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1. Introduction

Most of the modern electronic devices that we use in our daily life contain
Printed Circuit Boards (PCBs). A PCB is the carrier for electronic components
used in devices to provide a mechanical support and a connection pathway
to the electronic components. They contain Integrated Circuits (ICs) and a
collection of electronic components; resistors, transistors, capacitors, etc. The
reliability of the information that is transferred from one chip to another
is very important to guarantee the optimal performance of the device. To
interconnect the chips at high data rates transmission lines are used. They
are responsible to assure a stable and reliable data transmission.
The data transmission uses electromagnetic waves traveling through the
transmission lines. During the transmission, waves encounter parasitic effects. This causes reflections that are undesirable because they can corrupt
the transmission. As timing in a reliable transmission is crucial, the delay of
the traveling waves along the transmission lines must be predicted accurately.
Modern circuits are designed using Computer Aided Design (CAD) software. To obtain accurate and trustworthy designs, precise models are needed
to represent the reality. These models are expected to be straight-forward to
use and to be able to predict the causes and the sources of the signal degradation accurately.
Depending on the design, the parasitic effects that a designer might encounter vary from cross-talk to attenuation, ringing, dispersion, distortion,
reflection and delay spread. In this work we focus on the modeling of two of
the effects mentioned in this list: reflections and delays.
Delays in high frequency structures are mainly caused by the transmission
lines and their value depends on the length of transmission lines and the materials they are designed for and fabricated on. The electromagnetic waves
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Figure 1.1.: The Printed Circuit Board of a NVIDIA Titan V graphic card [4].

travel at a different speed in the vacuum and in the transmission line. Therefore the propagation speed of the waves is calculated specifically based on
the properties of the line.
The other important property of a transmission line is its characteristic
impedance (Zc ). The characteristic impedance depends on the geometry and
the materials of the transmission line and, for a uniform line, it does not
depend on the position along of the transmission line. Reflections are created when an incident wave encounters a change of characteristic impedance,
whether this is induced by a discontinuity, an inhomogeneity, or a tap of
lumped elements in the transmission lines. Reflected waves can can be classified in two main classes:
Lumped reflections are created by lumped elements in the structure, or sudden changes in the characteristic impedance of the line.
Diffused reflections are due to non-homogeneous transmission lines that vary
smoothly (like a tapered transmission line) and hence the characteristic
impedance of the line has smooth changes too.
In this work we only consider homogeneous transmission lines. If diffused
reflections occur they are approximated by lumped reflections. On the one
hand this shows the modeling power of the proposed models: they are ca-
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pable of approximating a behavior while it does not fit in the model class.
On the other hand this results in an obtained model that cannot always be
physically interpreted, and this hampers the job of a designer.
The incident wave scatters or reflects. This creates reflected waves at each
of these line junctions. This is the reason that the reflected waves contain
a lot of information about the type, the size and the position of the discontinuities in the structures. This is beneficial and useful information for the
designers and can help to obtain to more reliable designs. How the information is conveyed in the reflected waves is explained in detail in the rest of the
text.
As the reflected waves contain useful information, identifying reflections
has always been a concern, not only for microwave and Radio Frequency (RF)
or Signal Integrity (SI)/Power Integrity (PI) applications, but also in other engineering societies such as geophysics [13], optical transmission, mine-field
detection [5] civil engineering [1, 65] and geology. However, in this work we
consider a specific class of systems that operates at radio frequencies and we
focus on identifying the localized reflections and the delays in these structures.
Day by day, the operating frequency of the networks is increasing together
with the complexity of the structures. Multi-layer substrates and faster clock
speeds are emerging. Hence new models are needed that can embrace these
complexities while staying simple to use and to interpret. Here we consider
a certain type of network that is introduced in 1.1 and tackle the modeling challenge with a model suite that will describe the main source of signal
degradation in such networks. The model suite that is proposed in this work,
can be used for SI design purposes, passive tuner modeling, speeding up the
harmonic load-pull test benches. The models can also be used in multi-path
transmission to characterize the Frequency Response Function (FRF) of the
different possible paths.
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Figure 1.2.: A general schematic diagram of the systems under study represented as a
lumped/distributed structure. Transmission lines (T L) are tapped with the unknown
elements or circuits (L).

1.1. Systems under study: Lumped Distributed
Structures (LDS)
We model systems that operate at microwave and radio frequencies and contain distinct reflections as a Lumped Distributed Structure (LDS). The general
schematic of an LDS structure is illustrated in Figure 1.2. The transmission
lines are labeled as T L and the taps are indicated with L, representing unknown lumped elements. These two are the cause of the delays and the reflections respectively. In the following we discuss these two parts separately.
Distributed structures: Transmission lines
When the wavelength of the signals involved in the circuits becomes of the
same order of magnitude (or sometimes even smaller) as the physical dimensions of the circuit itself, distributed effects need to be taken into account.
For typical PCBs this starts from 1 GHz on and becomes worse for higher frequencies.
Therefore, the need to switch from a lumped to a distributed system description is inevitable. When the distributed effects come into play, interconnections between circuit elements are realized by transmission lines.
In this thesis we consider Transverse Electro Magnetic (TEM) transmission
lines or quasi-TEM lines.1
Since transmission lines have at least two conductors in most cases, they
1 Quasi-TEM

lines can also be considered, like microstrip technology. Microstrip lines are considered as quasi-TEM because in most cases the dielectric substrate is electrically thin. [57]
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(b)

(b)
Figure 1.3.: Lumped circuit representation of the distributed network elements of a section of a
transmission line with length of ∆z

are often shown schematically as two wire lines. If we consider a (infinitely)
small section of a transmission line with the length (∆z), we can represent
this section using lumped circuit elements as depicted in Figure 1.3. If we
assume that the transmission line is uniform in shape along the z−direction,
a one dimensional (1D) transmission line model results [57].
In this case, both the voltage V and the current I, become dependent on the
time t and the longitudinal distance z along the length of the line (V (z,t) and
I(z,t)).
The short piece of a transmission line with length ∆z, can be modeled as a
lumped-element circuit as is shown in Figure 1.3. The Per Unit (PU) length
quantities are introduced in the literature to model the elementary slice of
the line:
• the series inductance (L) represents the total self-inductance of the two
conductors Per Unit (PU) length,
• the shunt capacitance (C) is the capacitance of the line due to the close
proximity of the two conductors and the dielectric in between them Per
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Unit (PU) length,
• the series resistance (R) represents the resistance due to the finite conductivity of the conductors Per Unit (PU) length,
• the shunt inductance (G ) represents the dielectric loss in the dielectric
material between the two conductors Per Unit (PU) length.
Therefore R, G represent the losses of the transmission line. All these properties are calculated Per Unit (PU) length of the lines. A finite length of a
transmission line can then be considered as a cascade of elementary short
sections.
Applying Kirchhoff’s voltage and current law on the lumped representation of the section of the transmission line, and taking the limit as ∆z → 0,
leads to the time domain form of the transmission line equations, the Telegrapher’s equations in time domain [57]:
∂ v(z,t)
∂ i(z,t)
∂ z = −Ri(z,t) − L ∂t
∂ i(z,t)
∂ v(z,t)
∂ z = −Gv(z,t) −C ∂t

(1.1)

Taking the Fourier transform of v(z,t) and i(z,t) results in:
V (z, jω) = F {v(z,t)}
I(z, jω) = F {i(z,t)}

(1.2)

so the Telegrapher’s equations in frequency domain can be defined as:
d 2V (z, jω)
− γ 2V (z, jω) = 0
dz2
d 2 I(z, jω)
− γ 2 I(z, jω) = 0
dz2

(1.3)

where γ is the wave propagation constant and is defined as:
γ( jω) = α + jβ =

p

(R + jωL)(G + jωC)

(1.4)

with ω = 2π f being the angular frequency.
Another important property of the transmission lines can also be derived
from (1.3). The characteristic impedance Zc ( jω) is defined as:
s
R + jωL
Zc ( jω) =
(1.5)
G + jωC
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Figure 1.4.: S − parameters of a two port system

In this work, we only consider lossless transmission lines (R = G = 0). However, if the transmission lines to be modeled are lossy, we model the loss with
the lumped taps.
The notion of wave is considered to deal with distributed systems. The
voltage and current along the lines are position dependent for distributed
systems which makes characterization of the transmission lines model very
hard.
The wave formalism in transmission lines can be extended to the behavior of any two-port system. In that case, instead of choosing voltages and
currents as input and output variables of the electrical system, we use the
corresponding incident and reflected waves. The schematic representation of
a two-port network is shown in Figure 1.4. The incident voltage waves are
labeled as (a) and reflected voltage waves labeled as (b). The representation
of these waves as a function of voltages and currents at the ports is:
V − Zc I
V + Zc I
b=
(1.6)
2
2
At the ports of the system, incident waves are entering the system while
the reflected waves are leaving the system as is illustrated in Figure 1.4. The
voltage waves at the ports in a normalized Zc are defined as:
a=

a1 =
b1 =

V1 +Zc I1
2
V1 −Zc I1
2

a2 =
b2 =

V2 −Zc I2
2
V2 +Zc I2
2

(1.7)

The relation between the waves is then represented by the scattering matrix
(S − parameters). Incident and reflected waves can be related by the following
matrix notation:
[b] = [S][a]

(1.8)
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where [S] is a complex valued scattering matrix. This scattering matrix contains the scattering (S−) parameters that relate the waves at the two ports as
follows:
S11 =

b1
a1

S21 =

b2
a1

S12 =

b1
a2

S22 =

b2
a2

a2 =0
a2 =0

a1 =0

(1.9)

a1 =0

The S − parameters describe any Linear Time Invariant (LTI) two-port network, therefore, a transmission line can also be described by its S−matrix:
"
# "
#"
#
b1
S11 S12
a1
=
(1.10)
b2
S21 S22
a2
with S11 and S22 the port reflection coefficients and S12 and S21 the transmission coefficients, sometimes referred to as forward and backward gain.
The scattering matrix for a lossless, transmission line with the characteristic impedance of Zc length l is given by:
"
# "
#
S11 S12
0
e−γl
=
(1.11)
S21 S22
e−γl
0
The time it takes for a wave to propagate through the transmission line
over a certain length l is called the propagation delay (τ). For a lossless transmission line γl = jωτ, hence:
"
#
0
e− jωτ
(1.12)
[S] =
e− jωτ
0
The propagation delay also depends on the medium that the wave is traveling into. The electromagnetic waves travel at the speed of light (co ) in free
space but if they are surrounded by another homogeneous material, the delay
increases proportionally to the relative permittivity. The propagation delay
can be calculated as:
√
l εr
(1.13)
τ=
co
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Figure 1.5.: Time-distance schematic of multiple reflections at discontinuity Li . [73]

with co = 2.99 × 108 m/s the speed of light, l the length of the line and εr the
relative permittivity of the material that the transmission line is fabricated
in.
In this thesis, many of the numerical examples are designed in microstrip
technology. Therefore, a more detailed discussion of the propagation delay
in this specific transmission line type is discussed in more detail in Appendix
A.
Lumped elements
The second element type in the LDS are the lumped elements. Lumped elements are used to represent:
• passive elements
• discontinuities in the structures, such as “via”s, chips interconnected to
the lines, discontinuities in the ground plane. Even inhomogeneities in
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the transmission lines, such as a long slowly increasing or decreasing
tapered line can be modeled approximately as a lumped element.
When an incident wave encounters a change of impedance it scatters and creates a reflected wave such as a shown in Figure 1.6. The reflection coefficient
then is defined as:
Γ=

ZL − ZS
ZL + ZS

(1.14)

with ZL the impedance of the load and ZS the impedance of the source or line.
o
A negative reflection coefficient means that the reflected wave receives a 180
phase shift.
Multiple reflections occur when impedance discontinuities or mismatches
are large enough for a detectable wave to appear for more than one round trip
of the wave. If the backward reflected wave is reflected forward again it will
become an interfering reflected signal. This signal is smaller in amplitude, is
delayed in time, and possesses an additional phase shift when compared to
the original incident wave [2]. In theory, there is infinite amount of multiple
reflections, but they get more and more attenuated each time they reflect.
Therefore, only a finite number of multiple reflections can be considered in
practice. A general diagram of waves reflecting multiple times is illustrated
in Figure 1.5.
When there is a discontinuity in a transmission line, it will also excite
higher order modes in the line. We assume that these higher order modes
fade out quickly and therefore, they are ignored in this work.
An example of a structure that contains multiple reflections is illustrated in
Figure 1.6. The incident (a) and the reflected wave (b) are depicted. The case
of multiple reflections is illustrated by solid arrows while the single reflection
case is depicted by dashed arrows. In this work we consider the lumped
elements as the source of the reflections, therefore it is important to verify
where these are located. Their position can be estimated using the delay of
the measured/ simulated reflected wave at the input or output port of the
Device Under Test (DUT). This requires one to assume a known propagation
speed of the medium in which the wave traveled.
In this work we offer a model suite including 3 model classes that are parsimonious in the number of model parameters and meanwhile are able to
provide accurate models for structures that consist of cascaded transmission

10

1.1. Systems under study: Lumped Distributed Structures (LDS)

Figure 1.6.: An example structure that contains single and multiple reflections. The incident (a)
and the reflected wave (b) are depicted. The case of multiple reflections is illustrated
by solid arrows while the single reflection case is depicted by dashed arrows.

lines tapped with unknown lumped circuits. Using the proposed models one
can model the transmission lines of the structure with delays and the unknown lumped circuit with rational models. Existing methods in the literature tackle these structures too, but in most cases the proposed methods need
a large number of model parameters to provide an accurate model.
In this thesis, we consider the measured (and/or simulated) data in the frequency domain on a discrete frequency grid and measure the (S11 ) scattering
parameter. The measurements or the simulations considered here can be one
port, or two port or even multi port ones. Even if we do not approximate the
full S−matrix, we will consider a model for a single S−parameter.
The proposed model suite follows a black box identification approach. In
what follows, we discuss the state of the art on the LDS and we divide the
existing methods in the literature in groups based on the identification approach they follow.
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1.2. State of the art on LDS identification
Various methods have been proposed to identify and analyze electromagnetic structures such as interconnects, multi-conductor transmission lines
and similar distributed structures in the literature. Both time and frequency
domain methods are used to characterize the structures. A classical way to
characterize the systems using a frequency domain approach is to use rational curve fitting techniques [2,35,61]. In the recent years other methods such
as Vector Fitting (VF) [35] or Loewner Matrix (LM) framework [59] methods
have been proposed to model the frequency response. Using these techniques
one can obtain an accurate model as long as the structures are electrically
short (compared with the signal wavelength). These rational identification
methods provide a lumped equivalent model for the networks under study
that is described by a rational transfer function or transfer function matrix.
Good examples of such electrically short structures can be connectors, via
fields or small packages.
The dilemma starts when the operating frequency of the networks increase
such that the length of the transmission lines in the circuit becomes a significant fraction of the wavelength of the waves at the operating frequency of
the system. In other words, trouble starts when the lines become electrically
long.
The electrically long lines create big delays that need to be captured by
the models. Due to these long delays, the lumped equivalents become inadequate to characterize the systems as the order of the rational form increases
very fast to be able to model these long delays. The curve fitting approaches
need huge amount of parameters to be able to offer an accurate model which
leads to inefficient models referred to as non-parsimonious models in a system identification context. Remember that these methods do not provide any
information about the delays of the structures, therefore they cannot offer
any physical insight about the structure under study.
In recent years, the increasing complexity of the systems along with the rising clock speeds or operation frequencies of the circuits, demand new methods to emerge. To be able to keep the models parsimonious (low number of
parameters)2 and in the meantime give more physical insight about the sys2 Number

of parameters is considered low, when number of the model parameters << number
of data points. [55]
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tems under study, purely rational methods started to incorporate delays into
the proposed model structures [7, 9, 23, 25, 46, 52, 59, 62]. Resulting models
need less parameters and also provide a vision about the internal structure
of the system.

Identification approaches
To introduce the existing methods in a structured way, we classify them by
their system identification approaches.
System identification is a methodology to build mathematical models for
systems based on measured/simulated data, using statistically relevant methods.
Two main identification approaches exist: the black box identification and
the grey or white box identification. In the black box identification there is no
use of any kind of specific prior knowledge about the system under study: the
system is considered as a black box. In the grey or white box identification
some knowledge about the system under study must be provided by the end
users to extract the model. The choice between these two methods depends
on the aim of the study: the grey or white box approach is better for gaining
insight into the working principles of a system, but a black box approach
can provide a better prediction of the output [55]. Moreover, the black box
approach is less linked to a specific type of system: it can be used to model a
wider class of systems.
The method that we propose follows a black box identification approach.
Nevertheless, we briefly discuss the main methods offered by both approaches.

1.2.1. Grey box LDS identification techniques
Sometimes some prior knowledge about the system to be modeled can be
provided to the identification process. This knowledge can result in a model
that is based on the comprehensive knowledge of the internal functioning
of the system. If the identification process involves prior knowledge about
the system under study, then it is called a grey box system identification. In
identifying LDSs, most of the existing methods in the literature need some
pre-knowledge about the structure under study to deliver an accurate model.
However, this is not always available in real life applications. Here, we dis-
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cuss some of the well-known techniques that follow the grey box identification method.
The Delay Extraction-based Passive Compact Transmission line (DEPACT)
macro-modeling algorithm [52] is one of the methods that shares the same
idea of extracting propagation delays prior to the identification of the model
parameters with what we do here. During the delay extraction procedure [20]
the prior knowledge of the PU parameters is required. The approach combines the merits of two well known macromodeling techniques, the Method
of Characteristics (MoC) and the Matrix Rational Approximation (MRA).
MRA [19] is based on predetermined coefficients which are computed as a
function of the PU parameters. Based on these pre-calculated coefficients, a
model is derived in the form of differential equations. In the presence of long
delays this method still needs a high order approximation and therefore its
efficiency drops. Essentially the method is limited to short lines. MoC [22,31]
is a method whose numerical efficiency is heavily dependent on the implementation used. The implementation cost can be very high. It is commonly
used to model Multi-conductor Transmission Lines (MTL). There are many
algorithms based on MoC attempting to decrease the numerical cost when
considering long lines. The downside of these methods lies in the fact that
they represent long interconnects with only transmission line models without any internal lumped discontinuity, which is not always accurate or close
to reality. In examples such as buses that are made of various blocks, chip-tochip or chip-to-memory systems, the interconnects include discontinuities.
Therefore it is not accurate to model them with pure transmission lines [9].
Moreover according to [7], such a direct rational approximation (like DEPACT) requires a large amount of poles to ensure a sufficient accuracy of the
models, which leads to a high calculation time.
In [45] a delay rational model is introduced which needs the prior knowledge on PU parameters to be able to extract the delays and incorporate them
into the model. The main achievement of this model is the reduced size of
the rational macromodel thanks to the explicit a prior delay extraction.

