, visible light, and sound waves [sto4s].

3.2.1 Radio-Frequency Identification

Today, the most prominent and widely adopted backscatter system is RFID, which was
designed to identify objects wirelessly. In this sense, RFID tags replaced the conventional
bar code, whichis reflected in the name of the dominating RFID standard, called Electronic
Product Code (EPC global) [EPC18]. Identifying applications include warehousing, where
cheap RFID tags are attached to goods in stores and warehouses, which can quickly
be accounted for with a reader. Other applications are toll collection—where tags are
attached to vehicles and identify themselves when passing a reader at a toll station—and
mobile payment, keycards, and many more. Typical RFID tags have a simple structure
consisting of an antenna, a rectifier to harvest power from the incident carrier, and a
load modulator to alter the reflection coefficient of its antenna. Only simple logic is
required, e.g., to store their ID and execute the communication protocol, reducing the
cost of such tags to several eurocents [Her+19].

With the rising interest in wireless sensor networks, RFID has been repurposed to fulfill
wireless sensing tasks [KMI2]; Sch+22]. The tag antenna s directly connected to a sensing
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element that changes its impedance or resonance frequency with the observed quantity,
e.g., a thermistor. The observed quantity thereby modifies the antenna'’s reflection
coefficient and allows the reader to estimate the quantity. More relevant for the goal
of this dissertation, computational RFID introduces a new type of wireless sensor node
that uses the RFID physical layer to extend battery life by using backscatter for ultra-low-
power communication or harvest incident energy to ditch batteries altogether. These
nodes conform to the EPC global standard and are readable by commaodity RFID readers.
In contrast to classical RFID tags, however, they employ logic that exceeds the original
purpose of identification but enables complex sensing tasks, including the readout of
digital sensor ICs and processing samples before transmission.

A popular example of computational RFID is the open-source Wireless Identification
and Sensing Platform (WISP), a programmable, microcontroller-based tag constructed
from discrete commercially available components, extendable with arbitrary sensors. In
contrast to most other RFID tags, the specifications and internal design of the WISP nodes
are publicly available, and many researchers have reported on the capabilities and
limitations of the platform. As a consequence, the platform has become hugely popular
and was investigated or used in more than 130 publications in renowned conferences
and journals [23a]. WISP's flexibility, however, comes at a cost: The more complex
logic and general-purpose hardware require significantly more power than application-
specific circuits (ASICs). The higher power consumption translates to a shorter readout
range, as more power must be available over WPT to turn on the device. Table 31
compares the WISP platform with a System-on-Chip (SoC) based research prototype
developed to wirelessly read out analog sensor values, e.g., a temperature sensor, and
a commercially available sensor logger tag IC. The general-purpose MCU in the WISP
requires roughly 850 uW when active, up to 25 times more than the ASIC-based platform
requires. Consequently, read ranges are much shorter. As the required power is rarely
available from the source, the WISP usually works in a duty cycle, which may cause
missing packets from the reader, complicating communication.

3.2.2 RFID Physical Layer

The vastly different properties of reader and tag require different communication
schemes for uplink and downlink communication. For brevity, we limit the discussion to
the solutions adopted in the EPCglobal Class 1 Generation 1 (C1G1) and Class 1 Genera-
tion 2 (C1G2) standards. Analogously, we use the WISP platform as a case study for an
implementation that fulfills this standard.

Downlink

Two requirements govern the downlink coommunication scheme’s design. First, the tag
must be able to demodulate and decode the message with minimal resources, i.e.,
memory, computational complexity, and energy. Second, the transmitted signal must
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WISP SOCWISP Commercial
[ss13] [ | [ ]
Application Flexible Analog Sensor A/D Sensor
readout Logging
Processing MCU (MSP430) 130nm CMOS SoC ASIC (SL900A)
Hardware
Min. Startup -0.5dBm -12dBm n.a.
power
Read range 22m >3m upto4m
Active Power 850 uw 33uwW 150 pw
Sleep Power 2uW n.a. <Tuw
Duty Cycling (%} (<]

I Table 3.1: Comparison of SoA computational RFID tags based on different hardware
platforms.

WAL Y

7 Figure 3.3: The downlink in CIG1 and C1G2 employs ASK-based modulation schemes
with different encodings. The tag demodulates the signal with a diode-based
envelope detector.

have sufficient power to supply the batteryless tag with energy during reception. Existing
RFID protocols usually only modulate the envelope of the single-frequency carrier signal
using binary ASK to conform with the first requirement.

Different forms of encodings are possible with ASK modulation (see Fig. 3.3). The CIG2
standard, for example, uses Pulse-Inverval Encoding (PIE), in which the interval between
two pulses with low-amplitude level encodes a binary one or zero, and the COGI1 standard
uses a pulse duration modulation (PDM) where the duration of a low-level pulse encodes
the bit. Such pulse-based encodings are helpful to the second requirement, as they
ensure that every symbol contains a high pulse, where the tag can harvest some energy.
A pulse in every symbol interval guarantees a minimum average signal power throughout
the message, considerably reducing the data dependency of the received energy at
the tag compared to pure OOK. The maximum symbol rates specified in the standards
go up to 40 kbits™ (C1G2), and 70 kbits™ (CIGI).

ISl is insignificant at data rates used in the EPC protocols because the symbol duration
is much longer than the channel delay spread. Experimental studies report RMS delay
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[ Figure 3.4: The tag uses FMO modulation, shifting the transmission band away from
the carrier. The receiver can then isolate the backscattered signal by filtering out
self-interference.

spreads for typical backscatter channels of 10 - 80ns [AMWI2]. Hence, even at the
maximum data rate of 70kbits™, the symbol duration is about 180 times longer than the
RMS delay spread. The low ISI enables tags to employ simple and efficient demodulation
schemes based on analog comparators.

Uplink

The uplink communication is subject to different constraints. The tag can only modu-
late its reflection coefficient, and most implementations switch between two different
reflection coefficients to modulate the backscattered signal. The reader, however, has
many more resources at its disposal for demodulation and decoding. The main chal-
lenge is that the backscattered signal from the tag is typically weak, and the reader’s
self-interference is often orders of magnitude stronger. Self-interference describes the
remnants of the generated carrier, which spill over to the receiver circuitry. Additionally,
the reflections of the carrier that are not reflected from the tag but from the environment
also contribute to self-interference.

The tag in CIG1 and C1G2 uses FMO—a special type of Frequency Shift Keying (FSK)—
modulate its reflection coefficient. In FMO, the tag varies the frequency at which it
switches between its two distinct reflection coefficients so that the switching frequency
is zero in one state, and non-zero in the other state. In the latter state, the incident
carrier signal is mixed with the switching frequency, shifting the passband away from the
carrier frequency, which enables the reader to remove its self-interference and isolate
the backscattered signal through filtering. Data rates from tag to reader reach up to
640kbits™ in C1G2 and 140kbits™ in C1G2. Since the reader has much more resources,
it can perform active filtering and amplification. Therefore, the reader can receive
backscattered signals with lower SNR than the tag at the downlink. The limiting factor
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for passive tags is not the communication range but insufficient transmitted power to
support the tag’s circuitry. Battery-assisted tags, however, may communicate passively
with the reader over much longer distances.

Power Transfer

The standard RFID tag is entirely passive, i.e., it harvests the power to run their circuits
purely from the received carrier. Therefore, the carrier is rectified, and the voltage is
regulated to be suitable to supply the integrated circuits. For power harvesting, the input
impedance of the harvester plays a significant role because large mismatches with the
source’s output impedance result in inefficient harvesting and reduce the read range of
the device.

Furthermore, the input capacitance must be chosen carefully. A large capacitor
requires a long time to charge up, during which the tag is unavailable to receive downlink
messages. However, the capacitor has to be large enough to buffer periods during which
no energy is harvested. These periods happen during the downlink, when the reader
modulates the carrier’s envelope, and during the uplink, when the tag short-circuits the
antenna to change its reflection coefficient. Hence, the RFID modulation schemes are
designed to ensure the availability of at least 50 % of the power of an unmodulated
carrier during reception and transmission. Furthermore, message durations in up- and
downlink communication are short (< 100 ps), requiring only small buffers.

The power transfer efficiency of typical RFID systems depends on many factors, e.g.,
the distance between reader and tag, antenna gains, and harvester efficiency. Hence,
quantifying a typical efficiency in RFID is not possible. To estimate the minimum efficien-
cies from the literature, we assume that the reader uses the maximum transmit power
allowed by regulations, which is 30 dBm. When the WISP requires a minimum startup
power of -0.6 dBm, the transfer efficiency at maximum read range is -30.56dB. For the
SOCWISP, the minimum power transmission efficiency can even reach -42dBm, i.e., less
than 104,

WISP Case-Study

Since the fundamental tasks of an acoustic backscatter tag are similar to RFID, we now
closely examine how WISP implements the tag to receive downlink messages, transmit
uplink messages, and harvest energy from the carrier. Figure 3.5 shows the analog
frontend of a WISP tag. Directly at the antenna, an RF-switch—a switch integrated circuit
designed to work at radio frequencies—can short-circuit the antenna. When closed, this
sets the reflection coefficient of the antenna to -1. The TX signal controlling it comes
directly from the MCU on the WISP. If the switch is not closed, the signal from the antenna
passes through a matching network constructed from an inductor and a capacitor to
match the antenna’s output impedance to the harvester's input impedance.
Afterimpedance matching, the received carrier amplitude is rectified and its amplitude
is multiplied with five consecutive stages of a full-wave rectifier. The rectified carrier
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[ Figure 3.5: Schematic of WISPs analog frontend, that includes voltage multiplier,
harvester, and demodulator (adapted from [5513]).

then charges an input capacitor in the power management unit. In the PMU, a regulator
generates the constant 1.8V supply voltage for the MCU. However, the MCU directly goes
into a deep sleep mode with ultra-low power consumption and waits for a wakeup signal
from the voltage supervisor which observes the capacitor voltage and toggles a pin as
soon as the input capacitor reaches 1.9 V. Since the MCU often consumes more power
than the carrier can supply, it drains the capacitor until the MCU switches back into
deep sleep at about 1.8 V. As a result of this behavior, the voltage on the input capacitor
fluctuates between 1.8 - 1.9 V. Hence, the harvester’s input impedance varies only slightly
throughout a power cycle.

The demodulator in WISP uses the rectifier's output as envelope of the signal. A passive
lowpass filter also tracks the average envelope over many symbol periods on one
branch. Both signals—the envelope and the multi-symbol average— are compared with
an analog comparator. The MCU can then detect the edges in the comparator output
instead of continuously sampling the envelope. This way, no ADC is required, and the
MCU can sleep and wait for pin interrupts most of the time, significantly reducing its
active power consumption. Similar techniques are described for other state-of-the-art
RFID tags based on ASICs and SoCs [Cur+07].
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[ Frigure 3.6: To achieve higher-order modulation, the backscatter tag switches
between different load impedances, which produce reflection coefficients in a
desired constellation.

3.2.3 Beyond the RFID Standards

The previous section described the widely adopted RFID standard, which achieves uplink
data rates up to 640kbits™. While these data rates are sufficient for most applications,
the research community investigated ways to increase achievable data rates to enable
future applications. We briefly discuss two of these approaches—higher-order modula-
tion and equalization—which we adopt for acoustic backscatter in this dissertation.

One way to increase the achievable data rate is to increase the modulation order, i.e.,
transmit more than one bit per symbol. Thomas et al. demonstrated a semi-passive
backscattering tag that employed 16-QAM modulation, reporting a data rate of up to
96 Mbits™ [TR12). Instead of switching only between two impedance states, the tag imple-
ments higher-order modulation by switching between up to 16 load impedances, thereby
producing 16 distinct reflection coefficients. Carefully choosing the load impedances in
correspondence to the antenna’s characteristic impedance, the reflection coefficients
can form a regular QAM constellation as in conventional active communication (see
Fig. 3.6). Thomas reports that symbol rates were limited to less than 12 MHz because ISI
becomes relevant at such rates in typical indoor environments, and the RF switches
employed to switch between load impedances have finite transition times in the range
of 25ns.

To further increase symbol rates beyond a couple of Mbit s”'—at which ISI becomes
relevant—equalization has also been considered for RFID systems, similar to active high-
speed communication networks, However, only very few studies tackled equalization in
RFID, and those relied purely on simulation results. For example, Fawky et al. [Fow+14] em-
ployed the well-known zero-forcing equalizer to increase the robustness of tag detection
in environments with multipath characteristics, while Lunglmayr et al. [LHI0] showed that
a least squares equalizer reduces bit error rates while backscattering at 6.7 Mbits™.

@
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3.2.4 Piezoacoustic Backscatter

In environments where electromagnetic waves are unfavorable, communication with
acoustic waves may be an alternative. For example, acoustic communication is an
established technique under water [csr23]. Accordingly, backscatter schemes similar
to RFID have been developed recently with acoustic waves in different environments.
Instead of an antenna, piezoelectric transducers, called hydrophones in underwater
applications, transform electric signals into acoustic waves and vice versa. However,
despite the different physical wave and transducer types, the same fundamental prin-
ciple holds: A mismatch between the transducer’s characteristic impedance and the
connected circuits causes a reflection of the incident wave. Hence, similar circuits have
been adopted for wireless energy and data transfer.

Underwater

Underwater backscatter was first demonstrated in [JAI9] to wirelessly power and read
out MCU-based sensors submerged in shallow waters. The most prominent difference
to RF backscatter is the narrow bandwidth in underwater communication. Only low
frequencies, often in the tens of kilohertz, can be used because higher frequencies
experience severe attenuation in water. Furthermore, the piezo transducers have a
narrow usable frequency range around their resonance frequency. In the discussed
study, only a frequency range between 15 and 18 kHz was employed. Because of the
limited bandwidth, the achieved uplink data rates using frequency modulation were
below 3kbits™.

Follow-up work mitigated the bandwidth limitation in two ways: First, Afzal et al. [Afz+20]
increased the data rate despite the narrow bandwidth with higher-order modulation. The
different constellation points were achieved with the same technique that Thomas et al.
implemented for RF backscatter, which we discussed in Section 3.2.3. The demonstration
was limited to a 4-QAM modulation, effectively doubling the data rate compared to binary
modulation. A different approach presented in [Gha+20] widened the narrow transducer
bandwidth by combining several piezo crystals with different resonance frequencies
joined by a coupling material. The presented technique successfully increased UwW
backscatter bitrates to up to 20 kbits™ with conventional binary modulation.

The power transfer capabilities of UW backscatter systems are limited by the strong
attenuation of acoustic waves underwater. This is well-described in [Afz+22], where a
transmit power of 44 dBm—25 times more power than the maximum allowed transmit
power of RFID readers—was required to power a wireless sensor node over several meters.
The authors do not mention the power transfer efficiency directly, but the study suggests
efficiencies as low as -50 dB.



3 State of the Art

Other Propagation Media

The properties of backscatter communication and wireless power transfer are also fa-
vorable for sensors implanted deep in the human body, which consists of more than
60 % of water and therefore strongly attenuates electromagnetic waves. The attenuation
of a 2.45GHz RF link in the human body is up to 70 dB higher compared with a 1MHz
ultrasonic link [Gui+19]. Furthermore, battery replacement requires surgery, which comes
at high costs and risks for the patient. Instead, a growing field of research of power-
ing and reading out such sensors with piezoacoustic backscatter has evolved [GM20;
Web+18]. In contrast to the underwater environments, higher carrier frequencies and
larger bandwidths can be achieved: Attenuation is less prohibitive because the trans-
mission distances are only about ten centimeter. For example, [Web+18] reports a link
loss between 0.5 —1dBcm™ at a carrier frequency of 790 kHz, which is in line with the
results reported by [Gu\HQ]. Other than the transmission channel, however, the circuits
and methods for WPT and backscatter communication are similar to the underwater
backscatter systems. ISI was not reported to be a problem, reaching data rates up to
95 kbits™ for the uplink and total power transfer efficiencies in the range of 1 - 2%.

3.3 Through-Metal Backscatter Systems

Acoustic wave propagation in solids is—in contrast to underwater—more complex. Waves
in solid media propagate not only as longitudinal (pressure) waves but also as transver-
sal and surface waves. Accordingly, reviewing the literature about acoustic through-
metal communication and power transfer demands separating existing studies into
two categories. We distinguish between Sandwich-Plated (SWP) channels and Guided-
Wave (GW) channels. SWP channels consist of two axially aligned transducers on oppos-
ing sides of a metal barrier and primarily rely on longitudinal waves, while GW channels
consist of two transducers at arbitrary locations on a thin metal structure (see Fig. 37)
and rely primarily on transversal waves. We provide an in-depth experimental analysis
of the two fundamental channel types and their properties in Section 4.2.

To the best of our knowledge, no prior work employs backscatter communication over
GW channels. We, therefore, focus our review on the two building blocks necessary for
our purpose, i.e., active communication and wireless power transfer in GW channels.
Furthermore, we review existing passive communication in SWP channels as well.

3.3.1 Active Communication through GW Channels

Arich background of literature about active communication through GW channels exists.
However, before we can contextualize the different results of existing approaches, we
must first discuss three fundamental characteristics of the GW channel: Attenuation,
frequency ranges, and multipath propagation. If excited in the suitable frequency range,
so-called lamb waves emerge, which are a superposition of several fundamental wave
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[ Figure 3.7: The sandwich-plated channel primarily uses bulk waves for power and
data transmission, while the guided wave channel employs lamb waves. No re-
search in passive backscatter communication yet exists for GW channels.

types. The GW channel enables efficient transmission of such lamb waves over longer
distances in thin structures. For example, the authors of [suog, p.42] state wave attenua-
tion of guided wave amplitude in a 5 mm thick steel plate of only 1dB m™.In general, the
inverse square root law for wave decay applies, stating that the magnitude of a lamb
wave decays with distance d proportional to the inverse square root of the distance, i.e.,
if measuring the amplitude A(d) at two distinct distances di and ds, we obtain

Aldy) _ VT -
A~ Va ‘

equivalent to an inversely proportional decay of power.

To achieve guided waves with such favorable properties, a suitable excitation fre-
quency range must be chosen, which is subject to the material parameters and the
thickness of the metal structure in which the wave propagates. Several sources state that
these lamb waves are best excited if the wavelength is in the same order of magnitude
as the plate thickness [Rosl4; Lam+17]. In many practical applications, that results in
frequencies in the range of several hundred kilohertz. However, suitable frequencies
may drop to tens of kilohertz for structures with several centimeter-thick walls. While low
attenuation favors long communication distances, it also poses a challenge to com-
munication in constrained structures, as waves reflect nearly entirely at the structure’s
boundaries (the admission coefficient of a steel-air barrier has a magnitude of roughly
10~?) and lead to significant multipath propagation [Hua+18; Hei+2]; J7Y11]. Furthermore,
lamb waves are dispersive, which means that their propagation velocity is a function of
frequency, which additionally distorts a transmitted signal [SWHIS; JYZ13].

These fundamentals help to contextualize the results of previous studies on active
communication through GW channels, listed in Table 3.2. The range of achievable data
rates is large, ranging from as little as 20 bits™ up to one megabit per second. Different
assumptions and requirements in the designed systems cause these large variations.
Communication schemes that can be received with simple ultra-low-power devices—as
targeted for batteryless and backscattering sensors—have achieved data rates in the
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range of a hundred bits™. Tang et al. [TMO22] designed a custom CMOS integrated circuit
for a batteryless SHM sensor node. The presented system consisted of a high-power
reader that generates a waveform for power transfer and low-power batteryless sensor
nodes. Because of the different limitations of the two device types, the up- and downlink
of both devices use different schemes, where the uplink achieves much higher data
rates than the downlink because of the limited decoding capabilities of the batteryless
nodes. However, no backscatter modulation was used.

All sources attribute the low data rates to the strong ISI caused by multipath prop-
agation and dispersion. Therefore, many researchers tried to mitigate ISI with various
techniques, partly achieving speed-ups of four orders of magnitude. For example, Huang
et al. [Hs22] applied OFDM modulation to achieve up to 2Mbits™ data rates over 70cm
through an aluminum plate. However, receiving OFDM is infeasible for batteryless sensor
nodes, requiring complex filters and high sampling rates to distinguish sub-channels at
multiple carrier frequencies. Furthermore, OFDM requires the tag to generate and mix
multiple sub-carriers, demanding power-hungry active hardware.

Other approaches record the impulse response of the specific channel and correlate
the received signal with the expected impulse response to detect a distorted pulse or pre-
distort the transmitted signal with an impulse response tailored to the specific channel,
so that the the received signal is distortion-free at. These techniques, however, were
only demonstrated with offline processing using expensive, bulky, and power-hungry lab
equipment to generate and acquire signals. Transferring the correlation approach to
the resource-constrained tag devices is not straightforward, as sampling rates and filter
complexity are strictly limited by the device’s capabilities. Furthermore, a pre-distortion
filter would require the tag 1) to know the impulse response of the channel from tag to
reader, and 2) to modulate the backscattered signal arbitrarily, which is not feasible with
known backscatter techniques.

Tang et al. showed promising rates up to 15kbits™ in the uplink without complex IS
mitigation methods. In this study, the batteryless node generates short rectangular
pulses to encode the data, resulting in a wideband transmission signal that proves to be
more resilient against ISI. Even higher data rates up to 2 Mbits™ were achieved by Shaik
et al. [STM20] with wideband pulses. Unfortunately, the study reports no details about
the receiver implementation and its complexity. The much higher data rates in these
wideband studies are also possible, because the presented reader devices use a piezo
array to isolate the line of sight path from other reflections, mitigating ISI significantly.

In total, communication distances in most studies were small (below 1m), but Mijarez
et al. demonstrated that distances up to 30 m are achievable, although only with a very
low data rate of 20 bits™.

3.3.2 Power Transfer through GW Channels

The general feasibility of power transmission with acoustic waves through GW channels
was proven in numerous studies. We summarize the results in Table 3.3 and discuss them
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subsequently. Unfortunately, these studies cannot be compared (among each other)
because they used vastly different setups—i.e., transducers, frequencies, impedance
matching circuits, and evaluation scopes—yielding output powers ranging from less
than 100 W to 470 mW. In the following paragraphs, we briefly explain the critical design
considerations in which the existing studies differ.

The chosen transducer impacts the performance of the power transfer significantly.
While the dimension and material determine the resonance frequency, its shape influ-
ences the propagation direction. This has several implications:

B Directionality: Disk-shaped piezoelectric transducers generate a circular wave,
propagating in all directions uniformly, whereas rectangular transducers may
generate directed waves. Directed propagation can increase efficiency [Tse+20]
but requires careful transducer alignment and severely complicates applications
in which multiple tags are powered by a single reader. Beamforming with trans-
ducer arrays enables directionality and selective charging of multiple transduc-
ers [STM20]. However, transducer arrays come with increased size and add imple-
mentation complexity.

B Resonance: The carrier frequency choice depends on the transducers and the
metal structure. Transducer bandwidth limits the range of frequencies for effi-
cient power transmission. At the same time, certain frequencies excite specific
types of waves in the metal structure, of which asynchronous lamb waves are
the most efficient for power transfer in thin metal structures, especially over long
distances [xu+22]. In any case, the transducers must be chosen appropriately so
that their resonance matches the structure’s resonance.

Impedance matching at the transmitter and receiver is critical to achieving high ef-
ficiency; e.g., Xu [xu+22] reports a 6.75-time increase in output power when using an
ideal complex impedance matching circuit at the receiver’s transducer. Unfortunately,
in GWCs, the transducer’s input and output impedances are coupled to the structure’s
mechanical impedance and change strongly even when the carrier frequency changes
only by a few hundred Hertz. As the impedance is not known before transducer deploy-
ment, a dedicated impedance matching circuit would require measuring the transducer
impedances after deployment and adapting the circuits appropriately, therefore lim-
iting the ease and practicability of deploying such systems. Therefore, flexible MPPT
techniques are useful to dynamically match the harvester’s input impedance to the
source [TMO22; STM20]. MPPT is a significant addition in through-metal power transfer in
contrast to established RFID and underwater techniques, where the coupling between
the transducer and its environment is much weaker, and the designer assumes a fixed
transducer (or antenna) impedance to match the harvester impedance with.

Finally, the total output power and efficiency reported in the studies encompass
different scopes. Some studies measured the AC output power at the receiver’s terminals,
considering only the losses within the metal channel and transducers. Others also include
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Study Dist. Freq. Output Power Efficiency Impedance scope'
[m] [kHz] [mw /[ dBm] [% [ dB] Match

Xu, 2022 -

] [XW%LQ 04 150 1537 /18 0217 [ -266 Ideal DC

ang, o

yM 02202 <03 400 0.075 /-2 na. MPPT DC

un,

BUHE%LO 04 150 318/ 5.0 na. Ideal AC
Tseng, 024 25 470/ 267 56 /-25 Ideal AC
shak 3040

STM20] 05 250 0181/ -7.4 na. MPPT DC
Kiziroglou,

2017 1 475 18/126 01/-30 Resistive AC

[K‘vz|ﬂz70114
Kural, B

[kuna] 054 220 17/123 30/-52 na. AC

! DC: Efficiency was measured, including rectification and voltage regulation.

[ Table 3.3: summary of existing studies on lamb-wave-based wireless power transfer
through metal channels.

the rectifier and energy-harvester circuit, which are required to supply a sensor node.
Especially when the available power at the source only provides several hundreds of
microwatts, rectifier and regulator efficiency is poor and limits the total available power
critically. Therefore, the investigation must consider the entire transfer chain from the
generator to regulated DC power at the receiver. Accordingly, studies that reported
very high transfer efficiencies, e.g., 56 % [Tse+20] and 30 % [Kur14], only considered the
efficiency of the AC power transmission. However, considering only the channel loss, the
potential for energy transfer in GW channels is large compared to RFID, where efficiencies
in the range of -30 dB, and underwater power transfer down to -50 dB, are common.

Existing studies only investigated short channels of less than Tm length. However,
since the power of guided ultrasonic lamb waves decays only inversely proportional to
distance (see Eq. (3.1)), we can expect that much longer transfer distances are achievable.
Furthermore, in contrast to the tight regulations of the electromagnetic spectrum, no
regulations apply to the transmit power of lamb waves in metal structures, enabling to
scale up transmit power and achieve even further transmission distances.

Electromagnetic Through-Metal Power Transfer

Electromagnetic wave-based wireless communication and power transfer techniques
are rarely applicable, e.g., only for non-ferrous metals [Yan+15]—excluding ordinary steel
used in many structures. Furthermore, successful prototypes using inductive or magnetic
resonance coupling to transmit power through non-ferrous metal barriers had to apply
frequencies below 100 Hz to achieve acceptable efficiencies. Accordingly, the required
coils were large and heavy to resonate at such low frequencies, e.g., in [Yam+14], the
coils on the transmitter and receiver weighed roughly 3kg each and were more than
40cm long.
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Alternatively, some promising approaches have recently demonstrated the feasibility
of using electromagnetic guided waves propagating at the surface of a metal plane to
transmit power with high efficiency [Bie+21]. Due to the high conductivity of most metals,
electromagnetic waves enable high efficiencies. However, the reported approaches
required large and bulky devices in the order of 40 x 30 cm to excite frequencies with
resonate wavelengths.

3.3.3 Sandwich Plated Channel

Sandwich-Plated (SWP) channels use bulk waves for data and power transmission, which
have different characteristics compared to lamb waves. They can be excited efficiently
in higher frequency ranges, therefore providing wider bandwidths for communication.
Furthermore, bulk waves are attenuated much stronger, reducing the impact of multipath
propagation. Hence, the channel gain and transducer impedances are more predictable
and depend primarily on the material parameters and the structure’s thickness.

Consequently, systems with several Mbit s™ data rates [Cun+16b; Din+20; Sho+07], and
power transfer systems with DC-to-DC transfer efficiencies of up to 68% [All+23] have
been demonstrated. More relevant for this dissertation, batteryless systems integrating
backscatter communication have also been investigated for SWP channels. In this
community, backscatter communication was termed reflected power, but the underlying
principle of modulating the reflection coefficient on the transducer is the same [Ash+13;
Din+20].

While these advantages make designing highly performant and reliable batteryless
sensor nodes easier, the required coaxial alignment and the strong attenuation in SWP
channels prohibit transmission distances exceeding several centimeters, which limits
the range of applications where these systems can be used.



Chapter

Goals and Preliminary Analysis

In light of the state-of-the-art, this chapter first determines the goal of this dissertation.
We identify key challenges and summarize how our contributions help to meet these
challenges. We then present a preliminary analysis of the characteristics of the through-
metal channel used for evaluation in the following chapters.

4.1 Dissertation Goals

Our overarching goal is to enable sensor networks to extend into difficult-to-reach
regions shielded by metal, as required for applications presented in Section 3.1. The
state-of-the-art overview has shown that we can distinguish two general channel types,
GW and SWP channels, and SWP channels were investigated more thoroughly and pose
less of a challenge. However, GW channels are favorable for many applications, as they
allow supplying several tags at different locations from a single reader and offer more
flexibility in the placement of reader and tag in general.

Especially in the monitoring of infrastructure, which is often large and requires the
distribution of many sensors over the structure, the economic costs of such a sensor
network are critical. The sensing devices are, hence, required to be cheap, small, easy
to deploy, and easy to maintain. The evolution of RFID demonstrated that wirelessly
powered backscattering devices meet these requirements well: Backscattering requires
minimal additional communication hardware, no active signal generation, and wireless
powering enables batteryless devices that neither require costly cabling nor regular
battery replacement. However, no investigation of backscatter communication in GW
channels exists, leading to the first set of goals of this thesis.