1.2.2. Black box LDS identification techniques
The goal of this approach is to directly extract a model from the measured/
simulated data. Therefore instead of making a detailed study and developing
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a model based upon physical insight and knowledge, a mathematical model
is proposed that allows sufficient description of any observed measurements
[55]. This approach generally reduces the modeling effort significantly which
is more realistic in real life applications.
Some methods introduced in the literature follow this approach. Most of
them are based on rational fitting and they include the propagation delays
of the structures into their proposed models to decrease the number of the
model parameters. Including the delay parameters in the model causes a decrease in the number of total model parameters because otherwise the delays
are to be series expanded by a rational fit. The rational approximation wastes
a huge number of poles on the modeling the delay specially if the delay to be
approximated is long .
Among the rational fitting techniques, VF and its various implementations
have become very popular over the last years [16,17,33,35,36]. They can provide fast and robust models, but as mentioned before they only remain parsimonious for structures with short lines and moreover they do not provide
any physical intuition of the structure of the system. One of the well-known
methods derived from VF is the Delayed Vector Fitting (DVF) [9]. The procedure includes an iterative Weighted Linear Least Square (WLLS) method
to obtain the model. This method originates from Delayed Sanathanan Koerner (DSK) estimation scheme [60] with a pole relocating step in each iteration. DVF basically expands the transfer matrix into a finite number of
single delay terms, while each delay term represents the response contribution originating from an individual signal reflection caused by internal or
external discontinuities. The proposed resulting delayed rational model is
represented as [9, 62]:
M−1

H(s) ≈

∑ Qm (s) e−sτm

(1.15)

m=0

with s the Laplace variable, τm the physical delay and the Qm (s) terms are
rational functions:
Qm (s) =

∑n̄n=0 Rmn φn (s)
∑n̄n=0 rn φn (s)

where n̄ is the order of each Qm (s) term (same order for all Qm (s)), and φn (s)
are the partial fractions associated to a prescribed set of basis poles an and
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the delays τ1 , ..., τm as:
(
φn (s) =

1
1
s−an

n=0
n = 1, ..., n̄

The delayed rational function is then approximated using the partial fraction basis. Initial poles are chosen to be linearly distributed over the data
bandwidth and close to the imaginary axis [35].
Other methods have been introduced following the same strategy of including the propagation delays into the models, while extracting the delays
using diverse methods [8, 10, 30, 62]. There are also different rational implementations besides VF, such as using the Loewner Matrix (LM) framework.
LM provides a direct mechanism to identify the order of the rational model
based on the magnitude of the Singular Value Decomposition (SVD) in contrary to the VF which relies on multiple different order approximations [59].
Some algorithms consider time-domain data only. The time-domain data
is divided into intervals and then each interval is approximated by a sum
of exponentials. The position of the split points is decided by performing a
time-frequency analysis of the time-domain data using wavelet decomposition. It is worth to mention that the separate approximation of intervals of
a continuous signal can lead to discontinuities at the time points of overlap
between partitions. To avoid this risk, constraints are added to the identification step which make these methods not very straightforward to use [7].
All the introduced delayed-rational models that follow either a black box
or a grey box identification approach, use a similar model as (1.15). In other
words, they all include the propagation delay only in the numerator of the
rational part.
Including the delay term also in the denominator results in a model that
represents directly and efficiently all the finite multiple reflections. The method
has been introduced in [68] and it claims that it provides more compact and
efficient models with respect to DVF [69]. However, the proposed model
works under some certain constraints only. It performs optimally only in the
case that the structures contain no internal discontinuities. Another delayed
rational modeling technique is proposed in [69] that is the extended version
of [68], and includes the delays in the denominator. The main limitation of
the proposed technique is the fixed structure of the interconnect modes of
propagation. As it requires a modal decomposition matrix that is not frequency dependent, the different modes of propagation should not depend on
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frequency. This limitation restricts the applicability of this approach. Still
the proposed method in [68] is the one resembling most to what we propose,
since it introduces a delayed full rational model that has a delay term in the
denominator.

1.3. Research goal
The goal of this work is to offer a method that can model an unknown LDS
that operates at RF, without any dependence on any prior knowledge about
the structure. The proposed method must be able to characterize the structure regardless of the magnitude of the reflections measured at the ports of
the structure. The number of the model parameters must be kept as low
as possible while offering an accurate model. We also want the proposed
method to be able to tackle multiple reflections in case they occur and to
estimate the delay introduced by the transmission lines in the structures precisely.
To achieve these goals, a black box model suite is developed including three
different model classes, where the complexity of the models in the classes increases with the complexity of the structures. Therefore a balance between
complexity of the structures and the models is considered. The models can
be directly applied to simulation or measurement data in the frequency domain. The estimated propagation delays are integrated in the models to keep
the models parsimonious in the parameters. For all the models in the model
suite, the strategy of the delay extraction remains the same while the complexity of the rational part varies from a polynomial to a full rational form.
In the case where multiple reflections are present and dominant, the model
parsimony in the number of the model parameters is still at risk.
Therefore, to limit the number of the model parameters, a full rational
model is introduced that also includes the propagation delay term in the denominator unlike most of the delayed-based rational models in the literature
that follow (1.15). Adding the delay term in the denominator plays an important role for catching multiple reflections. Therefore the multiple reflections
that are caused by any source of discontinuity are represented directly and efficiently. It must be mentioned that when a reflection is detected, the source
of the reflections stays unknown.
The proposed method is applicable on many practical cases among which
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SI and impedance tuners are well-known. Therefore the method is applied
to some SI simulation examples and some tuner measurement examples to
demonstrate the capabilities of the proposed model suite.
A large part of this works is devoted to introducing the model suite, applying the method on different simulation and measurement examples and
discussing the estimation and identification procedure.

1.4. Thesis outline
This thesis introduces the proposed model suite in Chapter 2, where the implementation of three model classes are explained. Then the delay extraction
method is discussed and compared to the state of the art. The procedure of
model parameters estimation identification, including the noise model and
the choice of the estimator is also explained in Chapter 2. At the end of this
chapter, the introduced models are evaluated on numerical examples.
In Chapter 3, the proposed model suite in then applied to measured data
from a real life application, namely a mechanical impedance tuner. Next, the
models are also validated on Signal Integrity (SI) simulation examples.
Chapter 4 introduces a novel adaptive sampling technique that is proposed
for calibration of mechanical impedance tuners, which can decrease the calibration time of such tuners drastically. The obtained results are shown and
discussed.
Conclusions are drawn up in Chapter 5 together with main contributions.
At the end of this work, the possible application for the proposed models and
possible future works are explained in Chapter 6.
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2.1. Introduction
2.1.1. Positioning of the model suite
In Chapter 1, the need for a new modeling technique for tapped transmission
line structures is shown as classical rational models become more complicated when the electrical size of the system increases. The reason is that physically they are inadequate for systems with a large electrical length and/or
complex transmission line structures. The goal here is to propose a modeling
framework that can model the reflections created by the lumped elements
along a transmission line accurately and estimates the delays caused by the
transmission lines.
In this chapter, a suite of models with three levels of complexity is proposed. The complexity of the model set used increases gradually throughout
the chapter. This is needed to cope with increasing reflection coefficient from
moderate to high magnitude. More complexity results in a better accuracy,
and the capacity to capture both single and multiple reflections. However, it
comes at a cost: the estimation of the models is more complex and the order
selection is more complicated. This will be discussed in detail in this chapter.
The model suite is composed of three model classes. The first two model
sets have a similar model structure. They both model the response of the
transmission line structures under study as a finite sum of delayed reflections, each with a reflection factor that is represented by a finite order rational
form. Both the complexity of the rational form and the number of reflections
varies to adapt to the complexity of the modeled system. The third model of
the suite is different. It can be interpreted as a generalization of the rational
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form model of a Linear Time Invariant (LTI) system, but now each term in
the polynomial contains a delay term. The consequence is that multiple reflections now have a built-in description. Their modeling will require only
one single delay in this class.

2.1.2. General ideas for the identification
The identification procedure is common to all sets in the model suite:
• first, initial values for the delays are are obtained.
• next, the model of the reflection is identified with fixed delays. The delays obtained in the first step are used to extract the full rational models
that describe the lumped reflections.
• finally, a last polishing step is used where delays and reflections are
optimized simultaneously to reduce model uncertainty.
The procedure results in more accurate estimation of the reflections while
keeping the number of model parameters reasonably low.
In this work only lossless transmission lines are considered. Modeling lossy
lines is very complicated and out of the scope of this work. As real transmission lines in real life applications are always lossy, this seems to be problematic. However, we can model the lossy line approximately as an ideal line and
a lumped reflection that is added to the far end of the line.
One other concern that should be taken care of is the bandwidth of the
measurement, which must be sufficiently wide to cover the bandwidth of the
transmission line under study to obtain identifiable models.
The general equation describing the proposed models in the time and frequency domain can be represented respectively as:
of the measured quantities
nτ

b(t) = ∑ si (t − τi ) ∗ a(t)

(2.1)

i=1
nτ

B( jω) = ∑ Si ( jω) e− jωτi A( jω)

(2.2)

i=1

where b(t) and a(t) are the output and input waves, ∗ represents the convolution, τi is the delay introduced by transmission line i, nτ is the number of
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delays to be estimated and si (t − τ) is the delayed impulse response of the ith
lumped system in the time-domain. Si ( jω) is the Frequency Response Function (FRF) of the ith lumped system(see Figure 2.1). As the ith lumped element
is considered to be an LTI, it can be modeled by a rational model:
Si ( jω) =

Ni ( jω)
Di ( jω)

(2.3)

The proposed models describe the mixed distributed-lumped nature of the
system in the case of single reflections and also multiple reflections. Here,
multiple reflections are modeled as a sum of reflections with commensurate
delays. As this results in a large increase of the number of parameters. In
practice, only a few reflections will be detectable, but the increase in complexity and variability of the identified models will still be large. An alternative model will therefore be proposed where all the multiple reflections are
modeled together.

2.1.3. Layout of the chapter
In this chapter, the models present in the model suite are introduced first
in Section 2.2. Each model is discussed separately. Next, the ideas behind
the delay extraction, the notations and the conventions used in this work are
introduced in Section 2.3, along with a brief summary of the state of the art
on delay extraction methods. The delay extraction method remains the same
for all the proposed models.
In Section 2.4, the noise model is explained and it is shown how we take the
measurement noise into account during the estimation process. The nice to
have properties of a good estimator are shortly introduced in Section 2.5, and
the choice of the estimator is motivated. As some of the models in the model
suite are nonlinear functions of the parameters, good starting values for the
parameters are needed to assure a precise parameter estimation. Obtaining
the initial values for the parameters, and the nonlinear optimization of the
final models in discussed in Section 2.6.
At the end of this chapter, in Section 2.7, all the models are applied to
numerical examples. The obtained results and respective modeling power
of each method are discussed in detail individually. In the last example in
Subsection 2.7.4, all the proposed models are compared when applied to the

21

2. Proposed model suite

Figure 2.1.: General schematic diagram of the system under study. b and a are the output and input waves respectively, τi is the delay introduced by transmission line i and hi represent the unknown lumped network that is assumed to be the source of the reflection.

same example. Their modeling power is also compared to two well-known
state of the art models found in the literature.

2.2. Models
The model suite proposed here consists of three different models. The general equation that describes the models is shown in (2.2) in the frequency domain, where Si ( jω) represents the rational function used in the models. The
complexity of the rational function in the models escalates within the model
suite as the name of the models confirms it. In this section, we introduce the
models in the model suite, namely :
1. the polynomial multi-delay model
2. the rational multi-delay model
3. the Koga (fully rational) multi-delay model
In each subsection, the specifications behind each model is explained and the
choice of the model order ni and the number of delays to be estimated nτ is
discussed.
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2.2.1. Polynomial multi-delay model
If the response of the system under study shows that:
• the transmission lines present in the structure have a rather low dispersion (frequency domain),
• the impulse response shows no overlapping echoes (time domain),
a polynomial multi-delay model is appropriate to model the response. In this
model, the denominator of the rational form in (2.3) is set to be Di ( jω) = 1 ,
and the model becomes
nτ

S( jω) = ∑ e− jωτi Ni ( jω)

(2.4)

i=1

where Ni ( jω) represents a polynomial of a finite order ni . To identify the
model, both the number of reflections nτ and the order ni of each polynomial
are to be set.
An initial number for nτ can be chosen by simply observing the corresponding time domain reflectogram data and counting the number of echoes as the
dispersion is low by assumption. Prior knowledge about the physical properties of the system to be modeled (if available) can also give an estimation
of nτ . The procedure used to estimate the order ni of the polynomial Ni ( jω)
is to start with a low order (ni = 2) for all the i and then gradually increase
the order to obtain the desired level of accuracy for the model. If this fails,
the number of delays to be estimated nτ is increased till the desired level of
accuracy is reached. A similar approach is used for the other models of the
model suite.

2.2.2. Rational multi-delay model
When the corresponding response to the system under study shows that:
• the transmission lines are more dispersive,
• and/or more echoes appear in the impulse response and they tend to
overlap
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the order of the polynomials or the number of the delays that are to be included to obtain a good model in the previous set needs to be increased too
much. This results in an inefficient model which is not parsimonious in the
model parameters, and therefore looses its prediction power. To avoid this,
we consider a more complex model structure to tackle this type of structures. As often the transmission line and the reflective network structures
(and hence their complexity) are unknown, an initial guess for the model
complexity can be hard to obtain. We propose to observe the time and the
frequency domain response of the structure. The difference with the previous case is that the corresponding FRF can contain more frequency dynamics
and/or overlapping (multiple) reflections. To model this additional dynamic
behavior in frequency and keep the model parsimonious in the number of
model parameters, a common denominator rational form is proposed as:
nτ

S( jω) = ∑ e− jωτi
i=1

Ni ( jω)
D( jω)

(2.5)

This model again makes a compromise. It keeps the number of the model
parameters reasonably low at the cost of increasing the order of the denominator which requires a nonlinear optimization to compute the parameters.
However, it can be initialized from good starting values to achieve good convergence properties using a reasonably simple approach. This is explained
in detail in Section 2.5. In this work, the order of the polynomials in the numerator and the denominator, Ni ( jω), D( jω) is always chosen have the same
value and is referred to as ni for each i.
The same approach as for the previous model can be pursued to have an
initial guess of the number of the delays nτ to be estimated, by counting the
echoes that are present in the corresponding time domain data. The model
order ni selection for the polynomials Ni ( jω), D( jω) is also done in the same
way as for the previous model, starting with a low order (ni = 2) and increasing it accordingly to obtain a reasonable (or desired) level of accuracy for the
model gives good results too.

2.2.3. Koga multi-delay model
If the frequency and time domain response of the system under study shows
that:
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• the number of echoes in the time domain representation increases due
to the presence of multiple reflections and overlapping echoes ,
• or the system is dispersive (or very dispersive),
an even more flexible model is needed to model the multiple reflections and
high dispersion with one limited set of parameters. A model that incorporates multiple reflections has been proposed by Koga [43] in the context of
network synthesis. We call this model the Koga multi-delay model from now
on. Mathematically, the model is represented by
nτ
e− jωτi Ni ( jω)
∑i=1
nτ
∑i=1 e− jωτi Di ( jω)

(2.6)

N1 ( jω) + e− jωτ2 N2 ( jω) + ...
D1 ( jω) + e− jωτ2 D2 ( jω) + ...

(2.7)

S( jω) =
when expanded, it becomes:
S( jω) =

Due to the presence of the delay term in the denominator, the Koga model
can represent all infinite multiple reflections that might occur in the structure under study. It will be shown that this feature will significantly improve(decrease) the number of needed model parameters. Therefore, the
Koga model has the potential to be the most accurate and the most parsimonious in model parameters one in the model suite presented here. It is especially useful when multiple reflections are present in the systems, and/or
the systems are significantly electrically long and dispersive.
This increased flexibility is due to its mathematical properties. The model
contains the generalization of the rational function that describes a network
of lumped elements to a network that describes a combination of lumped
elements and transmission lines. A drawback is that this model requires a
source of reflection right at the measurement port. Hence, the first delay is to
be zero. Moreover, as the combinations of the delays appear naturally in this
model (2.7), it can catch the multiple reflections of the structure under study
remaining parsimonious in thfor all the ie model parameters as only one set
of parameters is needed for all the reflections simultaneously.
There are other methods in the literature that integrate the delay into their
models. However, they use different methods to estimate the initial delay values when compared to what is done here. Once the propagation delays are
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estimated, different other methods can be used to model the rational forms
used in the full model, models as well as Vector Fitting (VF) [9, 46, 62], rational functions [8, 10, 30] and some methods using the Loewner matrix framework [59].
Even though rational-delayed models are already introduced in the literature [6, 69], most of the proposed methods do not include the delay in the
denominator of the rational form. To our knowledge by this day the only
model proposed in the literature that includes the delay also in the denominator is proposed in [68], where the proposed method is shown to provide
accurate models for long interconnect with no abrupt discontinuous.
This is the main difference between our proposed method and the existing
models in the literature. Moreover the proposed method to extract the delays
in this work, has been proposed in the literature before in [37,38] but has not
been used for lumped rational models, neither for the Koga model [43].

2.3. Delay extraction
To accurately identify transmission line structures that are tapped with unknown lumped circuits, both the reflective networks and the delay introduced by the transmission lines must be identified. As shown in [55], obtaining initial values for the delays is a complex and cumbersome process. The
literature provides two main types of extraction procedures: explicit methods
and black box identifications.
Several analytical methods are proposed to extract the propagation delays explicitly for tapped structures when the structures are assumed to be
known, and/or the transmission line parameters are given [53]. In some
other methods [21, 39] the main concern of the identification process is to
obtain the positions of the reflections rather than the complete shape of the
echoes. These are not what we are aiming at, as we assume we do not have any
prior information about the system under study. We follow a second vein of
extraction methods, that is based on black box (behavioral) modeling. These
methods use an approximate model that leads to a delay extraction (in either
an implicit or explicit way). High order rational models are used to implicitly estimate the delays as a series expansion of the complex exponential. The
main drawback is that these models require very high orders, even for simple networks [35]. Explicit methods incorporate the delay in the black box
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model [62] [8, 9, 59, 62]. Integrating the delays into the model as a parameter, causes a drastic reduction in the order, leading to a decreased number
of parameters of the rational model. But it comes at the cost of the determination of initial values for the delays. Including the delays in the models,
results in a model that is nonlinear in the parameters. Therefore, good starting values for the parameters are needed to estimate an accurate model. This
is explained in more detail in Section 2.5. The low orders of these models
are the main reason that make delay integration more and more popular. It
also has been shown [34] that the absolute model error is very sensitive to the
delay accuracy.
In the following, some of the most well known delay extraction techniques
are introduced and the pros and cons are discussed. The method proposed
in this work is then introduced in 2.3.3. To start with, we first give a brief
discussion on the notation used to represent delays throughout this work.

2.3.1. Conventions
Notation for delay
In this work we aim to model the reflected wave as obtained from one port
simulation/measurement. Therefore, the delays estimated by the proposed
models have a different definition than the theoretically defined propagation
delays.
The propagation delay is in theory defined as the time it takes for the wave
to reach the end of the transmission line. Due to the cascaded structures
considered here, it is not possible to measure it, but nonetheless it is possible
to calculate it. The delays estimated by the models at the port of the structure
are denoted as τ and the propagation delay of the definitions is labeled as T.
This is illustrated in Figure 2.2. The estimated delays τi at the port of the
structure always have a commensurate relation with the propagation delays
Ti . This relation is shown later and explained using these notations in the
examples in Section 2.7).
Propagation Delay vs Group delay
Generally, the propagation delay T is defined as the time needed for the electromagnetic wave to reach the end of the transmission line. The speed of the
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Figure 2.2.: General schematic diagram of the system under study. The delays estimated by the
models at the port of the structure are denoted as τi and the propagation delay of the
transmission lines is labeled as Ti

electromagnetic waves on the line depends on the characteristics of the line.
Different empirical formulas are found in the literature for each transmission
line structure (microstrip, coaxial cables, etc.) [40, 54].
Most of the time, these formulas are computed for a lossless line where
the delay is well defined as the velocity of the propagated signal is constant
over frequency. In fact the problem of the delay estimation in presence of
losses is much more complex as phase dispersion will introduce an ambiguity between the frequency dependent propagation delay of the line and the
frequency dependent group delay τg of the reflection network. Where the
group delay is defined as:
τg = −dφ/dt

(2.8)

In this work, the delay is considered to be the sum of the delay and the group
delay:
τtotal = τ + τg

(2.9)

where the τg is measure of the slope of the phase response of the lumped
circuits present in the reflective structures at a certain given time. τ is the
propagation delay caused by the transmission line present in the structure. It
is important to acknowledge the difference between these two, and notice that
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while estimating the delay it is possible that a part of the delay is swapped
from τ to τg or vice versa. The result of this swap has a consequence for the
obtained model, which can have a much higher order if a big portion of the
delay τ is swapped with τg , this can lead to model with a higher model order.
It can also cause the poles of the LTI system to move to the right half of the
plane which will result in an unstable LTI system. All of this can happen
without a change in the characteristics of the system under study. The issue
has been addressed in detail in [18], but it is out of the scope of this thesis.
Distinguishing between these two concept is an impossible task. Therefore,
in this work we only acknowledge this issue, but we do not address it. The
delays estimated in the models proposed in this work are considered as in
(2.9) to be a combination of the propagation delay and the group delay of the
LTIs.

2.3.2. State of the art in delay extraction:
Using Per Unit Length (PU) parameters
Many of the existing methods in the literature use prior knowledge about the
structure of the lines under test to predict the behavior and the delays that are
present in the systems under test. They use the a priori known and assumed
constant Per Unit (PU) length parameters to represent the transmission lines
[20,44,45,52]. The PU (R, L, G,C) matrices define the electrical behavior of the
transmission line structures under study using the Telegrapher’s equations
[57], as explained previously in Chapter 1.
All these methods are limited to transmission lines that are characterized by
their a priori known PU parameters. This means that the physical parameters of the transmission lines must be known in advance while using these
methods which is not always the case and is not the case here.
Time-Frequency transforms (Gabor transform)
Another popular method to estimate the delays is to use a time-frequency
decomposition technique such as the Gabor transform [23]. The Gabor transform is a special case of Short Time Fourier Transform (STFT) where the windowing function is a Gaussian function rather than a uniform window. The
STFT is defined as:
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+∞
w

STFT{x(t)}(τ, ω) ≡ X(τ, ω) =

x(t)W (t − τ)e− jωt dt

(2.10)

−∞

with ω, τ the angular frequency and the time shift variables respectively. W (t)
represents the windowing function, x(t) is the signal to be transformed and
the X(τ, ω) is essentially the Fourier transform of x(t)W (t − τ). The STFT is
basically a Fourier transform of different successively windowed parts of the
signal. The Gabor transform of the signal x is defined as:
+∞
w

−π(τ−t)2

e 4α
Gx (τ, ω) = x(τ) √
e− jωτ dt
2
πα
−∞

(2.11)

where α determines the width of the Gaussian window which defines the
time-frequency resolution and can be varied to optimize the resolution [75].
The window size is set such that it slides over the bandwidth of the signal x.
The output of the Gabor transform is always a spectrogram, but with the
inverse time and frequency axes compared to the STFT. Local maxima of
|Gx (τ, ω)|2 emphasize the location of dominant energy contributions in the
time and in the frequency. As the dominant energy contributions correspond
to the delays, the time coordinates of the local maxima provide the estimates
of the propagation delays [66]. Using Gabor transform, the number of points
that is needed to estimate the propagation delays precisely is usually very
high [9].
Data partitioning/ Gating
Many methods to partition the data are proposed in the literature [7, 21, 39].
They all partition the data in the time domain and next approximate each
partition with rational models with a delay term.
Partitioning is mostly performed by applying a wavelet decomposition on
the time domain data as is proposed in [7], where the split (partitioning)
points are determined by performing another type of time-frequency decomposition. To select the split points, the wavelet decomposition of the time
domain data is plotted in the form of Heisenberg tiles on the time-frequency
plane, where the darkness of the tiles represent their intensity of the frequency content at the given location in time [47]. Therefore, the points with
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larger magnitude and at higher frequencies are chosen as splitting points.
This is a disadvantage of this method as the split points are chosen manually
which increases the risk of possible mistakes. It is worth to be noted that
the separate approximation of various intervals of a continuous waveform
increases the risk of creating discontinuities at the time points of overlap between adjacent partitions (split points). Therefore in most of the methods
following partitioning, continuity must be enforced in some way. This matter
becomes important especially when overlapping reflections are present.

2.3.3. Proposed method : Cisoids
To obtain an accurate model of the system under study of which only the
measurement behavior is known, the best way is to find a model that imitates
the behavior of the system but remains sufficiently simple to obtain the successive delays by scanning. In the case considered here, the model uses a sum
of simple impulse responses with different delays and amplitudes.
This leads to a self-starting method. We propose to use a sum of delayed
damped complex exponentials (Cisoids) as is initially proposed in [37]. The
measured reflection coefficient (Γm ) is modeled by modulated Cisoids as [37,
38]:
nτ

i

Γm ( jω) = ∑ Ci mi ( jω) exp(−2 γ( jω) ∑ lk )
i=1

(2.12)

k

where Ci is the real-valued amplitude parameter of each cisoid, mi ( jω) is a
complex-valued modulation function that describes the nature of each discontinuity, γ( jω) is the complex frequency dependent propagation constant,
and lk is the electrical length of the transmission lines. In this work the modulation function is defined as a second order model to start with:
mi ( jω) = a1 + a2 ( jω) + a3 ( jω)2

(2.13)

The superposition of Cisoids resembles a sum of delayed but simplified impulse responses. Cisoids have been successfully used to model tapped delay
lines under two significant assumptions:
• the reflections must be small in magnitude ( smaller than 0.3) [37]
• the discontinuities are required to be distinguishable and have a certain
minimum separation distance [37].
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This work extends the state of the art and demonstrates the possibility to
accurately estimate tapped line responses with Cisoids despite disobeying the
first assumption. Even for reflections with a high magnitude (even up to 0.9)
the model can be estimated precisely. This is done at the price of an increase
in the complexity of the model and likewise an increase in the order of the
modulation function mi ( jω) as introduced in equation (2.13). Increasing the
model order of the modulation function allows one to estimate more complex
reflections. This is an advantage compared to what exists in the literature.
The main advantage of the Cisoids method is that delayed echoes can be
estimated individually [37]. By using Cisoids we aim to find an exponential
that mimics the periodicity of the signal to be modeled in a straightforward
way. This detection scans the spectrum of the signal in the frequency domain
to locate the frequencies at which the power is maximum. When the positions
(frequency) of the maximal power are identified and a cisoid is used for each
of those frequencies, we know that a large part of the signal is explained by
the model. It is worth mentioning that in the detection step oversampling is
used to increase the resolution of the scanning. The time resolution is best
set to a value that is high enough not to miss echoes at delays that are close
to each other.
An example of the outcome of the scanning procedure is shown in Figure 2.3. This plot belongs to the polynomial multi-delay example (discussed
in Subsection 2.7.1). In this figure, the normalized power of the FRF to be
modeled is shown in the dashed black line versus the possible delay values.
The first scan (leading to the first cisoids in the model) is shown in the solid
sea-green line. The maximum power of this scan is detected and the corresponding delay identified. The corresponding delay is then calculated and
used as the first starting delay value. The second scan is shown in magenta.
It has taken the contribution of the second highest power and respectively the
third scan leading to the third cisoid, shown in okra, takes the third maxim of
the power. Each scan results in adding a cisoid to the model. The delay values
estimated in this step are used as starting values for the delays in the estimation procedure. The estimation procedure is explained in detail in Section
2.6.
Figure 2.4, shows the relative power difference between the FRF to be modeled and the power of a cisoid model with 1,2 or 3 Cisoids. This figure is
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1

0

Figure 2.3.: Scanning process of the data to be modeled using Cisoids to find initial delay values.
The normalized power of the data to be modeled is shown by dashed black line. The
first scan is shown in sea-green solid line, the second scan is in magenta and the okra
line shown the third scan.

based on the example shown in Figure 2.3. It shows that with 3 cisoids a
reasonable level of accuracy is achieved, as most signal power is modeled by
the 3 Cisoids model. This is shown later in Subsection 2.7.1. This approach
can be advantageous if a self-starting method is to be developed to select
the number of needed cisoids automatically. In this work deciding about the
number of Cisoids needed for modeling is not done automatically, but the
approach can be extended to do so in a straightforward way by adding an
accuracy threshold on the power difference.

2.4. The noise model
In practical measurement based applications the measurement noise is present
and inescapable. As mentioned before, prior knowledge about the Probability Density Function (PDF) of the noise is required to fully characterize the
stochastic behavior of the measurement.
In the proposed estimation procedure explained in Section 2.5 (in the case
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Figure 2.4.: Number of Cisoids added versus the difference of the power of each Cisoid with the
power of data to be modeled. This plot is from the example of polynomial multidelay model.

of modeling based on measured data), the measurement noise is taken into
account. Here, we consider that measurements of the S − parameters are taken.
The noise properties are therefore determined directly on the S − parameters
themselves.
We also know that noise properties will depend on the measurement device. Here, a Vector Network Analyzer (VNA) measures the waves and calculates the S − parameters as a wave ratio. Theoretically speaking, this means
that the mean value and the Standard Deviation (STD) of the S − parameters
does not exist when Gaussian noise is present on the measured wave spectra. Because of the infinite tails of the Gaussian PDF, there is always a finite
probability to divide by zero. This problem occurs when the mean value and
the STD of the S − parameters to be measured are almost equal or the Signal
to Noise Ratio (SNR) is low. In this work we assume that this is not the case.
This topic was investigated in detail in [56] and as soon as the Signal to Noise
Ratio (SNR) of the wave measurement is in excess of 10 dB, the moments of
the S − parameters can safely be assumed to exist and the PDF can safely be
assumed to be complex circular Gaussian distributed.
As a consequence, it is sufficient to know the variance of the noise over
the frequency to characterize the noise perturbations of the measurements.
We can therefore incorporate the prior knowledge of the noise on the S −
parameters in our estimation (2.17) . This is easily possible thanks to a major
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advantage of frequency domain based measurements. In the frequency domain, it becomes easy and inexpensive to estimate the variance of the noise
over the frequency band of interest by repeated measurements.
Two different noise and error sources are considered. The first one is the
measurement noise discussed above. The other one is the connection repeatability error. The latter is caused by connecting (reconnecting) the Device
Under Test (DUT) to the measurement device. There is a big difference in
behavior between these error sources.
Measurement noise realizes with time. Each time a measurement is taken,
a different noise realization will be measured. Reconnection noise realizes
with the connection. Measuring multiple times without reconnection will always result in the same noise sequence. The STD of the measurement is in
fact, a sum of both the STD of the measurement noise and of the connection
repeatability error itself. This noise source is therefore more furtive as it only
will appear when systems are reconnected and is therefore often neglected.
In this work, no reconnection is done in the measurement examples. Therefore, the reconnection noise is neglected in the estimating procedure in this
work, but it is discussed here. The measurement noise can be minimized
during the measurements by a proper setup of the VNA. The frequency resolution that is controlled by the Intermediate Frequency (IF) bandwidth of the
measurement device, is best to be set to a low value (here 100 Hz is chosen)
to reduce the noise. It is shown that a wide band IF results in a significant
degradation of SNR of the measurements [51]. The cost is that a low resolution bandwidth of the device increases the measurement time. Therefore
there is always a trade-off between obtaining a good SNR and a fast measurement.
To benefit from the good properties of the estimator, and to be able to use
the sample variance estimate of the noise in the estimator as explained in Section 2.5, the assumption that the noise is circular complex distributed must
be valid. The measurement noise on the complex spectra is proven to be
circular complex normal distributed [55], but the distribution of the reconnection noise requires to be studied.
A noise contribution is circular complex normally distributed if real and
imaginary parts of the measured quantities are independent normally distributed random variables with equal Standard Deviation (STD) [55].
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Figure 2.5.: Equality check of σreal , σimag the Standard Deviation (STD) of the real and the imaginary parts of the measured S11 parameters for the reconnection noise over frequency.
STD is calculated for 20 repeated measurements with reconnection. The red dashed
lines represent the boundaries of the test. Only 19.5% of all measured frequencies
lie between the two boundaries.
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Figure 2.6.: Independence check of σreal , σimag the Standard Deviation (STD) of the real and the
imaginary parts of the measured S11 parameters for the reconnection noise over frequency. STD is calculated for 20 repeated measurements with reconnection. The
red dashed lines represent the boundaries of the test. Only 9.85% of all measured
frequencies lie between the two boundaries.
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Equal The standard deviation of the real and imaginary parts of the measured S11 is equal with 95% probability if the following holds [41]:
√
√
σreal − σimag
−0.2 2 ≤ √
≤ 0.2 2
σreal σimag

(2.14)

with σreal , σimag the STD of the real and the imaginary parts of the measured
S11 parameters. The derivation of the boundaries can be found in [41], and is
based on a statistical hypothesis test resulting in an F−test.
Independent Based on a similar hypothesis test, we find that the standard deviation of the real and imaginary parts of the measured S11 are independent if they follow this relation [41]:
r
r
σreal,imag
3
3
−tanh−1 (
)≤ √
≤ tanh−1 (
)
(2.15)
N −3
σreal σimag
N −3
with σreal,imag the correlation between the real and the imaginary parts and
N number of repeated measurements (here it is N = 50 for the measurement
noise and is N = 20 for the reconnection noise).
When dealing with the measurement noise, it is assumed that this noise is
circular complex Gaussian distributed. The real and imaginary part of the
measured signal (S( jω) in our case) at each frequency is uncorrelated and
they have the same STD. The correlation of the measurements noise in between the frequencies can also be neglected. As the measurement device
(VNAs) are nowadays equipped with a fully digital IF system, it is very likely
that they use a Discrete Fourier Transform (DFT) based measurement. For
spectra obtained by a DFT, these noise assumptions are met asymptotically
for the number of measurement samples tending to infinity [55]. It is worth
noting that the calibration residuals are being neglected as they are assumed
to be sufficiently low compared to the measured S − parameters. This hypothesis may be quite strong in reality.
To study the connection repeatability error of our measurement device, and
the distribution of this reconnection noise, a set of 20 one-port measurements
(N = 20) is performed after the reconnection of the DUT.
To evaluate if the STD of the real and the imaginary parts of these 20 measurements are equal, (2.14) was calculated for these set of measured data.
Figure 2.5 illustrates the result obtained for the normalized test quantity
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σ −σ
√real imag
σreal σimag

and a 95% confidence bounds for the equality test over the set of
test frequencies. The red dashed lines represent the boundaries of the test.
Since only 19.5% of all the measured data lie between the boundaries, we
conclude that the real and the imaginary parts of the 20 measured S11 parameters cannot be considered as equal.
Then to investigate if the real and the imaginary parts of the set of measured data for the reconnection noise are independent, (2.15) is calculated.
The result is shown in Figure 2.6. Since only 9.85%of all measured frequencies lie between the two boundaries, we conclude that the real and imaginary
parts of the S11 parameter are not independent. Considering the standard
deviation of the noise on of the real and imaginary parts of S11 are neither
equal nor independent, the reconnection noise in the measured S11 can be
concluded not to be circular complex distributed.
The real and imaginary parts of the measured reconnection variability for
20 measurements are shown in Figure 2.7 at two different frequencies of
4 GHz and 8 GHz. Figures 2.7 (a) and (b), show the real versus imaginary
parts of the 20 repeated measurements with reconnection at 4 GHz and 8 GHz
respectively. This figure illustrates the presence of a clear preferential direction, which is a proof that the reconnection noise in not circular Gaussian
distributed. As mentioned before, in this work we only consider the measurement noise and use its properties during the estimation. Considering
the exact noise distribution with the correlations over the frequency in the
estimator will render the calculations much more complex and calculation
time will hence increase significantly. Here we assume that the off-diagonal
elements of the covariance matrix are negligible.
This hypothesis appears to be acceptable if the measurement noise dominates or the correlation is small enough. The result of the estimated model
turns out to be quite precise. This indicates that small errors are made. In
general, violating the noise assumption will result in an increase of variability of the estimates. The sequel of that is that the estimate becomes suboptimal and may have a variability that exceeds the minimally attainable
bound (namely the Cramér Rao lower bound) [55].
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Figure 2.7.: Real and imaginary parts of measured complex reflection factor at for 20 reconnection at (a) 4 GHz and (b) 8 GHz.
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Figure 2.8.: Real and imaginary parts of measured complex reflection factor for 50 repeated measurements at (a) 4 GHz and (b) 8 GHz.

The exact Standard Deviation (STD) of the noise is not available here as
prior knowledge. A measured estimate of the STD will be obtained instead.
As the sample STD over a set of repeated measurements can be evaluated,
this is used as an estimate. Here, the measurement noise is obtained over
the frequency range of interest (from 10 MHz to 10 GHz) and the measurement is repeated 50 times without reconnection to calculate the STD. The
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standard deviation [dB]

IF bandwidth of the measurement device is set to 100 Hz as a compromise
to have a good SNR without having a very long measurement time. In order to measure the connection repeatability error, the DUT is connected to
the VNA, the measurement is performed, and then the DUT is disconnected.
This procedure is repeated 20 times to obtain 20 data sets. The STD of these
reconnected measurements is shown in Figure 2.9. We expect the connection
repeatability error to be an order of magnitude larger than the measurement
noise [50]. Comparing the STD of connection repeatability error and measurement noise shows that the connection repeatability error is a few dB bigger than the measurement noise. Hence, the measurement noise may still be
used as an estimate of the uncertainty of the measurement.

−50
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1 · 10−2
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Frequency [GHz]
Figure 2.9.: Standard Deviation (STD) of the measured reflection factor over frequency in dB for
measurement noise for 50 repeated measurements in blue solid line and reconnection noise for 20 reconnection shown in solid purple line. This figure shows that the
reconnection noise error is a few dB higher than the measurement noise.

To wrap up, it is assumed that the measurement noise is circular complex
Gaussian distributed, is independent over frequency, has zero mean and a
STD of σ (ω). The reconnection noise does not obey this model. In case of
dealing with simulation data, the norm of the data is used as a weighting
function instead of the STD. Choosing such a weighting results in a relative
estimation as each measurement is set to have an equal contribution to the
cost function.

40

2.5. Choice of the estimator

2.5. Choice of the estimator
Evidently we are interested in using an estimator that has nice properties. A
good estimator should:
• find the true model parameters in the noiseless case
• get closer to the real true parameter values when more measurements
are performed
• have as small a variability as is possible
It is clear that from a statistical point of view there are limits on the attainable
accuracy and the precision. In real life one can only collect a finite number
of noisy measurements. The question that one wants to be answered is “How
close do we get to the best possible estimation?” Therefore, the choice of the
estimator plays an important role to obtain accurate results. An estimator is
chosen based on its statistical properties. Statistically speaking, this calls for
an estimator that is:
• consistent: this property imposes that, if the number of (repeated) measurements tends to infinity, the estimates converge and tend to the exact model parameters. Consistency belongs to the location property of
an estimator, meaning that the estimator converges in some stochastic
sense (e.g. in probability) to the true value if the number of the data
points increase indefinitely. This means that the distribution of the estimated parameters becomes more and more concentrated around the
true value of the parameter that is being estimated.
• efficient: this property imposes that the variability of the estimates is
asymptotically minimal. Efficiency of an estimator belongs to its dispersion property. To measure the dispersion property of an estimator,
the covariance matrix can be used to determine how much the estimator
is scattered around its limiting value.
• converges in distribution (to a known distribution): this is needed to
allow one to provide uncertainty boundaries on the estimates.
The main properties that matters most to us are consistency and efficiency.
Consistency and efficiency of an estimator are substantial information as they
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assure that small stochastic deviations in the data do not result in large systematic or large stochastic errors on the parameters estimates. Therefore we
want to choose a consistent and efficient estimator to estimate the parameters.
We also want the estimation to be based on the available statistical properties
of the measured data as we consider to apply the proposed method directly
on the measurements. The Maximum Likelihood Estimator (MLE) is a good
candidate estimator as it has good statistical properties; it is asymptotically
efficient, consistent and meanwhile provides a framework that can include
the available knowledge about the noise in the estimation.
Maximum Likelihood Estimator (MLE)
A full stochastic characterization always requires the knowledge of the PDF
of the noise. If available, this can lead to better results [55]. MLE offers a
framework that allows to incorporate the knowledge about the distribution
in the estimator. The likelihood function is conditioned with respect to the
measured data [71]. This estimator uses the real covariance matrix of the
measurement noise as the weighting matrix. The MLE cost function for the
FRF measurements as is used here is:
F

VMLF =

∑
k=1

2

k Sm ( jωk ) − S( jωk , θ̂ ) k2
2

σS ( jωk )

(2.16)

where F is the number of frequencies, Sm ( jωk ) is the measured S−parameter
at frequency k, S( jωk , θ̂ ) is the modeled S−parameter at frequency k with θ̂
2
the estimated model parameters, and σS ( jωk ) is the real noise covariance at
the frequency k.
If the real noise covariance is unknown, which is the case here, the exact
covariance noise is replaced by the sample covariance obtained from a set of
repeated measurements. This results in an estimator that still has the good
properties of the MLE but can profit from the measured knowledge of the
measurement noise.
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Sample Maximum Likelihood Estimator (Sample Maximum Likelihood
Estimator (SMLE))
The SMLE is a logical choice as it weighs each of the S − parameters measurement by its own uncertainty. It is a fair estimator as measurements are
weighted with their respective uncertainty. Uncertain points weighs less and
very certain ones weigh more. The sample maximum likelihood function
differs from the maximum likelihood function in the sense that the real unknown noise covariances are replaced by a sample variance estimate. Hence,
they are replaced by measured noise variances. The cost function of SMLE
becomes:
F

VSMLF =

∑

2

k Sm ( jωk ) − S( jωk , θ̂ ) k2

k=1

2

σSm ( jωk )

(2.17)

2

where σSm ( jωk ) represents the sample noise variance over the repeated measurements at frequency k which is defined as [64]:


N
2
1
[i]
2
σSm ( jωk ) =
(2.18)
∑ (Sm ( jωk ) − Sm ( jωk ))
N − 1 i=1
[i]

with N the number of repeated measurements, Sm ( jωk ) the measured S- parameter at frequency k for the ith measurement and Sm ( jωk ) the mean at frequency k over the N measurements defined as:
Sm ( jωk ) =

1 N [i]
∑ Sm ( jωk )
N i=1

(2.19)

In the examples used in this work, N is set to 20. In this cost function (2.17),
the uncertainty on the measurements plays the role of weighting for the equation error. An important concern is the stochastic quality of the SMLE with
respect to the MLE. It can be shown that the SMLE is still consistent, but
that there is a small loss in the efficiency [71]. In Layman’s terms, this means
that adding measurements will lead to parameter values that get closer to the
real value, but that the spread of these estimation parameters will slightly
increase above the minimum attainable.
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2.6. Initial values and the nonlinear optimization
of the final models
The model parameters (θ ) that we have to estimate are the delays τi and the
coefficients of the polynomials Ni ( jω) and Di ( jω). If we have a Linear Least
Squares (LLS) problem, there is no need to have initial values for the parameters to start up the estimation as the estimation results in a convex minimization problem that is solved in one step.
It is a well-known issue that linearity in the parameters is very important
in estimation of the models as it has a strong impact on the complexity of
the estimator. If the model is nonlinear in the parameters, the cost function
is a non-convex problem. Therefore, the minimization of the cost function
becomes quite difficult, and its convergence becomes highly dependent on
the quality of the starting values fed [55].
The estimation procedure used here is as follows:
• first, the starting values for the delays are obtained using Cisoids, regardless of the model which can be linear or nonlinear in the parameters
• if the model is nonlinear in the parameters, a linearization method is
chosen to linearize the problem to get initial estimates for the parameters of the Ni ( jω) and Di ( jω)
• finally, all model parameters (τi and the coefficients of the polynomials)
are set free and a final Nonlinear Linear Least Squares (NLLS) optimization is performed to obtain the final parameters

2.6.1. Starting values for the delays
To be able to obtain accurate initial values to start up the estimators, the
same strategy is followed for all the proposed models to obtain initial delay
values. Using damped component exponentials (Cisoids) as explained in the
Subsection 2.3.3, the initial delay values are obtained for the all the models
in the first step of the identification.
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2.6.2. Starting values for the coefficients of the polynomials
The cost function used for all the models is the SMLE, and it boils down to:
F

VSMLF =

∑

2

k Sm ( jωk ) − S( jωk , θ̂ ) k2
2

σSm ( jωk )

k=1

(2.20)

Next, we have to deal with the models that are linear and nonlinear in the
parameters differently. Therefore, we review the models individually in what
follows.