B Goal I: Investigate the feasibility and explore the limitations of backscatter (uplink)
communication in GW channels. Limitations include the usable bandwidths, data
rates, and communication distances.

B Goal 2: Analyze existing active (downlink) communication schemes for suitability
with a resource-constrained tag and improve the achievable data rates.
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B Goal 3: Characterize the potential of acoustic wireless power transfer and explore
the tradeoffs between systems optimized for communication and power transfer.

The existing literature includes investigations of different components we require to
achieve these goals, e.g., active communication schemes through GW channels and
wireless power transfer. However, these investigations had several shortcomings.

B Generality: The existing studies often only considered a single physical transmis-
sion channel for their evaluation and tailored their experiment setup to perform
optimally in this particular channel. However, to achieve easy deployment, we
evaluate our approaches in multiple channels to enable a plug-and-play-like
deployment without tedious manual setups and adaptions.

B Realizability: Many existing studies used bulky, expensive, and power-hungry lab
equipment (signal generators, oscilloscopes, power amplifiers) to evaluate their
approaches. More redlistic low-cost hardware comes with additional challenges,
such as inaccurate and unstable oscillators, which must be considered for practical
implementations.

B Comparability: The existing studies are heterogeneous in the employed hardware,
methods, and physical structures (size, geometry, material) they used for evalua-
tion. Therefore, it is difficult to conclude which methods are superior to others and
in what circumstances.

These shortcomings lead to the goals.

B Goal 4: Investigate the influence of non-idealities in practical implementations, e.g.,
clock mismatches and time-variant channels, and explore mitigation strategies.

B Goal 5: Construct a hardware prototype made from commercially available, cheap,
and low-power components and evaluate different approaches with this hardware.

Lastly, we made parts of the constructed hardware, firmware, and software available
for other researchers under an open-source license and plan to publish the remaining
parts with this dissertation. Thereby, we hope to motivate further research in this field,
similar to WISP, which inspired researchers to investigate computational RFID.

4.1.1 Contributions

In the following paragraphs, we outline the contributions this dissertation makes to
achieve the formulated goals. A more detailed analysis of the addressed problems and
proposed solutions follows at the beginning of each subsequent chapter.

Chapter & investigates the use of higher-order modulation to increase the achiev-
able data rates despite the limited coherence bandwidth. Choosing suitable load
impedances for the tag is not straightforward, so we construct a dynamic tag and
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analyze the backscatter channel's transfer function. With this channel model, we de-
velop and test an automated setup procedure to realize higher-order modulation more
efficiently and without manual setup.

The backscatter channel is generally nonlinear, prohibiting the use of common equal-
ization techniques to mitigate ISI. Chapter 6 analyzes the transient backscatter channel
and develops a channel linearization approach that enables the reader to apply stan-
dard linear and decision-feedback equalizers. We thoroughly evaluate the speedups
an equalizer can achieve in GW channels in combination with higher-order modulation
and develop tracking mechanisms to adapt the equalizer to the time-variance found in
the acoustic backscatter channel.

To maximize the efficiency of wireless power transfer, impedance matching between
transducer and harvester is critical, which is not achievable before deployment in GW
channels. Chapter 7 investigates WPT and the use of MPPT techniques to adapt the
harvester impedance dynamically. Furthermore, it implements the tag on an ultra-low-
power platform and incorporates dynamic compensation of clock offsets to mitigate
the non-ideal oscillators on such lop-power devices.

Finally, we investigate the downlink communication in Chapter 8, where wideband
pulses are used to achieve higher data rates despite the constrained resources on the
tag. We show that wideband pulses enable higher data rates with the same simple
receivers as the conventionally used narrowband communication schemes. To mitigate
the effects of clock offsets without adding further computational burden to the tag, we
developed a tracking and compensation mechanism working on the reader.

4.2 Channel Analysis

The transmission channel is of utmost importance for wireless communication and power
transfer. Hence, a detailed investigation of the properties of a wireless acoustic through-
metal channel is fundamental to making appropriate design choices during prototype
development and protocol definition. We consider both the propagation medium for
the acoustic waves as the channel, e.g., the metal structure, and the piezoelectric
transducers. Furthermore, intermediate layers, e.g., a layer of epoxy resin used to attach
the transducer to the metal surface, affect channel characteristics and must be included
in the investigation.

This section analyzes the transducers and metal structures used throughout this thesis.
We look into the characteristics of the selected piezoelectric disks that we utilize as
transducers. With a series of experiments on the primary specimen, on which we validate
our solutions in the later chapters, we then illustrate the differences between GW and
SWP channels and show why the former is more challenging than the latter. Furthermore,
this section clarifies why we can not simply adopt existing techniques from RFID or other
piezoacoustic backscatter prototypes in GW channels.
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[ rigure 4.1: Voltage gain over two directly attached transducers.

4.2.1 Piezoelectric Transducer

Selecting a suitable transducer is a crucial step. The transducer geometry determines the
directionality of the excited waveform. In this dissertation, we selected disk-shaped trans-
ducers because they do not require any alignment of reader and tag. The transducers
have a thickness of 2mm and a diameter of 10 mm. According to the manufacturer spec-
ifications [Pl 23], the disk has a radial resonance at 200 kHz and a thickness resonance
at 1MHz. The transducer’s resonance ranges must match the structural resonances to
achieve optimal efficiencies, i.e., excite strong vibrations in the structure. Therefore, dif-
ferent structures require the choice of different transducers. We employed transducers
with a wraparound electrode to enable plain contact with the metal surface.

Transducer Gain

To characterize the gain of the selected transducers in isolation, i.e., without a metal
channel in between, we attach two transducers of the same kind directly with epoxy resin
as depicted in Fig. 4. (left). We then excite one transducer with a 1V amplitude sinusoid
and measure the emerging amplitude at the other transducer after convergence to a
steady state. The excitation frequency sweeps over a range from 50 kHz to 10 MHz.

The channel’s voltage gain is shown in Fig. 4.1 (right). The specified radial and thickness
resonances are well observable. The most pronounced resonance peak occurs in the
radial resonance, with over 14 dB more than the thickness resonance. As typical for piezo-
electric transducers, we observe narrow resonance peaks around some frequencies,
making broadband applications challenging to realize. The transducer’s frequency re-
sponse shows many minor resonance peaks in addition to the fundamental resonances.
Partly, these are higher-order resonances at multiples of the fundamental frequencies.
However, the wraparound electrode also complicates the frequency response because
the active area of the transducer is no longer disk-shaped but has a non-symmetric
shape.

50



4.2 Channel Analysis

Wireless commmunication can usually tolerate gains of -40 dB or less because receivers
can filter and amplify smaill signals. Hence, the transducers are suitable for commu-
nication over a wide bandwidth. However, efficient wireless power transfer relies on
high transducer gains. Hence, the usable frequency range for WPT is limited to narrow
bandwidths around the resonances. Additionally, for power transfer and backscattering,
the transducer’s impedance is a crucial property we investigate next.

Transducer Impedance

The electrical impedance of a transducer depends on its electrical and mechanical
behavior. Electrically, a transducer impedance combines the capacitor formed by
the electrodes and the dielectric piezoceramic in between and the coupled acoustic
impedance. Hence, the mechanical strain field influences the transducer’s electrical
impedance. At resonance, the magnitude of the impedance is at a local minimum, and
the phase is zero. An antiresonance follows at a slightly higher frequency, where the
impedance magnitude approaches a local maximum. In resonance and antiresonance,
the transducer impedance is purely resistive.

We experimentally measure the current through a single transducer during excitement
with a scope and signal generator. For this experiment, the transducer is not attached
to any structure but is surrounded by air. With known excitation voltage, we can derive
the transducer’s impedance Zt shown in Fig. 42. The results reveal that the impedance
magnitude drops significantly at the radial resonance frequency to about | Z| = 60 2.
As discussed in Section 2.4, the lower the impedance magnitude, the higher the maximum
extractable power of a source at a given amplitude. Therefore, the combination of
the highest voltage gain and lowest transducer impedance magnitude makes the
radial resonance frequency the best choice for power transfer. However, the results
also show little leeway for varying the frequency because the impedance magnitude
increases more than 10-fold when the excitation frequency deviates less than 5% from
the resonance.

4.2.2 Metal Channel

When attaching a disk-shaped transducer to a thin metal structure, the vibration in the
transducer excites bulk and lamb waves in the structure. The lamb waves propagate
omnidirectionally along the structure, and reflections occur at the structure’s boundaries.
Caused by the large acoustic impedance mismatch between metal and the surrounding
air, close to none of the wave energy is dissipated into the environment around the
structure. Hence, upon continuous excitation, multiple reflections of the wave superim-
pose and form a standing wave, i.e., an interference pattern that can be constructive or
destructive. The exact pattern depends on the material parameters and geometry of
the structure and is highly sensitive to frequency and the exact location of the exciting
transducer.
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measurement was 1kQ.
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[ Figure 4.3: A large specimen with five transducers is used to evaluate methods
throughout this thesis (not to scale).

The test structure we used to validate our approaches in the remainder of this thesis
is a flat steel bar, a common part in supporting structures, and a component of more
complex elements such as I-beams. We attached five piezo disks to the bar to form
different channels, of which one transducer pair creates an SWP channel as a reference.
The dimensions of the bar and transducer locations are shown in Fig. 4.3. We use the
following convention to conveniently reference the channels formed by a transducer
pair in this test structure: The label CH,, _,;, references the channel from transducer a to
transducer b.

Guided-Wave Channel

This section repeats the gain and impedance measurements for one of the GW chan-
nels on our test specimen. For brevity, we only show the measurements for channel
CH3_,2, which covers a distance of one meter from transmitter to receiver. However,
the qualitative characteristics of all measured channels were similar. Figure 4.4 (left)
displays the gain over a wide frequency range. We can also observe the two major
resonance peaks around 200 kHz and 1MHz. However, the absolute gain is significantly
lower compared to the pure transducer channel, i.e., the maximum gain around the
radial resonance is about 15 dB smalller. The thickness mode resonance is attenuated
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[ Figure 4.4: Gain of the GW channel CHs_, . The frequency band around 200 kHz
(marked in the plot) excites guided waves best (left), but interference patterns
create a strong frequency dependence (right).

more than the radial mode, leading to a larger difference between the two modes of
more than 24 dB compared to the 14 dB we observed with only the transducers attached.

Furthermore, we observe a fissured frequency response without the pronounced peaks
observed earlier. A close look at the radial resonance region in Fig. 4.4 (right) reveals
a highly frequency-selective channel, with deep spectral nulls that fall below -40 dB
gain. The frequency dependency is a consequence of the interference patterns in the
GW channel and is sensitive to the exact position of the transmitting and receiving
transducer.

To quantify the multipath intensity, we measure the RMS delay spread 7,ms experimen-
tally. We derive the frequency responses of all narrowband channels in the resonance
region by downconverting the impulse response to the baseband with a selected carrier
and use a fourth-order lowpass filter to limit the bandwidth of the resulting narrowband
channel to 20 kHz. We then compute the RMS delay spread of each narrowband channel.
The results depicted in Fig. 4.5 show that for the three tested GW channels, the delay
spread was between 1.2 and 2ms for all carriers. That relates to a coherence band-
width of 500 — 833 Hz. Hence, the results show that ISI severely limits the data rate with
conventional narrowband modulation schemes.

Finally, the transducer impedance plays a significant role in the design of a prototype.
Attaching the transducer firmly to a metal structure couples the transducer’s electric
impedance to the structure’s acoustic impedance. Due to the interference patterns,
the structure’s acoustic impedance is—similar to the gain—frequency-selective. We
also observe this in the measured electrical transducer impedance (see Fig. 4.6). The
impedance magnitude varies from less than 400 Q to more than 1500 Q within the ob-
served range, often changing more than 50 % within a few hundred Hertz. Since the
acoustic impedance depends on geometry, material parameters, and exact placement
of the transducers, the resulting impedance response differs between individual deploy-
ments. We cannot predict exact impedance values before deployment, e.g., during
design time.
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[ Figure 4.6: Transducer Impedance when attached to a thin metal structure.

Sandwich Plated Channel

Finally, for comparison, we also investigate the gain and impedance of a SWP channel.
Both bulk and guided waves can propagate in an SWP channel. If primarily guided waves
are excited, the gain and impedance of the SWP channel behave similarly to the results
presented in the previous section. However, Section 2.5 discussed that guided waves are
only excited to a significant extent in a certain frequency range. Higher frequency ranges
primarily excite bulk waves. In Fig. 4.7 (left), we show the gain of CH3_, 5 in the thickness
resonance range around 1.2MHz. The channel characteristics are much more favorable
for coommunication, as the coherence bandwidth exceeds 45 kHz—more than 50 times
larger than in the GW channels—showing that ISl is considerably reduced compared to
GW channels.

Furthermore, Fig. 4.7 (right) shows the transducer's impedance in the thickness res-
onance mode. The impedance is much more stable, with the gain varying by only 5%
within this frequency band.
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[ Figure 4.7: Gain and Impedance of an SWP channel primarily driven with bulk waves.
Large bandwidth with little distortion and a more stable impedance allows higher
data rates in the SWP channel.

4.3 Summary and Discussion

This chapter defined and explained the goals and challenges of this dissertation. We
presented the test structure we evaluated our methods on and investigated the channel
characteristics, i.e., the channel gains and measurements of the transducers’ electrical
impedance.

The transducers have a narrow resonance bandwidth determined by their geometry
and material parameters. When attaching the transducers to a metal structure, their
impedances are strongly coupled with the structure’'s frequency-selective acoustic
impedance. Only low frequency ranges are appropriate to excite lamb waves in GW
channels, and care must be taken that the transducer’'s resonance range matches
this. The channel is frequency-dependent in this range, with deep spectral nulls and
a narrow coherence bandwidth of only a few hundred Hertz. At the same time, the
transducer impedance varies with frequency and can not be predicted accurately
before transducer deployment.

In contrast, SWP channels can operate with bulk waves in higher frequency ranges,
having a larger bandwidth. The SWP channel is much less frequency-dependent, and
the transducer impedance changes only lightly with frequency. It is, therefore, much
better suited for high-bitrate communication. However, the SWP channel can only be
used over short distances because of the higher attenuation of bulk waves.

To put the results into perspective, we can compare the characteristics with typical
RFID channels. Several sources report RMS delay spreads of at most 7yms ~ 80 ns (see
Section 3.2.2). At the same time, RFID protocols specify data rates of less than 70 kbits™.
Consequently, the symbol duration is about 170 times larger than 7,s. To achieve a
similar relation between symbol duration and delay spread in the selected GW channel,
data rates would be limited to three bits per second. In the investigated SWP channel,
the same relation holds at a data rate of roughly 250 bits™. Therefore, ISI reduction
mechanisms are more important in GW than SWP channels.
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Chapter

Increasing the Modulation Order

5.1 Overview

Section 4.2 reviewed the challenges of the acoustic channel, i.e., the strong reverbera-
tion due to multipath propagation and the bandwidth of the piezoelectric transducers.
The achievable data rates of acoustic communication are severely limited when no
countermeasures are implemented. At the same time, high data rates are favorable
for several reasons. First, higher data rates enable novel applications such as live video
transmission over the acoustic channel, proposed in various scenarios for through-metal
applications [Hei+21; HS22]. Even if less demanding sensing applications are targeted,
higher data rates can reduce active times of the MCU and reader, reducing the sys-
tem’s overall energy consumption. Furthermore, if multiple tags are employed, a shorter
message duration increases the number of tags a reader can serve simultaneously.

Symbol rate and occupied bandwidth are inversely proportional. Hence, the narrow
coherence bandwidth directly limits the maximum symbol rate in acoustic backscatter.
One way to increase the data rates without requiring more bandwidth is to employ
higher-order modulation, i.e., transmitting more than one bit per symbol. Higher-order
modulation uses the available bandwidth more efficiently and increases the total data
rates at the same symbol duration. In this way, the symbol duration can be chosen long
enough so that ISI does not reduce the likelihood of successful decoding at the receiver.
As discussed in Section 3.2.3, higher-order modulation significantly increased achievable
data rates in underwater acoustic and electromagnetic backscatter. This chapter
demonstrates a similar improvement for uplink commmunication over the through-metal
backscatter channel.

5.1.1 Problem Analysis

Section 2.3.2 discussed the complex reflection coefficient, which is determined by the
transducer’s internal and load impedance. Conventional backscatter systems only
use a binary modulation, i.e., they employ a transistor to switch between two states,
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[ Figure 5.1: Load impedances are selected to yield a desired constellation for a
specific transducer impedance. The constellation is distorted when the transducer
impedance deviates from the expected value. In the received signal at the tag,
self-interference poses an additional challenge.

z1 = 0,and z; — oo. Instead, switching between different complex impedances to
select z; enables the generation of an arbitrary amount of different constellation points
for a higher-order modulation scheme. Hence, the backscattered signal can use any
symbol constellation to modulate its data, paving the way for more bandwidth-efficient
modulation schemes such as QAM.

Implementing such a modulator was straightforward in the prior studies of higher-
order modulation, e.g., in underwater backscatter, where the characteristic impedance
of the backscattering transducer zg is known. It is only weakly coupled to the specific
channel and can be assumed as a constant property of the transducer or the antenna,
respectively. We can then pick favorable constellation points from within the unit cir-
cle and compute the complex impedances z; that produce the selected reflection
coefficient.

The acoustic GW channel differs from the underwater or general RF channel. We
observed in Section 4.2 that the transducer’s impedance zq is unknown before deploy-
ment due to its strong coupling with the structure’s acoustic impedance. The acous-
tic impedance depends on the structure’s geometry, material parameters, and exact
placement of the transducers. Therefore, zq is unpredictable, and no fixed set of load
impedances can be chosen to generate a desired constellation. Figure 5.1 visualizes
this, where loads for an ideal 4-QAM constellation are picked for a specific transducer
impedance. With a deviating transducer impedance, the resulting constellation is dis-
torted. A further complication arises when inspecting the received signal at the reader,
where the distorted constellation is additionally scaled, rotated, and shifted due to
self-interference. The straightforward solution—measuring zg after deployment and
manually adapting every tag's loads—is impractical, cumbersome, and vastly increases
deployment costs. A more dynamic solution that adapts automatically to the specific
channel is desirable.

As a second complication, we observed that the GW channel is highly frequency
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dependent. A specific carrier frequency can work great in some channels, but commmuni-
cation may fail with the same carrier in other channels. Ultimately, chances are high that
a carrier frequency with a much better SNR exists in any specific channel. A third difficulty
is the time-variant nature of the channel. Once a device has adapted to the channel
and chosen carrier frequency and load impedances, the channel may change due to
varying environmental conditions, e.g., temperature and boundary conditions. Ideally,
these estimates should be tracked continuously and adapted during communication.

5.1.2 General Approach

To achieve higher-order modulation despite the challenge of unknown transducer
impedance, we envision a tag that dynamically adapts load impedances to the specific
channel and the selected carrier frequency. Furthermore, we aim to let the reader dy-
namically select a suitable carrier frequency in the channel. To achieve this, we model
the steady-state behavior of the backscatter channel mathematically. With the model,
we analyze the potential benefits of dynamic load and frequency selection over con-
ventional static approaches. For practical reasons, however, the dynamically selected
constellations can not be perfectly symmetrical as in conventional communication sys-
tems. Therefore, we also investigate how channel coding can increase the robustness in
the presence of interference and noise in such an unconventional constellation.

Since the resource-constrained tag can not detect the optimal configuration by
itself, we derive a setup protocol to negotiate a suitable carrier frequency and the
best load impedances for a desired constellation between a reader and a tag. The
model parameters can be estimated at the reader with only three measurement points,
enabling fast channel characterization. To assess the approach’s practicability, we
construct a prototype from commercially available off-the-shelf components and test
our method in a study over multiple GW channels and an SWP channel. We further
implement and evaluate a feature to track the channel's time-variant behavior and
continuously adapt the reader’s estimate of the constellation.

In this chapter, we only investigate the uplink commmunication. A functioning downlink,
however, is required to perform the presented setup procedures, which we investigate in
Chapter 8.

5.1.3 Structure

The chapter is structured as follows. We first describe the envisioned communication
system and notation in Section 5.2, and then successively derive the channel model
and the required setup protocol to estimate the model parameters on the fly. We then
describe the implementation details of our tag and reader prototypes. In Section 5.4 we
first describe the setup we used to test our prototypes and communication system. Then,
we provide a detailed evaluation of the gain of dynamic selection of carrier frequency and
tag loads over conventional backscatter systems. We then characterize the noise and
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7 Figure 5.2: Overview of the communication system. As the backscattering tag works
differently from a conventional transmitter, this system deviates from Fig. 2.1.

interference in the investigated channels and measure the maximum achievable data
rates with higher modulation orders. Finally, we also show that the channel varies over
time and that continuous adaption of the channel estimation improves the robustness
of the communication system. Section 5.5 summarizes the results, discusses remaining
challenges, and points to open research questions.

5.2 Communication System

This section provides an overview of the building blocks of the designed wireless commu-
nication system and clarifies the notation of signals at various steps in the transmission
path. Figure 5.2 depicts the signal flow from an initial message at the tag to a decoded
message at the reader.

The presented method is a packet-based communication scheme. The tag initially
has a message m|k] to transmit. Channel coding adds redundant bits to the message
to allow the receiver to detect and correct potential transmission errors. The encoded
bitstream is m.[l]. The next step is symbol mapping, in which a group of log, (S) bits is
uniquely mapped to one of S symbols, resulting in a symbol stream c[4]. In contrast to
conventional wireless communication described in Section 2.2, the transmitter does not
generate a passband signal. Instead, it selects a load impedance at its tag for every
symbol. We denote the stream of load impedances as 2 (t).

The acoustic wave passes through the channel while the reader measures the trans-
ducer's current ig (t) and voltage vg (¢). The demodulator recovers the complex
impedance of the transducer z, (t), which is influenced by z;(t). The relation between
load impedance at the channel input and observed impedance at the reader is charac-
terized in more detail in Section 5.2.1. After demodulation, the reader computes probabili-
ties for the individual symbols given the observed impedances. Finally, a soft decoder
uses these probabilities and the channel code to reconstruct the received message
mlk].
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5.2.1 Steady-State Channel Model

The steady-state channel model describes the relation between channel input and
channel output. The input is the selected load impedance at the tag's transducer, 2,
and the output is the observed impedance at the reader’s transducer, z,. To avoid
confusion, we want to point out that our understanding of the steady-state channel
model in this chapter deviates from the common notion of a channel model in wireless
communication. Typically, channel models describe the transient behavior of a channel,
often characterized by a channel impulse response.

In contrast, our model describes the channel in steady-state, i.e., the channel output
when the tag applies a constant load impedance for a sufficiently long time. In that case,
all multipath effects have converged, and the channel output is also constant. The main
goal of this channel model is to assist the reader and tag in negotiating a favorable set
of load impedances for a specific structure. We are, therefore, interested in deriving a
mapping C : 21 — 2.

We want to clarify at this point that we do not try to model the channel physically.
Section 4.2 showed that multiple components contribute to the channel output, e.g.,
the transducer’s transfer function, the mechanic waves propagation through the metal
structure, including reflections, attenuation, dispersion, and complex interference pat-
terns. Moreover, binding layers, such as epoxy resin, between the transducers and the
structure also introduce dampings and phase shifts. A physical model that considers all
of these factors is doomed to fail.

However, the electromechanical system in steady-state can be represented by an
equivalent circuit [Roel5). Therefore, the system’s mechanical components are rep-
resented as complex impedances. The acoustic impedance of such a component is
analog to the electrical impedance, where the pressure acting on a mass corresponds
to the voltage over an electric component, and the particle velocity corresponds to the
electric current. Using such an equivalent circuit model has a key advantage: It allows
electrical engineers to use established tools to analyze the behavior of electromechani-
cal systems.

Figure 5.3 (left) shows our proposed equivalent circuit model. We employ the widely
used Butterworth-Van Dyke equivalent circuit model to represent the piezoelectric trans-
ducers. The transducers at reader and tag are each represented by a resistance and
a capacitance (RS, C%, and Ry, C ). The wave propagation from reader to tag is
represented by many parallel branches, where every branch ¢ corresponds to a resonant
mode of the acoustic channel. Every path is modeled with a resistor Riﬂ, an inductor
L%, and a capacitor CL. . In resonance, the reactances cancel each other, and only the
resistance remains, representing the gain in this specific resonant mode. Finally, across
the reader’s transducer, an AC voltage source generates the carrier signal, and across
the tag's transducer, a load impedance z; is placed.

The model still has an infinite number of parameters, as there are an infinite number of
resonant modes on the structure. However, we do not suggest estimating the parameters
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for all components. For plug-and-play-like deployability, we have to be able to estimate
the channel with our low-cost reader and tag hardware. In steady-state, only a single
frequency component travels through the channel. In that case, we can combine
multiple components to yield a single, frequency-dependent complex impedance. The
simplified diagram is shown in Fig. 5.3 (right).

The reader must acquire the transducer impedance z,. Therefore, the reader applies
the known sinusoidal voltage vr at the transducer’s terminals and measures the re-
sulting current ir. Using the equivalent circuit, we can analytically derive the reader’s
impedance depending on the load z; at the tag as

vrR 2 (Z7Zm + Z7Z8) + Z; Zm Z¢

= . 51
iR 21 (28 + Zm + Z2) + Z(Z8 + Zm) (61

Zy =

The resulting transform from z; to z; is a Moebius transform, a rational function in the

form
z1-a+b

~ 52
z1-c+d (52)

Zr =

where a, b, ¢, d € C. The Moebius transform is always bijective, i.e., it guarantees a
unique z, for every selected z;.

The parameters a, b, c and d can be derived analytically with only three known points
(2%, 2}),4 € {1,2, 3}. For a specific carrier frequency, we can determine the parame-
ters by observing the impedances z, with three different loads. Knowledge about the
transformation will allow us to select the best set of loads to approximate a desired
constellation. The channel estimation procedure described in Section 5.2.2 uses that
model to determine a set of load impedances.
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5.2.2 Setup Protocol

The tag and reader have to calibrate before they can communicate. They first negotiate
a suitable carrier frequency, and then, the reader picks the best set of impedances for
the tag. Lastly, the reader has to learn the exact mapping between the set of symbols
and the expected impedances. This section illustrates the described procedure with
exemplary results from a real channel. The detailed hardware and experiment setup
used to generate these examples is described later in Section 5.3.1 and Section 5.4.1.

Carrier Frequency Selection

The reader aims to find a frequency at which the modulation of the load z; produces
a large variation of the observed impedance z.. This property depends mainly on the
channel gain between the reader and the tag. We discussed in Section 4.2 that the
channel’s frequency response itself depends on many factors and is very sensitive to
small changes—e. g., slightly different placement of transducers. Hence, it is not practical
to determine the frequency response with simulation, as some existing studies about
acoustic communication attempted.

Instead, we chose an experimental approach for frequency determination. The tag
switches through a set of load impedances while the reader performs a frequency sweep.
For every frequency, the reader measures the transducer’s impedance long enough to
observe the channel's response to all the generated load states. The standard deviation
of the collected samples for this frequency serves as a metric for the channel gain.
Combined with a noise power estimate in the channel, the reader calculates the SNR for
each frequency. Finally, the reader picks the frequency with the highest SNR.

The experimental determination may take a long time, depending on the frequency
resolution and the number of different loads through which the tag cycles. Furthermore,
each load must be applied sufficiently long for a steady state to emerge, e.g.several
milliseconds. The process may take up to 30's for a high frequency resolution of 10 Hz.
However, the variability of the environment is usually very low, as transducers are fixed to
the metal structure, and structures do not change frequently. Boundary conditions and
temperature may slightly change the channel, but usually not within short time spans.
Therefore, the reader does not have to repeat this estimation often. Instead, it could
even avoid periodic reestimation completely and wait for triggers such as repeating
communication failures or very low SNR. Figure 5.4 shows the result for an exemplary
channel.

Choosing load impedances

In the next step, the reader determines the mapping between symbols and load
impedances. Testing all possible load impedances is time and energy-consuming,
as every symbol requires up to 10ms for a steady state to emerge. Alternatively, we
leverage that the mapping between the load impedance and the observed impedance
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I Figure 5.4: The result of the frequency calibration procedure in channel CHz_, 5.
The SNR is computed for every frequency in the sweep, showing large variations
between carriers.

is a Moebius transformation. The reader can determine the transform’s parameters from
three pilot symbols, reducing the required time for load selection to less than 200 ms.

The tag transmits a pilot sequence with three load impedances while the reader
observes the resulting impedances. From these three observed points, the reader com-
putes the transform and then estimates z, for any possible z. Figure 5.5 (left) shows
the estimated transformations for a specific channel. The reader picks the loads

2, ie{1,2,...,5}, (5.3)

such that the constellation’s minimum distance between any two constellation points is

) . (5.4)

After determining the best set of loads, the reader informs the tag about the chosen
set Z¥ for each symbol via the downlink. Figure 5.5 (right) shows the selected loads
based on the estimated transformation. For evaluation purposes, we measured the
actual zj for every selected zf and compared it to the prediction from the channel
model. The tag is limited in the load impedances it can choose from: The hardware,
which we discuss in Section 5.3, only enables selecting from a set of reactances, and

maximized, i.e.,

. i
max( min ‘ r T

i,5:iA]

modifying a series resistance.