Polynomial multi-delay model
Once the initial values for the delays are obtained and fixed, the remaining
model parameters are the coefficients of the numerator polynomials Ni ( jω).
This results in a model that is linear in the model parameters. In this case,
the model S( jω) that appears in the cost function (2.20) is as:
nτ

S( jω) = ∑ e− jωτi Ni ( jω)
i=1

Thus the coefficients of the polynomials (Ni ( jω)) can be estimated in one step,
using a LLS.

Rational multi-delay model
In the case of the rational multi-delay model, even after fixing the delay parameters to values obtained by the Cisoids, the model is still nonlinear in the
parameters, as it is as:
nτ

S( jω) = ∑ e− jωτi
i=1

Ni ( jω)
D( jω)

Therefore a linearization of the cost function with respect to the parameters is
needed to obtain an approximate but convex cost function that can be solved
conveniently to obtain an initial guess of the parameters. The expanded rational multi-delay model is now defined as:
S( jω) =

e− jωτ1 N1 ( jω) + e− jωτ2 N2 ( jω) + ...
D( jω)
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To linearize this model, we move the denominator to the left hand side of
the equation, then it becomes:
e1 ( jω) + e− jωτ2 N
e2 ( jω) + ...
D( jω)S( jω) = e− jωτ1 N
D( jω) is the common denominator and contains all the poles. Now the initial coefficients values can be obtained with the SMLE, at the cost of a poor
frequency weighting, which can be compensated by an iterative SanathananKoerner type of approach [60].

Koga multi-delay model
The expansion of the Koga model is defined as:
S( jω) =

N1 ( jω) + e− jωτ2 N2 ( jω) + ...
D1 ( jω) + e− jωτ2 D2 ( jω) + ...

considering that the delay parameters (τ) are set to have fixed values, the
model still needs to be linearized as follows:
e 1 ( jω) + e− jωτ2 D
e 2 ( jω) + ....)S( jω) = N
e1 ( jω) + e− jωτ2 N
e2 ( jω) + ....
(D
The coefficients can now be obtained using a LLS and a Sanathanan-Koerner
scheme as before.

2.6.3. The polishing step (NLLS)
The linearization used in the previous step is a systematic approach to attain
starting values that are sufficiently close to the true values to start the final
nonlinear optimization.
In the final step of the estimation, all the model parameters (the coefficients of the polynomials and the delay parameters), are set free for the final
nonlinear optimization.
The Levenberg-Marquardt algorithm is chosen to calculate the nonlinear
optimization and solve the nonlinear least squares problem [28]. This iterative algorithm behaves like a gradient descent method when the estimate is
faraway from the minimum. When the solution is close to a local minimum,
it behaves like a Gauss-Newton method [28]. In both cases the convergence
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is guaranteed but it has a slow (linear) convergence for gradient descent and
a fast (quadratic) one for the Gauss-Newton method respectively [28].
As explained in Subsection 2.3.1, the delays estimated by the models proposed in this work, are a sum of the propagation delay and possibly a part
of the delay introduced by the lumped circuits that is hidden in the phase of
the circuit’s FRF. During this polishing step, the delay parameters are set free
and are being optimized together with all the other parameters and hence, it
is possible that this delay distribution is re-balanced. As mentioned before,
we do not distinguish between these two parts in the estimated delays but we
do acknowledge the difference.

2.7. Numerical examples
To investigate the capability of the proposed models, here we apply them on
numerical examples. This section contains 4 examples. The first 3 examples (Subsections 2.7.1,2.7.2 and 2.7.3) are each devoted to one of the model
classes in the model suite. The complexity of the structure to be modeled increases through these examples. The last example is used to compare all the
model classes in the model suite with each other and with two other models
from the state of the art.
All the structures in the first 3 examples are designed and simulated in
Advanced Design System (ADS) based on a Finite Element Method (FEM)
[42]. The circuits are designed on a Rogers TM substrate (RO4360G2) with
a dielectric constant of εr = 6.15, a dissipation factor of tanδ = 0.0038 and a
thickness of 1.016 mm(= 40 mil) [11]. The thickness of the copper is 35 µm.
The corresponding S −parameters of the structures are computed from 10 MHz
up to 10 GHz , with a frequency resolution that is set to 10 MHz.
To perform a complete evaluation on the proposed algorithm compared to
the state of the art in the literature, we also need to use an example designed
in another software based on other methods. To do so, the last example discussed in Subsection 2.7.4, is designed and simulated with Matlab RF Toolbox TM . This example is used as a reference setup in [66].
For all the examples in this thesis, we examine the model quality by evaluation of the residual errors as:
εabs = |Si ( jω) − Ŝi ( jω)|

(2.21)
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which we call the absolute error and:
εrelative =

|Si ( jω) − Ŝi ( jω)|
|Si ( jω)|

(2.22)

which we call the relative error. Herein, Si ( jω) is the measured/simulated
data in the frequency domain and Ŝi ( jω) the obtained model evaluated of a
frequency ω.
In this work we make a trade-off between the accuracy obtained by the
models (i.e. εabs ,εrelative ) and the parsimony of the models in the number of
model parameters (the order of the polynomials ni , number of delays nτ ).
For all the examples in this chapter, we aim to achieve a minimum accuracy
of εabs = −30 dB, εrelative = −20 dB while using the lowest number of model
parameters. In what follows in this chapter, this accuracy is addressed as the
desired accuracy.
To start the modeling procedure, we must set the number of delays nτ and
the order of the polynomials ni . The number of the echoes present in the time
domain representation of the data, is indicated as an initial number to set the
nτ , and the order of the model ni starts from 2. Then the models are estimated
based on the initial nτ and starting from ni = 2. If the desired accuracy is not
met, both nτ or/and ni can be increased. In most of the cases the order of the
model is increased, but if some overlapping echos are observed in the time
domain representation of the data, then an increase in nτ is also an option to
increase the accuracy of the model. The choice on nτ and ni is discussed in
more detail in each example.
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Figure 2.10.: Schematic of the structure used for the illustration of the polynomial multi-delay
model.

2.7.1. Example 1: A polynomial multi-delay simulation
A one port structure consisting of two cascaded transmission lines is designed
in a microstrip technology with a characteristic impedance of 50 Ω(more information on microstrip transmission lines can be found in Appendix A).
The line is tapped with a lumped component (in this case a 80 Ω resistor).
The schematic diagram of the structure is illustrated in Figure 2.10. As seen
in the schematic diagram, the length of the lines is selected to be 5 cm and
7 cm. It is expected that the lumped element (in this case the resistor) creates reflected waves. The second transmission line that is left open at its end,
which creates a second source of reflected waves.
The magnitude and the phase of the S11 are shown in Figure 2.11, and the
time domain representation of this response in shown in Figure 2.12. The
magnitude and phase are illustrated in blue solid lines. As it is seen in the
time domain representation three separated echoes can be easily observed.
nτ = 3 is then used as an initial guess for the number of delays (nτ ) to be
estimated in the model of the reflection factor S11 .
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Figure 2.11.: Magnitude and phase of S11 of the example structure for polynomial multi-delay
model (blue solid line) and the absolute error εabs (dashed grey line). The Root
Mean Square (RMS) value of the relative error εrelative is −24 dB and the RMS of the
absolute error (εabs ) is -30 dB. The model has nτ = 3 delays and the order of the
polynomials is ni = 7.
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Figure 2.12.: Time domain representation of the example structure for the polynomial multidelay model (blue solid line) and the model (green dots). The position of the estimated delays is shown by vertical black dotted line when the nτ = 3, the vertical
red dotted line shows the position the extra estimated delay in the case of nτ = 4.
The error is the difference between the signal and the model and is shown by grey
dotted line.

The initial value of the τ ’s is then estimated with the Cisoid method. The
three estimated positions are shown by the dashed lines on the time domain
representation of Figure 2.12. To decide on the order ni of the polynomials
Ni ( jω), we start with a low order (ni = 2). The model accuracy achieved with
(nτ = 3, ni = 2) is not satisfying (εabs = −18 dB, εrelative = −11 dB). There are two
choices to make: either increase the model order (ni ) or increase the number
of delays to be estimated (nτ ).
Table 2.1 shows that, different model accuracy levels are achieved with different numbers of delays and model orders. The optimal trade-off between
accuracy and model parsimony is obtained with nτ = 3 and ni = 7 (shown in
bold). Increasing the order of the polynomials ni = 8 for the same number of
delays, does not improve the accuracy of the model anymore, and this is why
we stop at ni = 7 for all the i. On the other hand increasing the number of delays nτ increases the accuracy of the model but comes at the cost of increasing
the number of model parameters.
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model order (ni )

# delays (nτ )

# model parameters

εabs [dB]

εrelative [dB]

2
6
7
7
7
8

3
3
3
4
5
3

12
24
27
36
45
30

-18
-29
-31
-37
-40
-30

-11
-22
-24
-30
-33
-23

Table 2.1.: Model accuracy comparison for different number of delays nτ and the order ni of the
polynomials

For this example, the rationale we use for model order selection leads to
nτ = 3, ni = 7. Therefore using 27 model parameters, the relative error (εrelative )
is −24 dB and the absolute error εabs is −31 dB. The obtained result is reasonably accurate, so for the sake of parsimony we stop here.
To show the capability of the model, the same data is modeled with 4 delays
while the order of the polynomials (N( jω)) stays the same as before and is set
to 7. Using 36 model parameters, an improvement in the accuracy of the
obtained model is observed as expected (εabs = −37 dBand εrelative =−30 dB).
The one extra delay that is estimated is caused by a small multiple reflection.
This extra delay is shown in Figure 2.12 in red dotted line where it is clear
that a small reflection is present. This shows the capability of the proposed
model to identify the small reflections.
To have a fair comparison with the methods that exist in the literature,
we model the same data with the well known VF method in the literature.
VF needs the model order of 36 (73 model parameters) to obtain a similar
accuracy (εabs = −30 dB and εrelative =−26 dB) which is more than double of
the amount of the model parameters than the polynomial multi-delay model
needs.
We can now try to interpret the value of the delays and try to link them
to the circuit topology. Relying on the properties of the substrate used and
the length of the transmission lines, the propagation speed is obtained using
(A.3) for this example. These delays (Ti ) are calculated and shown in Table
2.2. Hence, the expected delays can be approximately calculated beforehand.
Here the expected delays are calculated to examine the accuracy of the esti-

52

2.7. Numerical examples
mated propagation delays provided by the model. The estimated (τi ) and the
expected delays are displayed in Table 2.3. The third estimated delay τ3 can
be interpreted to be caused by a multiple reflection, as there is a commensurate relationship between the 3rd delay and the other two delays as shown
in (2.23). In the time domain representation, in Figure 2.12, the position of
the estimated delays is represented by black dotted lines. The commensurate
relationship between the estimated delays and the delays expected from each
transmission line are as follows:
τ1 = 2 T1
τ2 = 2(T1 + T2 )
τ3 = 2T1 + 3T2

(2.23)

At the estimated data in Table 2.2 confirms, the estimated and the expected
delays match with very good accuracy.
Using the polynomial multi-delay model, the structure shown in Figure
2.10 is modeled with a reasonable accuracy and sensible number of model
parameters. This model provides accurate results if the system to be modeled is not very dispersive and not many reflections are observed in the time
domain representation. For more dispersive and more complex systems with
more reflections the polynomial multi-delay model can become lavish in the
number of model parameters. Therefore, the complexity of the model needs
to be increased and adapted to the complexity of the system under study.
Propagation delays

Ti [ns]

T1
T2

0.365
0.511

Table 2.2.: Expected propagation delays of the structure used in example 1.

Delays (ni )

Estimated [ns]

Expected [ns]

Error [ns]

τ1
τ2
τ3

0.712
1.656
2.650

0.730
1.7520
2.263

0.0175
0.0958
0.3870

Table 2.3.: Estimated and expected delays of the structure used in example 1.
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Figure 2.13.: Schematic of the structure used for the illustration of the rational multi-delay
model.

2.7.2. Example 2: A rational multi-delay simulation
The goal of this example is to increase the complexity of the structure under study when compared to the example structure used before. To increase
the complexity, two aspects are adapted. First, a large impedance mismatch is
introduced and also the cascade structure is now tapped with 2 lumped elements. Next, the characteristic impedance of one of the transmission lines
is modified. It is set to 33 Ω while the other two lines have characteristic impedance of 50 Ω. The schematic diagram of the designed structure is
shown in Figure 2.13. The structure is designed on the same substrate as in
Subsection 2.7.1. The setting used for the S − parameters simulation also stays
the same.
The magnitude and phase of the corresponding S − parameters are shown
in Figure 2.14. Comparing this to the S − parameters of the example in 2.7.1,
it can be seen that the FRF is more dynamic as a function of frequency. The
changes in the phase are more numerous, more irregular and happen at a
different pace. The magnitude and phase are illustrated in dark blue solid
lines. As was previously explained in 2.7.1, the modeling is started based on
a first observation of the time domain representation (Figure 2.15).
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Figure 2.14.: Magnitude and phase of S11 of the example 2, the example structure for rational
multi-delay model (blue solid line) and the absolute error is represented (dashed
grey line). The RMS value of the relative error is -20 dB and the RMS of the absolute
error is -30 dB. The model has nτ = 7 delays and the order of the polynomials
(Ni ( jω), D( jω)) is equal to ni = 2 for all the i.

Figure 2.7.1 shows that there are 3 main echoes obviously present. Therefore, the initial number of delays nτ to be estimated is set to 3. To select the
order ni of the polynomials Ni ( jω), D( jω), we start with a low order (ni = 2)
and evaluate the model to observe the accuracy obtained. Following the lines
of Section 2.7.1, we aim to achieve a desired model accuracy of εabs = −30 dB
and εrelative = −20 dB with the least possible number of model parameters.
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Figure 2.15.: Time domain representation of the example structure for the rational multi-delay
model (blue solid line) and the model (green dots). The position of the estimated
delays in time are shown by dotted vertical lines. The error is the difference between
the signal and the model and is shown by grey dotted line.

The obtained model with nτ = 3, ni = 2 is not accurate enough. The obtained model error is higher than desired. A closer look at the time domain
representation shown in Figure 2.15 can help. We see that the second and the
third reflections are overlapping and other small reflections are also observable after the second main echo. This can justify the need for an increase in
the number of the delays to achieve a more accurate estimation. The overlapping reflections need more than one delay to be precisely modeled. Therefore,
the first step to improve the model accuracy here is to increase the number
of the delays to be estimated. As seen in the Table 2.4 we first increase in
the number of the estimated delays while keeping the model order the same
(ni = 2) for the taps. This does indeed improve the model accuracy. When the
number of estimated delays is 7 , nτ = 7, the desired accuracy is achieved with
only using 31 model parameters. The absolute error obtained with this model
is shown in Figure 2.14 by dashed grey lines and compared to the simulated
response in blue solid lines.
Next, to examine the influence of the increase in the model order, we increase ni and evaluate the model. It is seen (Table 2.4) that the desired accuracy can be achieved in this case if nτ = 5 and ni = 4 for all the i, at the price
of more model parameters (35 model parameters needed). This explains our
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model order (ni )

# delays (nτ )

# model parameters

εabs [dB]

εrelative [dB]

2
2
2
2
2
3
4
4
4
4
4
5

3
4
5
6
7
5
3
4
5
6
7
5

15
19
23
27
31
29
23
29
35
41
47
41

-23
-25
-27
-29
-30
-27
-24
-28
-30
-31
-33
-32

-10
-12
-15
-19
-20
-16
-11
-16
-20
-20
-23
-20

Table 2.4.: Model accuracy comparison for different number of delays and model orders

choice to go for the model with nτ = 7 and ni = 2 as it is more parsimonious
in the model parameters (31 model parameters) while providing the same
model accuracy. Then the proposed model is evaluated using a set of different number of delays and model orders. The results are shown in Table
2.4. Using 31 models parameters in the form of nτ =7 and the order of the
polynomials equals to ni = 2, the desired accuracy of εabs =-30 dB for the absolute error and εrelative = −20 dB for the relative error is achieved. Our choice
is shown in grey The accuracy of the estimated models and the number of
delays and tap order is shown in Table 2.4.
To achieve the same accuracy with VF, and order of 46 (93 model parameters) is needed which is more than double of what is achieved by the proposed model here. The position of the estimated time delays are shown in
dotted black lines on the same plot. It is clear that more delays are devoted
to the modeling of the multiple reflections. The expected delays can be calculated using (A.3) as done before. There are three transmission line present
in this structure and the propagation delay can be calculated based on their
properties as explained before. These expected propagation delays for each
transmission line (Ti ) are shown in Table 2.5.
Then the estimated (τi ) and expected delays are shown in Table 2.6. The
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expected and the estimated delays match very well, and can be explained as
follows.
The first three delays are due to the lumped elements that tap the transmission lines, while τ5 , τ6 , τ7 are caused by multiple reflections due to the
impedance mismatches between the transmission lines. The commensurate
relation between the estimated delays and the delays expected from each
transmission lines are as:
τ1 = 2T1
τ2 = 2T1 + 2T2
τ3 = 2T1 + 2T2 + 2T3
τ4 = 2T1 + 2T2 + 2T3
τ5 = 2T1 + 2T2 + 4T3
τ6 = 2T1 + 4T2 + 2T3
τ7 = 2T1 + 4T2 + 4T3
The time domain representation confirms that the reflection with the highest magnitude is happening around 2.2 [ns]. It is also clearly not a single echo.
This set of overlapping echos can explain why two delays (τ3 , τ4 ) are devoted
to model that reflection.