Channel Estimation

The estimate of the Moebius transform is accurate enough to pick well-distributed loads,
but Fig. 5.5 (right) shows that they do not perfectly match the observed impedances.
Furthermore, the exact values may vary over time due to changes in ambient condi-
tions, such as temperature. Inaccurate estimates of the constellation points, however,
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[ Figure 5.5: The estimated transformations are based on three measurements per
reactance (left). The branches show the resulting z, with constant reactance and
varying resistance. In this example, we pick 16 loads such that we achieve the largest
possible distance between adjacent constellation points (right), and compare the
predictions from the channel model with actually observed reader impedances.

decrease communication reliability. Hence, the reader regularly repeats a channel
estimation, updating its estimate of the constellation points.

In the channel estimation step, the tag sends a pilot message switching through the
selected constellation, i.e., all zf. Using this pilot, the reader can obtain the z'ri very
accurately. Because of the long delay spread in the metal channel, the pilot uses a long
symbol duration of ~ 20 ms, allowing convergence to a steady state within each symbol
period. Consequently, the pilot message duration in this step depends on the number of
symbols. For a 16-QAM-like modulation scheme, a pilot message takes 320 ms.

5.2.3 Message Transmission

After performing the setup protocol, the tag has a suitable set of load impedances and
the reader established the constellation points for each load. Reader and tag are now
ready to exchange the actual payload. This section describes the packet structure and
the message encoding performed at the tag. We then explain the receiver structure,
including synchronization, a novel channel adaption, and decoding.

Sending

To transmit a message, the tag encodes the payload bits m with an LDPC code, adding
redundant parity bits. The code rate R describes the ratio of payload bits to total
transmitted bits. The encoded bitstream m[k] is then converted to a stream of symbols.
We use a grey code to minimize the expected number of bit errors that result from a
wrong symbol decision. The grey code ensures that adjacent symbols, i.e., symbols with
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neighboring constellation points, only differ in a single bit. In case of an error, e.g., due
to a noisy channel, a symbol is most likely confused with its direct neighbor. Hence, the
grey code minimizes the amount of bit errors resulting from wrong symbol decisions.

Finally, the tag prepends a frame synchronization preamble consisting of three symbols.
The tag then modulates the backscattered signal by applying the corresponding loads
for each symbol to its transducer. Each symbol lasts for a symbol period Tiy,.

Synchronization and Channel Adaption

The reader continuously samples the transducer impedance and correlates it with the
expected preamble sequence. The preamble serves two purposes. First, the reader uses
it for frame synchronization via cross-correlation. Second, the reader further utilizes the
observed preamble to refine its channel estimates. Small changes in the channel occur
due to temperature variations, changing boundary conditions, or similar environmental
influences. These variations may significantly change the mapping z1 — z,. Instead of
retransmitting the channel estimation message, which is time-consuming, we leverage
the observed preamble sequence to adapt to the new channel parameters.

Assume that the Moebius transform w described the channel at the time of the initial
channel estimation. In the meantime, the channel has changed slightly and is now
described by a different transform @. This implies that a third Moebius transform exists,
which maps w — @, and this transform can again be determined by three known
points. Based on this observation, we designed the preamble to contain three distinct
symbols, so that we can leverage the received preamble to estimate the mapping from
the original w to the adapted transform w. With the resulting transform, we update our
estimate of all symbol constellation points at the reader accordingly. The effects of this
adaption are evaluated in Section 5.4.6.

Sampling and Decoding

After preamble detection, the reader samples the payload impedances. Following each
symbol transition, the channel shows transient behavior due to multipath propagation
before converging to a new steady state. We chose a sampling rate several-fold higher
than the symbol rate. Once the cross-correlation with the preamble yielded the symbol
boundaries, the ideal sampling times for each symbol are chosen at the end of each
symbol period—when the channel has converged to a steady state. This yields the
signal Z, [z], which is sampled at symbol rate. As an example, Fig. 5.6 shows the samples
in a constellation diagram when taken at 2ms and 6 ms after symbol transition. The
influence of ISl is obvious.
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[ Figure 5.6: Samples and respective constellation points. Shorter symbol durations
increase IS, leading to stronger deviation from constellation points.

The belief propagation LDPC decoder requires soft information, i.e., the probabilities
that a certain symbol was transmitted given the acquired samples. We represent these
probabilities as log-likelihood ratios (LLRs) during decoding. The LLR [PF14] is defined as

p (2:[i] | mc[l] = 0) p (mc[l] = 0)

LLR (D = loe S T e =)~ o =) O

Without prior knowledge of the transmitted message, the a priori probabilities of a bit
being one or zero are assumed equally likely. Consequently, the second term resolves
to zero. The LDPC code works bitwise, but every symbol represents multiple bits. The
probability of an observed impedance given a single transmitted bit can be recovered
by summing the probability of every symbol, where this bit is zero, or one, respectively.
More formally, this is

p (Zli], me[l] =0) D, PGl cli] = k)

P (Z[i] | me[l] = 0) =

P (mc [l] = 0) B P (mc[l] = O)
_ > P (Eelil | eli] = k) p (cli] = k) (56)
p (mcll] = 0)

=23 pE =8,

where k loops over all symbols in which the I-th bit is zero. The last equality follows
from the assumption of equally likely symbols, i.e., we assume p(c[i] = k) = 1/S and
p(me = 0) = 1/2. The probability p(2;[¢] | mc[l] = 1) is constructed analogously.
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[0 Figure 5.7: The reader circuit performs the analog signal processing and carrier
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Assuming Gaussian noise with zero-mean and standard deviation o,
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where zR, is the estimate of the constellation point related to the k-th symobl.

p(Z[d] | c[i]) = (57)

Using these probabilities, the reader implements a belief-propagation decoding algo-
rithm using the LLRs for each bit. Finally, the redundant parity bits are removed, leaving
only the decoded information bits.

5.3 Implementation

This section describes the prototype implementation, including the reader and tag
hardware, and the implemented firmware.

5.3.1 Reader

We designed the reader as an extension to the ahoi modem [RHS20], an underwater
acoustic modem with a modular design. By extending pre-existing hardware, we only
need to redesign the analog circuitry, shown in Fig. 5.7, while we reuse the MCU and
interfacing circuitry on the mainboard module of the ahoi modem. The mainboard
features a performant 180 MHz STM32 Cortex-M4 microcontroller with 128 kB memory. The
firmware firmware on the MCU samples and demodulates the received samples.
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[ Figure 5.8: Simplified schematic of the reader circuit.

Hardware

Our reader board serves as an analog frontend with two purposes. It generates a
carrier wave—a sine wave with a selectable frequency—and it detects changes in the
impedance of the reader’s transducer. A simplified schematic of the circuit is shown
in Fig. 5.8. Sine generation leverages a dedicated waveform generator Integrated Cir-
cuit (IC), which has two advantages: It frees the MCU of additional workload for com-
puting samples for digital-to-analog conversion, hence, all the computational power is
available for reception and decoding. Moreover, it allows selecting carrier frequencies
with a very high resolution. Using direct digital synthesis, the AD9833 from Analog Devices
can generate sinusoidal waves from an input clock source. The output frequency f.
can thereby be configured as a fraction of the input clock frequency fmcik by setting
the value of the IC’s frequency register Nireq, such that

Ffmelk
228

fe = Nireq - . DNieq €{1,2,...,2°%}. (58)
We configured the MCU to provide the sine generator with d fmcik = 5 MHz input clock,
yielding a resolution of the selectable carrier frequency of less than 20 mHz.

The waveform generator has a high-ohmic 0.3 Vp,, sine wave output, which does not
provide sufficient output power to drive the transducer. Therefore, this signal is passed
through two operational amplifier stages, where the first amplifier also implements
a lowpass filter to remove higher-order harmonics and noise that occur in the sine
generator's output. The first stage increases the amplitude to 3 Vp. This intermediate
signal is also used by the MCU as a phase reference for demodulation. The second
amplifier drives the transducer, and must therefore be able to supply sufficient power.
We selected the OPA1641 operational amplifier and amplify the sine amplitude to +15V.
With the op-amp’s maximum output current of up to 30 mA, it can provide output powers
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up to 350 MW RMS, driving transducers with input impedances down to 375 Q. The high
supply voltage of the second stage is provided by a charge pump.

To receive a backscattered signal from the tag, the reader measures the current
through the transducer. We place a small 3.3 Q shunt resistor in series with the transducer.
A JFET transistor buffers the voltage drop over the shunt, which is proportional to the
current through the transducer. The transistor is biased in its linear region and provides a
voltage gain of approximately 17 dB. To increase the SNR, the measured signal is passed
through a bandpass filter with passband between 180 — 250 kHz—the usable range of
our transducer—and finally amplified with variable gain. The MCU can configure the gain
in 255 steps in a range from 0 — 34 dB by setting a digital potentiometer. We used the
12-bit Analog to Digital Converter (ADC) integrated in the MCU to sample the current
signal. At the same time, the MCU also samples the generated sine wave as a reference
voltage.

The filters and amplifiers in the receiver signal path are supplied with 3V. To avoid
saturation at any stage, the current through the transducer must not exceed 65 mA.
Consequently, the transducer’s impedance magnitude must be larger than 230 Q. How-
ever, the impedances of the selected transducers always exceeded this impedance in
the measurements on the GW and SWP channels presented in Fig. 4.6.

Software-Demodulation

To determine the transducer’s impedance, the MCU must extract the amplitude and
phase offset of the current and voltage signals, i.e., demodulate them. While most
conventional communication systems implement demodulation in the analog domain,
the carrier frequencies and bandwidths in ultrasonic through-metal communication
are small enough to perform the demodulation in software, reducing device complexity
as less analog circuitry is needed. In this prototype, we employed the Short-Time Fourier
Transform (STFT) as a digital demodulation technique to recover amplitude and phase
of the carrier.

Our prototype is designed for carrier frequencies up to 250kHz. According to the
Nyquist frequency theorem, a sampling frequency higher than twice the maximum
frequency component in the signal, i.e., more than 500kHz is required. At this rate,
real-time processing of the samples was not feasible with the selected microcontroller.
Therefore, we employ undersampling, a technique to sample band-limited signals below
the Nyquist rate, leveraging that aliasing projects the passband to a lower frequency
band in the sampled signal. The effect of undersampling and STFT in the frequency
spectrum is sketched in Fig. 5.9 ().

The STFT suffers from frequency leakage when the sampling rate does not match a
frequency bin perfectly. In that case, the phase and amplitude are distorted, and the
demodulated signal has a carrier frequency offset. At the same time, the sampling rate
and carrier frequency are all derived from the MCUs clock and are subject to limitations
given by the MCU'’s design. As a consequence, only a limited set of carrier frequencies
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[ Figure 5.9: Undersampling shifts the transmission band into an alias band below the
Nyquist frequency (a). Only some carrier frequencies can be demodulated without
error when using the STFT (b).

exists at which suitable sampling rates can be selected on the microcontroller. To
derive the carrier frequencies that can be demodulated without frequency leakage, we
formulate the set of constraints given by the hardware.

B The microcontroller's maximum peripheral clock frequency f, is 90 MHz.

B The sampling rates fs must be derived from the peripheral clock using an integer
divider M

_h

=

The highest sampling rate that still allows in-time processing of the incoming

signals is desirable, as higher sampling rates enable better noise suppression

through digital filters and, consequently, a better SNR.

fs Me{1,2,...,2'%}. (5.9)

B The waveform generator can generate carrier frequencies

fmeix - N
Jfe="—0s7>
2

N €{2,3,...,2%%}. (5.10)

B The rate of the demodulated signal fsq, i.e., the output of the STFT, must be larger
than the bandwidth B of the transmission band. The output rate is the sampling
rate divided by the window size W of the STFT:

fsa = fW > B, W e N . (1)

This set of constraints strongly limits the viable carrier frequencies the reader can
generate and demodulate in software. Figure 5.9 (b) shows the set of carrier frequencies
in the passband between 200 — 250 kHz when we assume a transmission bandwidth
B of 2kHz and a maximum sampling frequency of 200 kHz. Only 41 frequencies can be
demodulated with the STFT, yielding an average frequency resolution of less than 1.2 kHz.

~
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This limitation given by the STFT is not ideal, as we observed in Section 4.2.2, where
peaks in the channel gain of GW channels occurred in bands smaller than 100Hz. It
should be noted here that it is possible to demodulate arbitrary carrier frequencies in
software without distortion by mixing the sampled signal with a sinusoid of the same
frequency followed by a lowpass filter. However, this is more computationally complex
and was not feasible on the selected MCU.

The samples are processed by the STFT, yielding a demodulated signal. As we are only
interested in the transmission band around the carrier, we only compute the STFT for the
frequency bin corresponding to £/, the alias frequency of the carrier in the undersampled
signal, which can be derived as

fc/ = round <fc) “fs — fe, (512)
fS
where round rounds the fraction to the next integer.
The reader demodulates both ig and vg,from which we calculate the complex
impedance z;.

5.3.2 Tag

In this prototype, we constructed a tag PCB that also extends the ahoi modem’s main-
board. Although the powerful ARM Cortex-M4 microcontroller on the modem'’s mainboard
is not a sensible choice for an ultra-low-power tag, it is suitable to acquire first insights
into the challenges and opportunities of higher-order modulation. In this chapter, we
favor the flexibility of a powerful MCU over minimal power consumption. Chapter 7 will
investigate the additional challenges introduced with ultra-low-power hardware in more
detail.

Hardware

The core of the tag's circuit is the modulator. It can choose between a set of impedances
that it can apply to the tag's transducer to modulate the reflection coefficient. Both
resistance and reactance can be modified to enable more flexibility and range in the
choice of constellations. We use a digital potentiometer, allowing resistance modulation
with a high resolution. Unfortunately, no comparable integrated circuits for reactance
modification exist. Instead, we use switches that can connect a subset of different fixed
reactance elements in parallel. The total reactance is then connected in series with the
potentiometer (Fig. 5.10).

Suitable values for potentiometer and reactances must be adapted to the transducer.
We aim to generate a wide range of different reflection coefficients at the tag, which in
turn depends on the internal impedance of the transducer. While the exact transducer
impedance is not known during hardware design, we can observe a rough region of
impedance from Fig. 4.6. For example, in resonant frequencies, the observed transducer
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] Figure 5.10: The modulator circuit of the tag can choose resistance with a po-
tentiometer and can modify the reactance by dynamically connecting different
inductors or capacitors.

Device Rmax Ry Np /AN Tmin Tmax

ADG175 10kQ 50Q 1024 0.032 -0.818 0.905
AD5293 20kQ 500 1024 0.062 -0.818 0.951
AD5259 5kQ 500 256 0.063 -0.818 0.951
AD5160 10kQ 500 256 0121 -0.818 0.975
AD5280 50kQ 500 256 0.478 -0.818 0.995
AD5245 100kQ 500 256 0.757 -0.818 0.998

[ Table 5.1: Different available potentiometer ICs and the reflection coefficients they
can generate in the average case of z; = 500 2.

had an internal impedance magnitude of zo ~ 500 2 with slightly capacitive reactance
in the resonance region.

Commercially available digital potentiometer ICs have three important properties.
The wiper resistance R, describes the minimum resistance that the potentiometer can
produce. A resistance R, can then be chosen from a number of steps IV, between the
wiper resistance and the maximum resistance Ry,ax aS

Rmax

R, =Rw+n- , ne{0,1,...,N, —1}. (513)
NP

Table 5.1 compares the resulting maximum and minimum reflection coefficients (Tmin
and Cmax), and the largest difference between neighboring reflection coefficients AT’
with the characteristic transducer impedance of zo = 500 €2 for different commercially
available potentiometer ICs. Finally, we selected the AD5175 from Analog Devices because
of its good tradeoff between resolution and range.

Similarly, the reactances are selected subject to typical transducer reactances ob-
served in GW channels. Additionally, we also add a short-circuit path to the switch lines,
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[ Figure 5.11: The tag designed in this chapter. The set of inductors is bulky and
dominates tag size. The harvester is addressed in a later chapter.

which can be selected to produce a purely resistive load impedance. Finally, the tag
can disconnect all switches to produce an open circuit where the load impedance
approaches infinity. The resulting circuit board is shown in Fig. 5.11.

Firmware

The tag's firmware must select the right setting for the switch and potentiometer for
every symbol in time. Therefore, the MCU configures a timer interrupt that is executed
with interval T, and configures the switch and potentiometer via an 1?C bus. The
potentiometer and switch connect to the MCU over the same 12C bus. Consequently,
the microcontroller executes a transition from one symbol to the next in two steps, e.g.,
first setting the new resistance value and then switching the reactance. Selecting a
new state at the potentiometer requires in total 20 12C-clock cycles, including address,
start and stop conditions, and acknowledgments. Similarly, the switch requires 30 clock
cycles. As most standard microcontrollers, the selected MCU allows 12C clock speeds up
to 20 MHz, which finished a complete symbol transition within roughly 3 us.

At high clock speeds, the delay between resistance and reactance change is neg-
ligible, as it is orders of magnitude smaller than the symbol duration. However, such
high 12c speeds also require the tag to use high clock rates, which increases the power
consumption considerably. The relation between clock rates and power consump-
tion is investigated in more detail in Chapter 7. When scaling down the clock rate to
achieve ultra-low power consumption, the delays introduced by the serial transmission
may become considerable, degrading the modulation accuracy of the backscatter
communication.
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5.4 Evaluation

In this section, we thoroughly evaluate the presented communication system. Therefore,
we first present the experiment setup that we use for real-world experiments throughout
this section. We then take a detailed look at the presented load selection algorithm and
at the prototype’s functionality. Finally, we explore the maximum achievable data rates
over multiple channels and the influence of symbol duration and channel coding on the
data rate.

5.4.1 Setup

In the following experiments, we used the tag and reader hardware described in
Section 5.3.1 to generate the physical signals. However, part of the receiver's signal-
processing pipeline was run on a desktop computer to be more flexible in parameter
choice. The computer was connected to the tag and reader via serial interfaces. The
PC configured the vector of load impedances per symbol (z1), while the reader gener-
ated the carrier and sampled and demodulated ir and vg, and then transmitted the
impedance measurements (z;) to the PC. In real applications, the reader MCU would
process the received samples locally. The setup is sketched in Fig. 5.12.

We used the experiment setup explained in Section 4.2.2 and kept the same convention
to label the individual channels. In total, we used one SWP channel (CH;_, 5) and three
GW channels with transducers 1Tm (CHz_,2), 2m (CH3 1) and 3m (CH4_, 1) apart on
the 3.5 m long steel beam. To check if the method’s performance is similar also in other
structures, we experimented with a further channel on an additional specimen with
a different cross-section. Therefore, the last channel (CHGﬁ7) is a GW channel on a
smaller steel beam with dimensions 1m x 2cm X 1cm.

5.4.2 Dynamic Frequency Selection

Conventional backscatter systems usually employ a fixed carrier frequency. We want
to quantify the gain of dynamically adapting the carrier frequency in GW channels.
Figure 5.3 shows the SNR versus the frequency acquired for three channels on the
same specimen. The measurements were repeated ten times in every channel and the
average is shown. The standard deviation between the SNRs in the ten repetitions was
roughly 3dB in all channels. The experiment shows that the SNR varies by more than
40 dB within just 1kHz carrier frequency change. Further, no frequency yields the optimal
SNR in all three channels.

Among the three channels, 228 kHz is the frequency with the highest average SNR. This
SNR would be acceptable for running a fixed carrier communication system for this
specific set of channels. However, for an arbitrary set of channels, the best average
frequency is not known before deployment, and there is no guarantee that it is also
suitable in slightly different channels. Moreover, even in this small set of three channels,
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Desktop Computer
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(] Figure 5.12: Setup with tag and reader. Their transducers are attached to a steel
specimen with a length of 1m. To conduct experiments more flexible, the desktop
computer transmits the load impedances to the tag and processes the observed
impedances from the reader.
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(] Figure 5.13: Signal to Noise ratio versus carrier frequency in different channels.
Picking an individual carrier frequency for each channel increases SNR.
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every channel can achieve a better SNR when using a frequency dynamically adapted
to the specific channel. Most prominently, the channel CH3_, 2 can gain additional 15dB
SNR when switching to its optimal frequency. Channels CHz_,1 and CH4_, 1 improve only
slightly by 2dB, or 3dB respectively. Moreover, an unlucky pick in the carrier frequency,
e.g., 227 kHz would perform 70 dB worse than the optimum in CHz_, 2, and 48 dB worse
in CH3_,1. Note that the three channels were recorded on the same specimen with the
same transducer type. The only difference between them is the transducer placement.
Hence, we expect even more frequency dependency on varying structures. Therefore,
dynamic frequency selection increases communication range and reliability for plug-
and-play-like deployed readers and tags.

5.4.3 Dynamic Load Picking

In this section, we ask if dynamic load picking improves the range of possible constel-
lation points compared to fixed load selections, as commonly used related work on
higher-order backscatter modulation. Dynamic loads may require fewer components
to generate high modulation orders, especially saving bulky inductors: With dynamic
load picking, inductors can be reused for several constellation points or combined in
parallel branches by activating multiple switches simultaneously. In contrast, with fixed
loads, each load requires a dedicated fixed inductor. Furthermore, even when fixed loads
are considered, optimal constellations may not be feasible in practical applications
because they may require unrealistically dimensioned components, i.e., inductors in the
range of tens to hundreds of millihenries.

We define the modulation range as the set of all z, that can be generated with arbitrary
loads at the tag. Based on the Moebius transform channel model, the modulation range
can be represented as a circle, where Re{z1} = 0. In our presented tag, the minimum
load resistance is constrained by the potentiometer’s wiper resistance—at least 50 Q,
reducing the modulation range to a smaller circle (See Fig. 514, left). To quantify the
effect of the wiper resistance, we measured the achievable modulation range with
our prototype (constrained). We then evaluated the unconstrained range with zero
resistance by short-circuiting the potentiometer (unconstrained). The potentiometer
reduced the modulation range (radius of the circle) of the impedances by 7 % on average
over all channels and carrier frequencies under test. The minimum radius reduction was
3.4% and the maximum 12 %.

Section 5.2.2 discussed that the minimum distance between any two constellation
points is important for the performance of the communication system. The presented
tag is constrained in the choice of constellations it can generate. We now investigate
how much this constraint reduces the distance between constellation points in real
channels compared to ideal 2-PSK, 4-PSK, and 8-PSK constellations. Figure 5.4 (right)
compares the minimal distances of ideal constellations versus the constrained minimal
distances for all channels. In some channels, the distances are nearly halved, while in
others, especially with just two symbols, the constraint has nearly no effect.

~
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7 Figure 5.14: The maximum modulation range is constrained by the circle defined
by Re{z} = 0. Every z, within this circle can be achieved with a suitable load,
exemplarily shown for channel CHg_, » (left). Using the constrained set of loads at
the tag reduces the minimum distance between constellation points compared to
the full, unconstrained range (right).

Unsurprisingly, ideal unconstrained loads perform better if optimally chosen for a
specific channel. However, they also require manual adaption of the tag hardware
for every channel. To decide if dynamic loads are favorable over fixed loads in real-
world applications, we now investigate if a single set of fixed, arbitrary loads fitted to
one channel outperforms the constrained loads in all considered channels so that the
tag can be used in various channels without manual adaption. In Figure 5.15, we fitted
a Moebius transformation to match the observed z, and calculated the set of load
impedances to yield optimal constellation points. We then compared the minimum
distance with fixed loads (picked optimal for the first channel) and with the constrained,
dynamic loads from our tag prototype. The plot shows the normalized reduction of the
minimum distances relative to ideal loads for the particular channel. We observe that
the constrained loads perform similarly to the fixed loads in most channels. Channel
CH3_,1 at 228kHz is an exception, where the fixed loads perform particularly badly, and
the dynamic loads from our tag perform significantly better, achieving a 35 % increase
in minimum distance when picking two symbols, and a 67 % increase in distance at four
symbols. The presented results suggest that the channels significantly influence the
optimal load impedances, even if these channels are on the same structure, using the
same type of transducer, and work within the same frequency range. The measurements
do not clearly show that dynamic loads are superior to fixed loads in every channel.
However, they show that dynamic load picking performs comparatively to fixed loads
while reducing the count of bulky components.
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(] Figure 5.15: A set of loads picked optimally for one channel (CH3_,2 @ 228kHz)
performs significantly worse on other channels.

Channel Model

The channel model presented in Section 5.2.1 predicts the transformation from load
impedance to observed samples. In this evaluation, we ask how accurately the model
represents the actual channel. Therefore, we first perform the load-picking algorithm
presented in Section 5.2.2, which determines the transformation from three measured
points. We then compare the predicted constellation points with actual measurements,
as we have previously illustrated in Fig. 5.5 (right). On average, in all evaluated channels,
the deviations between predicted and measured z, is just 3.9 mV with little variance
between the channels (maximum 6.1mV, minimum 2.7 mV). This is merely 4.0 % of the
minimum distance between constellation points in a 4-QAM constellation. However,
the prediction error becomes more significant when the modulation order increases.
For example, when picking 16 symbols, the relative error rises to 34 % of the minimum
distance of constellation points on average.

We suspect that these deviations between prediction and measurement are caused
by

. non-ideal behavior of components, such as inductors and capacitors and ICs that
have non-zero input capacities and stray inductances,

2. noisy measurement of the base points from which the Moebius transform is calcu-
lated, and

3. simplifications in the equivalent circuit used as a basis for the prediction.

5.4.4 Transient and Measurement Noise

The received signal is compromised by noise and distortion. Noise is usually assumed
to be additive Gaussian noise, e.g., introduced by the analog circuits during the ADC
conversion. Furthermore, ISl introduced by multipath propagation distorts the transmitted
signal. We compare the magnitude of both in Fig. 5.16 for a GW channel and an SWP
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7 Figure 5.16: Additive white gaussian noise, I1SI, and SINR development depending on
symbol duration in a GW channel (CHz_, o, f. & 200 kHz), and in an SWP channel
(CH5_y3, fe &~ 1 MHz). The magnitude of ISI shrinks exponentially with symbol time.

channel. We measured the thermal noise during a steady state when the tag does
not modulate its load impedance, and multipath effects vanish. The ISI curve was
acquired during message transmissions. It shows the deviation of the received signal
from the expected constellation points, averaged over 200 messages. We repeated
the experiment with symbol durations from 1 - 8 ms. The ratio of signal power and the
observed deviation is the Signal to Interference and Noise ratio (SINR), which is shown in
the orange curve.

The measurements show that the ISI dominates the acquired signal over Gaussian
noise. ISl intensity shrinks exponentially when longer symbol durations are chosen. How-
ever, as already observed in Section 4.2, the SWP and GW channels display very different
behavior, as ISl in the GW channel drops below the thermal noise level only for symbol
duration over 5 ms, while ISl in the SWP channel already decayed after ms. The results
highlight that the main limitation for higher data rates is ISI. Furthermore, we confirm that
ISl is much more limiting in GW than in SWP channels.

5.4.5 Transmission Speed and Reliability

This section explores the achievable data rates of the proposed communication scheme.
For this evaluation, we transmit pseudo-random messages from tag to reader and
calculate the bit error rate (BER) and packet error rate (PER) with different parameters.
For all channels and all modulation orders, we used the automated setup procedure
described in Section 5.2.2 to adapt the carrier frequency and load impedances without
manual tweaking. For every setup, 115200 payload bits were transmitted (200 messages
with 576 bits per message).

We evaluate the effective gain of higher-order modulation by comparing the highest
achievable data rate with the presented modulation scheme against the achievable
data rate with conventional binary modulation. For the following evaluation, we define a
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| [1Coded Uncoded

Effective Data Rate [bps]

[ Figure 5.17: Comparison of the highest achievable data rates with higher-order
modulation (S > 2) compared to simple binary modulation (S = 2) in different
channels. Higher-order modulation only increased data rates in combination with
channel coding.

data rate as achievable, if it supports a packet error rate less than or equal to one percent
during our experiment. We chose this criterion because the comparatively low data
rates in through-metal communication practically prohibit transmitting large numbers
of bits, which is required to measure small BERs accurately. We observed, however, that
the BER during our experiment was either zero or very small for some configurations, or
very large (> 107~ 2) for other configurations. Figure 5.7 shows the largest achievable
data rates in all channels with different modulation orders.

Binary modulation (S = 2)isin none of the evaluated cases the best choice. However,
a higher modulation order does not always improve data rates. The gain of using higher-
order modulation strongly depends on the channel: The SWP channel (CH5_,3) achieves
a 211% increase in data rate. In contrast, the GW channels only achieve between 13 and
66 % increase when using higher-order modulation. In SWP channels, the quick decay of
multipath components (cp. Fig. 516) enables short symbol durations with little ISI, even
at high modulation orders, where the distance between constellation points is small. In
GW channels, in contrast, reduced symbol time strongly increases ISI, which inhibits the
accurate discrimination of close constellation points. Figure 5.18 offers a different view
on the presented results by showing at which symbol times these maximum data rates
were achieved.

Furthermore, we have measured the highest achievable data rates without channel
coding, as shown in the striped areas of the bars in Fig. 517. For all measurements,
we used an LDPC code from the IEEE 80216 (WiMAX) standard with a high code rate of
R = 0.83, retrieved from [Hel+19]. In binary modulation, the uncoded communication
achieves, in some cases, even higher data rates than coded communication because
the lack of redundancy increases the number of payload bits when no bit errors occur
without coding. Higher-order modulation, however, has only been advantageous in our
tests when combined with error-correcting channel coding.