Propagation delays

Ti [ns]

T1
T2
T3

0.365
0.538
0.219

Table 2.5.: Expected propagation delays of the example structure for the rational multi-delay
model.
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In conclusion, the structure shown in Figure 2.13 is modeled using the rational multi-delay model, with a reasonable accuracy and sensible number
of model parameters. This model provides accurate results if the system to
be modeled is more dispersive and many reflections (even overlapping reflections) are observed in the time domain representation. To find out what
happens for even more dispersive and more complex systems with more overlapping reflections the complexity of the model needs to be increased and
adapted to the complexity of the more complex systems under study.

Delays (nτ )

Estimated [ns]

Expected [ns]

Error [ns]

τ1
τ2
τ3
τ4
τ5
τ6
τ7

0.767
1.889
2.116
2.317
2.752
3.183
3.588

0.730
1.806
2.244
2.244
2.682
3.3200
3.7580

0.0370
0.0830
0.1280
0.0730
0.0700
0.1370
0.1700

Table 2.6.: Estimated and expected delays of the example structure for the rational multi-delay
model
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Figure 2.16.: Schematic diagram of the structure used for the illustration of the Koga multi-delay
model.

2.7.3. Example 3: A Koga multi-delay simulation
For this example, the complexity of the structure to be modeled is escalated
once more. More reflections are imposed by introducing an inhomogeneous
transmission line. Here tapers are used that have a changing characteristic
impedance of the transmission lines with the distance. This type of inhomogeneous transmission line structures does not belong to the model class
considered in the structures. Hence, model errors will be present. Yet to examine the capabilities of the proposed model, they are targeted here. The
reflections that are created by the inhomogeneities in the transmission lines
will be modeled as lumped reflections. The schematic diagram of the structure to be modeled is shown in Figure 2.16. It is designed on the same substrate as the previous examples and the frequency simulation settings also
stay the same as before.
As mentioned in Chapter 1, the model suite assumes that the lumped elements are the only source of the reflection. Therefore, this example describes
a system that falls out of the model class considered. Inhomogeneities in the
transmission lines are also responsible for the creation of additional reflected
waves that cannot perfectly be modeled in the considered model class. We
impose this inhomogeneity in the transmission lines to examine the capa-
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Figure 2.17.: Magnitude and phase of S11 of the example 3, the example structure for the Koga
multi-delay model (blue solid line) and the absolute RMS error (dashed grey line).
The RMS of the relative error is -20 dB and the RMS of the absolute error is -30 dB.
The model has nτ = 4 delays and the order of the polynomials (Ni ( jω), Di ( jω)) is
ni = 5.

bility of the model, to approximately model a system when the true model
structure does not fall into the desired model class. Remember that as this
will always be the case in practical measurements. Model errors will always
be present in this case in addition to the measurement induced errors.
A one port simulation is performed and the corresponding magnitude and
phase of the S−parameters are shown in Figure 2.17by solid lines. The dynamics in the magnitude are increased and the changes in the phase are faster and
more chaotic in comparison to the previous examples.
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Figure 2.18.: Time domain representation of the example structure for the Koga multi-delay
model (blue solid line) and the model (green dots). The position of the estimated
delays in time are shown by dotted vertical lines. The error is the difference between the signal and the model and is shown by grey dotted line.

The time domain representation is shown in Figure 2.18, where four distinct echoes are visible. The first echo is at the origin of the time axis. This
representation helps to lead to an initial assumption of nτ = 4. The desired accuracy is the same as for the previous examples being at minimum
εabs = −30 dB and εrelative = −20 dB with the least possible number of model
parameters.
To start the modeling, the initial value for the number of delays to be estimated is set to nτ = 4. The model order starts at ni = 2 for all the i ’s and keeps
increasing till the desired model is acquired. Different models are evaluated
using different numbers of nτ and ni and the results are shown in Table 2.7.
The desired accuracy is achieved when nτ = 4 and the order of the polynomials Ni ( jω), Di ( jω) is set to ni = 5 for all the i. The obtained accuracy is
εabs = −30 dB and εrelative = −21 dB using 52 model parameters.
Despite the fact that the tapered lines and the distributed reflections they
create due to their change in characteristic impedance are not in the model
class,they are still modeled with a good accuracy. This proves the power of
the proposed model.
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model order (ni )

# delays (nτ )

# model parameters

εabs [dB]

εrelative [dB]

2
3
4
5
5
2

4
4
4
4
5
5

28
36
44
52
65
35

-23
-24
-25
-30
-29
-24

-12
-14
-15
-21
-21
-12

Table 2.7.: Model accuracy comparison for different number of delays and model orders

Propagation delays

Ti [ns]

T1
T2
T3
T4

0.3653
0.2192
0.2922
0.1461

Table 2.8.: Expected propagation delays of the structure used for example 3.

The transmission lines and the tapered lines present in the structure, all
have a certain propagation delay that can be calculated and is shown in Table
2.8. The estimated delays for the Koga model and the expected delays are
shown in Table 2.9. The first three estimated delays (τ1 ,τ2 ,τ3 ) are expected
due to the positioning of the resistors in the structure, the other delay is due
to occurrence of multiple reflections as it has a commensurate relation to the
other delays. The commensurate relations of the estimated delays (τi ) with
the delays introduced by each transmission line (Ti ) are as:
τ2 = 2T1
τ3 = 2(T1 + T2 + T3 + T4 )
τ4 = 2T1 + 4(T2 + T3 + T4 )
While the proposed model can achieve the desired accuracy using 52 model
parameters, VF needs an order of 42 (82 model parameters) to obtain the
same model accuracy.
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Delays (ni )

Estimated [ns]

Expected [ns]

Error [ns]

τ1
τ2
τ3
τ4

0
0.7914
2.1197
3.3072

0
0.7306
2.0459
3.3606

0
0.0608
0.0738
0.0534

Table 2.9.: Estimated and expected delays of the example structure of the structure used for
example 3.

multi-delay model

nτ

ni

# parameters

εabs [dB]

εrelative [dB]

Polynomial
Rational
Koga

7
6
4

8
7
5

70
62
52

-31.12
-29.81
-31.25

-21.60
-20.01
-21.82

Table 2.10.: Comparison of the proposed models to model the same structure

The polynomial multi-delay (2.2.1) and the rational multi-delay (2.2.2)
models are also capable of modeling the inhomogeneities that are introduced
in this example. To show that we model the structure introduced in this example (2.16) with these two models. It is expected that they need more model
parameters to achieved the desired accuracy in comparison to the Koga multidelay model, because of the nature of those models. To model the multiple
reflection, they need more nτ or ni to be able to model the multiple reflections.
The polynomial multi-delay model, needs nτ = 7 and ni = 8, resulting in
70 model parameters to be able to achieve the model accuracy desired here
(εabs = −30 dB, εrelative = −20 dB). The rational multi-delay model needs 62
model parameters in term of nτ = 6 and ni = 7 to achieve the desired accuracy.
This shows that all the models proposed here are able to model structure
that fall out of their model class and when choosing the right model class,
a reasonable accuracy can be obtained using a fairly low number of model
parameters.
In conclusion, the structure shown in Figure 2.16, is modeled by all the
models present in the model suite proposed in this work, the results are compared in Table 2.10. This example shows that all the proposed models are ca-
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pable of modeling the reflections even if they are created by inhomogeneities
in the transmission line, despite the fact that this phenomena is out of the
model class. Note that all inhomogeneities are modeled as lumped reflections.

2.7.4. Example 4: A coaxial cable simulation for
comparison
A simulation example using a Coaxial cable, as is proposed in [66], is chosen here as an example of a lossy structure. The example is implemented in
Matlab RF Toolbox TM and the properties of the coaxial cable are as following: the outer radius is set to have the value of 4.3 mm; and the inner radius
is 0.64 mm; the length of the line is set to 0.75 m; permeability µR = 1, the
relative dielectric constant is εR = 2.25 and thetan(δ ) = 0.004.
The proposed method in [66] is Delayed Vector Fitting (DVF). For the delay
extraction, the Gabor transform is used. Therefore, this is also a good example to compare the methods proposed here with the methods offered in the
literature. The S − parameters of the coaxial cable have been computed for the
frequency band from 0 to 5 GHz with the frequency resolution of 10 MHz. A
model will be identified for S11 , the corresponding magnitude and phase are
shown in Figure 2.19.

The time domain representation of the corresponding S11 is shown in Figure 2.20, where two main echoes are observed and one can notice a very small
reflection which has circle around it. Considering the structured used in this
example, only two reflections are expected. The third reflection marked with
the circles is assumed to be a multiple reflection. The relation between the
second and the third reflection, confirms this assumption. As the third reflection is exactly double is the second one, in other words: the second reflection
occurs at 7.485 nSand the third reflection is at 14.970 nS. In the Table 2.11 it
can be seen that the Koga multi-delay model is the only model that can model
the multiple reflection without the need of adding an extra parameter, nτ = 2
for Koga.
The S11 is then modeled by all the models presented in the model suite here
and also two other existing state of the art models in the literature, namely
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Figure 2.19.: Magnitude and phase of S11 of the coaxial cable example (blue solid lines) and the
absolute error (dashed grey line). Using Koga multi-delay model with nτ = 2 and
ni = 2, the RMS of the relative error is -34 dB and the RMS of the absolute error is
-54 dB.
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Figure 2.20.: Time domain representation of the coaxial cable example (blue solid lines). The
absolute error is represented by the dotted grey line, using Koga multi-delay model.

VF and DVF. The results of modeling with different models is shown in Table
2.11. It can be seen that the Koga multi-delay model needs the least number
of model parameters (14) to achieve the highest model accuracy (εabs ) , while
the other two models proposed in this work, namely rational and polynomial
multi-delay models still need less model parameters (respectively 19 and 18)
in comparison to VF and DVF with 153 and 23 model parameters.
This example shows that the proposed model suite works well to model the
designed Coaxial cable in Matlab and looking at Table 2.11, it can be seen

method

VF

DVF

Polynomial

Rational

Koga

# delays (nτ )
model order (ni )
εabs [dB]
εrelative [dB]
# model parameters

76
-40
153

3
4
-50
23

3
5
-49
-28
18

3
3
-52
-22
19

2
2
-54
-34
14

Table 2.11.: Comparison of the different methods, the number of parameters they need, the levels
of accuracy they achieve.
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that all the proposed models in the model suite need less model parameters
than the methods proposed in the literature to achieve the same or even a
better model accuracy. Certainly, this is not a perpetual conclusion but this
example shown the potential of the model sets proposed here to provide accurate model with a reasonable amount of number of parameters.
Using the models present in the model suite one can estimate the characteristic impedance of the coaxial cable. The estimation will not be very precise
and this is out of the scope of this work.

2.8. Model class selection
In this work, we consider the systems under study as black-box systems.
Therefore we have to choose the adequate complexity of the model class that
copes the best with the unknown (but possibly present) complexity of the system without prior physical information about the systems under test. In this
section we discuss how we select the adequate model class to model a certain
system. Selection of the model class is not implemented in an automatic routine that leads to a certain model class for the system to be modeled without
user interaction. However, in this section we demonstrate the reasoning that
helps us to decide about the model class that is best suited. These factors are
introduced and shown on examples here.
To make the explanation more clear, three examples used in this work are
used to discuss the model class selection. The first example is the simulation
of the Coaxial cable discussed in 2.7.4. The second example is a measurement example of an impedance tuner that is discussed in Chapter 3, in Section 3.1.2. The third example is a Signal Integrity (SI) simulation example,
explained in Section 3.2.2. The response function of these examples in the
frequency and the time domain are used here to demonstrate the different
factors that help one to decide about the model class. The magnitude and the
phase of the FRF of these examples are illustrated in Figures 2.21 and 2.22
(a),(b) and (c) respectively.
Note that none of the following factors determine the suitable model class
individually, but when one rather considers all these factors together they can
help to decide about the model class to be used.
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Figure 2.21.: The magnitude of the FRF of three different examples.
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Figure 2.22.: The phase of the FRF of three different examples.
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Slow dynamics over frequency
The dynamics of the magnitude of the FRF can also indicate the complexity
of the model class needed. Shown in Figure 2.21 by dashed green lines, it can
be seen that the example shown in Figure 2.21(a) almost has no dynamics
overall over the frequency band of interest, while the two other examples (b)
and (c) have similar dynamics over the frequency band. In this case also the
higher the dynamic over the frequency are, the more complex model class is
needed.
Phase behavior
The phase behavior of the system under study is also used as an indicator
for the needed complexity of the model class. Comparing the phase behavior
of three examples shown in Figure 2.22, shows that the first example (a) has
rather a linear phase with no irregularities. The second example(b) shows
more irregular phase behavior and the third example (c) has clearly a nonlinear and very irregular behavior of the phase that varies very fast over the
frequency band of interest. The more irregularities in the phase behavior the
larger the need for a more complex model class.
Periodicity
A varying periodicity of the signal over the frequency band of interest implies the demand for a model class that is more complex in nature. For the
examples shown in Figures 2.21 and 2.22, the different considered periods
over the frequency and/or time are shown by orange lines and are indicated
as T1 , T2 and T3 . It can be seen for the example (a), the signal keeps the same
periodicity over the frequency and/or the time, while the signals of other
examples shown in (b) and (c) clearly have varying periodicity over the frequency and/or time considering the periods T1 , T2 and T3 .
The more different the periodicity of the signal over the frequency and/or
time the more complex model class is needed.
Time domain representation
The time domain representation if the measured/simulated S − parameters visualizes the number of reflections, the magnitude of the reflections and their
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Figure 2.23.: The time domain representation of three different examples.
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potential overlap. It also allows to determine the eventual presence of multiple reflections. Hence it can help to choose the right model class. If there
are many reflections or multiple reflections are observed in the time domain,
Koga multi-delay model class is a natural choice as it handles multiple reflections out of the box by its nature.
None of the factors introduced above leads to a clear cut decision for a
model class. The combination of these factors can help one to choose the
relevant model class to obtain a model that is accurate enough for the application and is parsimonious in the number of model parameters.

2.9. Conclusions
In this chapter the proposed model suite including three different models
was presented. Three models of increasing complexity were shown to be
able to cope with structures of increasing complexity. Each of the models
were applied to numerical examples and their modeling power was examined. All the proposed models showed to be capable of delivering accurate
models with a reasonable number of model parameters.
In all the proposed models, the delays estimated using a sum of delayed
damped complex exponentials (Cisoids) corresponded very well with the expected delays for the examples discussed in this chapter.
In addition to the examples designed for each model, an example was selected to compare the performance of the proposed models with each other
and also with the existing models in the literature. This example showed that
all the proposed models here are capable of obtaining a reasonable accuracy.
Comparing the proposed models with the popular models used in the literature showed that the proposed models are positioned fairly good or even
better than the state of the art since they obtain the same accuracy with a
lower number of model parameters.
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Tuners to Signal Integrity

After applying the proposed model suite to simulation examples in Chapter
2, the next challenge is to investigate if the models are valid and deliver high
quality result on real life applications as well, and/or even more challenging, if they are also applicable while modeling systems from measured data.
Therefore, in this chapter models are extracted on two popular Radio Frequency (RF) applications/topics. First, a widely used high frequency device,
namely a microwave passive impedance tuner, is used as the Device Under
Test (DUT). The behavior of the DUT is measured and modeled using the proposed model suite. Then, the topic of Signal Integrity (SI) is addressed and
two relevant simulation examples are considered. A model is again obtained
using the proposed model suite.
A passive mechanical impedance tuner is selected as a DUT as it can benefit a lot from having a high quality model to simulate it and enable modelassisted selection of the tuning impedance. Tuners are an essential part of
any load/source pull bench. The importance of load/source pull techniques
is evident because of their extensive use in Power Amplifier (PA) design and
characterization. The common goal of tuners in load/source pull setups is to
deliver the intended reflection coefficient at one requested frequency. This is
achieved by tuning their probe positions, and is explained in detail in what
follows.
Next, the topic of SI is investigated as a commonly addressed topic in the
literature. The goal of SI is to ensure a sufficient fidelity of a signal that has
been transmitted over a transmission line or a transmission line structure to
ensure proper functioning of the circuit the signal is fed to [24]. An example
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is the transmission of a signal over a high speed bus between a processor and
its chip set. There, the integrity of the signal is required to guarantee the
functionality of the system. The integrity of the signals in real life applications can be jeopardized by artifacts of the circuit layouts. On a Printed Circuit Board (PCB), the signal path geometry and the construction of the power
delivery network are notorious to induce severe signal distortions. Therefore,
SI has the task of mitigating these effects. During the last years, SI design
has obtained significant improvements and many methods address the critical aspects of the layout of high-speed digital circuit design, including signal propagation on transmission lines (loss, termination, cross-talk, etc.), the
characterization of parasitics and discontinuities along the transmission line.
Among the effects mentioned here, characterization of the discontinuities is
the one that the proposed model suite can address. The proposed model suite
can be used to improve SI design in terms of reflection identification.
For all the examples in this chapter, the model quality is evaluated by the
previously defined residual errors εabs (2.21) and εrelative (2.22). The desired
accuracy for the following examples is as follows:
εrelative ≤ −20 dB

εabs ≤ −30 dB

(3.1)

These applications are challenging examples for the proposed model suite.
Even if they are common high frequency applications that require reflection
identification, however they do not completely fit in the model class that the
proposed model suite is pursuing. For example, most of the structures used
in SI applications are designed on multilayered substrates. Therefore, they
cannot explicitly be modeled as a cascade of transmission lines with lumped
elements.
However this problem is an opportunity as well. To examine the modeling
power of the proposed model suite, we specifically apply the identification to
the examples that do not belong to expected model class.
In this chapter we first consider a mechanical impedance tuner as a DUT in
Section 3.1. We apply all the models of the model suite on real measurements
of the tuner with different configurations, that are adapted to the complexity
of each model class in the suite.
Then in Section 3.2 we address two different SI simulation examples. First
in subsection 3.2.1, we consider an example that is also used in the literature
to evaluate how the proposed models can be positioned in comparison to
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Figure 3.1.: Schematic diagram of the mechanical impedance tuner with 3 probes that is used in
this chapter as a DUT.

the literature. Next, in subsection 3.2.2 a channel simulation of a Peripheral
Component Interconnect Express (PCIe) is considered as a system under test
and modeled with suitable models from the model suite. It is shown here
that the proposed models can be applied to structures that do not completely
fall into the desired model class while accurate results can still be delivered.

3.1. Microwave mechanical impedance tuners
An automated passive tuner consist of a slab-line, a center conductor and
one or more adjustable probes that can move both horizontally and vertically.
The vertical movement of the probes changes the magnitude of the reflection
coefficient S11 and the horizontal movement varies its phase. A simplified
schematic of the passive tuner used in this chapter is illustrated in Figure
3.1. When the probes move vertically towards the slab-line, the electrical
field distribution of the line is perturbed and part of the signal gets reflected:
the magnitude of the reflection measured at ports increases. The horizontal
movement of the probe on the other hand, adjusts the distance between the
probe and the measurement port and thus changes the phase of the reflection
coefficient.
The complexity of the system under test can be adjusted by different configuration of the probes. Therefore, we can increase the engagement of the
tuner probes to adapt the complexity of the system under test such that we
have different levels of complexity for the systems for all the models in the
model suite.
A passive tuner can be modeled as a cascade of transmission lines with
variable length tapped with impedances with variable values as shown in
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Figure 3.2.: Vertical slice of the tuner. Vertical movement of the probe towards the slab line
increases the magnitude of the reflection coefficient.