The effect of distance between transducers is inconclusive among the GW channels.
In all channels under test, error-free communication was possible. However, the largest
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[ Figure 5.19: BERs over time with and without the refined channel estimation. For this
experiment, 32 symbols were used, and the symbol duration was 5ms.

distance (3m in CH4_,1) achieves only half the data rate compared to CHz_,2 and
CH3_, 1, but the 2m channel (CH3_, 1) achieves similar performance as the 1m channel
(CH3_,2). For other acoustic channels, e. g., underwater, geometry plays a dominant role
for shorter distances [R) ISQO], which s likely also the case here. Furthermore, we expect the
effect of larger distances in GW channels to be much smaller than in conventional RFID
or underwater channels because of the small attenuation that lamb waves experience
in metals. In other words, the multipath characteristics of a channel have a stronger
influence on the data rate than the distance.

5.4.6 Refined Channel Estimation

In Section 5.2.3, we presented an approach to correct the estimated channel constellation
points. This experiment evaluates whether channel variations degrade communication
reliability over time. Furthermore, we evaluate if the presented approach can successfully
adapt to a changing channel. Therefore, we performed a channel estimation once to
establish the mapping between z; and z,. We then continuously sent one message per
second for 1000 s and counted the number of bit errors per message. Figure 5.19 shows
the BER over time. The BERs of every ten consecutive messages are averaged in the plot
to smooth out fluctuations.
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After a fresh channel estimation, the static and adaptive approaches both work well,
and the messages are decoded without errors. After approximately 300 seconds, how-
ever, the reader without refined channel estimation starts to experience increasing bit
error rates and becomes unusable. At the same time, the preamble correction approach
keeps the same low BER during the whole experiment duration of roughly 17 minutes.
Hence, without using the preamble for correcting channel variations, the full channel
estimation would have to be repeated more often, reducing the effective data rate of
the system. Similar results have been reproduced in all tested channels.

This effect is not as prohibitive when using a lower modulation order, e.g., 4 or 8
symbols, because the distances between constellation points are larger, and more
channel deviation is tolerable. However, the increasing BERs show that the channel
changes over time. We observed the channel variation in a static lab environment
without significant temperature swings or changing forces on the structure. Channel
deviations will be much more pronounced in practical scenarios, where environmental
conditions are more dynamic. A deeper investigation of such scenarios will follow in
Section 6.5.6.

5.5 Summary and Discussion

This chapter presented a method to implement higher-order modulation with acoustic
backscatter communication by switching between dedicated load impedances per
symbol. The challenge compared to conventional RF or underwater acoustic backscatter
is that the transducer's impedance is unpredictable, making it impossible to select suit-
able loads before deployment. We presented a reader and tag design that enables the
reader to dynamically select an SNR-enhancing carrier frequency and load impedances,
using the bandwidth more efficiently. To establish efficient frequency and load selection,
we implemented a setup protocol relying on an equivalent circuit model of the acous-
tic and electric channels. We also utilized the same model to adapt to time-variant
channels without re-running the setup protocol, saving the reader and tag device's
bandwidth and active time. Furthermore, we implemented the design in a hardware
prototype with commercially available off-the-shelf components. We evaluated our
prototype in real-world experiments with four GW channels and one SWP channel.

The evaluation demonstrated that dynamic frequency selection improves the SNR
by up to 15dB compared to a fixed frequency for all channels. Furthermore, dynamic
load selection proved superior to fixed loads on average over seven inspected channels.
Finally, when transmitting packets, higher-order modulation raised the data rates be-
tween 13 — 66 % in GW channels and up to 211% in the SWP channel in combination with
channel coding. However, the presented method has several downsides.

B Hardware complexity: Compared to conventional binary modulation, the required
hardware is more complex. Tags require multiple bulky inductors and switches,
while the reader has to demodulate the passband signal in software. In contrast,
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binary modulation requires only an envelope detector at the reader and a transistor
at the tag.

B Setup required: reader and tag must establish a common frequency and suitable
load impedances. After setup, this state must be stored in both devices to en-
able successful communication. In binary modulation, no state is required, which
reduces overhead and eliminates the requirement for persistent memory in the
tag.

B Channel Coding: We could only achieve significant gains over binary modulation
in combination with strong channel coding. In the scope of this work, we applied
LDPC codes, which are known to have good error-correcting properties. However,
LDPC codes also require considerable block lengths and are complex to decode,
which might be unsuitable for some applications. Other types of channel codes
may be a better fit for the envisioned applications. Therefore, future work should
provide a detailed analysis of tradeoffs between coding gain and performance for
different coding schemes.

Unfortunately, directly comparing the achieved data rates with prior work is not infor-
mative. The existing studies were conducted under very heterogeneous circumstances.
In particular, no investigation of acoustic backscatter communication in GW channels
exists in the literature. Moreover, most research groups used custom hardware, which
we could not access. Piezo transducers and specimen material and geometry were
also different. However, our results in the SWP channel are well in line with the 2.7 kbits™
reported in [Cun+16a], although the piezo transducers used in our experiments had only
about one-fifth of the size.

Section 5.4.4 showed that the tag produces a strong signal over the short distances
under test (up to3m), reaching SINRs up to 60 dB. However, ISl is the limiting factor for
higher data rates. Equalization is therefore highly promising to further increase data
rates in GW channels. However, the nonlinear backscatter channel renders conventional
equalizers infeasible. We will analyze the problem and explore potential solutions in detail
in Chapter 6.

The ultra-low power requirement for communication is the biggest advantage of
backscatter commmunication. Our tag prototype deviates from common backscatter tags
using dedicated switch- and potentiometer ICs instead of just a transistor. This raises the
question of how these ICs affect the power consumption of the tag. Our prototype was
developed as a proof of concept and did not satisfy low-power requirements. Hence,
we can not present sensible measurements of the power consumption of the method
compared to conventional backscatter. However, we can provide a rough estimate of the
power consumption based on the component's datasheets. The selected potentiometer
consumes about 1pA, and the switch consumes on average another 1A, Therefore, the
power consumption introduced by the ICs is likely negligible.



Chapter

Battling Inter-Symbol Interference

6.1 Overview

Section 5.4 demonstrated that bitrates in GW channels do not surpass 2 kbits™ —although
SNRs are relatively high with up to 25 dB. These bitrates may already suffice for many
SHM applications that track long-term changes to a structure and can tolerate long
intervals between individual measurements. Nevertheless, higher data rates reduce
active times of sensors and enable a lower overall power consumption.

The major roadblock that prevents faster communication to date is ISI. In conven-
tional wireless communication, equalizers are a common approach to mitigate ISI, which
largely contributed to the increased data rates that wireless links achieved over the
past decades. Unfortunately, the established equalizers can not be used for backscat-
ter communication in GW channels because the backscatter channel is nonlinear. In
contrast, conventional equalizers rely on the assumption of a linear channel.

After investigating the steady-state channel model for GW channels in Chapter 5, this
chapter closely examines the channel's transient behavior. We characterize the source of
the nonlinearity and propose a mechanism to linearize the GW channel, enabling the use
of conventional equalizers to mitigate ISI. While the resulting method is developed and
tested in through-metal GW channels, the fundamental linearization method also applies
to other domains, such as acoustically coupled biomedical implants and underwater
backscatter communication. In these environments, channel nonlinearity is likely not as
pronounced as in GW channels but still plays a role.

6.1.1 Problem Analysis

In conventional communication systems, we assume that the channel is a Linear Time-
Invariant (LTI) system, in which case the channel impulse response h.(t) fully describes
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1 Figure 6.1: In conventional communication systems, the channel is represented by
the channel impulse response k.. (t) with additive noise n.(t) (a). In GW channels,
the representation is much more complex, as it includes several impulse responses
and the nonlinear mapping from load impedance to reflection coefficient (b).

the channel characteristics (see Fig. 6.1 (a)). The channel output y(t) is then described
as the convolution of the channel input x(t) with k. (t) as

y(t) = x(t) * he(t) + n(t) = / (1) - he(t — 7)dr + n(t). ()

oo

As h(t) is usually unknown to the receiver, it must be estimated. Therefore, the sender
transmits a training signal known to the receiver. With knowledge of z(t) and y(t), the
receiver estimates the channel's impulse response.

The backscatter channel, however, has two nonlinear components, which render
the representation of the channel through an impulse response impossible. The first
source of nonlinearity, appearing in all backscatter systems, including RFID, is reader
self-interference. The reader generates an unmodulated carrier. Some of the carrier’'s
energy reaches the tag over the downlink channel (hq (%)), is modulated, and reflects
back to the reader over the uplink channel (hul(t)). At the same time, some—usually
larger—fraction of the carrier's energy is reflected from the static environment with
impulse response hy; (t), which the reader also picks up. The received signal is, therefore,
the sum of the reflected signal from the carrier and the constant reflection from the
boundaries. With this static offset, the received signal no longer linearly depends on the
tag's reflection coefficient. However, if the reader can estimate the self-interference, this
nonlinearity component can be removed by subtracting the estimated self-interference
from the received signal.

The second source of nonlinearity arises because the tag can not precisely control
its reflection coefficient but merely controls the load impedance at the transducer. The
mapping between load impedance and reflection coefficient, which we described in
Section 5.2, is highly nonlinear. To complicate matters, the mapping is unpredictable
because it is subject to varying transducer impedances. Consequently, this raises the
question, what we consider as input for the backscatter channel. When considering the
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load impedances as channel input, we obtain a nonlinear relation between input and
output that can not be represented with a channel impulse response. Alternatively, if we
consider the reflection coefficients as the channel’s input, the receiver does not know
the channel input, which is required for channel estimation.

6.1.2 General Approach

This section focuses on the transient transfer function and aims to enable equalization in
nonlinear GW channels. To achieve this goal, we first thoroughly analyze the channel and
derive the equations governing the channel transfer function, which includes the map-
ping from load impedance to reflection coefficient. We then prove that—under certain
assumptions—the described nonlinear channel is equivalent to a symbol mapping fol-
lowed by a linear channel. Moreover, the reader can estimate the mapping by acquiring
the steady states of each symbol. Consequently, the reader can subsequently estimate
the transient behavior of the linear channel as in a conventional communication system.

Leveraging this mapping, we perform a real-world analysis of two common equalizer
types, DF and MMSE, in the GW channel and provide a detailed analysis of the potentials
and limitations. Challenges that emerge in this context are a strong dependency on
symbol timing and slowly varying channels. We investigate methods for symbol timing
recovery and propose a variation of standard adaptive equalization techniques tailored
to the nonlinear channel. We evaluate the magnitude and effect of these channel
variations in GW channel with changing environmental conditions, showing that adaptive
equalization can track such channel variations. Furthermore, we evaluate the gain that
channel coding can achieve on the equalized signal.

To progress towards real-world implementations of an acoustic backscatter system
on low-power devices, we also improve the hardware prototype presented in Section 5.3.1.
The enhancements include the design of an analog demodulator at the reader, which
reduces the computational burden of software demodulation and high sampling rates
while largely expanding the range of selectable carrier frequencies compared to the
previous prototype.

6.1.3 Structure

The remainder of this chapter is structured as follows. First, Section 6.2 analyzes the
nonlinear backscatter channel in detail, describes the linearization method, and delivers
a formal proof of its correctness. Next, we describe the implementation of the communi-
cation system, focussing on the implementation and training procedure of the selected
equalizers in Section 6.3, and the proposed equalizer adaption method. Then, Section 6.4
describes the changes to the hardware. The evaluation in Section 6.5 first investigates
tradeoffs and determines suitable values for equalizer parameters, i.e., the number
of weights and length of the training sequence, then compares the performance of
symbol timing recovery methods and the gain provided by additional channel coding.
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Finally, we investigate the improvement in achievable data rates with equalization and
the equalizer’'s capability to adapt to a changing channel. Section 6.6 summarizes the
results.

6.2 Channel Analysis

This section aims to derive an equivalent channel that can be equalized with linear
techniques. That goal is achieved when the equivalent channel

B islinear, i.e., it can be described with a channel impulse response, and

B the channel input for the training sequence is available to the reader, or the reader
must be able to estimate the channel input from the received signal.

We describe the channels in baseband, i.e., we model the signals after demodulation.
The received baseband signal is denoted as y(t) = ai(t) - /" ¢(®) with instantaneous
amplitude a; and phase ¢.

6.2.1 Channel Modeling

The propagation paths in the metal structure are fundamental to our derivation of the
channel model. We identify three distinct groups of propagation paths depicted in Fig. 6.2
(left). The first group consists of paths that originate from the reader’s transducer and
reflect from the structure’s boundaries such that they reflect back to the reader. This
group forms the impulse response of the self-interference hg;(t). The second group
contains paths that lead from the reader’s transducer to the tag's transducer, defining
the uplink hy1 (t) and downlink ka1 (t) impulse response. The last group are paths that
originate from the tag’s transducer and also end at the tag's transducer, leading to
rescattering, i.e., the backscattered signal from the tag is reflected back to the tag and
is again backscattered, characterized by h.s(t). These observations lead to the block
diagram depicted in Fig. 6.2 (right).

The rescattering path complicates the channel model significantly. However, it has
most likely only a minor influence on the channel output because the backscattered
signal is at least an order of magnitude weaker than the incident carrier. Hence, in the
remainder of this chapter, we neglect the rescattering paths in our model.

Formalizing the block diagram (without the rescattering path) in an equation yields
the channel output y(t)

y(t) = c(t) * hei(t) + [c(t) * ha1(t)] - T(t) * hu(t) + n(t), (6.2)
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[ Figure 6.2: Three different groups of propagation paths are relevant for the backscat-
ter channel (left): Paths contributing to self-interference (orange), down and uplink
(cyan), and rescattering (purple). Rescattering introduces a feedback loop (right).

where c¢(t) is the carrier generated by the reader. The complex reflection coefficient
T'(t) is now time-dependent because the tag modifies it during message transmission.
The transducer’s characteristic impedance is assumed to be constant. Hence,

I(t) = 2(t) = 20 (63)

ozl +z
Finally, noise occurs during the signal’s generation, transmission, and reception, which
we model as additive zero-mean white Gaussian noise n.(t).

We can simplify Eq. (6.2) for the case that the reader generates a single-frequency
unmodulated carrier, i.e., ¢(t) is a constant in baseband. When any channel impulse re-
sponse is convolved with a constant «, the convolution is equivalent to the multiplication
of the integral over the impulse response, i.e.,

a*h(t):a~/ h(t—7)dr=a-g, (6.4)

oo

where we denote this integral over the channel impulse response as gain g. In the
following equations, gsi, ga1, and gu1 denote the integrals over hg; (t), hai(t), and hyi(t).
Using this in Eq. (6.2), we can simplify the channel function to

y(t) = co - gsi + co - gar - T'(t) * hui(t) + n(t), (65)

with ¢(t) = cq representing the constant carrier amplitude and phase.

6.2.2 Equivalent Linear Channel

Instead of learning the reflection coefficients, we propose to equalize an equivalent linear
channel with transmit symbols yss and impulse response he (t). As the transmit symbols
of the equivalent channel are generally not known beforehand, we now derive them
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1 Figure 6.3: The nonlinear backscatter channel is equivalent to a learnable mapping
followed by a linear channel.

analytically. We start by equating our desired linear channel with the original channel
function (neglecting additive noise for brevity), i.e.,

Yss () * he(t) = co - gsi + co - ga1 - D(t) * hul(t) . (6.6)
As the offset cq - gsi is constant, we can factor it into the convolution as

Yos (£) * he(t) = (% +co - gar - F(t)) * hai(t), (67)

which already yields a linear channel function (with additive noise). We now further
factor out the division by the gain of the upling channel, yielding

(6.8)

A hul (t
Yss(t) * he(t) = (co - gsi +co - ga1 - gur - T'(¥)) * hal®)
ul

Transmit Symbols
Equiv. Channel

When inspecting the equation for the transmit symbols, we can observe that they
are equal to the received signal in steady-state when the tag does apply a constant
load impedance (hence also a constant reflection coefficient) at its transducer. More
formally,

Yss(t) = o - gsi + o - ga1 - gur - T'(t) = y(t)|r(t)=const - (6.9)

This is advantageous, as the reader can learn the transmit symbols easily if the training
sequence includes for every possible transmit symbol a part where the received signal
converges toward a steady-state. Therefore, it is not necessary to know the reflection
coefficient anymore. In conclusion, the nonlinear channel is split into two distinct parts:
a mapping from original load impedances to steady-state values, followed by an equiv-
alent linear channel (see Fig. 6.3). Both can be estimated individually from a suitable
training sequence.
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6.3 Communication System

After determining an equivalent linear channel, this section describes the architecture of
a communication system that leverages the equivalent channel. We start by describing
the training protocol and message structure and then go into detail about the equalizer
implementation.

6.3.1 Protocol and Message Structure

The communication system we describe here extends the system described in Section 5.2,
which requires estimating the ideal load impedances at the tag and channel estimation.
In this chapter, however, channel estimation must serve an additional purpose. After
estimating the channel’s steady-state symbols, the equalizer must learn the optimal
weights to invert the equivalent linear channel. Figure 6.4 shows an example of a training
sequence generated by the tag and the received signal at the reader. The message
starts with the steady-state estimation, where the reader acquires knowledge about the
mapping from symbols to steady-state. To obtain the steady state, each symbol is kept
constant for a sufficient duration to converge, e.g., 5ms in this example. The reader then
samples the value at the end of each symbol period and stores it as the steady state for
this symbol. For the sake of simpilicity, the figure only shows a binary modulation scheme
here. The steady-state mapping must be extended to include additional symbols when
using a higher-order modulation scheme. We denote the acquired steady-state values
as Vss € C5. A predefined sequence for equalizer training is transmitted directly after
the steady-state estimation. The training sequence is a pseudo-random bit sequence
known to the reader.

The training sequence adds up to a considerable length. If prepended at every mes-
sage, the overhead quickly obliterates the potential increases in data rate gained through
equalization. Hence, we investigate the required length of the training sequence in Sec-
tion 6.5.1. However, the through-metal channel is primarily static, i.e., the transducers
do not move. Furthermore, potential channel variations, e.g., induced by temperature,
are expected to happen slowly, which we investigate in Section 6.5.6. Therefore, the
reader can store the estimated equalizer parameters for messages between training
intervals and update the channel estimation only rarely. To extend this update period,
Section 6.3.3 investigates adaptive equalization that tracks changes to the optimal
equalizer parameters over time.

After initializing the equalizer parameters, the reader is ready to receive payload
messages. In our implementation, we prepend every message with a 13-symbol Barker-
Sequence as a preamble to detect the start of a message. Following the preambile,
the tag transmits the data symbols by switching to a unique load impedance for every
symbol with symbol frequency 1/T},.
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[ Figure 6.4: An exemplary training sequence for a binary modulation scheme. In
higher-order modulation, the steady state estimation is extended to include every

symbol.
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[0 Figure 6.5: Receiver structure showing the notation of signals at different stages
in the analog and digital signal processing pipeline, their value range, and the
sampling rates.

6.3.2 Receiver Structure

The receiver includes a hardware module that demodulates and filters the channel out-
put in the analog domain, and a software-defined signal processing pipeline. Figure 6.5
provides a concise overview of the structure and the notation of signals at different
stages in the pipeline. The demodulator removes the carrier and generates the base-
band signal. Hence, the output is a complex signal where the real and imaginary parts
represent the In-Phase and Quadrature components.

The receiver samples the signal at a multiple of the symbol rate Ny, /Ty, because
timing recovery requires several samples per symbol. Consequently, the equalizer is
fractionally spaced, i.e., it takes an input above the symbol rate. Finally, the equalizer
outputs a single value for each symbol, which is the base for the final symbol decision.
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[ Figure 6.6: Structure of the fractionally spaced MMSE equalizer, which consists of a
forward filter only.

As in many modern receivers, the sampling clock is free-running, i.e., not synchronized
with the transmitter’s clock. Therefore, the samples may be acquired at any point within a
symbol. This arbitrary symbol timing leads to a problem in the presented communication
system because the equalizer trains once and then reuses the estimated weights in
subsequent messages. If the symbol timing in a message deviates from the sample
timing in the training message, the estimated equalizer taps are not optimal for this
message, and equalizer performance degrades. We evaluate the effect of Symbol
Timing Error (STE) on equalizer performance in Section 6.5.2.

To mitigate the STE, we implement a square-timing-error detector that estimates
the STE of the whole message in one step. The square-timing detector likely has two
disadvantages in real-world systems. First, it requires the receiver to buffer the samples of
the whole message before processing them, requiring significant memory and delaying
reception. And second, the method is only applicable if the symbol timing offset does
not change significantly throughout the message. However, for the evaluation in this
chapter, these downsides are acceptable, as the receiving and transmitting devices are
not ultra-low-power devices and have accurate clocks. Under these circumstances, the
square-timing-error detector is more robust than dynamic tracking techniques, which
we investigate for ultra-low-power communication devices in Chapter 7.

6.3.3 Equalizer

Next, the samples pass through an equalizer. In this work, we explore two common types
of equalizers, MMSE and DF equalizers. Figure 6.6 shows the structure of the MMSE equallizer.
It convolves the input signal with the learned coefficient vector ¢ = [co, 1, ..., cpm—1].
The required number of coefficients M depends on the maximum delay 7,ax Of the
impulse response, the symbol rate, and the number of samples per symbol. It can be
estimated by

M =~ [L““‘Nm _‘ . (610)

Tm

Finally, the equalizer’s output is downsampled to the symbol rate.
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[ Frigure 6.7: Structure of the DF equalizer, which consists of a feedforward and a
feedback filter.

The DF equalizer, shown in Fig. 6.7, is more complex. It consists of two filters: a feed-
forward filter with M taps—similar to the MMSE equalizer—and a feedback filter with
My, taps. Symbol decisions feed into the feedback filter, which has two advantages. If
correct, the symbol decisions are noise-free, so no noise enhancement occurs in the
feedback filter. Furthermore, the feedback filter takes input at symbol rate. Hence, it
requires fewer coefficients for large channel delays. We can calculate the number of
coefficients as

(6m)

Tmax — Im
Mg+ My, = My + | ——— | ,

T

where the feedforward typically includes only the samples of the current symbol, i.e.,
M¢ =~ Np,. Inthe GW channels that we described in Section 4.2.2, we observed a maxi-
mum channel delay of roughly 8 ms. With four samples per symbol and a symbol rate
of 1kSs™, we obtain 32 MMSE equalizer coefficients and only 11 DF equalizer coefficients.

Training

Deriving the optimal equalizer coefficients is a two-step process. First, the receiver must
derive the input to the equivalent channel, denoted as b = [bg, b1, ..., b(NT,l)],
where N is the number of symbols in the training sequence. Derivation of the input
signalis simply a mapping from the predefined training sequence symbol to the acquired
steady-state values. In the second step, a linear equation system is solved to obtain the
optimal coefficient vector copt in the sense of minimal least square errors, i.e.,

Copt = argmin||A - c — bl|2. (812)

c



6.3 Communication System

The matrix A and the vector ¢ are compiled differently for the MMSE and DF equalizers.
For MMSE, the i-th row of AMMSE ¢ ¢NT:M jg given by

MMSE s s N
A *( brtiNg —(M—1) OktiNg—(M—2) - bkting )1 (613)

MMSE

and ¢ :[CQ,Cl,‘.‘,CMflk

For the DF equalizer, the APF combines the acquired samples (forward filter) and
past transmitted symbols (feedback filter) in one equation system, yielding

APT = (Af|Ab) . cPF = (™) T, (614)
with i-th rows
f N N N
Ai:( b—(My—1)+iNm  Dk—(My—2)+iNm *  Drying )
(615)
b
A= ( bitmy—1  biynmy—2 o b ) :
Adaption

We discussed that equalizer training is repeated only infrequently to reduce the overhead
from long training sequences. Within the training intervals, the channel may change, and
the estimated equalizer parameters become outdated. Adaptive equalizers continuously
update the parameters during the reception of payload messages. The Least-Mean-
Square (LMS) algorithm is an established technique for coefficient adaption, where the
equalizer estimates its error e after every symbol, and slightly adapts the coefficient
vector c in the direction that reduces the estimated error most.

In contrast to conventional communication, however, a variation of the physical chan-
nel not only causes a change in the optimal impulse response, i.e., the coefficients, but
also changes the steady-state symbols. Incorrect steady-state symbols increase equal-
izer errors because the equivalent channel becomes increasingly nonlinear. Therefore,
we extend the LMS algorithm to modify the steady-state estimation after every received
symbol. We refer to this technique as Constellation Point Adaption (CPA).

The core idea is to split the parameter update into two steps. In the first step, we
assume Yss to be correct and perform the equalizer coefficient update according to
the conventional LMS algorithm. In the second step, we assume that the equalizer
coefficients perfectly represent the channel impulse response and that the equalizer
outputs are distributed around the steady-state symbols with zero means. Therefore,
during the second step, we slightly adapt the estimated steady-state symbol of the
currently detected symbol in the direction of the error.
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\
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Feedback cy,

7 Figure 6.8: schematic of a decision feedback equalizer with error term.

For brevity, we illustrate the error term computation only for a DF equalizer in Fig. 6.8;
the same principle also applies to the MMSE equalizer. For every E[l], the decision device
selects the i-th steady-state symbol y'sis with the closest distance, i.e.,

d[l] = arg min||ys. — B[1]]] . (616)
Yss €EVss

After every detected symbol, the detector updates steady-state estimation to reduce
the error. At the same time, the equalizer coefficients ¢t and ¢, are updated according
to the LMS algorithm.

e < d[l] — b[l]
CréCr+2pc-e bk, ..., k— (My—1)]

(617)
CopCoh—2pc-e-d[l—1,...,1— Mp]

Yss £ Yss — Hz€.

Scaling factors . and p. are required to avoid large parameter fluctuations caused
by noise in the error signal. The choice of the scaling factor is important: If chosen too
small, the adaption is slow and can not track changes fast enough. If chosen too large,
however, the equalizers become unstable.

6.4 Prototype

The prototype we use to evaluate the presented communication system is largely iden-
tical to the one previously presented in Section 5.3.1. This section describes the changes
we made to improve on the shortcomings of the previous prototype.

6.4.1 Analog Demodulator

The previous reader prototype demodulated the incoming signal in software by sampling
transducer voltage and current in the passband and calculating the STFT, which required
high sampling rates and considerable computational power. Moreover, the STFT relied
on certain relations between carrier frequency, sampling frequency, and symbol rate,
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[ Figure 6.9: Principle sketch of the implemented analog demodulator. The operations
were implemented with operational ampilifiers, while the mixing occurs with an
analog switch.

strongly limiting the selectable carrier frequencies (see Section 5.3.1). Therefore, we
implemented an analog demodulator in the prototype.

Analog demodulators usually mix the received signal with a local oscillator with the
same frequency as the carrier. Typically, due to manufacturing tolerances, temperature
differences, and similar effects, the carrier generated at the transmitter deviates slightly
from the local oscillator, leading to CFO. Monostatic backscatter readers, in contrast,
generate the carrier and demodulate the received signal in one device, which enables
us to avoid carrier frequency offsets entirely. Unfortunately, we had to construct a
custom demodulator from operational amplifiers because no suitable off-the-shelf
analog demodulator ICs were commercially available. Available ICs were not specified
for low-frequency ranges, as they are designed for RF applications, working in the range
of hundreds of MHz to several GHz.

Figure 6.9 (left) shows how the demodulator is integrated into the reader, while the
figure on the right sketches its working principle. The core idea is to mix the incoming
signal 4(t) with a square wave (range between +1 and —1), where the square wave is
generated from the same sinusoid that also generates the carrier vg (t). First, to reduce
noise, the voltage vr (t) applied to the transducer, and ig (¢), which is proportional to
the current through the transducer, are filtered with fourth-order Butterworth bandpass
filters with a passband from 200 — 250 kHz. For mixing, we generate a negated copy
of ir (t) (equivalent to multiplication with —1) using an inverting amplifier circuit and
then switch between the original ig (¢) and its negation using an analog switch. The
switch requires a digital input signal, which we derive from vg (t) using a comparator.
Finally, as we are interested both in the in-phase and quadrature components (131 [k] and
BQ [k]) of the received signal, we add a second switch controlled by an 90° phase-shifted
version of the square wave. The phase shift is achieved with an operational ampilifier in
a derivative configuration.

From Section 2.2.2, it is clear that the multiplication with a sinusoid at the same fre-
quency as the carrier recovers the baseband signal. The same applies to multiplication
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with a square wave, which consists of a sinusoid at the carrier frequency and infinitely
many harmonics. These harmonics introduce copies of the baseband signal in higher
frequency bands during mixing. However, these copies are effectively removed by the
lowpass filters in the demodulator. After mixing, we pass the in-phase and quadrature
signals through low-pass filters to remove the high-frequency components that also
occur in the mixing process, yielding b (t) and bg (t), which are then sampled by the
MCU. The | and Q parts are then combined to the signal I;[kz] and processed in software
as described previously in Section 6.3.2.

6.5 Evaluation

This section evaluates the effectiveness and performance of the presented communi-
cation system and directly compares the two equalizer types, MMSE and DF, with each
other. Our evaluation starts by identifying the required number of equalizer taps and
training sequence length. We then explore the influence of the STE and its potential
mitigation. Next, we compare the total achievable data rate with and without the applied
equalization techniques, where we also account for potential gains through channel
coding. We then demonstrate how environmental factors introduce time variance into
the channel and quantify how well adaptive equalization tracks them.