Figure 3.3. The number of the probes of the tuner defines the number of
the taps and the length of the lines is determined based on the position of
the probes along the conducting line (horizontal position of the probe). A
vertical slice of the tuner is shown in Figure 3.2 to illustrate the movement of
the probes towards or away from the slab line.
To examine the proposed model suite, measurements are performed on a
Focus Microwave ©tuner MPT-1818-TC. This is a multi-harmonic tuner that
has three probes [12]. To obtain different levels of complexity corresponding
to each model class in the model suite, the different probes of the tuner are
moved for each example; more reflection leads to more complexity. Thus to
impose more reflection, the probes must move more towards the center conductor. The closer the probes are in the vertical direction, the more reflection
is imposed by them to the system. Here we address the reflection imposition of each probe as their contribution. For each example, the probes that
are involved in the measurement are colored in the schematic diagram of the
tuner. The coloring of each probe also represents how close it is to the center
conductor or in other words how much reflection they are imposing to the
system under test; the larger the colored surface of a probe, the closer the
probe is to the center conductor.
The frequency sweep used in the measurements is the same for all the measurement examples presented here and is set from 1 GHz to 10 GHz with a
frequency resolution of 10 MHz. For all the measurement examples, a 2-port
measurement is performed with a Vector Network Analyzer (VNA) from Agilent (E8364B) that is calibrated using an E-Cal module for the frequency
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Figure 3.3.: A passive tuner can be modeled as a cascade of transmission lines with variable
length tapped by impedances with varying values. The length of the transmission lines is defined by the horizontal positions of the probes and the values of the
impedances are determined by the vertical position of each probe.

band of interest.
The modeling procedure is the same as explained in Chapter 2. Therefore,
the same strategy is used to select the model order ni (same for all the i)
and the number of the delays to be estimated nτ . To avoid redundancy, the
comparison tables leading to the final choice of ni and nτ are not shown and
discussed in this chapter, only the model corresponding to the final choice is
shown.
The delay extraction method, the noise model, the choice of the estimator and the parameter estimation procedure follows the same steps as was
explained in Chapter 2.

3.1.1. Example 1: A polynomial multi-delay measurement
To start with a simple example, just two out of the three probes of the tuner
are engaged as shown in Figure 3.4. Both are enforcing weak reflections. The
first probe is withdrawn and creates no reflection. The main reflection is
imposed by the second probe while the third probe has also a small contribution to the system reflection. The corresponding S11 parameter of the tuner
is then measured at port 1 (see Figure 3.4) and the magnitude and the phase
of the measured S11 are shown in Figure 3.5 in dark blue solid lines. As can
be seen the dynamics in the magnitude response are not very high and the
changes in the phase are not very fast either. The measured S11 in the time
domain (Figure 3.6) confirms that the main reflection is imposed by the second probe (with the highest magnitude), while the contribution of the third
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Figure 3.4.: Schematic of the tuner used as DUT in example 1. The contribution of the probes to
the imposed reflections is shown in color. Probes 2 and 3 are engaged and probe 1 is
fully withdrawn.

probe is clearly much smaller. Despite the fact that the first probe is competently withdrawn, it still causes a small reflection that can be observed close
to the origin of the time axis.
The modeling is started based on a first observation of the time domain and
the initial number of the delays to be estimated is set to nτ = 3, as minimally
three echos are distinctively present. The model order is initially set to ni = 2.
The model obtained with (ni = 2 , nτ = 3) does not deliver the desired accuracy.
Following the procedure explained in Chapter 2, both ni and nτ are increased
gradually until the desired accuracy is achieved. The desired accuracy can
be achieved with different model orders for the obtained polynomial multidelay models, but we are looking for a model with the reasonably low number
of model parameters that obeys the accuracy demands. An increase in the
number of the delays to nτ = 4 and of the model order to ni = 15 for all the i
results in the following residual errors:
εrelative = −24 dB

εabs = −54 dB.

This model needs 64 model parameters and the obtained absolute error on
magnitude and phase is illustrated in Figure 3.5 in grey dashed line.
In Figure 3.6, small overlapping reflections can be observed and are indicated with a circle. These overlapping reflections can explain the necessity
for the increase in the nτ from the initial value nτ = 3 to nτ = 4, which improves the accuracy of the model significantly. In Figure 3.6, the obtained
polynomial multi-delay model in the time domain is shown by dotted green
line. It can be seen that all the small overlapping reflections are modeled
perfectly.
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Figure 3.5.: Magnitude and phase of S11 of the tuner measurement example 1 (blue solid line)
and the Root Mean Square (RMS) of the absolute error εabs (dashed grey line). The
RMS of the relative error(εrelative ) is −24 dB and the RMS of the absolute error (εabs ) is
-54 dB. The model is obtained with nτ = 4 and the order of the polynomials (Ni ( jω))
is equal to ni = 15 for all the i.
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Figure 3.6.: The measured S11 of the tuner for example 1 (blue solid line) and the obtained model
in the time domain (green dots). The position of the estimated delays is shown by
vertical dotted black lines. The error is the difference between the signal and the
model and is shown by grey dotted line.

Delays (nτ )

Estimated [ns]

Expected [ns]

Error [ns]

τ1
τ2
τ3
τ4

0.193
2.012
3.425
3.850

0.178
1.78
3.43
-

0.015
0.232
0.0050

Table 3.1.: The estimated, the expected delays and their difference in ns for the tuner measurement example, and the polynomial multi-delay model of example 1.

The estimated, the expected delays and their difference are shown in Table
3.1. They are illustrated in the time domain plot of Figure 3.6 by vertical
dotted lines. To obtain the expected delays, we followed (A.1), assuming that
for the tuner εe f f = 1 as the line is filled with air. To obtain the length l of
the line, the position of the probes is considered. For all the measurements
only 3 expected delays are calculated that are all based on the position of the
probes.
In conclusion, the reflection S11 of the tuner under test is measured in the
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Figure 3.7.: Schematic of the tuner used as DUT in example 2. The contribution of the probes to
the imposed reflections is shown in color. Probes 2 and 3 are highly engaged while
probe 1 is fully withdrawn.

frequency domain while 2 out of 3 probes are involved. It is modeled using
the polynomial multi-delay model with a reasonable accuracy and a sensible
number of model parameters. This model provides accurate results if the
system does not have too much frequency dynamics and the complexity of
overlapping echoes is not too high in the time domain. This is the case here.
For the example next, the reflection contributions of the probes are increased
to impose more complex reflections.

3.1.2. Example 2: A rational multi-delay measurement
To increase the complexity of the system under test, two probes of the tuner
are still used but the engagement of the both probes is increased. The first
probe is withdrawn completely as was the case in the previous example. The
measured magnitude and phase of S11 , measured at port 1 of the tuner is
shown in Figure 3.8 by a dark blue line. More frequency dynamics are visible
in the magnitude when compared to the previous example. Also the changes
in the phase are happening faster.
S11 in the time domain (Figure 3.9 ) shows two significant reflections caused
by the engaged probes while a small echo close to the origin of the time axis is
caused by the withdrawn probe. Following the same procedure for the choice
of ni and nτ , the following desired accuracy is achieved with nτ = 3 and ni = 11
for all the i, εrelative = −20 dB, εabs = −37 dB.
The model uses 51 model parameters to reach the achieved accuracy. The
absolute error is shown in Figure 3.8 by a grey dashed line. The estimated
delays are shown in Table 3.2 and also illustrated in Figure 3.9 by the black
vertical dotted lines. The expected and estimated delays are compared in Ta-
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Figure 3.8.: Magnitude and phase of S11 of the tuner measurement example 2 (blue solid line)
and the RMS of the absolute error εabs (dashed grey line). The RMS of the relative
error(εrelative ) is −20 dB and the RMS of the absolute error (εabs ) is -37 dB. The model
is obtained with nτ = 3 and the order of the polynomials (Ni ( jω), D( jω)) is equal to
ni = 11 for all the i.

ble 3.2, where the first expected delay is 0 because the first probe stays at
the origin. This example shows that the rational multi-delay model delivers
accurate models while remaining parsimonious in the number of model parameters, even if the system to be modeled is dispersive and reflection echoes
with high magnitudes are observed in the time domain representation. To
examine the Koga multi-delay model next, all the probes of the tuner are involved to impose more reflections on the system under test and to increase
their complexity.
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Figure 3.9.: The measured S11 of the tuner for example 2 (blue solid line) and the model in
time domain (green dots). The position of the estimated delays is shown by vertical
dotted black lines. The error is the difference between the signal and the model and
is shown by grey dotted line.

Delays (nτ )

Estimated [ns]

Expected [ns]

Error [ns]

τ1
τ2
τ3

0.075
2.025
3.062

0
1.88
3.27

0.075
0.145
0.208

Table 3.2.: The estimated, the expected delays and their difference in ns for the tuner measurement example 2.

3.1.3. Example 3: A Koga multi-delay measurement
To maximize the complexity of the system under test, all three probes of the
tuner are engaged in this example. All of them are imposing rather high reflections, the percentage of the contribution of each probe is shown in Figure
3.10. The measured magnitude and phase of S11 are shown in Figure 3.11
by the solid dark blue line. The figure confirms the increased complexity of
this example when compared to the previous ones. The magnitude has more
dynamics and the phase has very fast changes. The measured S11 in the time
domain confirms the high contribution of the three probes as three distinct
echoes are visible in Figure 3.12. The delay extraction and the modeling pro-
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Figure 3.10.: Schematic of the tuner used as DUT in example 3. The contribution of the probes
to the imposed reflections is shown in color. All three probes are highly engaged.

cedure are followed in the same way as explained in Chapter 2.
To achieve the desired accuracy the number of delays and the model order
are selected as follows: nτ = 5 and ni = 5, which leads to 65 model parameters.
This is a proof of the parsimony of the proposed model in the number of
parameters. Remember that the measurement bandwidth is very large (1 GHz
to 10 GHz). The accuracy achieved with this model is εrelative = −19 dB, εabs =
−38 dB. The absolute error εabs is shown by the grey dashed line in Figure
3.11. The estimated delays are shown in Figure 3.12 by the vertical dotted
lines and also in Table 3.3 together with the expected delays. This example
shows that when dealing with measured data, the Koga multi-delay model is
capable of delivering an accurate model with a reasonable number of model
parameters.
In this section, all the model classes of the proposed model suite were applied to real measurements of the tuner under study. Different configurations
of the tuner were considered and adapted to the complexity of each model
class in the suite. It is shown here that the proposed model suite is capable of modeling measured data, provide reasonably accurate models over a
wide frequency band while remaining parsimonious in the number of model
parameters.
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Figure 3.11.: Magnitude and phase of S11 of the tuner measurement example 3 (blue solid line)
and the RMS of the absolute error εabs (dashed grey line). The RMS of the relative
error(εrelative ) is −20 dB and the RMS of the absolute error (εabs ) is -30 dB. The model
is obtained with nτ = 3 and the order of the polynomials (Ni ( jω), Di ( jω)) is equal
to ni = 5 for all the i.

Delays (nτ )

Estimated [ns]

Expected [ns]

Error [ns]

τ1
τ2
τ3
τ4
τ5

0.0001
0.282
0.624
1.857
2.898

0
1.861
2.932

0.0001
0.0040
0.0340

Table 3.3.: The estimated, the expected delays and their difference in ns for the tuner measurement example, and the Koga multi-delay model of example 3.
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Figure 3.12.: The measured S11 of the tuner for example 3 (blue solid line) and the obtained
model in the time domain (green dots). The position of the estimated delays is
shown by vertical dotted black lines. The error is the difference between the signal
and the model and is shown by grey dotted line.

3.2. Signal Integrity examples
As explained before, interconnects have an extensive impact on the Signal
Integrity (SI) of electronic systems. Therefore, their non-ideal behavior must
be evaluated at different levels, starting from chips to packages to boards and
even system level. In this section, we consider two simulation SI examples.
First, we consider an extreme case of 12 m of transmission line that is used
in the literature to compare the proposed model suite with the state of the
art [9].
Next, as a SI application example, a Peripheral Component Interconnect
Express (PCIe) simulation is considered. As the PCIe is designed on a multilayer substrate, it does not fit perfectly in the proposed models class, therefore it is a nice example to evaluate the performance of the proposed models
in such a situation where model errors are certainly present. As no measurement based SI examples were accessible or possible to perform, we only consider simulation examples in this section. Similar to the previous section, the
desired accuracy for the following examples (4 ,5) is set to εrelative ≤ −20 dB
and εabs ≤ −30 dB.
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Figure 3.13.: Schematic of the structure under test for example 4. Two transmission lines with
excessive length of 5 m and 7 m tapped with three capacitors with C = 1 pF.

3.2.1. Example 4: 12 meters of transmission line simulation
A structure consisting of two cascaded, unrealistically long transmission lines
with a total length of 12 m that is tapped with three lumped elements is designed. The schematic of the designed structure is shown in Figure 3.13,
where T L1 = 5 m , T L2 = 7 m and C = 1 pF.
This example is chosen as it is very similar to an example used in [9], and
therefore is a relatively fair example to compare the proposed model suite
with the existing methods in the literature. The structure is designed on a
substrate with the dielectric constant of (εr = 3.38), a dissipation factor of
(tanδ = 0.0027) and a thickness of 1.524 mm. The thickness of the copper
conductor is 35 µm.
The structure is designed and simulated in the Advanced Design System (ADS)
and the frequency sweep is setup as follows: the S−parameters of the structure
are computed from 2 MHz to 10 GHz with a frequency resolution of 2 MHz.
Then, a 2-port simulation is performed by Momentum (which is the electromagnetic simulator of ADS), and S11 is chosen to be modeled.
The magnitude and the phase of the scattering parameter S11 simulated by
the electromagnetic simulator is shown in Figure 3.14 (solid dark blue line).
For the sake of clarity and readability a zoomed version up to 1 GHz is also
illustrated in Figure 3.15.
Due to the very fast changes in the phase and the high dynamics in the magnitude, the Koga multi-delay model seems to be the best candidate to model
the structure. Based on the observation of the time domain representation in
Figure 3.16, the number of delays to be estimated was initially set to nτ = 2
for all the i. It is important to notice the first echo at the origin of the time
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Delays (nτ )

Estimated [ns]

Expected [ns]

Error [ns]

τ1
τ2
τ3

0
52.42
125.33

0
61.28
147.08

0
8.86
21.75

Table 3.4.: The estimated and the expected delays for the example 4 estimated by the Koga multidelay model.

axis. The existence of this echo at the origin of time is yet another evidence
that the Koga multi-delay model is the best candidate here, as the nature of
this model requires a reflection at the source which is the case here. This is
explained in detail in Chapter 2. The model order is set to ni = 2 initially.
As the desired accuracy is not achieved, both ni and nτ are increased. For
nτ = 3 and ni = 3 for the polynomials (Ni ( jω), Di ( jω)), the desired accuracy is
achieved with only 27 model parameters: εrelative = −24 dB , εabs = −30 dB.
The expected delays are all estimated with a good accuracy using the proposed Koga multi-delay model (See Table 3.4 ). The first delay (τ1 = 0) is to be
expected considering the system under study. The propagation speed is obtained using (A.3) for this example, and then expected delays are calculated.
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Figure 3.14.: Magnitude and phase of the simulated structure considered in example 4 (blue
solid lines) and the absolute RMS error (dashed grey line). The RMS of the relative
error is εrelative = −24 dBand the RMS of the absolute error is εabs = −30 dB. The
structure is modeled with a Koga multi-delay model using ni = 3 for all the i and
nτ = 3.
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Figure 3.15.: Magnitude and phase of the structure considered in example 4 for a reduced bandwidth of 1 GHz (blue solid lines) and the absolute RMS error of the model (dashed
grey line).
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Figure 3.16.: Time domain representation of the structure under test considered in example 4
(blue solid line) and the model (green dots). The position of the estimated delays in
time is shown by the vertical black dotted lines. The error is the difference between
the signal and the model and is shown by grey dotted line.

This example is based on a very similar structure as the one used in [9]
and is chosen here to compare the proposed models here with the state of the
art. In [9], a Delayed Vector Fitting (DVF) method is used to model a similar
structure. DVF needs 6 delays and an order of 8 to obtain the εabs = −55 dB.
In the same paper it is shown that Vector Fitting (VF) needs an order of 1046
to achieve the accuracy of εabs = −63 dB. Therefore, to have a fair comparison
with the literature we also aim to obtain the same accuracy of εabs = −55 dB
using the Koga multi-delay model. The Koga multi-delay model needs nτ = 5
delays and the order of ni = 5 for the polynomials to achieve εabs = −56 dB and
εrelative = −36 dB. Table 3.5 shows that Koga multi-delay needs less model parameters to achieve a similar accuracy as DVF method. It also needs 32 times
less number of model parameters than VF. Table 3.5 shows how the proposed
model can be positioned with respect to the literature. We can conclude that
the Koga multi-delay model is doing as well as the DVF which is a popular
method used in the literature or it can even be (a bit) more parsimonious in
the number of model parameters than DVF providing a similar accuracy. This
extreme example taken from the literature is modeled successfully with the
Koga multi-delay model. Next we consider a channel simulation of a PCIe as
a SI example.
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method
# delays (nτ )
model order (ni )
εabs [dB]
εrelative [dB]
# model parameters

VF

DVF

Koga

1046
-63
2093

6
8
-55
69

5
5
-56
-36
65

Table 3.5.: A table comparing the different methods, the number of parameters they need and
the level of accuracy they achieve.

3.2.2. Example 5: Peripheral Component Interconnect
Express (PCIe) simulation
Nowadays, dealing with high-speed digital systems, the traces in PCBs or
multi-chip modules are often not electrically short anymore. Therefore, they
are designed and analyzed using Multi-conductor Transmission Lines s (MTLs)
models. Here MTL refers to a set of n + 1 long parallel conductors that transmit electrical signals between two or more points, for example between a
driver and a receiver [24]. The MTL structures found on a typical PCB consist of conductive traces buried in or attached to a lossy dielectric layer with
one or more reference planes. Therefore, this type of structures fall out of the
model class that is proposed in this work, as the multi-layered structure of the
lines creates a level of complexity that does not allow yo use a simple model
structure such as a cascade of transmission lines. However we try to apply
the proposed models on MTL structures anyway to examine the abilities of
the proposed models to cope with model errors.
A channel simulation of a Peripheral Component Interconnect Express (PCIe)
Gen 2.0 is simulated in ADS. It is available online and is considered as a reference example for SI applications. The schematic of the channel simulation
is illustrated in Figure 3.17.
An eight port simulation is performed in the frequency-domain from 20 MHz
up to 20 GHz with a frequency resolution of 20 MHz. From the full scattering
matrix obtained, the scattering parameters corresponding to ports 1, 4 and 8
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Figure 3.17.: Schematic of the Peripheral Component Interconnect Express Gen 2.0 that is used
as the structure under test for example 5. The ports considered in the example are
highlighted.

(S11 , S48 ) are chosen to be modeled. S48 is a transmission scattering parameter
and defines the cross talk between ports 4 and 8 that are highlighted with
blue color in Figure 3.17. S11 is a reflection scattering parameter at port 1
which is highlighted in yellow in Figure 3.17.
The simulated magnitude and phase of S11 are shown in Figure 3.18 by
solid dark blue lines. The changes in the phase look very chaotic and the
frequency dynamics of the magnitude are varying along the frequency. Based
on this observations, a Koga multi-delay is chosen to model S11 .
To obtain the desired accuracy (3.1), the Koga multi-delay model needs ni =
13 for all the i of the polynomials (Ni ( jω) and Di ( jω)) and nτ = 5, resulting in
145 model parameters. With this spec, Koga multi-delay model obtains the
accuracy of:
εrelative = −21 dB,

εabs = −34 dB

for the RMS of the relative and the absolute error respectively. The εabs on the
magnitude and phase of S11 are shown by dashed grey lines in Figure 3.18.
The time domain representation of S11 is shown in Figure 3.19. The position
of the estimated delays is shown by vertical dotted black lines. Considering
the fact that the structure is designed on a multi-layer substrate, the calculation of the expected delays is not an easy task. The rules of calculating the
propagation speed in a single layer microstrip transmission line as explained
in Appendix A does not apply here. Therefore, we do not calculate the ex-
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Figure 3.18.: Magnitude and phase of S11 in example 5 shown (blue solid lines) and the RMS of
the absolute error εabs (dashed grey line). The RMS of the relative error εrelative is
−21 dB and the RMS of the absolute error εabs = −34 dB. The model is obtained
using the Koga multi-delay model with nτ = 5 and the order of the polynomials
(Ni ( jω), Di ( jω)) is equal to ni = 13 for all the i.
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Figure 3.19.: Time domain representation of S11 (blue solid line) and the obtained model (green
dots). The position of the estimated delays is shown by the black vertical dotted
lines. The error is the difference between the signal and the model and is shown by
grey dotted line.

pected delays.
Next, we start modeling the other scattering parameter S48 . The magnitude
and the phase of S48 are shown in Figure 3.20 by dark blue solid lines. We can
see that the dynamics in the magnitude are not very high and the changes in
phase are neither looking chaotic nor fast, especially in comparison with S11 .
Considering these observations, the rational multi-delay model is chosen to
model S48 .
S48 is modeled with rational multi-delay model with ni = 3 for all the i and
nτ = 7. The model is obtained using 39 model parameters and the obtained
accuracy is:
εrelative = −19 dB,

εabs = −41 dB

The absolute error (εabs ) is shown in Figure 3.20. The time domain representation of S48 shows two big overlapped echoes as seen in Figure 3.21 by
dark blue line and the time domain representation of the model is shown by
dotted green line. It can be seen that the reflections are modeled accurately.
The position of the estimated delays are shown by the black vertical dotted
lines.
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Figure 3.20.: Magnitude and phase of S48 in example 5 (blue solid line) and the RMS of the absolute error εabs (dashed grey line). The RMS of the relative error (εrelative ) is −19 dB
and the RMS of the absolute error (εabs ) is -41 dB. The model is obtained using
rational multi-delay model with nτ = 7 and the order of the polynomials (Ni ( jω),
D( jω)) is equal to ni = 3 for all the i.
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Figure 3.21.: Time domain representation of S48 (blue solid line) and the obtained model (green
dots). The position of the estimated delays in time is shown by the vertical doted
lines. The error is the difference between the signal and the model and is shown by
grey dotted line.