The error vector magnitude (EVM) is an established metric for quantifying the accuracy
of an equalizer and will be used extensively during the following evaluation. The EVM is
defined as the average RMS equalizer error relative to the average distance between
constellation points. In our case, this is

/Ny 3o |[6pa) - aga||?

EVM = TN
VED DRI A

(618)

To foster an intuitive understanding of the metric, we show a constellation diagram with
randomly taken samples for three different EVMs in Fig. 6.10. The figure shows that for an
EVM of 20 %, the samples are still clearly distributed around the constellation points, and
only a few errors may occur, if any. However, many errors occur within one message at
an EVM of 35 %.

6.5.1 Training Sequence and Parameters

We first evaluate the required number of filter taps in the equalizers, which directly
translates to the delay spread in the channel that the equalizer can remove. We saw
no improvement in extending the duration over 9 ms on the tested structure. Figure 6.11
shows the average EVM achieved with different equalizer durations once for a symbol
duration of 0.25ms and once for 0.5 ms. The equalizer errors have been averaged over
50 messages recorded with five samples per symbol. As a reference, we also show the

@
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[ Figure 6.10: lllustration of sample distribution for different EVMs in a 4-QAM constel-
lation diagram.
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[ Figure 6.11: The chosen number of equalizer taps directly translates to the delay
spread it can cover. Both equalizers were trained with a 340-symbol training se-
quence. The duration refers to the length of the equalizer's impulse response.

cumulative energy of the impulse response in the same channel. The 9 ms optimum
equalizer length spans close to 100 % of the impulse response’s energy.

The DF equalizer performed significantly better at shorter symbol duration, reaching a
minimum EVM of roughly 12 %, while the MMSE equalizer achieves only around 15 % EVM.
However, in the longer symbol duration, both equalizer types reach the same minimum
EVM. The much larger number of filter taps in the MMSE equallizer likely causes its poorer
performance in the first case: We calculate the number of coefficients in this scenario
using Eq. (6.10) and Eq. (6.1) with a delay spread of Tyms = 9ms and Ny = 5. When
T = 0.5 ms, the MMSE equalizer requires 90 coefficients, and the DF equalizer requires
only 22. At symbol duration 0.25 ms, the difference becomes more pronounced with 180
vs. 40 coefficients for MMSE and DF, respectively. Both equalizers were trained with the
same 340-symbol training sequence. Hence, the smaller number of coefficients can be
learned more accurately, reducing noise.
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[ Figure 6.12: The DF equalizer requires significantly fewer taps, so a shorter pilot
sequence suffices for equalizer training.

We used the same recorded messages to further investigate the relation between the
training sequence length and equalizer error. In this experiment, we varied the training
sequence length. After training, we again equalized all 50 messages and compared
the average EVM. The results depicted in Fig. 6.12 show that MMSE and DF equalizers
converge roughly towards the same EVM, but the MMSE equalizer requires a longer
training sequence to achieve the same performance. With short symbol durations, this
effect is very pronounced: For Ty, = 0.25 ms, a training sequence of 170 symbols for
the DF equalizer achieves an EVM of 18 %, while the MMSE equalizer requires at least 400
symbols to achieve the same EVM. We can also observe the root cause of the MMSE
equalizer's worse performance in Fig. 6.11: At a training sequence length of 340 symbols,
it did not yet converge.

6.5.2 Symbol Timing Error

When the reader starts sampling the analog signal at a fixed rate, an arbitrary sampling
delay 7 occurs because of the lack of synchronization between reader and tag. When
the training sequence is sampled with a specific delay 7o, the equalizer coefficients
are optimized to remove the ISI at sampling instants with this specific delay. However,
consecutive messages are likely sampled with a different T # 7¢. In this case, the
equalizer coefficients are not optimal for the channel, and the error at the equalizer's
output increases.

We tested three cases to investigate the effect of the STE on our communication
system and the developed synchronization approach.

B No synchronization: The samples are not corrected for symbol timing error. This
case is the baseline with which we compare any mitigation strategy.

B Timing recovery. A square timing error detector was used to estimate the tim-
ing error in the sampled message. An interpolator then reconstructed the ideal
sampling instants.
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[ Figure 6.13: EVM in channel CHs_, 1 for 50 messages with different timing synchro-
nization methods (left). The box shows the EVM range within which 90% of the
equalized messages fall, while the white line shows the median. Timing recovery
reduces variations in output error between messages, although it can not reach the
optimum (hard synchronization). When interpolating after timing error estimation
(right), quadratic interpolation shows a good tradeoff between complexity and
accuracy.

B Hard Synchronization: Reader and tag were connected with a cable, using a trigger
signal to synchronize the sampling clock of the reader with the tag. As a cable
defeats the purpose of wireless communication, we do not intend this method for
real applications. However, it helps to determine the equalizer performance in the
optimal case with perfectly synchronized signals.

Evaluation in a real channel shows that symbol timing errors significantly increase
the equalizer's output error. Figure 613 (left) plots the variability of the EVM over 50
messages with different symbol times. Without symbol timing recovery, some messages
achieve low EVMs (when T & 1), while others show much higher errors, often causing
packet errors. Timing recovery delivers more stable results, where the variability between
messages is significantly reduced, and the average EVMs are very close to the best-
detected EVMs in each run. In comparison, the hard synchronization produced even
better and more consistent results, indicating that either the timing error detection or
the interpolation diverged from the optimal results.

We further investigated four kinds of interpolators, i.e., linear, quadratic, cubic, and ideal
interpolation. Idealinterpolation involves a fast Fourier transformation (FFT), multiplication
in the frequency domain, and an inverse FFT. It is, therefore, very resource-consuming. We
do not consider it a viable solution to run on the prototype, but it serves as a best-case
reference. Differences in overall performance between the different interpolations are
minor, as shown in Fig. 613 (right). As expected, the ideal interpolation performs best on
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I Figure 6.14: The equalized channel's packet error rate (PER) with and without de-
coding. lterative belief propagation decoding was performed with a maximum of
10 iterations. Here, a symbol interval of Ty, = 0.25 ms, and 4-QAM like modulation
was used.

average. A quadratic interpolation scheme is a good tradeoff between computational
complexity and EVM.

6.5.3 Noise and Channel Coding

To estimate the influence of equalization on the communication system, an isolated
view at EVMs is insufficient. Instead, joint consideration of equalizers and channel coding
may offer additional insights. For example, Goldsmith reports that channel coding
can not improve upon the burst errors that appear through error propagation in DF
equalizers [Gol05, p. 364f]. This limitation of DF equalizers raises the question of whether
DF equalizers, in combination with channel coding, may have a worse overall outcome in
terms of PERs despite yielding a slightly better EVM. To answer this question, we recorded
50 messages encoded with the LDPC code introduced in Section 5.4.5 (coderate R =
0.83). We then processed the messages once with a DF and an MMSE equalizer. We
either performed the final symbol decision directly from the equalizer output (no coding)
or after applying a belief propagation decoder with up to 10 iterations. To characterize
the influence of SNR on the outcome, we repeated the experiment with simulated Additive
White Gaussian Noise (AWGN) with increasing standard deviation.

The results in Fig. 6.14 indicate that the decision feedback equalizer still outperforms
the MMSE equallizer in terms of noise sensitivity. Even without coding, the DF equalizer
tolerated 9 dB lower SNR in the one-meter channel and about 3 dB in the two-meter long
channel while producing the same PERs as the MMSE equallizer. Furthermore, channel
coding increased the noise tolerance by further 3 — 45dB in both channels. We also
observe a significant coding gain of 9.5 dB and & dB with the MMSE equalizer, but the DF
equalizer outperforms the MMSE equalizer in all cases.

102



6.5 Evaluation

CHs CHs_,
— 10{{lns =2 No e‘qg?gzoﬁon
S sl{ins=4 0.4 54 o) .
% 6*“5:8 - é/g/’
2 @0 W .
E g4l .
B
o} 21
a

0— .

L L L L
1,000 2,000 3,000 4,000
Symbol Rate [bps]

[ Figure 6.15: Achievable error-free throughput with the different configurations. The
data rates show the net throughput of information bits, not considering the redun-
dant bits used for channel coding.

6.5.4 Achievable Data Rates

In the previous sections, we compared the performance of MMSE and DF equalizers
and explored timing recovery. We now ask what benefit equalizers provide in terms
of the achievable data rate of the complete communication system, i.e., data rates
that support error-free communication in our experiments. In total, we recorded 100
messages for symbol durations T, € {0.25ms, 0.5ms, 0.75ms, 1 ms, 2ms}, and for
number of symbols S = {2, 4, 8}, i.e., binary, 4-QAM, and 8-QAM-like modulation.

The results show that without equalization, the highest achievable data rate is less
than 2kbits™ in the one-meter channel CHs_,2, and higher-order modulation with
eight constellation points can not be achieved at all even with a long symbol duration
Tm = 2ms. The MMSE equalizer triples the achievable data rate, and the DF equalizer
even reaches more than five times the data rate in this channel, establishing error-
free communication with eight constellation points per symbol at 4000 symbols per
second (T = 0.25 ms). We achieved slightly lower data rates in the longer channels
but could also observe significant speedups through equalization. In the two-meter
channel CH3z_, 1, the maximum achieved data rate was 6.6 kbit s with a DF equalizer
and only 830 bits™ without equalization, as shown in Figure 6.15. We corrected the STE in
all configurations and used channel coding with an LDPC code.

6.5.5 Timing Imperfections

The previous section demonstrated that equalization using the equivalent channel
enables higher data rates in the GW channel. However, experiments in a real-world
scenario—especially with custom hardware—introduce numerous imperfections that
may degrade the overall performance of the communication system. We test our
receiver in an idealized simulated case to put the achieved rates into perspective.
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When comparing the achieved data rates with the Shannon capacity limit, we find
that a more than six-times speedup is theoretically possible in channel CH3z_,>. We
computed the capacity limit using the acquired impulse response and the water-filling
power allocation, yielding a maximum data rate of 66 kbits™ in channel CH3_, 2. Several
causes come to mind to explain this shortcoming. The following effects may negatively
impact the error rate of the real-world system.

B Non-linear channel The presented channel model proved the equivalent channel's
linearity, neglecting tag rescattering. However, rescattering might have tangible
effects, in which case the channel linearity assumption is violated. Furthermore,
the receiver hardware, i.e., filters and amplifiers, may also add nonlinearity to the
channel.

B Short Codes: It is well known that approaching the channel capacity requires long
channel codes. We only use relatively short codes, as the low data rates in the
acoustic channel make very long messages impractical.

B Clock Timing: Sampling frequency offset between reader and tag distorts the
signal nonlinearly, which the applied square timing error detector and interpolator
can not correct.

To estimate the maximum possible performance without distortions from the hardware
or the timing, we measured the channel impulse responses and simulated ideally linear
received signals. The simulation convolves the transmitted signal with the acquired
channel impulse responses. We then added noise to the received signals with a distribu-
tion similar to the recorded messages, i.e. gaussian noise passed through filters with a
characteristic like the receiver hardware. This artificial generation guarantees that no
non-linearities exist in the simulated signal.

Furthermore, we incorporated a random timing error into the simulation, i.e., the
whole signal is resampled with a slightly different start time to mimic an unsynchronized
reader and tag. The random offsets stem from a uniform distribution between zero and
N Lastly, we added an SFO, i.e., resampled the simulated signal with a slightly faster
sampling rate.

Figure 6.16 shows the median EVM in the equalized signals under various conditions.
Under ideal conditions, the EVM is only 58 % lower than in the real channel CHs_, 2, and
74 % lower in CH3z_,1. However, as soon as the timing error is randomized, the EVM
rises significantly despite the timing error correction in the receiver. Adding SFO to the
simulation further degrades the received signal. However, the effects of SFO are much
more intense in CHz _, 1.

To put the simulated results in perspective, we also measured the clock difference
between the MCUs on the reader and the tag, which was about 3.5 - 10~*. With a similar
SFO, the simulation yields very similar EVMs to the real transmissions. This indicates that
the main contribution to the error is, in fact, the timing between the reader and the tags
MCU.
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[ Figure 6.16: Comparison of the EVM in the observed channels (real), a perfectly
linear simulated channel (ideal) with and without sample frequency offsets (SFO),
and a random timing error (STE).

6.5.6 Time-Variant Channels

This section characterizes the time-variability of the equivalent linear channel and
explores the effectiveness of the adaptive equalization technique, including the CPA
technique introduced in Section 6.3.3.

Static Evaluation

We first investigate adaption in a time-invariant channel, in which we assume that
the channel parameters are not chosen optimally but do not change considerably
throughout the experiment. In a real channel, we cannot change channel parameters in
a controlled way. Instead, we deliberately add an error to the estimated steady-state
values and the optimal equalizer coefficients and evaluate if the introduced adaption
technique can remove the error successfully. We used a recording of 100 sequential
messages in a time-invariant channel, in which we acquired the optimal steady-state
values in a channel estimation step. We then distinguish three different scenarios:

1. Ideal steady-state estimation: The equalizer knows the correct steady-state values
during training and message reception.

N

. Steady-state change after training: The equalizer performed training using the cor-
rect steady-state values, but steady-state values changed after training, rendering
the equalizer coefficients incorrect.

3. Flawed channel estimation: The steady-state values have been incorrectly es-
timated from the training sequence. Therefore, the equalizer has trained on a
non-linear channel, yielding sub-optimal results.

In the latter two scenarios, we mimic a variation in the channel or an inaccurate channel
estimation by adding an offset to the correct steady-state values, which the equalizer
uses during training and reception.
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o Figure 6.17: Error with and without constellation point adaption (CPA) in different
scenarios.

Figure 6.17 displays the EVM over time in the three scenarios. In the ideal scenario, CPA
produces roughly the same average error as conventional LMS. However, the total EVM
and the variation of the EVM between messages are slightly larger. This is expected, as the
error used for adaption stems from noisy signals and also causes detrimental feedback.
In the time-variant scenario, where the equalizer trains with the correct constellation
points, the EVM is large initially because the trained equalizer coefficients no longer fit
the actual channel. Both LMS and CPA can improve this error, but CPA strongly reduces
the EVM from initially 40 % to less than 13 %, close to the ideal values at 10 %. At the same
time, without CPA, the LMS algorithm can adapt the channel parameters to reduce the
error from 42% to only 21%. However, it can not fully adapt because the steady state
constellation points are wrong, and the equalized channel is nonlinear.

Finally, in the last scenario, where the equalizer has already trained using an inaccurate
estimate of the steady-state values, both LMS alone and LMS with CPA can slightly
improve EVM. However, the CPA algorithm does so much quicker within the first few
messages. However, none of the techniques achieves a similarly low error level as the
ideal case, i.e., the adaption can not fully converge to the optimal coefficients and
steady-state values. Hence, the results indicate that correct steady-state estimation
from the training sequence is crucial for good equalization performance. However, CPA
can be used to track time-variant constellation points. However, CPA will slightly degrade
the EVM when there is little variation in the channel. This effect is already known from
LMS adaption, which also enhances noise during equalization.

Real-World Evaluation

In a second experiment, we apply CPA in two real-world scenarios, showing how sensitive
the metal channel is toward small environmental changes. In the first scenario, temper-
ature variations in the metal cause the channel to change, while in the second scenario,
we expose the specimen to external forces. We first performed channel estimation with
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[ Figure 6.18: The setup for the dynamic channel experiments, with all used hardware.

equalizer training in both scenarios and then continuously transmitted messages over a
1-meter channel for several minutes. We then evaluated the same recorded samples
without adaption, with LMS adaption only, and with LMS and CPA. Figure 6.18 depicts the
setup with all equipment used for this experiment.

Figure 6.9 (left) shows the average EVM per message over time, while we heated the
metal bar with a hot air gun from initially 24 °C to up to 58 °C, measuring at a point in the
middle between reader and tag. In outdoor environments, such temperature spans are
feasible, e.g., when considering a bridge that heats up in the sun during the day and
cools down overnight. However, in most realistic scenarios, we expect to observe more
gradual temperature changes throughout the day.

Without adaption, the EVM quickly rises as we heat the metal. After about 35s, the
equalizer output is so distorted that subsequent correlation fails to detect a message. LMS
improves the EVM and enables continuous reception during the entire experiment. Finally,
with CPA, all messages were also successfully received, and the EVM was significantly
lower than with only LMS during the whole experiment. We observed improvement,
especially during the fast heat-up and early cool-down phases, where the channel
changes much more rapidly than in the later cool-down phase.

We performed the same experiment in the second scenario, shown in Fig. 619 (right).
However, instead of heating the metal bar, we applied mechanical forces. Forces in-
cluded clamping the metal locally, putting a 5 kg weight on the metal bar, and stepping
on it with body weight (= 80 kg) during message transmissions, causing it to bend and
change geometry noticeably. In contrast to the first scenario, the channel changes
much quicker. Without adaption, the EVM rises to over three times the initial EVM during
transmission, causing high bit error rates. The LMS and CPA algorithms significantly re-
duced the EVM in response to the changed boundary conditions. Bit errors only occurred
in a few messages directly after the change, before the equalizer could adapt. In this
scenario, CPA did not add additional improvement over the conventional LMS algorithm,
which indicates that the steady-state values do not change significantly in response to
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[ Figure 6.19: With static equalizer coefficients, the EVM rises strongly upon temperature
variations in the material. Adaptive equalization using LMS and CPA can reduce the
EVM and mitigate communication failure due to channel variation. In the right plot,
LMS and LMS+CPA achieve nearly identical outcome.

the mechanical forces.

6.6 Summary and Discussion

This chapter thoroughly analyzed the transient behavior of the GW backscatter channel
and identified the combination of an unpredictable reflection coefficient and reader self-
interference as the cause of nonlinearity. We derived an equivalent linear channel that
only required knowledge of the steady-state values for each selected load impedance
at the tag, which is easy to acquire in a training sequence. Based on the linearized
channel model, we implemented two equalizer types, the linear MMSE and the nonlinear
DF equalizer, and tested them on real channels. The results have shown that equalization
with the linearized channel can significantly speed up communication rates to up to
10kbits™ compared to only 2kbits™ in the same channel without equalization. The DF
equalizer has proven to be better suited between the two equalizer types, yielding lower
error rates and requiring significantly shorter training sequences to achieve similar
performance. However, for both equalizers, sample timing offset between messages
played a significant role, and detection and interpolation were mandatory to achieve
robust decoding. We also identified the SFO and STE due to unsynchronized devices to
contribute most to errors at the equalizer output. Therefore, we will look into further clock
synchronization methods in Chapter 7.

Requiring steady-state values complicated the implementation of adaptive equaliza-
tion, as these steady state values must be tracked over time together with the equalizer
coefficients. We proposed and implemented a suitable tracking technique and applied
it to static errors of the channel estimation and dynamic cases with a time-variant chan-
nel. The evaluation demonstrated that environmental influences, such as temperature,
stress, and strain, significantly influence the channel parameters. While conventional
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LMS adaption successfully mitigated these effects, the proposed constellation point
adaptation achieved lower equalizer output errors and, therefore, more robust adapta-
tion. However, the experiments were under controlled laboratory conditions and might
not fully replicate realistic conditions, which could also include structural vibrations.
Follow-up research on real structures under different environmental influences must be
conducted to clarify the practicability of the adaption technique.

This chapter also described refinements of the presented experimentation hardware
that enabled the more fine-grained choice of the carrier frequency and a reduction of
required sampling rates through the implementation of an analog demodulator. For this
evaluation, most parts of the software-defined receiver were not yetimplemented on the
microcontroller but processed on a desktop computer. Among the receiver steps, the
equalizer training is the most critical part, which requires significant computational power
and memory. To verify the approach’s feasibility, a master’s student implemented the
MMSE and DF equalizers on the reader MCU [Zor22]. The results from the implementation
also highlight the advantages of the DF equalizer with its fewer weights that must be
learned. Using the DF equalizer, the same training as in the presented offline receiver
took about 26 ms on the MCU, and processing the samples during message reception
on the MCU was fast enough to support a data rate of more than 200 thousand symbols
per second with a 4-QAM like modulation and five samples per symbol. In comparison,
under the same circumstances, the MMSE equallizer required over 220 ms for training
and enabled only a maximum symbol rate of 130 thousand symbols per second. In both
cases, the MCUs resources are more than enough to support equalization in a real-time
system on an embedded device.






Chapter

Wirelessly-Powered Sensor Nodes

7.1 Overview

The prototypes presented in the previous chapters relied on external power supply, e.g.,
with batteries or cable-bound. While backscatter communication alone is worthwhile
to extend the lifetime of battery-powered devices, its full potential is only tapped when
the nodes are batteryless. In applications in civil infrastructure with multi-decade life-
times and sensors in hard-to-reach and potentially inaccessible places, regular battery
replacement is uneconomical. Like RFID, reusing the carrier wave for wireless power
transfer is a promising approach to release these tags from the shackles of limited
energy storage. However, the literature on acoustic through-metal power transfer in GW
channels is unsatisfying. Often, the researchers only inspect a single channel on a smalll
specimen and tune their setup to work optimally in this specific configuration. More-
over, many leverage high-power and high-cost laboratory equipment and neglect the
practical constraints of cheap and ultra-low-power hardware required for economically
attractive monitoring solutions.

In general, while SWP channels are well predictable and enable highly efficient power
transfer, GW channels are poorly understood and often only provide low power-transfer
efficiencies—particularly over several-meter distances. Hence, the operator of such a
system must expect to invest large amounts of power at the transmitter for every unit of
consumed power at the tag. Therefore, ultra-low-power demanding tags are beneficial
for supporting the efficient operation of such sensor networks.

7.1.1 Problem Analysis

In principle, harvesting and communication techniques for wireless power transfer and
backscatter communication are well-known. However, using guided acoustic rather
than electromagnetic waves poses an essential implication for impedance matching,
which plays a central role in any energy harvesting system. As presented in Section 4.2.2,
atransducer’s output impedance in a GW channel is strongly coupled with the structure’s
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acoustic impedance and unpredictable before deployment. Hence, manually designing
an impedance-matching circuit suited for the harvester and source—a requirement to
achieve efficient energy transmission—is not viable in GW channels.

Moreover, using the same transducer for harvesting and backscattering introduces
mutual dependencies between the two functions. For example, the modulator short
circuits the transducer’s terminals during backscattering, prohibiting energy extraction
from the transducer during this time. Similarly, a well-matched harvester prohibits the
modulator from applying a large impedance at the transducer’s terminals. While this
problem also occurs in RFID systems, it is much more severe for GW channels, which have
orders of magnitude longer symbol durations, during which harvesting and modulation
impair each other.

Lastly, the requirement for ultra-low-power tag devices severely impacts the quality
of backscatter signals. Inaccurate and unstable frequencies of low-power oscillators
contribute to this signal degradation. We have shown in Section 6.5.5 that even small
CFOs in more performant devices strongly inhibit correct decoding, which is much more
severe with low-power oscillators. This chapter also investigates the limitations and
potential remedies for these effects.

7.1.2 General Approach

This chapter makes a first step towards closing the gap between the vision and the
practical applicability of wirelessly powered backscattering sensor nodes. Therefore,
we analyze power transfer and energy-harvesting techniques in the GW channel. We
validate the analysis by prototyping a fully batteryless sensor node. To our knowledge,
this work is the first to construct and evaluate a wirelessly powered prototype leveraging
simultaneous backscatter communication in GW channels.

In particular, we tackle the challenges by integrating a state-of-the-art energy har-
vester IC that performs MPPT to partially match the harvester’s input impedance to the
transducer. The interdependency between harvesting and modulation is analyzed, and
a mitigation strategy, i.e., dynamically decoupling the harvester during transmission,
is evaluated. Finally, we employ digital phase-locked loops from the software-defined
radio field to track frequency and sample timing offsets introduced by the unstable and
inaccurate oscillators on the tag device.

As this chapter focuses mainly on wireless power transfer, we implemented the bat-
teryless tag not with the higher-order modulation presented in Chapter 5. This technique
requires a complex setup protocol and shared state between reader and tag. Instead,
we used the more commmon binary switch between open and closed circuits, which is
well-known in RFID and underwater backscatter. Hence, integrating our promising new
approach to higher-order modulation into a low-power tag is still an open topic for
future research. Instead, we employ a modulation where the tag mixes the carrier with
an intermediate frequency signal and uses PSK on this intermediate carrier.
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[ Figure 7.1: The general architecture of the presented system. The backscatter
modulator and the energy harvester work on the same piezoelectric transducer.

7.1.3 Structure

Section 7.2 first proposes a low-power tag architecture with an integrated energy har-
vester IC and modulator circuit and describes the duty cycle of the tag. We then focus
on the backscatter communication scheme in Section 7.3, describing how we imple-
ment intermediate carrier generation and demodulation. Finally, Section 7.3.3 analyzes
the timing errors introduced by the oscillators and investigates the software-defined
techniques for time- and frequency synchronization.

Section 7.4 first explores the potential for energy transmission and harvesting in GW
channels and the maximum power point for the piezoelectric discs. This is followed by a
detailed evaluation of the harvester's efficiency and characteristics. We then quantify the
instability and inaccuracy of the low-power oscillators in the selected microcontroller and
investigate the power consumption of the MCU. Section 7.4.4 examines the implemented
backscatter scheme and achievable data rates and the influence of the SFO mitigation
techniques. Finally, Section 7.4.5 peeks into the potential of transmitting power through
more realistic large structures.

7.2 Wireless Power Transfer

This section first describes the design of our hardware prototype and explains critical
design decisions. Figure 7.1 skteches the system architecture. The addition of wireless
power transfer to the prototype does not require modification of the reader compared
to the previous chapters. The reader generates a singe-frequency carrier signal for
energy transmission. However, the tag also includes a harvesting unit that extracts the
energy from the received signal at the transducer. In parallel, the modulator is attached
to the same transducer, which controls the load impedance and, hence, the reflection
coefficient. In the following sections, we first focus on the energy harvesting unit and
then explain the backscatter modulator in more detail.
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1 Figure 7.2: The harvesting circuit connected to the piezoelectric transducer.

7.2.1 Harvester Design

The energy harvesting circuit collects energy from the tag's transducer and provides
a regulated supply voltage suitable to run the MCU. Our goal in this chapter is to test
the limitations of WPT in metal channels, requiring a flexible harvester that functions in a
broad range of scenarios. That poses three challenges, namely

1. the voltage on the receiving transducer may be smaller than the required supply
voltage for the MCU and potential sensors, and

2. the maximum power that is available for extraction at the transducer may be
insufficient to power the MCU continuously, and

3. the transducer’s output impedance may vary strongly between frequencies and
channels, demanding a harvester that works efficiently in a broad range of output
impedances.

The first challenge can be overcome by raising the input voltage to a higher level with a
voltage booster circuit, the second requires buffering energy in a storage capacitor and
duty-cycle the MCU, and the third requires a load adaption mechanism, e.g., MPPT.

Generic PMUs are commercially available and pose a flexible solution integrating
some or all of the required features, i.e., voltage boosting and regulation, duty-cycling
support, and MPPT. As sketched in Fig. 7.2, we decided to use the ADP5091 from Analog
Devices [Dev23], which supports all of the required features. Its inbuilt boost regulator,
which works with input voltages down to 80 mV, distinguishes it from alternative ICs.
However, in cold start, i.e., when the harvester is entirely out of energy, a minimum
threshold voltage of 300mV is required to start the boost regulator.

We first amplify and rectify the AC voltage from the transducer with a voltage quadru-
pler circuit, increasing the range of input voltages in which the cold start threshold is
fulfilled. The rectified voltage charges a 10 uF input capacitor Cj,. To support duty cy-
cling, the PMU charges a storage capacitor Csg, and has a digital output pin (PGOOD),
which switches on once the charge voltage surpasses a configurable threshold Vin4
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and turns off once it falls below a lower threshold Vi —. In our prototype PGOOD enables
a low-power LDO regulator that provides the regulated supply voltage for the MCU.

Figure 7.3 sketches the charging and duty-cycling process. If the source can provide
more power than the MCU consumes, the MCU can run continuously while the carrier
is active. Otherwise, the MCU runs in a duty-cycled mode. The choice of C; and the
threshold voltages depends on the energy requirements of the application. Ideally, the
charged capacitor stores enough energy to power the MCU through a full task cycle,
e.g., sensing and transmitting the result. However, storing more energy increases the
tag's response time, i.e., the time it takes until the tag is charged and can respond with
a sensor reading. The available energy in the capacitor Es¢ can be computed as

1
By = 50 - (Viny = Vi) (7)

while the consumed energy Eycy is
Eyvcu = Vucu - Tvcu - At (7.2)

with supply voltage Varcu and average current Iycu over a period At. Inthe presented
prototype, we set Csy = 200 pF, Viny = 5V, and Vi, = 2V. Assuming no other
losses, the buffered energy supports an output power of 21mW for one second, which is
sufficient for most sensing tasks.

The PMU implements an MPPT controller, realized by only transfering energy from the
input capacitor to the storage capacitor when Vj,, exceeds the configurable MPPT thresh-
old. The threshold is set relative to the open-circuit voltage, i.e., the input voltage that
emerges if no current is extracted. The PMU implements this by stopping harvesting and
sampling the open-circuit voltage every 16 s. The optimal MPPT threshold varies between
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different harvesting sources; we investigate the optimal choice for piezoelectric trans-
ducers in Section 7.4.1. We want to stress, however, that the MPPT circuit is not equivalent
to impedance matching, as the transducer has a complex-valued internal impedance.
Maximum power transfer between the transducer and load is achieved when the load
impedance is the complex conjugate of the transducer’s output impedance. MPPT can
only match the resistance of the load, which is suboptimal. Unfortunately, no viable
option exists to dynamically adapt the reactive load of the harvester in the required
range of impedances.