The presented results confirm that the proposed modeling technique allows building accurate and parsimonious in parameter models also in the
situations that structures fall out of the model class.
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3.3. Conclusion
In this chapter, we have evaluated the power of the proposed model suite by
applying it to measurement examples and further on structures that fall out
of the considered model class.
First, all the models proposed in the model suite are applied to measurement data obtained from a passive impedance tuner. The complexity of the
reflections of the DUT, the tuner, is adapted by changing the settings of the
probes. Therefore, each model has a system with a complexity that is proportional to its power to model.
Next, two Signal Integrity (SI) simulation examples are chosen. First one
is used to compare the proposed models in this work with two largely used
methods (VF,DVF) in the literature. Afterwards, a Peripheral Component
Interconnect Express (PCIe) is chosen as a SI application example and two
scattering parameters out of it full scattering matrix are modeled.
It is shown that in either case, the proposed models are capable of delivering accurate results with a reasonable number of model parameters.
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4.1. Introduction
The main purpose of an impedance tuner is to control the impedance at the
ports of a nonlinear active component to characterize or optimize its circuit
and the system level of its design. Impedance tuners are thus used in many
high frequency applications, including passive source and load pull measurements [3], Radio Frequency (RF) amplifier design and noise measurements [48]. They can also be used in automatic impedance-matching devices
like Antenna Tuning Units (ATU) [67], [49] and many other broadband wireless devices [74]. The purpose of using a tuner in all these applications is
to synthesize the desired port impedance at a desired frequency or over a
frequency band of interest. The ultimate goal is to ensure that the desired
reflection coefficient can be achieved on the desired frequency grid. Therefore an accurate model that can characterize the tuner is very advantageous
to reach this goal.
To minimize the uncertainty of the synthesized impedance that is achieved
by the tuner in all the mentioned applications, the tuner needs to be calibrated accurately.
Accuracy of the calibration of the tuners is an essential step as it assures
repeatable and precise measurements. Moreover the inaccuracy in the tuner
calibration leads to errors in the measurements. The existing calibration procedures that are offered in the software provided by the manufacturers of the
tuners can be time consuming, especially if the highest accuracy is desired.
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On top of that, defining the accuracy in these softwares can also be an issue.
As an example, in the software provided by Focus Microwaves ©this matter is
ambiguous. In order to choose the accuracy of the desired calibration one has
to choose between: very low, low, high and very high resolutions, which none
of are quantitative. Therefore the user has an ambiguous idea of accuracy
while choosing between the options. In the case of going for a high accuracy, these measurements can take up to more than 1 hour. In conclusion, the
drawbacks of existing calibration methods are:
- they are time consuming
- they provided softwares are not user-friendly (in term of choosing accuracy)
for the reasons mentioned above, there is a need for a user-friendly, accurate,
automated and time-efficient calibration procedure. In this chapter we will
(try to) fill in this gap.
Two main types of tuners are available, namely passive and active tuners.
Each of the active or passive tuners have their strengths and drawbacks. As
passive tuners are preferred by many users due to their practical simplicity, we also focus on mechanical passive tuners. As previously mentioned,
the state-of-the-art maximally accurate calibration of these tuners requires a
very large number of positions of the probes to be characterized for all the desired frequencies prior to using the tuners in the measurement setups. This is
mandatory to ensure covering the full Smith chart with all the possible reflection coefficients with all possible phases and magnitudes. This requires moving the probes to different positions and then measuring the S − parameters at
the ports of the tuner with a Vector Network Analyzer (VNA), which is a very
time-consuming task.
This calibration process definitely affects the overall time needed for the
measurement procedure. In the recent years, a technique has been proposed
to reduce the calibration time of mechanical passive tuners [58]. The approach is based on a 2-dimensional (2D) interpolation method and proves to
shorten the time needed for tuner calibration in comparison to a standard calibration. However, the choice of the samples and the control on the achieved
modeling accuracy are not automated.
Therefore, based on two important ideas of adaptive sampling and decomposing the horizontal and vertical movements of the probes, we came up with
a new method that automates the calibration process of passive tuners based
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on mechanical probes. We show that it is possible to achieve high accuracy
calibrations in an efficient time frame and for a reduced number of samples
using adaptive sampling techniques. The decomposition of the effects of the
horizontal and vertical movements of the probes on the S − parameters is exploited by decomposing the 2D modeling problem to two 1-dimensional (1D)
modeling problems. A control on the achieved modeling accuracy is performed with the adaptive sampling technique. The proposed algorithm is
easy to implement and consists of a software to control the position of the
probe of the tuner, a VNA to measure the S − parameters at the ports of the
tuner and a Matlab routine to implement the modeling and sampling approach.
First, we describe the working principle of the mechanical passive tuners in
Section 4.2, next in Section 4.3 we explain the proposed automated method.
Then we calibrate a tuner using the proposed method here in Section 4.4 and
we discuss the results obtained.

4.2. Passive tuner operation principle
The passive tuners are also known as slide-screw tuners. This name also
describes their functionality. The principle of mechanical passive tuners is
simple. Tuners consist of a slab-line that has two grounded parallel plates,
a center conductor and one or more adjustable probes that can move vertically (Y) and horizontally (X). Vertical movement of the probes changes the
magnitude of the reflection coefficient and horizontal movement varies the
phase.
A simplified schematic of a passive tuner is illustrated in Figure 4.1. When
the probe moves vertically towards the slab-line, the electrical field distribution of the line is perturbed and part of the signal gets reflected back:
the magnitude of the reflection measured at ports increases. The horizontal movement of the probe on the other hand, adjusts the distance between
the probe and the measurement ports and thus changes the phase of the reflection factor. These movements of the probes enable the synthesis of an
arbitrary passive impedance at the measurement ports [70], [63]. The outcome of the movements of the probe is shown on the Smith chart in Figure
4.2.
The passive tuners can be either manual or electro-mechanical. In the lat-
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Figure 4.1.: The schematic of an impedance tuner with one probe. The possible movements of
the probes are shown. Horizontal movement (X) and the vertical movement (Y).

ter case, the probe movements are controlled with stepper motors with a
high resolution (varies per tuner) which will assure more accurate positioning of the probes compared to movements that are controlled manually. As
the movements of the probes define the S − parameters measured at the ports
of the tuner, we focus on automatically extracting the relation between the
S −parameters data of the tuner and the physical horizontal and vertical movements of the probes at different frequencies. Software positioning control of
the probes in electro-mechanical tuners is used in our procedure.
Tuners often have more than one probe to cover a wider frequency band.
They are then called multi-harmonic tuners. These tuners allow tuning at
multiple frequencies (or harmonic frequencies) independently at the same
time, as each probe covers a certain frequency band [70]. Here, we focus
on modeling one probe of a passive electro-mechanical tuner to show the
capability of the method. We can safely assume that all the probes of a tuner
behave similarly.
The ideal tuner is the one that can cover the full Smith chart, especially at
the boundaries, where the reflection coefficient has a magnitude very close to
1.
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Figure 4.2.: Measured vertical (Y) and horizontal (X) movements of the tuner’s probe displayed
on the Smith chart. The measurements are performed by the tuner under test.

4.3. The proposed algorithm
In the proposed method we take the advantage of decomposing the movements of the tuner probe into two different directions; along vertical (Y) and
horizontal (X) axis which set the magnitude and the phase of the reflection
coefficient receptively. Next, to be able to obtain an accurate model, the 2
dimensional space of X − Y must be sampled accurately. The latter step is
done via adaptive sampling techniques which will result in obtaining high
accuracy models with a reasonably low number of samples.
The variation of the position of the probes along the horizontal (X) and vertical (Y) directions is limited to a certain range, [Xmin ,Xmax ] for the horizontal movements and [Ymin ,Ymax ] for the vertical movements. In the proposed
method, instead of sampling the 2D space at once, we first sample the Y axis
and then the X axis. The adaptive sampling procedure first generates a set of
initial samples in the X − Y space. Then, based on the information obtained
from these initial samples, final samples are generated. Finally, a model that
is able to predict the tuner behavior over the complete X, Y space at a set of
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desired frequencies will be build based on these samples.
The interaction of the user is limited to setting the desired accuracy of
the model (ErrDesired ), defining the movement limitations of the probes of the
tuner under test (Xmin ,Xmax , Ymin ,Ymax ), the number of initial samples for each
axis (Ninit ) and the following parameters, which will be explained in detail in
the remainder of the text: Ndense , KX , KY . As the sampling is done separately
for the 2 axes, the desired accuracy on the models of each axis should also
be set separately by the user (ErrDesiredX , ErrDesiredY ). The algorithm will then
ensure that ErrDesiredY ≤ ErrDesired , ErrDesiredX ≤ ErrDesired . The procedure of the
proposed method is explained in more details in the following subsection.

4.3.1. The adaptive sampling procedure
In order to have an accurate calibration for the tuner many samples are needed
to be measured to cover the full X − Y space; this results in a prohibitive
measurement time. Therefore, an adaptive sampling algorithm can result in
shortening of the measurement(calibration) time while keeping accurate results as the samples are chosen in a sequential way by comparing errors of
two different models that are evaluated over the samples.
Adaptive sampling consists of two major sets of samples; first the initial
samples and then final samples. Initial samples are mostly spread uniformly.
Then final samples are selected sequentially in the regions that are interesting to be identified, meaning that highly dynamic behavior is observed by
the initial samples. The balance between these two steps is very important as
both steps play a major role in the procedure of the algorithm. Normally in
adaptive sampling algorithms [15], [29] the number of samples that is dedicated to the initial samples are small as the majority of the samples are chosen adaptively to catch the most of the dynamic behavior. The procedure of
generating the samples is illustrated in different steps in Figure 4.3 and is
explained in more detail in the following.
4.3.1.1. Initial samples
The sampling procedure starts by first sampling along the Y axis, while the
max
value of X is fixed to Xmid = Xmin +X
. The number of initial samples is de2
noted as Ninit . An adaptive sampling then decides the location of the samples
along Y axis with the fixed position for the horizontal axis Xmid . This way the
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initial set of uniformly distributed samples are defined as the starting points
of the sampling procedure.
This step is repeated for the X axis as soon as the final samples are fixed
along the Y axis. Sub-figures (a,c) in Figure 4.3 show the distribution of the
initial steps on an example. Initial samples are illustrated in crosses.
4.3.1.2. Final samples
When initial samples are set, the adaptive sampling decides about the location of the new samples by adaptively building two interpolation-based
models (Model1 , Model2 ) and comparing them with each other. During the
iterations of the adaptive sampling step, two proposed interpolation models
are evaluated over a very dense set of samples (Ndense ) first over the Y axis
(the generation of this dense set of samples is explained in subsection 4.3.3).
Then the Y sample (position in theY axis) where these two models exhibit a
maximum deviation, becomes a new sample to be measured. This sampling
iteration continues till the required accuracy is satisfied:
ErrSampling,Y < ErrThreshold,Y

(4.1)

Since here two models are being compared, we take a certain margin in
defining the error threshold, such as:
ErrThreshold,Y =

ErrDesiredY
; KY > 1
KY

(4.2)

The first model chosen is based on the Piecewise Cubic Hermite Interpolating Polynomial (PCHIP) and the second one is based on a SPLINES interpolation technique [14]. Theses two models are defined in Matlab and are
simple to use. The user can propose different model classes as the method is
not limited to the choices made here. At the end of this step a set of samples
(Xmid , Yn ) with n = 1, ..., NY is obtained.
In the next step, initial samples are generated along the X axis (uniformly)
for each of Y samples generated in this step. Then, adaptive sampling is used
to decide the location of the final samples along the X axis, for each of the
Y samples. To this end, a similar adaptive sampling loop same as before is
executed to determine a set of sampled X values at each Yn value. Then a
set of (Xpn ,n , Yn ) samples with pn = 1, ..., NX,n and a model are obtained for
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each Yn . Following this procedure for each Yn sample, the full X − Y space
will be automatically and adaptively sampled. Sub figures (b,d) in Figure 4.3
show the distribution of the initial steps on an example. The final samples
are shown in circles.

4.3.2. Final model generation
Based on the obtained set of samples, a 2D model is easily obtained that
can provide the tuner response for each sample in the space bounded by
[Xmin ,Xmax ], [Ymin ,Ymax ]. Let us imagine that we want to evaluate the reflece Y).
e Then, the differtion factor S11 of the tuner at a certain position pair (X,
e which provides
ent models ModelsX,n (X, Yn );n = 1, ..., NY are evaluated at X,
e
e
Smodel,11 (X, Yn ). Based on the data samples Smodel,11 (X, Yn ), another model
e which finally provides
can be built as a function of Y and evaluated at Y,
e
e
Smodel,11 (X, Y).
In our numerical results, in Section 4.4, we use the PCHIP model class to
build this 2D model. It is obvious that once the set of (X pn ,n ,Yn ) samples,
pn = 1, ..., NX,n , n = 1, ..., Yn is obtained, any kind of 2D model can be built
based on these data points . Our approach to build a final 2D model follows
the main idea of the 2D modeling/sampling decomposition into two 1D modeling/sampling procedures and allows to have control on the model accuracy
of the 2D model, as is shown in the numerical results in the next subsections.

4.3.3. Validation and error estimation
A dense set of samples (Ndense ) over the X − Y space (in the following example
we chose 71x71 uniformly distributed samples) is used to validate the proposed technique. The S − parameters response is measured at all these samples
and this data set is then used as the validation set. This data set is collected
before starting the adaptive sampling procedure.
We highlight that our method does not necessarily require a validation test.
Since we compare two models over a very dense set of samples, then we predict the location of the next samples during the adaptive sampling steps and
finally estimate the accuracy achieved by a final 2D model over the X − Y
space (using ErrSampling,X and ErrSampling,Y in the adaptive sampling loops). We
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(a) Step 1 : Uniformly spread initial samples along Y axis.(b) Step 2 : Adaptive sampling along Y axis to genInitial samples are shown by (×).

erate final samples. Final samples are shown by
(•) and initial samples are shown by (×). There
are more samples where the transfer function is
more dynamic.
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(c) Step 3 : Uniformly spread initial samples along the X axis(d) Step 4 : Adaptive sampling along the X axis to genfor each sample that is generated in the previous step. Final
samples are shown by (•) and initial samples are shown by
(×).

erate final samples. There are more samples where the
transfer function varies more. Final samples are shown
by (•) and initial samples are shown by (×).

Figure 4.3.: Sampling scheme to generate initial and final samples
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use the factors KX , KY to have stricter error convergence criteria than just
ErrSampling,Y < ErrDesired,Y , ErrSampling,X < ErrDesired,X
and take into consideration that the error between two models is used for
accuracy estimation.
However, it is possible to further validate the generated models by additional validation samples (measured data) and compare model and data instead of comparing two models. This can be done after the sampling in both
Y and X axes are performed or during each of the adaptive sampling steps.
Obviously, this will increase the number of measurements needed and hence
also the calibration time of the tuner will increase.
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4.4. Example1 : Calibration of a tuner with the
proposed method
The method is applied to a Focus Microwave ©tuner MPT-1818-TC which is
a multi-harmonic tuner that has three probes and covers the frequency range
from 1.8 GHz to 18 GHz. Here we only consider the first of the three probes
of the tuner while the other two probes are completely withdrawn from the
center conductor thus assumed that they do not have any influence on the
behavior of the tuner. The VNA that is used to perform the measurements is
an Agilent E8364B which is calibrated with an Electronic Calibration (ECal)
module for the frequency band of interest. The proposed algorithm has been
used to model the measured S11 of the tuner.
The tuner under test has the following limitation on the movements of its
probe: the horizontal movement (X) is limited to the range of [ 0-5913 ] and
the vertical movement (Y) of the probe is in the range of [ 0-4960 ].
Example objectives
Three main accuracy levels (ErrDesired ) are aimed here as:
ErrDesired = −20, −30, −40 dB.
The adaptive sampling is then performed to achieve the ErrDesired at three
harmonic frequencies of 1, 2 and 4 GHz. Thus 9 sets of adaptive sampling is
to be performed, where the initial samples for all of them are set in the same
way which is explained next.
Initial samples To obtain the initial samples, the Ninit is to be set and then
samples are spread uniformly along the Y axis at the position of Xmid . Here
Ninit = 4 and the Xmid is obtained as:
0 + 5913
= 2957
2
This initial samples are then measured. This step is repeated for the X axis as
soon as the final samples are fixed along the Y axis.
Xmid =
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Final samples Based on the set of initial samples obtained and measured
in the previous step, in this step the adaptive sampling finds the location
of the new samples by adaptively building two interpolation-based models
(Model1 , Model2 ) and comparing them with each other. For this example,
Model1 is chosen to be based on the PCHIP and the Model2 is based on a
SPLINES interpolation technique. The two interpolation models are evaluated on a dense grid that is set to have Ndense = 104 evaluation points. The
samples are chosen where the two models have a maximum difference.
As explained before the desired error on Y axis is set to be higher as the desired error, as sampling along this axis is crucial. Therefore, the error settings
for the sampling of Y axis have been chosen as:
ErrSampling,Y < ErrThreshold,Y
for the case of ErrDesired = −40 dB , the it will be as
ErrThreshold,Y = ErrDesired,Y /2; KY = 2; ErrDesired,Y = −50 dB
and for the sampling of X axis:
ErrSampling,X < ErrThreshold,X
in the case of sampling along the X axis, the desired error on X axis is set to
have the similar value as the general desired error. So it is:
ErrThreshold,X = ErrDesired,X /2; KX = 2; ErrDesired,X = ErrDesired
The sampling over the Y axis is a fundamental step for the complete procedure, due to the fact that movement of the probe in this direction has a direct
effect on the dynamics that will appear in the corresponding Frequency Response Function (FRF). This is why we aim at high accuracy independently
on the final accuracy desired (ErrDesired ) over the complete X − Y space.
At the end of this step, the complete X − Y space is sampled and we have
to generate the final model over the samples.
Final model generation
At this step, a final 2D model based on the set of samples is generated that
provides the tuner response for each sample in the space bounded by limitations of the horizontal and vertical movements of the probe, namely [0 − 5913]
for the horizontal movements X, and [0 − 4960] for the vertical movements Y.
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Here the PCHIP model class is chosen to build this 2D model, and the 2D
models are obtained for each desired accuracy at the demanded frequency.
Example results and validation
The final obtained models based on the proposed adaptive sampling method
are shown here. To avoid the redundancy, only results for ErrDesired = −20 dB
at 1 GHz, ErrDesired = −30 dB at 2 GHz and ErrDesired = −40 dB at 4 GHz are
shown here in Figures 4.4, 4.5 and Figure 4.6 respectively. The real part,
the imaginary part and the absolute magnitude of S11 obtained in each model
is shown in the figures, together with the residual model error. The samples
obtained by the adaptive sampling technique in each case are shown by (•).
It is evident that there are more samples where there are more changes (dynamics) in the magnitude of S11 . This shows that the samples are well chosen.
Next, in order to validate the accuracy of the proposed approach, a set of
validation data is used based on 71 × 71 samples in the X − Y space. The full
71 × 71 samples are measured and used as the validation data set.
Table 4.1 shows the desired accuracy for all the frequencies, the obtained
accuracy over the validation grid (71 × 71 samples), the number of samples
and the Central Processing Unit (CPU) time needed to perform the proposed
procedure for the three targeted accuracy levels ErrDesired and at the three
frequencies 1, 2 and 4 GHz. The CPU time refers to the overall time needed
to:
• communicate between Matlab and the tuner steering software to control the probe movement
• move the probes mechanically and measure the S − parameters
• execute the Matlab code of the proposed modeling and sampling technique.
The dominant part of the CPU time belongs to the mechanical movement of
the probe.
The obtained results in Table 4.1 shown that the ErrValidation is achieved in
nearly all of the cases, and most of the cases it is even better. The desired
accuracy is not met in two cases aiming for 4 GHz. This can be due to high
dynamics present in the magnitude of S11 at this frequency. Overall, the performance of the proposed method is acceptable .
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Figure 4.4.: Results obtained for the frequency of 1 GHz and −20 dB as desired accuracy. The
black dots (•) represent the samples generated by the proposed adaptive sampling.
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Figure 4.5.: Results obtained for the frequency of 2 GHz and −30 dB as desired accuracy. The
black dots (•) represent the samples generated by the proposed adaptive sampling.
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Figure 4.6.: Results obtained for the frequency of 4 GHz and −40 dB as desired accuracy. The
black dots (•) represent the samples generated by the proposed adaptive sampling.
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Figure 4.7.: Samples for −40 dB at frequency of 4 GHz
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Freq

ErrDesired

ErrValidation

Samples

CPU time

1 GHz
2 GHz
4 GHz

-20 dB
-20 dB
-20 dB

-27 dB
-26 dB
-17 dB

67
84
128

869 s
1003 s
1453 s

1 GHz
2 GHz
4 GHz

-30 dB
-30 dB
-30 dB

-36 dB
-35 dB
-30 dB

84
119
188

1040 s
1302 s
1949 s

1 GHz
2 GHz
4 GHz

-40 dB
-40 dB
-40 dB

-42 dB
-40 dB
-36 dB

113
169
279

1337 s
1742 s
2803 s

Table 4.1.: Results obtained for desired accuracy of −20 dB, −30 dB, −40 dB at the frequencies
1 GHz, 2 GHz, 4 GHz.