Low-Power MCU

In addition to maximizing the harvested power, minimizing the tag's power consumption
reduces charging times and required capacitor sizes. Since backscatter modulation—the
switching of the transistors—does not require significant power, the MCU is the dominant
contributor to total power consumption. For CMOS technology, the dynamic power Payn
that an MCU consumes scales quadratically with the supply voltage Vpp, and linearly
with the MCU’s clock frequency fmeu [Ng+22],1.e.,

Payn o< fmou - VSD . (7.3)

Therefore, we select a dedicated low-power MCU (STM32L073RZ) and leverage all its
power-saving features. This includes reducing the supply voltage to 1.8V, saving nearly
70 % of power consumption compared to 3.3 V. Furthermore, choosing the internal low-
power oscillator and scaling the clock frequency to the minimum requirement is advan-
tageous. As a downside, the on-chip low-power oscillators are unstable and inaccurate,
introducing a SFO that must be detected and compensated at the receiver, which we
explain in detail in Section 7.3.3.

7.3 Backscatter Communication

This section describes the backscatter communication scheme, which adopts a dif-
ferent modulation scheme than the previous chapters, as motivated in Section 7.1.2.
We first describe the general principle of the modulation scheme and then explain the
modifications necessary in the receiver hardware. We then explain the details of the
software-defined receiver used to mitigate the inaccurate oscillator at the tag.

7.3.1 Modulation Scheme

The modulation scheme relies on only two states: short-circuiting the transducer, gen-
erating a reflection coefficient of I'y = —1, or the impedance at the transducer ap-
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proaches infinity,i.e., I'y = 1. The tag switches between both states with an intermediate
frequency fi, generating a square wave reflection coefficient

oo

Z sin ((2k — 1w;t + ¢(t))

1 (7.4)

T'(t) = sq(wit + ¢(t))

=|\»>

where w; = 27 f;, and ¢(t) is the phase of the square wave. The last equation stems
from the well-known spectrum of a square wave, which has infinitely many frequency
components at odd multiples of its base frequency. The tag modulates ¢(t) to imple-
ment phase shift keying.

Mixing with the intermediate frequency enables the reader to remove the self-interfe-
rence at f. from the received signal because f. is not included in the passband spec-
trum. To illustrate that, we write the backscattered signal in the passband s(t) as

s(t) = ag sin (wet + ¢¢) - T(2)

2, > [cos ([wc — (2k — Dwi]t + ¢po — ¢(t))
= JZ 2k — 1

s

k=1 (7.5)

cos ([we + (2k = Dwilt + e + 6(1))
2k —1

where ag is the amplitude of the carrier signal at the tag. From Eq. (7.5) and the visu-
alization in Fig. 7.4, we observe that the backscattered signal is shifted away from the
carrier by odd multiples of w;. The intermediate frequency must be chosen appropri-
ately to support the correct reception of the transmitted signal. First, f; must be larger
than half the bandwidth of the phase signal ¢(t), because otherwise, the spectra of
the passband signal overlap with f., and adjacent copies of the transmission signal
overlap in the passband. However, f; can not be too large because f. + fi must still be
within the transducer’s limited bandwidth. Furthermore, generating larger intermediate
frequencies becomes more demanding for the resource-constrained tag. We chose
fi = 8kHz as a reasonable tradeoff with transducer bandwidth between 200 - 250 kHz
and anticipated symbol rantes below 4000 symbols per second.

Modulation and Decoupling

The tag realizes binary load modulation with two NMOS transistors in a differential con-
figuration, as shown in Fig. 7.5. The differential configuration is required because the
transducer generates a sinusoidal voltage, and a single transistor can not isolate cur-
rents on positive and negative drain-source voltages. In the differential configuration, at
least one transistor isolates the transducer terminals at any drain-source voltage when
the gate is pulled to ground. We selected transistors with a low gate-source thresh-
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[ Figure 7.5: The modulator circuit at the tag, and the decoupling switch to detach
the harvester during message transmission.

old voltage to ensure that the low-power microcontroller can switch the transistors
completely on with its limited 1.8 V supply voltage.

A potential distortion of the backscattered signal arises because the harvester is
connected in parallel with the modulator. Hence, when the transistors are switched
off, the load at the transducer is dominated by the harvester's input impedance. In
the best case (for harvesting), this input impedance matches the transducer’s output
impedance through MPPT, resulting in total signal energy absorption, i.e., I' = 0. In
reality, the effective harvester impedance varies over time, e.g., the MPPT threshold
slowly changes and the harvester switches off when fully charged, which affects the
backscattered signal. To evaluate if the coupling considerably distorts the backscattered
signal, we added an analog switch to decouple the harvester from the transducer during

message transmission.
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7.3.2 Analog Receiver

The analog frontend in this prototype is similar to the reader circuit presented in Chapter 6
(see Fig. 7.6). It buffers and filters the received current through the transducer with a
fourth-order filter with passband from 200 - 250 kHz. Then, a demodulator mixes it with
the carrier frequency f.. As the passband in this prototype is not overlapping with
the carrier frequency, the demodulator only has a single branch instead of individual
I and Q branches. Furthermore, the filter with impulse response hyp, (t) following the
mixer is a fourth-order bandpass between 4 — 12 kHz instead of a lowpass filter. This filter
completely removes the self-interference at f.. The remaining signal is amplified and
sampled by the microcontroller. Using Eq. (7.5), we can write the signal output signal of
the analog frontend, s’ (t), as

s/(t) = [s(t) * hu] - sq(wet) * hup(t)
(76)

Q

290 Gin(de) - sin(wit + 6(£)) % b
T

where hZ,, is the uplink channel impulse response shifted to the intermediate band.

Demodulation with an intermediate frequency, also referred to as heterodyne demod-
ulation, has two advantages over the direct conversion receiver used in Section 6.4.1.
First, only one demodulator branch is required, as the relevant phase information is
encoded in the intermediate frequency instead of the carrier. The | and Q components
are extracted later in software, where digital filters make it much easier to achieve |
and Q filter branches with identical impulse responses. Second, after removing the
self-interference, the isolated backscattered signal can be ampilified before sampling,
avoiding possible ampilifier saturation due to strong self-interference.
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7.3.3 Software-Defined Receiver

After sampling, the backscattered signal is again bandpass-filtered digitally to reduce
the sampling noise. We implement a second-order Butterworth bandpass filter and
adapt the passband dynamically to the symbol rate, i. e., the filter's passband is between
fi —1/(2Tw) and f; + 1/(2Tw ). The transformation into baseband can be done very
efficiently when the sampling rate is four times f; as

bili] = (=1)" T (20 - T) = (—1)" TS (;i) (7.7)
bolil = (=1)'s" (26 + 1) - Tw) = (=1)"s’ (%ﬂ) . (7.8)

Finally, we further downsample the signal to a desired multiple of the symbol rate Ny,
yielding the final baseband signal.

Because signal generation and reception are based on different physical clocks,
visualized in Fig. 7.7, two types of timing errors arise in the baseband signal. A constant
phase offset (PO) occurs because the sampling clock and the intermediate carrier
run out of phase. Furthermore, both run at slightly different frequencies, causing an
SFO. The SFO causes the received signal to rotate over time, which looks similar to a
carrier frequency offset. Furthermore, the symbol timing changes throughout the signal
due to the SFO. Lastly, this SFO may vary over time because the oscillators used in
ultra-low-power devices are unstable.

This clock setup differs from traditional wireless communication, where the carrier is
typically in a much higher frequency range and is generated by a separate oscillator.
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Therefore, the carrier frequency and sample timing offsets are typically independent
and must be estimated separately. In our setup, all timing errors are caused by the
same clock mismatch, i.e., the mismatch between the main oscillators at the reader
and tag. We can, hence, estimate the clock mismatch jointly.

We apply standard techniques from software-defined radio receivers, using DPLLs to
track and correct the SFO. The reception process consists of the three stages shown
in Fig. 7.8. First, in the signal detection stage, the receiver detects the presence of a
signal with a signal power threshold. Once the signal power exceeds the threshold, the
receiver performs a rough SFO and signal amplitude estimation. The SFO estimate fcpo
is essential because subsequent frame synchronization fails when the SFO is large. At
the same time, the signal is scaled to unity power for each message, as the optimal
gains and parameters for DPLLs in subsequent stages depend on signal amplitude a.
We oversample the signal with a multiple Ny, of the symbol rate to support timing error
detection and compensation.

In the second stage, the receiver corrects the incoming samples by phase-shifting and
scaling them with the estimated phase offset and amplitude. It then searches for the
start of a frame by cross-correlating it with the preamble. Once a peak in the correlation
exceeds a fixed threshold, the start of the message is detected. In the following steps, the
DPLLs track the phase and timing errors throughout the message. The detected preamble
is also used to refine the estimate of the initial SFO and STE « for DPLL initialization. Second,
we also use the preambile to train the equalizer. As the preamble is used for parameter
estimation and equalizer training, its length is crucial. A longer preamble increases the
accuracy of the estimated parameters and equalizer weights but also adds overhead
and keeps the tag active without transmitting any payload.
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In the last stage, the payload symbols are decoded. At the input of the stage, the
signal is scaled and phase-shifted to compensate for SFO and Phase Offset (PO). Then
an interpolator corrects the STE. The samples are subsequently equalized with a decision
feedback equalizer to remove ISI. Finally, a symbol decision is performed. After each
symbol, the timing and phase error DPLLs are updated.

The DPLLs consist of an error detector and a loop filter. The exact phase error of the
k-th symbol §; is

81 = Z(br) = £(ur) , (7.9)

with equalized symbol b; and symbol decision 7h;. To avoid computing the phase angle
explicitly—which is computationally expensive—we approximate the phase error by

8 ~ Im{b, - ]} . (710)

With the PSK constellation points on the unit circle (|5,, | ~ 1) and assuming small phase
errors, the approximation is valid as

Im{b; -0} = ‘5, ] sin(£(b) — Z(m)) & £(by) — L) . 7

The loop filter for the phase DPLL is an integrator with a filter gain g,. After every symbol,
the estimate of the total phase error ﬁ&l is updated as

=1 +3p 00 (712)

Analogously, the error for the sample timing error DPLL is computed using a derivative
timing error detector. The timing error for the [-th symbol, ef, is approximated as

dbr s X , -
ef = Re d—: ~by, p x Re{(br+1 — br—1) - b, }. (713)

The loop filter is again an integrator with filter gain g¢, such that the update of the
interpolator input 3; is computed as

Bi=PBi—1+gt €. (714)

7.4 Evaluation

In the following evaluation, we will first focus on wireless energy transfer. Then, we char-
acterize the properties, e.g., the clock stability and power consumption in our prototypes.
A detailed investigation of the backscatter communication performance and the gains
of SFO tracking will also be given. Lastly, we explore longer distances and conditions
found in real-world scenarios.
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7.4.1 Wireless Energy Transfer

This section first analyzes the potential for acoustic energy transfer through GW channels
over several meters. Afterward, we measure the efficiency that our harvester achieves.

Harvesting Potential

The maximum power point for piezoelectric transducers is essential to configure the
MPPT threshold to maximize extracted power from the source. Piezoelectric sources
are typically modeled as voltage sources with a nonzero internal series impedance.
In that case, the maximum power point is established when the load matches the
source’s internal resistance. We validated this assumption by measuring voltages and
currents over the piezoelectric source with different load resistances and repeated the
experiment with various carrier frequencies. The results and experiment setup are shown
in Fig. 7.9 (a), yielding two conclusions. First, the relationship between current and voltage
is approximately linear, indicating that maximum power point occurs when the MPPT
threshold is half the open-circuit voltage. This result confirms observations from [TMO22]
and [STM20]. Second, the absolute value of the maximum power point varies enormously
with the chosen carrier frequency, which emphasizes the requirement for a dynamic
MPPT mechanism compared to a fixed threshold voltage.

Next, we ask how much AC power we can expect to extract at the sensor node at a
certain distance. The selected carrier frequency strongly influences this power level,
i.e., frequencies that resonate in the structure enable more efficient power transfer. In
Fig. 7.9 (c), we show the maximum harvestable powers with optimal resistive matching
in a frequency band from 200 — 250 kHz in channel CH4—, 1. The measurements show
that resonant frequencies produce narrow spikes with more than 8.6 times the average
harvestable power over all frequencies. At 3m, the best frequencies provided an output
power of 4mW (6 dBm). At that frequency, the reader has generated an input power of
141mW (21dBm), leading to a transfer efficiency of 2.8% (-15dB).

Repeating the measurement for multiple channels with varying distances shows no
clear trend. The maximum power over a Im channel is about 10 MW (10dBm) with
roughly 8.3 % transfer efficiency (-11dB). The 2m channel shows almost identical power
levels to the 3m channel. However, the optimal frequencies varied strongly between
channels. These results indicate that within distances of a few meters, the distance is
not the dominant factor determining transfer efficiency. Strong frequency dependency
suggests that positive interference patterns are essential. These are influenced by
structure geometry and the exact placement of the transducers, which are generally
unknown during system design.

Harvester Performance

The previous section investigated the maximum extractable AC power at the transducer.
However, the harvester converts AC into DC power to supply microcontrollers and sensors.
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[ Figure 7.9: The maximum power point (a) is achieved at half the open circuit voltage,
measured with (b) the experiment setup. Wirelessly transmitted power (c) is highly
frequency dependent, and (d) the distance between transmitter and receiver is not
dominant.

In this section, we inspect the harvester’s efficiency. Multiple factors may degrade the
harvester's performance. First, the MPPT tracker of the PMU may mismatch the input
impedance of the harvester, not extracting the maximum available power from the
source. Second, the harvester’s self-consumption reduces the energy available to the
application. Self-consumption includes power consumed to boost the input voltage in
the PMU and leakage currents from the storage and input capacitors.

We define the harvester efficiency as the power charging the storage capacitor divided
by the power that is theoretically available at the source. We evaluate the input power by
applying a sine generator with variable series resistance R on the harvester inputs (see.
Fig. 7.10 (a)). Measuring the current Iy, through, and voltage drop V4, over the harvester,
we determine the power uptake. Furthermore, the maximum available power to the
harvester P ax is, according to the maximum power transfer theorem,

2 2
Pmax _ KH,EH _ Vvin
h -

= , (718)
4- R, 8- Ry

where the sinusoidal source generates the voltage Vi, with effective (RMS) voltage
Vin,efr. Finally, we approximate the harvested power Py, from the storage capacitor
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voltage

AE e (VA +AD - VA(D)
—_— = , (718)
At 2. At

where AE is the change of stored energy over a short period At. During this mea-

P, =

surement, we disconnected the MCU from the harvester so that all consumed power is
harvester self-consumption.

Figure 7.10 (b) shows the storage capacitor voltage over time for different source resis-
tances and input voltages, with a sinusoidal carrier active for 100s. The three displayed
curves were recorded with different source power levels, realized by varying Rs and Vjy,.
The time required to charge the storage capacitor up to the maximum voltage varies with
source power, and if the power is insufficient, the storage voltage never reaches its ter-
minal voltage but plateaus at a level where the harvested power and self-consumption
are in equilibrium. Figure 710 (c) provides a more detailed analysis of the harvested
power. In the beginning, the harvester takes up about 239 uW, 87 % of the maximum avail-
able power from the source. That indicates a suboptimal impedance match between
the source and harvester, i.e., MPPT does not match the source’s resistance perfectly.
Furthermore, the self-consumption is considerable, as only around 115 pw (48 % of the
uptake) end up in the storage capacitor. Once the source stops, the harvester loses up
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to 200 uyW due to leakage and quiescent current. However, the self-consumption shown
in Fig. 7.10 (d) depends on the voltage over the storage capacitor, indicating that leakage
is the dominant factor. In the performed experiments, the harvester efficiency is around
40 - 50 %. Exact efficiency is highly variable, as it depends on the source power and on
the voltage over the storage capacitor. We can confirm, however, that these observed
efficiencies are consistent with previously reported harvesters with comparable source
powers, e.g., as reported in [IA522]. When available power reduces to tens of microwatts,
the efficiency shrinks to only several percent, as the harvester consumes most of the
available power itself.

Inlight of the presented measurements. the 300 mV nominal minimum turn-on voltage
of the PMU is not a significant limitation. Typical piezoelectric sources have considerable
internal series resistances—the utilized transducers have between 500 Q and 1kQ. Hence,
voltages significantly higher than the turn-on voltage are required to provide sufficient
power to overcome self-consumption. However, further optimization of the PMU can
reduce leakage and harvest more efficient from low-power sources: When the harvester
must work with sources providing very little power, the charging threshold at the storage
capacitor should be reduced, and a larger capacitor should be chosen instead. However,
a disadvantage of this strategy is that a larger capacitor increases the charge-up time
required until the capacitor voltage exceeds the minimum required threshold to start
the MCU.

7.4.2 Low-Power Oscillator

This section compares the internal medium-speed 4.194 MHz oscillator integrated into the
MCU with a 4 MHz external crystal oscillator. The internal oscillator is energy efficient, does
not require additional space, and enables the MCU to run in its lowest power consumption
mode. Its drawback is that it is less accurate and more unstable than an external
crystal, i.e., the clock frequency varies over time. In this section, we first investigate
the absolute deviation from their nominal frequency and the variation over time of the
internal and external clocks and measure their influence on tag power consumption.
We then evaluate how clock instability affects communication performance and if the
presented mitigation strategy is effective.

To evaluate the clock stability, we record the square wave produced by the tag's
MCU with an oscilloscope and compare it with an ideal square wave with the nominal
carrier frequency. Figure 7.1 shows the measured frequency offset over time. The MCU's
supply voltage significantly impacts the frequency of the internal oscillator, which is
roughly 70 Hz larger—more than 800 % increase—at Vpp = 1.8V compared to 3.3 V.
Additionally, even with constant supply voltage, the instantaneous frequency varies
throughout a single message by more than 5Hz. To put that in perspective, consider a
4-PSK modulation scheme in which a phase offset of up to 45° can be tolerated without
decoding errors. This would allow an instantaneous SFO of 5 Hz for up to 20 ms. However,
since we have to use a nonlinear equalizer to mitigate the strong IS, even smaller phase
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[ Figure 7.11: Sample Frequency Offset measured throughout multiple messages
(different colors). The supply voltage level strongly influences the generated carrier
frequency when using the internal oscillator, but it also fluctuates significantly during
the message. The external oscillator is independent of the supply voltage and much
more stable.

offsets may lead to large errors in the equalizer output. Therefore, the offset of bHz is a
serious problem for correct message reception.

For comparison, we also measure the frequency offset of the external crystal. The
instantaneous frequency is much more stable and only varies less than a tenth of a
Hertz during a message transmission. However, it also has a constant frequency offset
compared to the nominal frequency of about 6 Hz. Therefore, a receiver based on the
external oscillator may rely on a single SFO estimate at the beginning of a message.
However, depending on the internal oscillator, a receiver must dynamically track and
correct phase offsets during message reception. Moreover, as the SFO also affects the
symbol timing, the receiver must also track and correct symbol timing dynamically.
Considering these severe disadvantages of the low-power oscillator, it is preferable to
use an external oscillator. However, the following section will compare the differences
in power consumption between both clocks, showing that the external crystal requires
significantly more power.

7.4.3 Tag Power Consumption

The tag's power consumption determines the minimum required energy buffer size, and
lower total energy consumption enables better duty cycles. In our characterization, we
distinguish consumed energy in the PMU self-consumption (evaluated in Section 7.4.1),
static consumption from the MCU, e.g., for supplying the clock and the required periph-
erals, and dynamic consumption for modulating the backscatter signal. In this section,
we investigate the contributions of the different factors to the total power consumption.
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[0 Figure 7.12: Tag power consumption with different oscillators. External crystal oscil-
lators at equivalent frequencies consume significantly more power than low-power
internal oscillators. The backscatter modulation itself only consumes around 20 pW.

The MCU provides various power-saving features, i.e., several low-power modes and
clock frequency scaling. To reduce static consumption as much as possible, we supply
the MCU with 1.8V, scale the clock frequency down to 4 MHz, and use the STOP mode, in
which the clock and most peripherals are halted, whenever possible. However, hardware
timers and a pulse-waveform generator peripheral must run to generate the interme-
diate carrier, preventing STOP mode usage during transmission. Figure 7.12 shows the
tag's power consumption during the transmission of one message. We observe the
consumption of only 6 uW in STOP mode, but total consumption rises strongly during
message transmission. In direct comparison at 4 MHz the external crystal consumes
additional 500 yW compared to the internal oscillator—an increase of 80 %. Additionally,
the external oscillator requires a startup time of at least 2 ms after wakeup, and power
demand spikes during oscillator startup. Given the high power requirement, we conclude
that using the internal oscillator is highly desirable.

Furthermore, dynamic frequency scaling is another advantage of the internal oscillator.
It can be configured dynamically to different rates depending on the requirement of
the current task. For example, we found that a clock frequency of 1MHz is sufficient for
backscattering data at 2kbits™ (T, = 1 ms with 4-PSK). At that rate, the MCU power
consumption drops to only 300 W (-5 dBm). With the external oscillator, the MCU may
use prescalers and PLLs to change the main clock in the MCU and reduce the power
consumption within the MCU. However, the oscillator will always run at its resonance
frequency, and driving it requires the same amount of power.

We measured dynamic consumption by measuring power consumption with and
without connected modulator circuits. The difference between both reveals the dynamic
power required for backscattering, i.e., switching the transistor's gate voltage. The
backscattering modulation only consumes about 20 pW. Hence, the—mostly idling—MCU
consumes most of the power.

The presented results show that it is feasible to performm communication with ultra-low
power consumption suitable for batteryless systems using general-purpose MCUs and
off-the-shelf components. Static power consumption is the dominant factor, indicating
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that more integrated solutions, e.g., based on FPGAs or ASICS, may have a large potential
for reduction of tag power consumption, similar to the ASIC-based RFID tags that can
operate on tens of microwatts (cf. Table 31). This section also shows that using the
internal oscillator is beneficial because of the reduced overall power consumption and
dynamic frequency scaling options.

7.4.4 Backscatter Communication

This section focuses on the reliability of backscatter coommunication. We first charac-
terize the examined channels. The setup for the following evaluations is the 3.5 m long
beam with several attached piezo transducers presented in Section 4.2.2. To explore the
effectivity of the SFO adaption, we compare the reliability of the stable and accurate
external crystal oscillator with the low-power internal oscillator. Afterward, we look at
BERs of the backscatter communication in six different narrowband channels.

We first analyze the characteristics of the backscatter channel in the test structure. The
top graphs in Fig. 713 show the SNR for different carrier frequencies. As with the higher-
order modulation scheme in Chapter 5, we observe strong fluctuation by more than 20 dB
within a few hundred hertz. Remarkably, the peak SNRs in the 3m long channel CHz_, 1
were even higher than in the 2 m long channel CH4 _, 1, again indicating that interference
patterns dominate attenuation over short distances. To test our approaches thoroughly
in various channels, we pick three distinct carrier frequencies for each distance for further
evaluation. The bottom graphs in Fig. 7.13 show the impulse responses for the selected
channels. All channels exhibit extended reverberation for about 10 ms. However, channel
impulse responses vary significantly with the carrier frequency. Hence, SNR alone is likely
unsuitable for estimating a carrier frequency’s communication reliability.

SDR Pipeline

Next, we transmitted 250 messages through each channel for each selected frequency
and decoded them with the SDR pipeline described in Section 7.3.3. We compare trans-
missions in which the tag generated the signal with the internal oscillator versus the
external oscillator. The modulation scheme was 4-PSK at a symbol rate of 1000 symbols
per second, yielding a total data rate of 2kbits™. Each packet contained 200 payload
bits.

First, we validate that phase and timing error tracking is advantageous. Therefore, we
decode all messages without tracking, i.e., only estimating the SFO from the preamble
and assuming it is constant throughout the message. We then use the DPLL to track the
SFO dynamically. The packet error rates (PER) displayed in Fig. 7.14 reveal that nearly all
packets are correctly decoded when using the stable external oscillator, even without
SFO tracking. However, about 25 % of the packets contain errors when using the internal
oscillator. In both cases, the DPLL enables error-free reception of all packets.
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[ Figure 7.14: Tracking phase and timing errors with a PLL improves packet error rate
drastically when using the unstable internal oscillator.

We then compute the Error Vector Magnitude (EVM) of the equalizer output. Figure 715
displays the distribution of EVMs in all messages. The PLLs successfully mitigate the
instability of the internal oscillator. The equalizer output's SNR with the internal oscillator
is comparable to the EVM with the external oscillator, and, in some channels, the internal
oscillator even outperforms the external one. While this seems paradoxical at first, a
possible explanation might be that the underlying channels are not equal—even with
the same nominal carrier frequency: the low-power oscillator had an SFO of up to
70 Hz, which slightly shifts the transmission band. Surprisingly, the results for the different
channels are very similar, even though the SNR of the received signal varies by more
than 10 dB between the channels.

Furthermore, we also evaluated if decoupling the harvester from the modulator circuit
improves the signal quality. Surprisingly, we did not observe a significant difference
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[ Figure 7.16: The effect of the decoupling switch on the decoding performance is
marginal.

between the cases where the harvester is connected—and influences the tag's load
impedance—and when itis decoupled with the analog switch. A direct comparison of 250
messages with and without decoupling in Fig. 7.16 shows even a 1% lower EVMs without
the decoupling switch. Therefore, we conclude that the decoupling switch described in
Section 7.3.1is not required for concurrent backscatter transmission and harvesting. The
distortion introduced by varying harvester impedances seems to be negligible.

Simulation Study

In real-world experiments, we have limited control over all variables, i.e., the channel
impulse response, the extent to which the tag oscillator frequencies vary, and the amount
of noise in the signal. To characterize the influence of various parameters on the receiver,
we also implemented a channel simulation incorporating multipath propagation, time-
variant SFO, and noise levels. In Figure 7.17 (left), we show the influence of different channel
impulse responses on the output EVM. We compare three channel impulse responses:
An ideal channel without ISI and two previously recorded channels. Gaussian noise with
varying standard deviation was added after convolving the transmitted signal with the
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SFO variability. During this evaluation, simulation signals had an SNR of 15 dB.

impulse response. We observe that the impulse response influences the receiver’s output
error significantly: In the ideal channel, the EVM is more than 30 % lower at comparable
SNR than with impulse response IR], and channel IR2 produces a significantly lower EVM
at the equalizer output than IR1. In other words, some channels are more resilient against
noise than others. To reach an acceptable EVM of 20 %, the ideal channel requires an
SNR of 10dB, while IR1 requires a 9 dB higher SNR.

In Figure 7.7 (right), we simulated a random time-variant SFO similar with a distribution
similar to the observed variations from the low-power oscillator shown in Fig. 7.11. We
varied the simulated SFO standard deviation and measured the BER over 5000 simulated
messages (1 million bits). The results indicate that even with an SFO close to zero, the
decoder without PLL has a high BER (% 5- 10’3). This counterintuitive result can be
attributed to errors in estimating the SFO during preamble detection: Even if the SFO
is completely constant during the whole message, its estimation is not exact due to
noise in the signal. Without phase and frequency tracking, the small estimation error can
accumulate into larger phase and timing errors throughout the message. The phase
tracking PLL mitigates the error accumulation. In direct comparison, a decoder with PLL
significantly reduces the bit error rate by more than two orders of magnitude to roughly
1-107°. However, the gain of the PLL plays an important role. With an SFO deviation in
the range of 2 - 10~ (200 ppm), which we observed on the low-power oscillator, the
decoders with medium to high gain PLL achieved BERs of about 3 - 1074

7.4.5 Larger Structures

In prior work—including the previous chapters—WPT was only evaluated on small and
isolated structures, e.g., small plates or pipes. This section peeks into the potential of WPT
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2, 3,4, and 5 meters. The graph shows the amplitudes of the ten best frequencies
over different distances.

on more redlistic real-world structures. We, therefore, attached several transducers to a
steel beam supporting a crane shown in Fig. 7.18, with transducer distances of 1, 2, 3, 4,
and 5 meters. We used the reader prototype to generate a carrier wave and measured
the signal amplitudes at the transducers.

Compared to the smaller specimen we used in the previous evaluations, the am-
plitudes in the large beam are much smaller. The dominant cause is likely the larger
thickness (2cm compared to 5mm in the previously tested specimen), where more
energy is required to excite a comparable wave amplitude in the structure. When choos-
ing the resonant frequencies, amplitudes in the large beam reach up to 400 mV over
1and 2m distances, and still about 300 mV at 5m. While these amplitudes are only a
fraction of what we observed in the smaller specimen, the observed amplitudes also
suggest that the acoustic waves experience little attenuation when traveling through
the metal beam, i.e., a fivefold distance increase from 1m to 5 m only corresponded to a
25 % decrease in amplitude. Hence, large structures may require more excitation power,
but large distances are feasible once a wave is excited.

Unfortunately, the wirelessly transmitted power over this structure was insufficient
to fully charge our prototype tag. However, several improvements may still enable
batteryless tags on such large structures. First, increased sender power can provide
sufficient energy: The sender power in our tag is in the range of 10 dBm, while typical RFID
readers transmit up to 30 dBm, and in underwater backscatter, transmission powers of up
to 59 dBm were used. Second, the chosen transducers and their frequency band do not fit
well to the large beam, with a thickness of more than 2 cm. Larger transducers combined
with lower carrier frequencies likely improve the efficiency of the wave excitation. Third,
the harvester can also be optimized to work with less available power in a longer duty
cycle, as discussed in Section 7.4.1.
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7.5 Summary and Discussion

This chapter motivated that backscatter communication can be of significant interest in
reducing power consumption during communication between sensor nodes embedded
in metals. While prior studies employed only active communication in guided wave
channels together with WPT in metal structures, this chapter demonstrated the feasibility
of combined power transfer and backscatter communication.

Using the presented prototype, we investigated the potential of wireless power transfer
over multi-meter distances, where a maximum of more than 10 MW was transferred
over Im with an efficiency of 8%. Over 3m distance, efficiency is reduced drastically
to only 2.8 %, but still, 4 MW were transferred. These quantities support a wide range
of sensing applications: Tang et al. [TMO22] report SHM measurements using lamb
waves at sub-milliwatt power. Many other sensors require even less power, e.g., low-
resolution image recording [Afz+22] can be achieved at several hundred microwatts,
acceleration measurements at tens of microwatts, strain gauge, temperature, and
humidity measurements consume even less. Furthermore, a duty cycle can realize
higher-power applications requiring extended computations. The presented harvester
requires the source to provide at least 200 uW to charge the tag fully, but we discussed
potential optimizations to reduce this requirement.

The overall harvester characteristics relate well to harvesters presented in RF harvesting,
e.g., the harvester presented in [I1A522] showed dramatic drops in efficiency when the
energy source only provides several tens of uWw. The WPT efficiency of 8% over Tm
exceeds the observations from [Kiz+17] (0.1% at 1m) and is orders of magnitude larger
than efficiencies known from RFID. However, transfer efficiencies are strongly related to
the structure, the transducer’'s geometry, and the bounding method. Therefore, a direct
comparison of the achieved efficiencies is not informative.

In theory, the signal power of guided lamb waves is attenuated only linearly with
distance. We performed practical measurements on a large structure, supporting the
low attenuation over large distances, i.e., the maximum observed voltage at the receiver
after 5m was still about 75 % of the observed voltage over Tm.

Tailoring the energy transfer method to a specific structure could increase the over-
all transfer efficiency we achieved with a general WPT system—less than 3% over 3m
distance. Different optimization techniques have been proposed, such as determining
the resonance frequencies of the structure with simulation or measurement, and then
choosing transducer’s with the exact same resonance. A different approach is to use
transducers that produce directed waves aligned between transducer and tag. However,
such optimizations are hard to achieve as real structures often have complex geometry
and unknown boundary conditions, prohibiting previous determination of optimal loca-
tions and frequencies. We, therefore, aimed to investigate a plug-and-play solution that
does not rely on prior knowledge about the channel. However, dynamic beamforming
using a piezo array may be a promising future optimization.
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We tackled two challenges for real-world deployments of acoustic backscatter de-
vices, i.e., a) reader self-interference limits the viable communication distances, and b)
low-power devices use inaccurate and unstable oscillators that significantly impede
message reception. The presented prototype showed that using digital phase-locked
loops, we can successfully track the errors induced by the unstable oscillators and
decode messages at a data rate of 2kbits™ over 3m, which was not feasible without
tracking mechanisms in place. These data rates support low-cost and low-complexity
implementations of battery-free embedded sensor nodes in closed metal containers
for structural and industrial monitoring, which can be constructed from off-the-shelf
discrete components.

The presented backscatter tag in this study required less than 300 uW during transmis-
sion, of which only 20 uW were required for modulation, and the MCU required the rest.
In comparison, Shaik [STM20] reports power consumption of 100 — 1000 W during active
uplink communication, dependent on the data rate. While an ASIC implementation is po-
tentially much more energy efficient, we showed that a working system is achievable with
commercially available off-the-shelf components. For research prototypes and small
series production, that is desirable as ASIC production is very costly and time-consuming.
The backscatter communication decoding with DPLLs proved robust against the SFO
induced by low-power oscillators. The WPT will likely be the limiting factor for longer
distances in large structures. However, backscatter communication can potentially be
used over much longer distances in battery-powered sensor nodes to reduce the power
requirement of communication and increase battery life.
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Chapter

Wideband Downlink Communication

8.1 Overview

The previous chapters focused on uplink communication from the tag to the reader.
However, a downlink is required

B for many applications, which may need central orchestration of multiple sensor
nodes to perform measurements simultaneously,

B for a data-link layer, which includes multiple-access schemes that are often based
on interrogation from the reader, and

B for parameter identification and negotiation in the physical layer itself, as demon-
strated in the backscatter scheme presented in Chapter 5 demonstrated, where
the reader estimates the optimal load impedances and transmits these to each
tag.

Similarly to the uplink communication, high data rates are also beneficial in the down-
link. Even if the application does not transmit large amounts of data, sampling and
decoding require significant computation at the tag, quickly depleting its scarce energy
resources. Therefore, keeping the message duration as short as possible reduces its
overall energy demand. Furthermore, in applications with many tags, control messages,
e.g., for tag interrogation, may take up most of the available transmission time, limiting
the number of sensor nodes a single reader can manage effectively.

The downlink can be regarded as active communication because the reader can
embed information in the actively generated carrier it uses to power the tags. Unfor-
tunately, strong ISl also exists in the downlink channel, inhibiting achievable data rates.
Accordingly, many prior studies on active acoustic communication through GW channels
report data rates in the range of only 20 — 200 bits™. ISI mitigation strategies, such as
OFDM or equalization, are unsuitable for resource-constrained tag devices that lack the
computational power and energy budget to demodulate and decode such complex
signals.
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Simultaneous communication and energy harvesting on the same transducer is an-
other challenge that complicates downlink communication in two ways: On the one
hand, carrier modulation influences the signal power available at the tag. On the other
hand, extracting current from the tag’s transducer changes the observed voltage over
the transducer, distorting the signal the tag uses to detect and decode incoming mes-
sages. Finally, the SFO between the reader and tag also affects the correct reception of
the received messages; lightweight mechanisms must be found to mitigate it with few
resources.

8.1.1 Problem Analysis

Compared to the uplink, the downlink communication flips the resource imbalance
between the transmitter and receiver. The tag is now the receiver. Its scarce resources
prohibit complex active filters, high sampling rates, or computationally intense operations.
In practically all backscatter applications, the tags employ a simple diode-based enve-
lope detector to demodulate the received signal. Consequently, modulation schemes
that modulate the phase or frequency of the carrier are incompatible with such a re-
ceiver. In contrast, the reader, which generates the transmitted signal, can leverage
much more resources, favoring ISI mitigation on the reader side.

Conventional backscatter systems used Continuous Wave (cw) modulation schemes,
e.g., OOK, PDM, or PIM. CW modulation generates a narrowband signal, which is particu-
larly disadvantageous in the strong frequency-selective GW channel. Consequently, the
chosen carrier frequency strongly impacts ISl intensity. Finding optimal carrier frequen-
cies dynamically during runtime is not straightforward because the resource-constrained
tag can not measure channel impulse responses accurately.

Moreover, conventional backscatter systems typically decode the envelope using a
comparator to compare the current envelope with an average of the envelope over mul-
tiple symbol periods, as demonstrated by the WISP platform (cf. Fig. 3.5). This approach
allows the MCU to remain in sleep mode and save energy most of the time. Analog
demodulation works well in RFID applications, which report RMS delay spreads below
80 ns at symbol durations of several tens of us. The measured GW channels, however,
had delay spreads of several milliseconds, where more advanced decoding schemes
are required. To demonstrate this, we show the result of such analog demodulation in
Fig. 8., once with a channel characteristic typical for RFID channels and once for GW
channels.

Instead, we propose wideband modulation as a promising alternative to eliminate the
frequency dependency in downlink communication and increase reliability in multipath
channels. Wideband pulses distribute their energy over a large bandwidth. Hence,
they are less susceptible to the exact distribution of resonances and spectral nulls in
the channel, promising a more robust performance over various channels. While tight
regulation on the RF spectrum makes wideband modulation difficult in conventional RFID
systems, no limitations exist for acoustic signals in metallic structures.
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[ Figure 8.1: Many backscatter systems, e.g., WISP, decode the received signal analo-
gously by comparing the current envelope with the average over multiple symbol
periods. This approach is only reliable when the symbol duration is long compared
to the channel’s RMS delay spread Typ,s.
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[ Figure 8.2: The PMU actively controls the current ipyu to keep Vi, at || Vi /2
(MPPT), thereby inhibiting the produced signal V.

Sensing the received signal is impeded when harvesting energy from the same trans-
ducer simultaneously. Because of the transducer’s large internal impedance zg, any
current ipyu drawn by the PMU diminishes the measured amplitude (cf. Fig. 8.2). When
using active MPPT tracking, The PMU extracts current from Cj, when V;, exceeds the
MPPT threshold, prohibiting the signal on the envelope detector from exceeding this
threshold. Furthermore, commercially available PMUs require a large input capacitance
Cin to work effectively—at least 10 pF [Dev23]. Together with the observed transducer's
output impedances, the input capacitance forms a lowpass filter with a cutoff frequency
below 40 Hz, prohibiting short symbol durations.

8.1.2 General Approach

This chapter investigates continuous wave modulation in GW channels using several
encodings typically employed in RFID standards and existing acoustic backscatter sys-
tems. To assess achievable data rates of these schemes in the GW channel, we record
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the channel impulse responses of several physical channels and perform a simulation
study with the selected encodings. We then evaluate the proposed modulation with
wideband pulses in the same channels, using the same simple envelope detector for
demodulation and decoding as typically used for the narrowband signals.

In contrast to prior existing RFID and acoustic backscatter prototypes, we use a
software-defined receiver that oversamples the envelope with several times the symbol
frequency. We show that this is necessary to achieve low BERs in the presence of ISI.
Furthermore, we devise and test an SFO mitigation scheme that uses acknowledgments
from the tag to estimate the frequency offset and adapts the subsequent messages
accordingly, thereby shifting the burden of estimation and compensation to the reader.

We prototype a transmitter and receiver pair and test the most promising wideband
modulation scheme from the simulation in a realistic scenario with an ultra-low-power
MCU as receiver. Based on that prototype, we analyze the interference between receiving
and harvesting and explore a potential remedy: Deactivating the harvester during
the reception of downlink messages. Furthermore, we explore the potential of using
wideband carriers for WET and the interference of concurrent harvesting and signal
reception.

8.1.3 Structure

In the remainder of the chapter, Section 8.2 first describes the design of the wide- and
narrowband modulation schemes. Then, Section 8.3 describes the implementation
and setup of our simulation and evaluates the performance of the schemes in the
simulation, exploring various parameters. Using the simulation study results, we design
a prototype transmitter and receiver that implements the most promising modulation
type in Section 8.4. We then evaluate the performance of this prototype in a real-world
test in Section 8.5.

8.2 Communication System

This section explains the design choices and assumptions made for the downlink com-
munication. We then characterize the modulation and encoding schemes—selected
because of their popularity in RFID and piezoacoustic backscatter systems—and the
proposed wideband modulation.

We chose a common message structure and protocol, shown in Fig. 8.3, for all modu-
lation schemes in this chapter. Following a reader-talks-first approach, which is used in
the EPCGlobal RFID standards, the reader starts by generating a continuous-wave carrier
to charge the tag. To make it easy for the tag to detect the start of a message without
continuously correlating with a preamble sequence, the reader initiates a message
with a short period T, g, Where no carrier is transmitted. The tag can easily detect such
an initiation pulse running on a low sampling rate to conserve power. The initiation is
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[ Figure 8.3: The general message structure is valid for all modulation schemes in
this chapter. In this example, the message and preamble bits are encoded in OOK.

followed by a 7-symbol Barker-Sequence that serves as preamble to synchronize with
the received signal. Then, Ny, symbols are transmitted with symbol rate 1/Ty,. The
choice of Ny, depends on the application and is investigated in Section 8.3. Finally,
the reader starts the sinusoidal carrier again, during which the tag can backscatter an
acknowledgment.

8.2.1 Modulation

The tag architecture is based on an envelope detector, which has several implications
for the modulation schemes. First, only the signal envelope can be detected, prohibiting
any phase or frequency modulation. Second, no active gain control is available. Hence,
weak signals below the noise power can not be detected, and strong signals may cause
saturation of the ADC. Weak signals are not a limitation for passive tags because any
signal sufficient to power on the tag will be detectable. However, saturation is a realistic
problem that can distort a signal, e.g., if a carrier frequency resonates strongly in the
structure. In the following paragraphs, we introduce the selected modulation schemes
and discuss their advantages and disadvantages regarding these limitations. We only
investigate binary modulation to achieve maximum robustness and keep the receiver
simple. The investigated modulation schemes are illustrated in Fig. 8.4.

AM modulates the amplitude of the CW. Several backscatter systems realize OOK using
rectangular pulses, where the amplitude of the carrier switches between A, and a
reduced amplitude Ajow. The lower level can be adjusted to trade signal SNR for a
higher average transmitted power: While the average available signal power is higher
with a larger Ajow, enabling the tag to harvest more energy during message reception,
AM is susceptible to saturation if the lower amplitude level exceeds the maximum ADC
value at the receiver, the signal is entirely eliminated. Therefore, we set Aj., to zero to
prevent saturation.

Using AM, we can choose different encodings. In OOK, the amplitude is either low
or high throughout the symbol period, depending on the encoded data. The average
received signal power in OOK is, hence, data-dependent, i.e., when a long streak of
zeros is transmitted, no power can be harvested during this period. In Pulse Position
Modulation (PPM), a low-level pulse is placed in the first or the second half of a symbol
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[ Figure 8.4: Overview of the investigated continuous wave modulation schemes and
encodings, their magnitude spectrum, and their average signal power relative to
the continuous wave power Py, .

interval, depending on the encoded data. To achieve maximum robustness, we set the
duration of the low-level pulse to T}, /2. Then, the average signal power is half the power
of the continuous wave signal and is independent of the transmitted data. Furthermore,
in Pulse-Duration Modulation (PDM), a high-level pulse concludes every symbol period,
but the duration of the preceding low-level pulse changes depending on the value of
the bit. Average signal power is data-dependent, though it is at least 0.25 P, and at
most 0.5 Py

Lastly, some acoustic backscatter systems used FSK in the downlink. At first glance,
FSK seems unsuitable in this scenario because the envelope detector can not estimate
the frequency of the received signal. However, due to the strong frequency-selectivity
of the channel, the different symbols experience a different gain, leading to amplitude
variation in the received signal. The authors of [Gon+22] chose frequency fo outside
the transducer’s resonance band. The tag uses an OOK receiver to decode the FSK-
modulated message. While this seems counterintuitive, it may perform differently from
OOK because the power of an FSK-modulated signal is distributed differently in the
frequency domain. The authors report that FSK reduced ISl in their experiments compared
to OOK.

In contrast to these narrowband modulation schemes, we propose wideband pulses
instead. Various wideband schemes exist, e.g., chirp spread-spectrum modulation or
OFDM. However, a short-duration pulse seems most suitable for receiving the pulses with
the resource-constrained tag because it can be detected based purely on the signal
envelope. The pulse energy should be concentrated within the resonance band of the
transducer because the channel gain is diminishingly smalll outside of this band. Hence,
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[ Figure 8.5: Overview of the investigated wideband modulation schemes and en-
codings, their magnitude spectrum, and their average signal power.

we define a transmit pulse pyw (¢) in this regard as
Pwhb (t) = Awp cos (2 fot) sinc(Bt) , (81)

where Ay, is the peak amplitude of the pulse and B is the pulse’s bandwidth. This pulse
has a frequency spectrum of

F{pwb}(f) = %rect (m%fc) , (82)

where the signal energy is distributed equally over the specified bandwidth. The window
function rect(f) equals one for all f between -0.5 and 0.5 and is zero otherwise. For
a fair comparison with the continuous wave modulation, we choose Ay, so that the
wideband pulse has the same total energy as the rectangular continuous wave pulses
with amplitude Acyw and duration Ty, i.e.,

Awb = Acw/Tm - B. (83)

With the described wideband pulse, we consider two encodings illustrated in Fig. 8.5.
Wideband On-/0ff-Keying (WB-OOK) encodes a one-bit by the presence of a pulse
during a symbol period, while a zero-bit is represented by the absence of a pulse.
Similarly, in Wideband Pulse Position Modulation (WB-PPM), the pulse is shifted in time
to peak at T}y, /4 or 3T}, /4 to encode a one-bit and zero-bit, respectively. By choosing
Ay according to Eq. (8.3), WB-OOK and WB-PPM have the same average signal power
available to the harvester as OOK and PPM.
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8.2.2 Receiver

In the receiver, the envelope signal V. passes through a passive first-order lowpass filter
with a cutoff frequency fc, that is inversely proportional to the shortest pulse duration
in the signal (cf Fig. 8.6). We then sample the lowpass-filtered signal at rate Ny, /T
and continue processing the signal in the MCU. The software-defined receiver must
be simple to run on the resource-constrained tag device without using high sampling
rates or complex filters such as equalizers. We correlate the received digital signal y[k]
with the expected preamble for frame synchronization, yielding the start index of the
first message sample kq. The symbol decision d[!] for the I-th symbol is then made by
correlating the symbol's samples with the ideal symbol, which depends on the selected
modulation and encoding.

The OOK, WB-OOK, and FSK receiver compares signal mean throughout a symbol
period with a threshold value Eth, which is the average magnitude of the envelope
and can be estimated by computing the mean of the received preamble samples.
Because of the long delay spread in the channel, the optimal threshold value fluctuates
depending on the transmitted data, e.g., it falls after a long streak of zero bits or rises
after several consecutive one bits, requiring tracking during the message.

N Nm-—1
0 if e>b 1 R
il = with = — E blko + INm +14].  (84)
1 else N
i=0

The PPM and WB-PPM schemes do not require any threshold to make a bit decision
because they compare the mean of the first half of the symbol with the mean of the
second half, making them independent of the average signal amplitude.

0 if ¢1—c2>0
do[l] = , (85)
1 else
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Baseband out
b

[ Figure 8.7: simulation signal flow. The input baseband signal is generated differently
depending on the selected modulation and encoding scheme.

with
Nm/2—1 Np—1
¢ = E blko + INm +i] and co = § blko + INm +i] .
i=0 i=Nm /2

Finally, the PDM scheme considers only the samples that differ between the zero and
one-symbol, which we denote here as the set Z. It then also uses a threshold to make
the decision.

0 if ¢< by 1 .
dall] = CST L ith e= — § b[ko + INm +4].  (86)
1 else |Z|
1€T

8.3 Simulation Study and Evaluation

We implement a simulation to explore the limitations and influences of various param-
eters for the downlink. Figure 8.7 depicts the signal flow of the implemented channel
simulation starting with the transmitted baseband signal b(t), which is generated from
pseudo-random bit sequences depending on the selected modulation and encoding
scheme. The first part of the simulation works at the sampling rate of the recorded
frequency response, i.e., 4MHz in our case. We first shift the baseband signal to pass-
band by mixing it with a cosine at the carrier frequency. Then, the channel impulse
response hpp (t) is convolved with the passband signal. To model the unsynchronized
clocks between reader and tag, the simulation draws a delay from a uniform random
distribution in the range from [—T1, /2, T /2]. The envelope detector is modeled by
taking the absolute value of the signal and passing it through a first-order lowpass filter.
Finally, the signal is downsampled to the receiver rate, and we add AWGN noise to the
simulated envelope.
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Channel Sounding

The simulation requires knowledge of the channel's impulse responses hp (t), which
we record from the test structure by transmitting chirp signals through the channel and
recording the response using a combined signal generator and oscilloscope (TiePie
Handyscope HS-5). The linear chirps are given by

t
Tenirp(t) = Ag sin | 2 / fm(’i;'TdT , (87)
0

where fmax is the bandwidth of the chirp, Ag is the amplitude and T is its duration. The
chirp is well suited and commonly used for acoustic channel soundings [SR21] because
its frequency response has a near-constant magnitude over the chirp’s bandwidth.
Furthermore, in contrast to other wideband excitations, with similar magnitude responses,
e.g., short-duration pulses, chirps also have a constant amplitude, making them more
practical to excite by distributing signal power more evenly over the chirp’s period. We
used fmax = 2MHz and T' = 100 ms for the channel sounding. The oscilloscope
records the generated chirp and the response ycnhirp (t) at the receiving transducer,
and the impulse response is given by

(8.8)

hob(t) = F {M} -

F{xchirp (t)}

In the remainder of this section, we first determine a suitable bandwidth for the wideband
pulse and then compare the reliability in terms of the BERs achieved with different
modulation schemes and encodings. We then investigate the influence of the number of
samples per symbol, the robustness against sampling frequency offsets, and tolerance
against noise.

8.3.1 Wideband Pulse Characteristics

We choose the bandwidth of the wideband pulse according to the channel impulse
responses. The goal is to reach a tradeoff between wide bandwidth and efficient use
of transmitted energy. For the investigated specimen, we discussed and presented
the magnitude frequency response of one of the GW channels already in Section 4.2.2,
where we observe the largest channel gains between 200 - 250kHz. To validate this
observation and quantify this for all investigated channels, we show the cumulated
spectral energy density of the frequency response in Fig. 8.8 for four GW channels on
the test structure (cf. Section 4.2.2). Despite the differences between the channels, this
frequency band contains over 95 % of the total spectral energy in all channels, which is
why we choose a wideband pulse with B = 50 kHz and f. = 225 kHz.
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channels.

8.3.2 Achievable Data Rates

We used the channel simulation to estimate bit error rates for the investigated modula-
tion schemes at different data rates. For the continuous-wave schemes, we repeated
the simulation with 11 different carrier frequencies between 200 - 250 kHz and repeated
the procedure on four impulse responses (CH3 2, CHz 1, CHa—1, and CHs_,1). To
determine the maximum achievable data rates, we started simulation for each mod-
ulation scheme at a data rate of 3kbits™ and then sequentially reduced data rates in
steps of 50 bits™ until no bit errors occurred through ten thousand messages with 100
bits each. We then selected the highest data rate that achieved a BER of less than 10~
as the maximum achievable data rate for this channel and modulation. The wideband
modulation schemes always occupy the same band; therefore, we acquire only a single
maximum data rate for each channel impulse response. The results are shown in Fig. 8.9

Examination of the highest symbol rates (with BER below 10~°) for the narrowband
modulation schemes confirms 1) that the throughput varies between different carrier
frequencies with more than ten-fold increases between the best and worst carrier fre-
quencies. Furthermore, 2) which carrier frequency permits high rates varies significantly
between the different channels, and 3) at the same carrier frequency, some modulation
schemes work significantly better than others. However, there is not one superior modu-
lation scheme. The distribution of the achieved narrowband data rates shown in Fig. 8.10
suggests that PPM yields, on average, the most consistent performance, while PDM is,
in most cases, the least favorable option. FSK performs very similarly to OOK, with only
minor deviations.

The wideband modulation schemes achieve a more reliable data rate in all four
channels. In channel CHz _, 2, they exceed the maximum data rate of all narrowband
schemes considerably with up to 2500 bits™ compared to 1950 bits™ with PPM at 245 kHz.
In channel CH3_,1, WB-PPM is nearly identical with the fastest narrowband option at
100bits™. In channel CHy4—1, WB-OOK is about 30 % below the maximum narrowband
channel, yet still well above the average throughout all carrier frequencies. Finally, in
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1 Figure 8.11: Higher numbers of samples per symbol (SPS) increase the decoding
reliability for WB-PPM. However, increasing IV,,, beyond 10 does not increase data
rates significantly.

channel CHs_, 1, the WB-PPM is 10 % below the fastest narrowband scheme. In all cases,
even in the 3m channel, which supports the lowest throughput, the observed data rates
of WB-PPM are still above 800 bits™, with a median of 1075 bits'—a 132 % increase over
the median of the fastest narrowband scheme. Hence, without prior knowledge about
the channel, wideband modulation is favorable, and WB-PPM is likely more reliable than
WB-OOK. Therefore, the following evaluations will focus on understanding the influence
of different parameters for WB-PPM.

8.3.3 Samples Per Symbol

The number of samples per symbol Ny, has to be chosen carefully. A low value is
desirable in terms of computational complexity, as higher Ny, require higher sampling
rates and consequently more resources on the tag. However, if chosen too low, the
decoding results may be severely impacted, leading to higher BERs.

To quantify the tradeoff between both effects for wideband modulation schemes, we
performed the channel simulation with different IV,,. We find that IV, = 10 is a good
tradeoff between reliability and computational complexity. Figure 8.1 shows bit error
rates for six, ten, and twenty samples per symbol. When using only six samples instead
of ten, the bit error rates are up to two orders of magnitude higher, and the highest
achievable data rates are nearly halved. At the same time, even doubling the number
of samples does not increase the usable data rates and reduces bit error rates only at
data rates where we already achieve BERs below 107° with ten samples per symbol.
For brevity, we only show the graphs for two channels. However, the results for the other
channels are very similar.

8.3.4 Sampling Frequency Offset

We already discussed the inaccurate clocks of ultra-low-power microcontrollers in
Section 7.4.2, where we explained that the low-power clock has a constant offset from
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[T Figure 8.12: SFO causes the BER to rise (left), even in short messages with only 20
symbols. The actual MCU clock frequency compared to its nominal frequency (right)
depends on the supply voltage but also deviates significantly between different
devices from the same MCU model.

the nominal clock rate, depending on the supply voltage of the MCU, and a time-variant
component. Tracking algorithms for SFO correction during message reception are
complex, and executing them at the tag should be avoided. We used the simulation
study to quantify how much SFO the receiver tolerates without requiring additional
measures. Therefore, we resampled the simulated samples with an increasing sample
clock deviation before feeding them into the decoder. We repeated the experiment with
20, 60, and 100 bits per message, which influence the susceptibility to SFO: throughout a
long message, even a slight frequency offset can add up to a significant delay.

Figure 8.12 (left) reveals that the decoding algorithm is tolerant to a few per mill of SFO,
and the BER rises considerably when exceeding this threshold. Short messages of just 20
bits are more resilient but tolerate no more than roughly 0.4 % SFO. To estimate if ultra-
low-power MCUs can achieve this clock accuracy, we measured the voltage-dependent
clock deviation for four MCUs of the same model (STM32L073RZ). Every measurement
was repeated ten times to validate consistent behavior. Figure 8.12 (right) clearly shows
that the four devices follow a consistent trend, where the actual clock frequency is up to
2% below the nominal frequency when the supply voltage is reduced to the specification
minimum of 1.65 V.

The reader could compensate the clock frequency offset if it is systemic, i.e., consistent
between all MCUs of the same model. However, the absolute offset varies between the
four MCUs. At 18V, the span between the devices is within 0.8 %. This clock variation
exceeds the tolerances of the decoding algorithm. Hence, dynamic compensation is
necessary to achieve robust communication.
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With the observed noise power (o, = 7.3 mV), the required SNR allows a reduction
of the maximum sender amplitude to only 8 V.

8.3.5 Noise Tolerance

This section evaluates the receiver’s noise tolerance. We measure BERs while increasing
the standard deviation of the additive white Gaussian noise in the simulation. We also
compute the SNR for each measurement, where signal power is estimated from the
envelope before adding noise. Figure 813 (a) shows that the BERs exceed 107° when
the SNR falls below 10 — 15 dB.

To put this result into perspective, we measured the noise level experienced by the tag
upon receiving an unmodulated envelope. The observed ADC samples were distributed
with a standard deviation of roughly 7.3 mV. To exceed an SNR of 15 dB with this noise
distribution, the signal must have a standard deviation of at least 4.imV. The SNR
requirement is not a limitation for practical wirelessly powered devices, as incoming
signals must exceed the required SNR significantly to deliver sufficient power to the
harvester. Semi-passive or active devices, however, may facilitate communication over
longer distances with small channel gains, where this limitation becomes relevant.

From another perspective, we can utilize the derived SNR limits and the observed noise
strength to estimate how much the sender can reduce its TX power without compromis-
ing reliability. Figure 813 (b) investigates the relationship between the wideband pulse
amplitude and the SNR of the signal. A peak amplitude of only 8V would be sufficient for
reliable reception in the investigated channels.

Finally, we have to note that we measured the noise observed by the MCU under ideal
conditions on a resting structure. Furthermore, we only considered white Gaussian noise
in this evaluation. Various noise sources with non-gaussian distribution may exist in real
applications, e.g., structural vibrations through traffic or other loads. Therefore, noise
may still cause problems in practical deployments.
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8.4 Prototype Implementation

We extended our MCU-based tag implementation presented in Chapter 7 to validate
the simulation results and assess their practical applicability. The results from the
simulation study guide the design decisions made during prototype development. WB-
PPM was the most promising modulation scheme in simulation, so we tailored the
software-defined receiver to this scheme. Furthermore, we tested mitigation techniques
for practical problems, such as interdependence between harvesting and receiving and
SFO mitigation.