The samples generated to achieve the desired accuracy of −40 dB at 4 GHz
are shown in Figure 4.7 for real and imaginary parts of S11 at the frequency
of interest. This figures confirms that the adaptively generated samples are
chosen well as more samples are devoted to the higher dynamic parts of S11 ,
which is expected as explained and is shown in Figure 4.3.
As this is a novel method proposed here, comparison with the literature
cannot be done with a fair and accurate example. The closest method to what
is proposed here is an interpolation method on two sets of samples that are
uniformly and non-uniform distributed samples over the X − Y space presented in [58]. As an example in [58], S − parameters of the tuner under test
are measure at 900 MHz, the validation data set is also measured at the same
frequency. To achieve the accuracy of −46 dB for the residual model error,
the proposed method in [58] needs 206 samples. The most fair comparison
would be then to consider the example discussed in 4.4 that need only 113
samples to achieve the residual model error of −42 dB, at 1 GHz. This shows
an improvement on the number of samples using the method proposed here
that has a direct impact on the number of the measurements and therefore
the time of the measurements.
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4.4. Example1 : Calibration of a tuner with the proposed method
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Figure 4.8.: The coverage of the Smith Chart by the samples obtained by adaptive sampling. The
samples are obtained for ErrDesired = −40 dB and 3 frequencies : 1GHz, 2GHz and
4GHz. The samples for 1 GHz are shown in (◦), the 2 GHz samples are shown in (+)
and the samples for 4 GHz are shown in (5 ).

As mentioned before, the full coverage of the Smith chart is one of the goals
of a tuner calibration. Therefore, here all the samples that are generated for
the ErrDesired = −40 dB for all three frequencies (1, 2 and 4 GHz) and have been
measured for this example are displayed on the Smith chart in Figure 4.8.
It can be seen that the Smith chart in accurately covered including the area
close to the edges of the Smith chart.
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4. Adaptive sampling of a mechanical impedance tuner

4.5. Conclusion
In this chapter we have proposed a novel modeling technique that can be used
for an automated, efficient and adaptive calibration of passive microwave
tuners. The decomposition of the effects of the vertical and horizontal movement of the mechanical probe on the S − parameters behavior of the tuner is
exploited to decompose the 2D sampling and modeling into two 1D sampling
and modeling procedures. Different numerical results have confirmed the
accuracy and efficiency of the proposed approach, and its adaptive and automated features. Choosing the samples with adaptive sampling decrease the
calibration time while keeping the accuracy at a high level.
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The goal of this work is to improve the modeling of Lumped Distributed
Structures (LDSs) by obtaining a sensible accuracy with a reasonably low
number of model parameters while identifying the reflections present. This
goal is achieved as is demonstrated on a set of illustrative simulation examples, and a number of relevant real life applications, including Signal Integrity (SI) examples that do not fit in the considered model class and are
used to illustrate the modeling power of the proposed approaches.
First, a model suite consisting of three model classes with increasing complexity is introduced. The complexity of the models is chosen proportionally
to the complexity of the LDS under study. A sum of delayed damped complex exponentials (Cisoids) is used to obtain initial values for the delays by
simultaneous estimation of the delays caused by the structure’s transmission
lines and the reflections imposed by the lumped elements.
This model suite is then first applied to simulation examples where the
feasibility of a simultaneous estimation of the position of the reflections together with their shape is shown and is modeled precisely. Next, a real life
application, namely a passive impedance tuner, is modeled to demonstrate
the accuracy and the parsimony in the model parameters on measured data.
Finally, the model suite is validated on two SI examples.The first one allows
to compare the proposed method to the state of the art in the literature. The
first SI example is an excessive 12 m line which we modeled with a lower
number of model parameters than the state of the art while maintaining the
same accuracy levels. The second one models a system that does not belong to
the model class we consider. The second SI example is a Peripheral Component Interconnect Express (PCIe) connection on a multi-layer Printed Circuit
Board (PCB). This results in inhomogeneous transmission lines that do not
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belong to models considered in the model suite. Nevertheless, parsimonious
models are again obtained with high accuracy levels.
In a last step, we propose an adaptive sampling technique to shorten the
time needed for a tuner calibration. The adaptive technique allows for a
strong reduction of the calibration time while keeping the accuracy at a high
level. The proposed method decomposes the necessary 2D sampling of vertical and horizontal movements of the tuner probe into two 1D sampling an
modeling procedures. It has been applied to the passive tuner and the different numerical results confirm the accuracy and efficiency of the proposed
approach, and its potential for an adaptive and automated extraction.
In summary, this work provided an important contribution to the modeling
and identification of LDSs while providing a model suite that can be applied
to a wide range of applications.
Overview of the contributions
• A model suite has been proposed that models LDSs. It consists of three
models with different complexity that can provide accurate models and
stay parsimonious in the number of model parameters [77].
• A fully rational model (the Koga multi-delay model) has been implemented that is capable of estimating multiple reflections with one set
of parameters [79].
• The model suite has been successfully applied to SI application examples [78].
• An adaptive sampling technique has been proposed and implemented
to perform faster calibration procedures on passive impedance tuners
[76].
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This work presents a model suite including three model classes with different
complexity. The proposed models were shown to be accurate, use a reasonable number of model parameters and able to adapt the model complexity to
the complexity of the system they are applied to. Nevertheless some aspects
of the modeling can still be improved. These are discussed in Section 6.1. The
proposed model suite can also be extended to model a Frequency Response
Function (FRF) matrix for all the ports of system under study simultaneously.
This is briefly discussed in Section 6.2.
The proposed model suite was successfully applied to the scattering parameters (S − parameters) of the structures under study. On top of that, it can
also be applied to other parameterization of an Linear Time Invariant (LTI)
system, such as admittance parameters (Y −parameters), impedance parameters (Z−parameters),.... As a proof of concept, we apply the proposed model
suite on (Y −parameters). A proof of concept is shown in Section 6.3.
We investigated the if the proposed models are scalable on structures where
the geometrical properties of the structure under study are scaled. The proof
of concept and the preliminary results on a numerical example are shown in
Section 6.4.
In Section 6.5, we propose a proof of concept for an extension of the method
implemented in Chapter 4 for the tuner calibration.
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6.1. Automation of the model order selection
As explained in Chapter 2, the selection of the model orders ni is a manual
process at this point. For any system to be modeled we start with ni = 2 for
all the i and afterwards we increase the order if the desired accuracy is not
achieved. An automated procedure is needed to tackle this if the model suite
is to be used by non-identification specialists.
Furthermore, at this point the number of the delays to be estimated is also
selected manually based on observation. The nτ is initially set by observing the time response of the system under study. The number of distinctive
echoes is counted and then used as the initial value for nτ . This number can
be increased if the desired accuracy is not delivered by the model. The increment of nτ is necessary in the case that overlapping echoes are observed.
An automated selection of nτ should be possible by detecting the echoes in
the time domain during the initial cisoid modeling. A threshold in the normalized amplitude or energy must be set to make this detection possible.
Moreover, in the case of overlapping multiple reflections the automated detection probably will not be able to deliver an accurate nτ . The automated
method to decide about the nτ will be mostly successful if the echoes in are
well separated.

6.2. Extension to MIMO systems
In this work, only Single Input Single Output (SISO) systems were considered
to be modeled. Many structures that the proposed model suite can be applied
to, are Multiple Input Multiple Output (MIMO) structures however. Think
for example of the structure used in Chapter 3.2.2. Therefore, it will be very
useful to apply the proposed model suite to MIMO systems.
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6.3. Modeling the blood flow (Y −parameters)

Figure 6.1.: The human arterial tree. [72]

6.3. Modeling the blood flow (Y −parameters)
After evaluating the proposed model suite on the simulated and measured
scattering data (S − parameters) of the structures, we tried to examine the
model suite further on another parameterization, namely the admittance parameters or Y −parameters.
A possible and interesting application is the 1D blood flow in the human
cardiovascular system, which has been investigated in [27]. In this paper, a
transmission line model is used first to characterize each of the arterial segments. Then rational macro models have been built for each arterial segment
(Figure 6.1). Poles and residues of each arterial segment are calculated using
the Vector Fitting (VF) technique. The technique is then validated on relevant
simulated frequency domain data.
This topic is an engaging example to examine using the proposed model
suite. The magnitude and phase of the Y11 of the arterial segment 7 (Figure
6.1) are simulated and shown in Figure 6.2 by dark blue lines. The simulation
is performed for the frequency range of 0 − 100 Hz using 201 linearly spaced
frequency samples. Figure 6.3 shows the time domain representation of the
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Figure 6.2.: Magnitude and phase of the Y11 of the arterial segment 7. The absolute Root Mean
Square (RMS) error is illustrated by the dashed grey line. The RMS of the relative
error is -90 dB and the RMS of the absolute error is -147 dB. The model has nτ = 3
delays and the order of the polynomials (Ni ( jω), Di ( jω)) is equal to ni = 2 for all the
i.

signal where multiple distinct echoes are observed.
The Y11 is then modeled by the Koga multi-delay model with nτ = 3 and
ni = 2. With only 21 model parameters, the achieved accuracy is: εabs =
−147 dB, εrelative = −90 dB. The absolute error obtained is shown in Figure 6.2
by dashed grey lines. This preliminary results is very promising and shows
that the proposed model suite has the capabilities to be applied to the admittance parameters and deliver very accurate results there also. Therefore,
further investigation in this biomedical application field is very tempting.
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Figure 6.3.: Time domain representation of the Y11 of the arterial segment 7 (solid blue line) and
the model (green dots). The position of the estimated delays in time are shown by
dotted vertical lines. The error is the difference between the signal and the model
and is shown by dotted grey line.

6.4. Scalable multi-delay models
Scalable passive structures are among constituents of critical components
used in the design of filters, couplers, Phase Locked Loops (PLLs) and many
more. Therefore, it is critical to model the behavior of passive structures
that depend on the value of a (geometrical) parameter. An accurate model
that can be used in the design of the passive components requires the ability
to explore the design space. The effect of any small change in the parameters during design needs to be possible to help the designers. To grant the
freedom of exploring the design space to the designers, a full model for the
complete design space is required.
This type of modeling is needed in the case of scalable systems that are
characterized by time or frequency domain variables, such as geometrical layout properties or substrate characteristics [26]. A modeling scheme is needed
that can take multiple design variables into account.
To investigate whether the scaling of the model parameters (obtained by
the proposed models) delivers an accurate model at an arbitrary point in the
design space, we consider the example of varying geometrical layout properties. We apply the Koga multi-delay model proposed in the model suite on
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Figure 6.4.: Schematic of the structure used for the illustration of the delayed scalable model.

the example to investigate the performance.
The structure chosen for this example is a transmission line that is terminated at one port and tapped with a resistor at the other port. The schematic
diagram of the example structure is illustrated in Figure 6.4. The width (W )
and the length (L) of the transmission line are swept. The width is swept from
W = 3 mm to W = 4.5 mm in steps of 0.15 mm resulting in 11 steps. W = 3 mm,
corresponds to the characteristic impedance of 33 Ω and W = 4.5 mm corresponds to 23 Ω. The length is then swept from L = 2 cm to L = 2.50 cm with
the steps of 0.05 cm, resulting in 11 steps.
The corresponding S11 of the structure is computed from 10 MHz up to
10 GHz, with a frequency resolution of 10 MHz for all the 121 cases (11 widths
and 11 lengths).
The W − L space that the parameters are swept within, together with the
sample points that the models are obtained at are shown in Figure 6.5. For
all the 121 samples shown in circles in Figure 6.5, the S11 is modeled individually with the Koga multi-delay model with ni = 2 for all the i and nτ = 5.
Next, with a linear interpolation of the obtained model parameters (polynomial coefficients and the estimated delays) we validate the interpolation for
randomly chosen points (validation points) in the W − L space. If the changes
in the parameters are smooth during the sweep, an accurate result can obtained for any point within the W − L space. To have smooth changes in the
parameters, the models order selection must be done in an accurate way such
that it would be a good choice for all the samples.
In this example, for a certain range of the parameter sweep, the model
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Figure 6.5.: The W − L space in which the length and the width of the transmission line are swept.
The sample points are shown in dots. The validation points in a non-smooth parameter range and in the smooth parameter range are shown by × and 5 respectively.
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Figure 6.6.: Models obtained by model parameter interpolation are shown by Magenta solid lines
and models obtain by FRF interpolation are shown by dashed green lines. The results
obtained at the validation point (5) are shown in (a) and the results obtained for the
validation point (×) are shown in (b). The difference of the models are shown by
grey dotted lines.

parameters do not vary smoothly while they do show smooth variations over
the rest of the space. Here we show results, from both parameter ranges.
The validation points are shown in Figure 6.5. The validation point in a nonsmooth parameter is shown by × and the second validation point that lies in
the smooth parameter space is shown by 5.
We also perform a 2D interpolation directly on the simulated FRFs for the
comparison on the same validation points. The models obtained for the validation points with both methods are shown in Figure 6.6 (a) , (b). The models
obtained by interpolating the model parameters are shown by magenta solid
lines and the models obtained by FRFs interpolation are shown by dashed
green lines. The difference between two models are shown by grey dotted
lines.
It can be seen that the model obtained for the validation point in the smooth
parameter area (Fig. 6.6(a)) matches the model obtained by FRF interpolation
with a low error over the entire frequency band of interest. The model for the
other validation point (×) on the other hand, does not coincide very well with
the model obtained by FRF interpolation as shown in Fig. 6.6(b).
This is just a proof of concept and we believe deeper investigation is needed
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6.5. Extension of the tuner calibration adaptive sampling
to obtain a method that can be applied in practice.

6.5. Extension of the tuner calibration adaptive
sampling
The novel adaptive sampling method introduced in Chapter 4 has been applied to only one probe of the tuner under study. As the obtained results are
promising, the method can be adapted to be applied to all probes simultaneously as well. Interacting with more than one probe of the tuner makes it
possible to control the impedance at multiple frequencies simultaneously. All
the probes of the tuner are expected to perform similarly, therefore extending
the sampling technique to the other probes must be quite straightforward.
This method has the potential of getting the tuner manufacturer’s attention
as it needs much less time due to smart allocation of the samples in the X − Y
space.

6.6. Imposing causality
Models offered by the model suite presented in this work are not always
causal. We believe this is due to the swapping of a phase term between the
propagation delay and the group delay of the linear systems as is discussed
in 2.3.1. This topic needs more investigation to be able to impose causality to
the models offered in this thesis. Imposing causality is a nonlinear boundary
condition that is very hard to impose and will require the development of a
new approach.
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A. Microstrip transmission line
The microstrip line is one of the most popular types of transmission lines. It
is easy to fabricate and can easily integrated with other passive and active microwave devices [57]. A schematic of a microstrip transmission line is shown
in Figure A.1. A conductor of width W and thickness t is printed on a thin,
grounded dielectric substrate with thickness H and the relative permittivity
of εr .
As the propagation delay also depends on the medium that the wave is
traveling into, here we define the propagation delay based on the geometrical
properties of the transmission line and the material constant of the dielectric.
The electromagnetic waves travel at the speed of light (co ) in free space but
if they are surrounded by another material than vacuum, the delay increases
proportionally. The propagation delay can be calculated as:
τ=

l
l
l p
εe f f
= √
=
c
o
/ εe f f
ν
co

(A.1)

with co = 2.99 × 108 m/s the speed of light in free space and εe f f the effective
relative permittivity of the dielectric material surrounding the wave. εe f f in
an ideal case is defined as [57]:

Figure A.1.: Geometry of microstrip transmission line.
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εr + ε0
(A.2)
2
with ε0 the relative permittivity of vacuum and εr the relative permittivity
of the dielectric material. But in practice, when using microstrip technology,
εe f f does not only depends on the material properties of the substrate dielectric, it also depends on the ratio W
H of the width of the designed transmission
lines and the thickness of the substrate (H). Empirical laws are obtained for
two types of lines, depending on the ratio of width of the lines (W ) to the
thickness of the substrate (H). Lines can either be narrow strips if ( W
H <2
) or wide strips if ( W
>
2).
For
these
two
types
of
the
lines,
ε
is
defined
e
f
f
H
differently as below [32], for narrow strips ( W
H < 2 ) εe f f is :
εe f f =

εe f f =

1
4
π
εr + 1 εr − 1 ln( 2 ) + εr ln( π )
+
8h
2
2
ln( W
)

(A.3)

and for a wide strip ( W
H > 2):
εe f f = (1 − q) + qεr

(A.4)

with:
q = 1−





0.732
εr − 1
1 d +k
d +k
1
ln
+
− cosh−1 (0.358 d + 0.595) +
ln
0.386 −
d d − k d × εr
d −k
d εr
2 (d − 1)

and:
√
d = 1 + 1 + k2

;

π W
2 h

= k − sinh−1 k

In this thesis, most of the simulation examples in Chapter 2 are designed
on microstrip transmission lines. To be able to calculate the expected delays
τ’s accurately the εe f f calculated is based on W
H (A.3) , (A.4).
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Identifying Reflections In
High Frequency Structures
Maral Zyari
Most of the devices and gadgets that are used daily in our life have
electronic circuits that are designed and fabricated on Printed Circuit Boards
(PCB). The PCB is an electronic circuit that is used to provide mechanical
support and a pathway to the electronic components existing in the device.
A collection of electronic components - resistors, transistors, capacitors, etc.
- are mounted on the PCB’s as Integrated Circuits (IC’s) or chips and are
connected to achieve a common goal. Therefore, the reliability of the
information transferred between the chips is very important to guarantee
the optimal performance of the device. The data transmission is done with
electromagnetic waves traveling through the transmission lines that connect
the chips.
During this transmission, the waves can encounter parasitic effects causing
signal degradation. To be able to obtain accurate and trustworthy designs,
precise models are needed that are straight-forward and are able to predict
possible causes of the signal degradation and their sources. In this PhD
thesis, a model suite is offered that can model unknown structures that
operate at radio frequencies and can be modeled as a cascade of
transmission lines (to model the delays) tapped with unknown lumped
circuits (to model the reflections and other possible parasitic effects). The
developed model suite includes three different models, of which the
complexity increases with the complexity of the modeled structures.
A delay extraction method is used to extract the delays from the structures
regardless of their complexity and the estimated delay is integrated into a
rational function to provide an accurate model of the structure. In this
thesis, the proposed models provide accurate results with a reasonable
number of model parameters which are able to detect and model the
multiple reflections precisely.