8.4.1 Sample Frequency Offset Mitigation

Section 8.3.4 revealed that the typical SFOs with the selected MCU require some adaption
mechanism. However, running complex PLLs on the tag is impractical because of the
resource limitation and focus on low power consumption. Therefore, we shift the burden
of SFO tracking to the reader, which has much more computational power. We design
a communication protocol where the tag transmits a short Acknowledgement (ACK)
following every successfully received packet or a non-acknowledgment (NACK) after
every incorrect packet. The reader then utilizes this response to detect the tag's clock
offset and adapts its symbol interval accordingly when transmitting the next packet.

The symbolinterval the tag’s sampling is based on, Tx’“ and the intermediate frequency
used for backscattering messages are derived from the same main clock. Hence, the
reader can use the intermediate frequency to estimate the tag’s SFO. We denote the
nominal intermediate frequency f; and the actual frequency generated at the tag as
fi’A Moreover, we denote the estimate obtained at the reader as }”i. Similarly, the symbol
interval estimation denoted Ty, . Figure 8.4 sketches the estimation sequence during
transmission.

In our prototype, we designed the ACK/NACK packets to enable simple frequency
estimation. Therefore, the tag backscatters a pulse with continuous frequency fi/, and
the reader estimates ]‘i by first sampling the backscattered signal with a sampling rate
of 4 f; and retrieving the complex baseband samples as described in Section 7.3.3. It
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then uses static frequency offset detection (cf. Eq. (219)) to recover the average phase
shift between consecutive samples A¢; as

o ylk+ 1] y° 4]
Adi= 1 Z Tyl + 11 glAll | (62)

where N, is the number of samples in the acknowledgment message. With A¢;, we
can derive the estimate of the tag's actual intermediate frequency as

. Adg; A¢; Ny
= fi - fs = fi . s 810
fi=ht 5 fa=Fht o T (810)
and a matching symbol interval as
T =T - {i . (81)

i

We separate between ACK and NACK through the pulse duration, i.e., an ACK is 20 ms
long, and a NACK is 30 ms long.

8.4.2 Reader

The wideband pulses are more complex to generate than the continuous sine carrier
used in the previous chapters. For our prototype, we generate the transmission signals
in software with a desktop computer and then use an off-the-shelf signal generator to
convert it into the analog domain. We then used the analog frontend of our prototype
reader from Section 5.3.1 to amplify and buffer the signal to drive the transducer. Similarly,
we used an oscilloscope to record the demodulated backscatter signal from the reader
for SFO estimation. Figure 815 depicts the entire reader setup. The oscilloscope and
signal generator are coupled in a single device, the Handyscope HS-5 from TiePie.

The short pulses require a higher peak amplitude than the sinusoidal carrier to generate
a similar average signal power. For example, using Eq. (8.3), for a symbol duration
of Ims and a bandwidth of 50kHz, the peak amplitude should be more than seven
times higher than the amplitude of a comparable sinusoidal carrier. At the same time,
Section 8.3.5 demonstrated that peak amplitudes exceeding 8V may already facilitate
robust communication. We chose to boost the signal voltages with a 4:1 transformer
(Coileraft WA8351-AL [Coi23]), yielding a maximum amplitude of 60 V without additional
changes to the priorly presented reader hardware. To avoid signal distortion through
these adaptions, we verified experimentally that the selected transformer had a flat
frequency response in the bandwidth between 200 — 250 kHz.
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[7 Figure 8.15: Schematic of the reader circuits. Only the analog part of our previous
prototype is used in this chapter. Signal generation and reception are executed on
a desktop computer. We use a transformer to achieve peak amplitudes up to 60 V.

8.4.3 Tag Receiver

The tag is based on the prototype presented in Section 7.2, which uses a transistor to
switch the transducer load impedance for acknowledgment generation. We added an
envelope detector connected to the rectifier’s output in parallel to the harvester. Like in
the simulation introduced in Section 8.2.2, the envelope detector is then followed by a
passive lowpass filter constructed from a capacitor and resistor. However, in contrast to
the simulation, we can not easily vary the filter's cutoff frequency to match the symbol
rate, which would require manual resoldering of the filter components. Therefore, we
chose a cutoff frequency of roughly 4 kHz, which is low enough to remove any ripple from
the carrier frequency yet high enough to support reception of the highest symbol rates
achieved in the simulation study. Finally, the MCU samples the output of the lowpass
filter.

We designed the tag’s firmware to achieve an ultra-low power consumption. The
consumption is reduced by running the MCU clock only as fast as required. Therefore,
we distinguish between two phases: The charging phase, where the sinusoidal carrier
is active, but no message is modulated on the carrier, and the reception phase, where
the reader transmits a message. During the charging phase, the MCU must detect the
initiation pulse that marks the start of a message. Therefore, the MCU smoothes the
samples with an Exponentially-Weighted Moving-Average (EWMA) filter to reliably detect
an initiation pulse. In our tests, a sampling rate of only 1kHz detected message starts
sufficiently reliably and timely. Therefore, we scale the MCU clock frequency down to
500 kHz during the charging phase.

Upon detection of message initiation, the MCU switches into the reception phase, during
which the clock frequency is increased to 4 MHz, and the sampling rate to Ny, /Ty,. The
MCU then runs the same receiver algorithm we introduced already in the simulation
study in Section 8.2.2. After message reception, the MCU generates the ACK/NACK signal
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for 20ms, or 30 ms respectively, and then switches back into the charging phase by
reducing the clock frequency and sampling rate.

Harvester Coupling

Section 8.1.1discussed that coupling between the harvester and envelope detector is chal-
lenging for downlink communication. Due to the transducer’s large output impedance,
the current the harvester draws reduces the detected envelope. The PMU’s power cycle
and MPPT mechanism are designed to optimize harvesting, dynamically changing the
harvester's input impedance, which leads to the following problems:

1. The large required input capacitance acts as a lowpass filter on the received en-
velope, leading to considerable distortion. Unfortunately, smaller input capacitors
are incompatible with the harvester’s voltage-booster circuit.

N

. When the MPPT threshold is too low, the harvester extracts charge from the input
capacitor at a voltage level below the wideband peak amplitude, clipping the
wideband pulses altogether.

w

. If the storage capacitor is charged up to the maximum voltage, the harvester
switches off to avoid overcharging. It then extracts no current from the source. This
sudden switch-off leads to a rapid increase in the envelope, which may saturate
the ADC or even damage sensitive electronics. Even without saturation, the rapid
change likely induces bit errors if it occurs during a message.

To mitigate these undesired effects, we modified the harvesting circuit as highlighted
in Fig. 8.16. The first problem is addressed by placing a diode between the rectifier and
the harvester. The diode prevents current from flowing back from the input capacitor
to the envelope detector, enabling the detection of a rapid drop of the signal envelope
despite the large input capacitor. Additionally, the diode’s forward voltage drop also
enables the detection of a spike despite C',. However, power dissipation over the diode
also reduces the power available for harvesting, compromising the harvester’s efficiency.

The second problem, the saturation induced by a low MPPT threshold, is addressed
by deactivating the dynamic MPPT sensing mode and operating the MPU with a fixed
MPPT threshold. While this reduces harvesting efficiency during the charging phase,
it improves the reliability of the downlink communication. Unfortunately, selecting an
MPPT threshold well above the average envelope of the downlink signal means that the
harvester can not extract significant power during reception and requires a sufficiently
large energy buffer to power the MCU throughout the whole downlink message.

Finally, we addressed the third problem with a Schottky diode with 5V breakdown
voltage in parallel to the storage capacitor, which prevents fully charging the storage
capacitor and, consequently, prevents the harvester's switch-off during message recep-
tion.

The presented measures trade harvesting efficiency against more robust downlink
communication. In the long term, we believe that an integrated solution provides a
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Source Rectifier + " “Harveste
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[T Figure 8.16: The harvester setup with a series diode to prevent the lowpass filtering
effect of the large input capacitance Cj,, and a Zener diode to prevent harvester
switch off due to full storage.

much better tradeoff, where the MCU has fine-grained control over the PMU states,
e.g., ensures that MPPT optimizes harvesting performance during the charging phase
but disables during message transmission. However, commercially available PMUs
are not optimized for the simultaneous use of the transducer as a harvesting source
and sensing element and lack such fine-grained control. Furthermore, existing RFID
and piezoacoustic backscatter prototypes do not present solutions to these problems
either: As they assume a fixed output impedance of the harvesting source, they do not
employ dynamic MPPT matching techniques and implement a harvester with fixed input
impedance.

8.5 Real-World Evaluation

This section assesses the potential of wideband modulation for the downlink and investi-
gates practical limitations. We evaluate our prototype in several GW channels on the
test structure presented in Section 4.2.2 and compare the maximum achievable data
rates in the experiments with simulation results. Furthermore, we characterize harvest-
ing efficiencies and power consumption in different stages of the tag’s duty cycle and
analyze the average throughput over multiple messages when considering available
power.

8.5.1 Achievable Data Rates

We test the maximum data rates our prototype achieves in the GW channels. This
evaluation focuses on the robustness of the modulation. Therefore, we eliminate the
tag's duty cycle as a potential source of missed packets by connecting the tag to a
constant voltage source. This way, the tag is constantly active and ready to receive a
packet. Nonetheless, we still run the tag with a strictly limited clock rate to mimic the
conditions in the wirelessly powered scenario.
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[ Figure 8.17: Data rates achieved with the receiver implementation on MCU compared
to achieved data rates from the simulation. The rates of narrowband schemes were
only acquired by simulation.

Figure 817 compares the practically achieved data rates with the rates from the
simulation. For every measurement point, we transmitted 1000 messages with 96 bits per
message. We transmitted fewer bits in total than in the simulation experiment because
messages are transmitted in real time in the experiments. As in the simulation, we
assessed a data rate achievable if the BER was below 10~°. During all experiments, we
applied the SFO estimation technique at the reader and adapted the symbol interval
dynamically.

We observed lower achievable data rates in real-world tests. Some of the differences
are related to practical limitations: In CHz_, 2, we did not observe any bit errors at a data
rate of 1600 bits™, but could not increase the data rate because the MCU was not able
to process sampling rates higher than 16,000 samples per second. In the other channels,
MCU speed was not a limitation, but bit errors occurred already at slightly lower data
rates than in the simulation.

A likely explanation for the remaining difference between simulation and real-world
tests is the SFO between the reader and the tag: Although we adapt the symbol interval
dynamically, the estimates are always noisy, and the actual SFO may vary throughout
the message. Furthermore, the diode-based envelope detector is not ideal; therefore, its
output is slightly distorted compared to the simulation output. During the simulation, we
additionally adapted the cutoff frequency of the lowpass filter according to the symbol
rate. In the real-world experiment, we used a fixed cutoff frequency for all data rates to
avoid manual resoldering of components for different symbol rates. Hence, reduced
performance in the real-world experiment must be expected.

Despite the reduced throughput, the wideband pulse-based modulation scheme still
achieves significantly higher data rates than the 80 — 200 bits™ that previous studies
reported. Comparison with the narrowband modulation schemes is ambiguous. The
best carrier frequency facilitates higher rates than WB-PPM in real-world tests in all
channels. However, the best frequency is usually unknown, and the median narrowband
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7 Figure 8.18: The accuracy of the SFO detection scheme based on the ACK/NACK
messages. The first five milliseconds of the ACK are unsuitable for detection (left).
With a low SNR of the backscattered signal, the individual estimates deviate more
(right).

data rate of all frequencies is, in all cases, below the wideband rates. Therefore, the
wideband scheme provides robust and faster communication without adapting the
carrier frequency to each channel. Furthermore, we acquired the maximum data rates
of the narrowband schemes only in simulation. We expect them to drop in a real-world
implementation similarly to the wideband schemes, supporting the usefulness of WB-
PPM.

Sample Frequency Offset

Section 8.3.4 showed that correct decoding of the downlink messages requires an SFO
mitigation strategy. The observed SFO of our prototype is in the range of 0.8 %—too large
for decoding even short, e.g., 20-bit messages. The mitigation technique presented
in Section 8.4 relies on an estimate of fi derived from the backscattered ACK/NACK
packet. This section evaluates the estimation accuracy and robustness to noise and
the effect of multipath propagation on the estimate. Therefore, we generated nine
thousand ACK packets at 30 carrier frequencies and three different clock offsets. For
each acknowledgment, we executed the presented estimation algorithm.

Figure 818 (left) shows the instantaneous SFO estimates computed from the phase
difference of two consecutive samples. At the start of the acknowledgment, the estima-
tion error is large due to the multipath propagation. However, after about 5 ms, a steady
state emerges, and the average estimation error over all recorded acknowledgments
converges toward zero. However, the standard deviation of the instantaneous estima-
tions is roughly 200 Hz, corresponding to a clock mismatch of 2.5 % at an intermediate
frequency of 8 kHz—much more than the receiver can tolerate. Hence, an instantaneous
measurement alone is insufficient for SFO estimation.

®
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To reduce the estimation error for a full acknowledgment, we omit the first 5ms of
each packet and average the remaining instantaneous estimates. Figure 818 (right)
shows the standard deviations of estimates derived from all observed acknowledgments.
We observe that estimates become less accurate when the SNR decreases. However,
with SNRs down to 7dB, most of the estimates have a standard deviation below 2 Hz,
corresponding to a clock mismatch of 0.025 %, which is negligible for the receiver. For
clarity, the plot does not show one outlier at a carrier frequency where the SNR was only
3dB. In this case, the standard deviation of the estimates rose to roughly 155 Hz. In such
cases, additional measures will be necessary to enhance the accuracy, e.g., averaging
the estimates of multiple ACK packets. However, such low SNRs are rarely observed,
especially when fine-tuning the carrier frequency for a particular channel. Hence, in
most cases, the frequency estimation is accurate enough to mitigate the sampling
frequency offset at the reader.

8.5.2 Wideband Power Transfer

To evaluate how efficiently the PMU harvests energy from wideband pulses, we compared
the transfer efficiencies with CW and wideband signals. The transmitted power was
derived from the measured current and voltage of the generated signal. We measured
the harvested power by placing a 3.3kQ resistance at the 1.8V regulated DC output of
the harvester—yielding an output power of roughly TmW while the harvester output is
activated. We then obtain the average harvested power by measuring the duty cycle.
Hence, the obtained efficiency incorporates all losses from the channel, rectifier, PMU,
and leakages. Due to the maximum power transfer theorem, the harvester can, at most,
harvest half of the transmitted power (see Section 2.41).

In Fig. 819 (left), we first measure the transfer efficiency in an ideally flat channel.
Therefore, we placed an 1kQ resistor between reader and tag to emulate a source with
fixed output impedance. The power transfer achieved an efficiency of roughly -7 dB. At
the same time, the efficiency using wideband pulses was only about -12.7dB—only a
quarter of the CW efficiency. Hence, as the idealized channel is frequency-agnostic, the
selected harvester is better suited for CW than WB signalls.

When repeating the same experiment on a real GW channel, the carrier frequency is
crucial for efficient power transfer. We first chose two frequencies that had a high voltage
gain on the specimen, 219.564kHz and 222.74 kHz, and compared them with wideband
pulses. In the real channel, all efficiencies are lower than in the flat channel, with roughly
-15dB for the best CW frequency. The difference between the wideband pulses and
the best CW frequencies increased to about -7.5 dB. However, the WB pulses perform
better than CW signals with medium-gain frequencies, e.g., 220.56 kHz. Ultimately, when
choosing a frequency with a particularly low voltage gain, the power was insufficient to
charge the harvester at all.

The takeaway from these results is that we should choose a suitable frequency CW
signal for efficient power transfer. Furthermore, we can expect to harvest about 5 to 6
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times less power during downlink communication with wideband-modulated messages.
However, wideband power transfer may still be useful during tag discovery, when the
reader does not yet know suitable frequencies for each tag.

8.5.3 Power Consumption and Availability

In the previous sections, we considered the maximum achievable data rates at which
we can still decode the messages correctly. However, the data rates in productive
batteryless systems are also limited by available power: The tag must have enough
stored energy to receive a whole message, and between messages, it requires time
to charge up before the next message starts. However, to estimate these maximum
average data rates, we must first acquire the MCU's power consumption.

We conducted a low-side current measurement by placing an 10 Q shunt resistor
between the MCU’s ground pin and the global ground and supplied the MCU with 1.8 V.
Figure 8.20 shows the power consumption in four states. Message reception is the most
demanding stage with up to 1.2mW power consumption, followed by acknowledgment
generation. Between messages, during the charging phases, the MCU is actively trying
to detect the start of the following message. Here, reducing the clock frequency during
the packet detection phase saves about 57 % power compared to the active reception
mode. While this is a considerable reduction, an analog message detection mechanism
without active sampling, similar to WISP, would be beneficial. Then, the MCU could remain
in the STOP mode with only 5 uW power consumption while waiting for an external pin
interrupt.
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[ Figure 8.20: Power Consumption of the MCU during four states while receiving a
packet with T);, = 1ms and N, = 96. Each boxplot shows the distribution of
power measurements during the state.

Maximum Rates

To explore the effectiveness of optimizing the detection stage, we estimate the maximum
achievable data rates when taking the charging and ACK phases into account. To
estimate the maximum, we assume that the reader transmits a message as soon as
the tag has charged up sufficiently to receive it. These rates serve as an upper bound
and are not achievable in real applications because the reader does not know the tag's
state of charge and will-most of the time—either transmit too early, risking packet loss,
or too late, not utilizing the maximum potential rate.

In our model, we denote the durations the tag spends in the states charging and
detection, reception, and acknowledgment as t., t,, and t,. Similarly, PS, PS¢, and Py
are the consumed powers in each state, and P, P*, and P are the harvested powers
per state. During continuous maximum-rate communication, the tag must harvest at
least as much energy as it consumes throughout message reception. Hence,

te(PY — PS) + t:(P} — PY) + ta(P) — PJ) > 0. (812)

c
This equation yields the minimum charge time between messages

—t. (PP — P°) — t,(P» — P°
te > (P; ) (P ) ) (813)
pPh — P¢

The consumed powers have been estimated in Fig. 8.20. Furthermore, we assume that
P! = 0.5P because the transducer is short-circuited half the time while transmitting
the acknowledgment. From Section 8.5.2, we assume Prh =~ 0.2Pch. Then, we derive the
maximum rate as

Ny

R=—""__ with t, =T 7+ Np)Ta 814
te + tr + tn T oﬁ+(+ b)m ( )
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[ Figure 8.21: The maximum data rate of a batteryless tag when using frame synchro-
nization with full MCU speed, reduced MCU speed, and analogously with the MCU in
stop-mode. The messages were N}, = 96 bits long.

with Ny, as the number of payload bits in the message, and a preamble length of 7
symbols. The acknowledgements are 20 ms long.

Figure 8.21 shows the maximum rates for the different frame synchronization imple-
mentations. Two methods rely on the MCU to sample and detect an initialization pulse,
once with full MCU speed and once with reduced speed, as implemented in our pro-
totype. The third method assumes an analog detector, so that the MCU can remain in
the power-conserving stop mode during the charging phase. The model shows that
reducing the power consumption in this stage is worthwhile as a more efficient detection
reduces the minimum harvested power required to charge the tag and enables higher
data rates when the harvested power is below roughly 4 mW. With higher harvested
power, the tag harvests more than it consumes in all states, hence, nothing is gained by
reducing power consumption further.

8.6 Summary and Discussion

This chapter analyzed the downlink communication in GW channels. The conventional
techniques of implementing a receiver on the resource-constrained tag are infeasible
in GW channels because of the large delay spread of the channel. We investigated
wideband pulses to increase the robustness against multipath propagation as an al-
ternative to commonly used continuous wave modulation schemes. Therefore, we
implemented a channel simulation including impulse responses of four real downlink
channels, incorporating real-world effects such as noise and randomized symbol timing.
Using this simulation, we compared the maximum achievable data rates of four different
encodings using CW modulation with two encodings based on wideband pulses.

The simulation revealed that the achievable data rates with CW schemes depend
strongly on the chosen carrier frequency. We identified Pulse Position Modulation as
the most robust scheme both with CW and WB pulses. In two out of four channels,
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communication with WB pulses enabled higher data rates than any CW scheme at any
frequency. In the remaining two channels, some frequencies existed where CW was
better at at least one frequency. However, in all cases, WB modulation was faster than
CW on average over all carrier frequencies.

Inaccurate clocks also pose a challenge for the downlink. The simulation study revealed
that the receiver only tolerated a clock derivation of less than 0.4 % for short messages
and considerably less when messages become longer. However, measurements on
several MCUs yielded an expected clock offset of more than 0.8 %. To reduce tag com-
plexity, we developed a scheme where the reader estimates the tag’s frequency offset
from backscattered acknowledgments and subsequently adapts the symbol interval
according to the estimated clock offset. This scheme successfully enabled error-free
transmission with high clock deviations without manual tuning for backscattered signal
SNRs down to 7 dB.

We demonstrated that active MPPT during energy harvesting interferes with message
reception, as the extracted current directly influences the transducer voltages. Therefore,
we proposed a modification of the harvester circuit that still enables message reception
at the expense of harvesting efficiency. In the future, we propose investigating more
integrated solutions where the MCU has fine-grained control over the PMU states, i.e.,
optimizing for efficiency during a charging phase and for signal integrity during the
reception.

Furthermore, we experimentally investigated if wideband pulses are a viable alternative
for wireless power transfer. We found that, even with an idealized channel, the transfer
efficiency of wideband pulses is about 5 dB lower than that of CW signals. In real channels,
the efficiency of CW signals depends strongly on the carrier frequency. WB pulses were
about 7.5 dB worse for power transfer than the best-frequency CW signals. However, WB
pulses are beneficial when the channel is yet unknown, i.e., during tag discovery.

Implementing better message detection schemes potentially improves tag availability
and increases data rates when harvested power is scarce. We show that an analog
comparator-based detector can reduce the power consumption during the charging
phase by roughly 93 % compared to the software-defined detection, which allows the
MCU to reduce charging times significantly.






Chapter

Conclusion and Outlook

Structural health monitoring becomes increasingly important to efficiently maintain
aging and new infrastructure, such as bridges, pipelines, wind turbines, and similar struc-
tures. Unfortunately, the vast number of sensors required for continuous and real-time
monitoring poses a challenge, as deployment and maintenance of the devices become
very costly. Although batteryless sensor nodes using backscatter communication, e.g.,
RFID, may reduce the costs of such sensor networks immensely, some environments
are unsuitable for radio-frequency wave-based communication. Acoustic backscatter
communication and power transfer are promising opportunities to realize economically
scalable wireless sensor networks embedded in hard-to-reach and electromagnetically
shielded places.

This dissertation first analyzed the state-of-the-art in acoustic through-metal com-
munication. Backscatter communication has never been tested in guided-wave-based
channels. Furthermore, research in related active communication and power transfer in
such channels is scarce and very heterogeneous. In particular, existing studies tailored
systems to a single sensor position in a specific structure, which is not scalable to large
numbers. Lastly, most of these studies neglected challenges arising in practical imple-
mentations, e.g., limited computational resources, clock mismatches between different
devices, and power consumption.

Our first goal was the feasibility analysis of backscatter communication in GW chan-
nels and its limitations. Therefore, we started by analyzing the techniques used by RFID
and existing acoustic backscatter systems in underwater or in-body applications. The
investigation of multiple guided-wave metal channels showed that backscatter commu-
nication is possible but comes with several challenges. First, the multipath propagation
in guided-wave channels prohibitively limits the achievable data rates. Second, the
input impedance of the piezoelectric transducers is strongly coupled with the structure’s
acoustic impedance, making it impossible to perform static impedance matching, and
third, efficient wave propagation in these channels is limited to low frequency ranges,
reducing the available bandwidth. To increase the low achievable data rates despite
the limited bandwidth, we investigated higher-order modulation, improving bandwidth
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efficiency. The strong coupling of the transducer’s input impedance with the structure
makes selecting ideal load impedances for the backscattering tag before deployment
infeasible. We, therefore, proposed and implemented a method that dynamically selects
fitting load impedances for the nonlinear channel and a setup procedure based on
an equivalent circuit channel model. A thorough evaluation showed that the channel
model agrees well with the actual channel.

As inter-symbol interference from the multipath propagation is a major limitation for
further data-rate increases, we investigated equalizers for guided-wave channels. The
nonlinear nature prohibits the direct application of standard equalization techniques.
Therefore, we derived a linearized channel model that the receiver can learn from a
training sequence. Using this model, we compared two common equalizer types, showing
that decision feedback equalizers are better suited due to their robustness to noise and
reduced number of taps. Equalizers were very beneficial in enhancing the data rates,
yielding rates up to 10kbits™.

Our second goal was to analyze and improve the downlink, which uses active com-
munication but experiences the same reverberation as the uplink. However, downlink
communication requires a different approach because the resource-constrained re-
ceiver can not execute complex equalizers. We investigated short-time wideband pulses
as an alternative to continuous-wave modulation, which improved data rates and ro-
bustness without increasing receiver complexity. Evaluation in simulation and with a
practical prototype demonstrated that wideband modulation is more robust against
inter-symbol interference than narrowband modulation for most carrier frequencies.
Although the narrowband modulation may be better at optimally chosen carrier fre-
quencies, wideband modulation is beneficial without prior knowledge of the channel.
However, the long message duration in through-metal communication is challenging
for batteryless nodes, as little energy can be harvested during reception, requiring large
energy buffers and limiting the availability of a tag device.

Our third goal was to characterize the potential of wireless power transfer and the
tradeoffs arising from simultaneous energy harvesting and communication at the tag.
We found that unpredictable transducer impedances also interfere with efficient wireless
energy transfer, which relies on impedance matching. Instead of tailoring our harvester
to the specific channel, we evaluated dynamic maximum power point tracking in the
harvester. The guided-wave channel provides opportunities to transfer energy with
2.8% efficiency over three meters, which is acceptable to power ultra-low-power sensor
nodes. Experiments on more realistic structures suggested that distances of tens of
meters are feasible because of the low attenuation of guided waves, although wave
excitation might require a higher TX power initially in thick structures. While simultaneous
harvesting did not significantly interfere with backscattering at the tag, the downlink
messages proved to be highly distorted, requiring deactivation of the MPPT mechanism
during message reception.

Throughout all communication methods in this dissertation, we could show that inac-
curate oscillators arising in practical implementations significantly impact robustness,



9.1 Outlook

which most existing studies neglected in their lab and simulation setups. To fulfill our
fourth goal, we proposed static and dynamic adaption techniques to alleviate the effects
of sampling clock mismatches. However, simulations have shown that, although the
implemented methods considerably mitigated the effects of frequency offsets, a clock
mismatch still strongly impacted receiver robustness. Furthermore, we demonstrated
that the metal channelis time-variant and is sensitive to slight temperature changes and
environmental conditions. Hence, we implemented adaption techniques that include
the channel parameters of the proposed channel model. To ensure the generality of the
proposed methods, we tested them on multiple physical channels in each evaluation,
avoiding optimizing our prototype to only one specific channel.

Finally, our last goal was to construct and share a prototype from commercially avail-
able, cheap, and low-power components. All the proposed methods were first tested in
simulation or on high-performance lab devices. We then designed custom prototypes
to validate that the techniques are feasible with the resource-constrained devices that
must be expected in realistic applications. To support our goal of fostering additional
research in the field, we published the circuit diagrams, PCB layouts, firmware, and soft-
ware of our prototype in [OR23] under an open-source license and plan to publish later
prototypes similarly with this dissertation.

9.1 Outlook

As through-metal communication received little attention in the past—particularly in
guided-wave channels—promising research paths emerge from this dissertation.

The encouraging results of wideband modulation for the downlink, i.e., improved
robustness to ISI and less dependence on a suitable carrier frequency, motivate the
application of wideband modulation schemes in the uplink as well. While many wideband
schemes exist, the challenge is to modulate the signal with a microcontroller-based and
backscattering tag. Frequency hopping spread spectrum (FHSS) is a likely candidate
because it is easy to implement with a tag prototype we presented in this dissertation.
However, the backscatter modulation prevents the tag from using a band-limited pulse
shape, making it challenging to isolate the sub-channels used in FHSS from each other.

The energy demand of the batteryless tag is a limiting factor for availability and in-
creased distances. Therefore, more energy-efficient tag implementations have a vast
potential to improve distances and reduce overall energy consumption. As demon-
strated with WISP and SOC-WISP, dedicated implementations on ASICs can potentially
reduce energy consumption more than twenty times. Considering the linear decay of
guided-wave power with distance, that translates to a twenty-times increase in charging
distance at the same transmitter power. Furthermore, large-scale monitoring of civil
infrastructure requires large amounts of devices, and a SoC implementation can cut the
device cost and size considerably.
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In this dissertation, simultaneous harvesting and communication were shown to im-
pede each other because the employed power-management units were not designed
for concurrent use of the power source as a sensing element. An integrated approach
where the MCU has fine-grained control over the PMU, e. g., deactivating MPPT during
message reception, can help to strike a balance between efficient harvesting and robust
communication. Furthermore, a tag that is aware of its energy reserves can further
reduce its energy consumption, e.g., by completely shutting down when the stored
energy is insufficient to perform its task.

Finally, this dissertation focused on the physical layer of the backscatter communica-
tion, assuming that only one tag is available for a reader. In practical scenarios, multiple
tags may be within the read range, requiring a data-link layer protocol. The diverse RFID
standards already propose several approaches to tag discovery and addressing. How-
ever, they are based on application scenarios different from the envisioned monitoring
tasks: In through-metal scenarios, the readers and tags are fixed to one location, data
rates are much lower, and the uplink is considerably faster than the downlink because
of the multipath propagation. The design of the existing protocols may, hence, be unfit
for this purpose, and new or adapted protocols may prove beneficial.
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