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Chapter 1

Introduction

Computers have changed radically the way of studying andlatmg complex physical sys-
tems. Particularly numerical simulation is applied to ctemprases where analytical calcula-
tions are far from feasible. The ever increasing speed andanesize of computers extends
constantly the complexity limits of problems that can beved|

In addition to off-line modeling, computers are able to gavut real-time simulation of
complex systems, which enables applications for exampieulimedia, communication tech-
nology, and virtual reality. In such cases the computatiora@lel has to allow real-time output
and response to user actions with low enough latency, beamy milliseconds up to fee hun-
dreds of milliseconds.

This book deals with modeling and numerical simulation ofgbal systems in the time
domain. The methodology for such tasks has evolved over gmérincludes a multitude of
approaches and paradigms have peen applied to specifieprslih engineering and physical
sciences. It is quite common that a single modeling paradgmaybe two have become
popular in a specific problem domain, while others are usathailar cases in another problem
domains. It is even less common that several modeling paraslare combined to solve a
single problem. Such hybrid modeling may, however, be atdggous when searching for the
most optimal solution for computation. At least it is usetolknow the available modeling
method and tool palette before tackling with complex modgproblems.

This book started to emerge from material produced in a fesgaech projects, particu-
larly related to physics-based sound source modeling artklimased sound synthesis. For
example modeling of musical instruments for real-time sbsynthesis requires advanced and
highly efficient algorithms. Problems in audio engineeyiftg example modeling of electro-
acoustic transducers (loudspeakers and microphoneg) bprsimilar requirements. In fact,
many modeling and simulation tasks applied to various iaysiystems need roughly equiva-
lent formulations.

In these cases there can be need to work in more than one ghgsimain, for example
combining subsystems of electrical, mechanical, and doals£omponents, using multiple
paradigms for hybrid modeling, and to find proper computetidools (software) to do this
effortlessly enough. It turns out thar many popular sofesaols turn out to be highly inconve-
nient when trying to apply them to something different frdme paradigm they were designed
for. Therefore this book provides also a software tool ceBéockCompiler (BC), which sup-
ports multi-paradigm modeling in multiple physical donsin

The book at hand is intended to serve many needs. Firsthgstto bring together different
modeling paradigms with a broad view on what theoreticaho@$ and computational means
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12 Introduction

are available for discrete-time physics-based modelingiek to avoid too deep mathematical
theories, presenting only the essentials and pointindiéurto more advanced and detailed
literature.

Secondly, the book can be used as a more practical guide wik@erimentation approach
to physics-based modeling, using the BlockCompiler sawdor a non-theoretician and an
engineering oriented mind it is often easier first to run pcat experiments that provide intu-
ition and qualitative understanding of the phenomena atl hafter which the formal theories
also become more transparent and easier to understand.

Because of the two approaches, theoretical and practisa] to write this book, it can
be studied both from the beginning to the end in a theory+west, or from the late chapters
with practical examples ans simulation and finally returthiatheory (if motivation emerged).
Some parts of the book may also be so familiar to the readdéiglhe can just browse or jump
over those parts.

The BlockCompiler software is an essential companion o fhiblication. It is an object
oriented tool for building models, which can then be sinmedadirectly or exported to another
software or hardware environment for real-time or nontnea simulation. BlockCompiler is
basically a code generator so that the model structure caorerted to excetable code in a
specific language or software just by rewriting the code g part, not touching the model
building software itself. A multi-platform version (Winda, Linux, MacOSX) exists (by Dec.
2007), but is only in limited distribution due to continuaignges to the system and unfinished
documentation.

1.1 General concepts of physics-based modeling

In this section we discuss a number of physical and signagssing concepts that are important
in understanding the modeling paradigms discussed in nmetasl dh the subsequent sections.
Each paradigm is also characterised briefly in the end of#ution.

1.1.1 Physical domains, variables, and parameters

Physical phenomena can be categorized to belong in diffgrieysical domains The most
important ones for our purposes are #iectrical theacousticaland themechanicatomai.
Physical domains may have interaction between each othéreg can be used analogies
(equivalent models) of each other. Electrical circuits aetivorks are often applied as analogies
to describe systems of the other physical domains.

Quantitative description of a physical system is done thhamneasurable quantities that typ-
ically come in pairs of variables, such as force and veldoithe mechanical domain, pressure
and volume velocity in the acoustical domain, or voltage amdent in the electrical domain.
The members of suatiual variable pairsare categorized here genericallypgential variable
or across variablesuch as voltage, force, or pressure, 8od variableor through variable
such as current, velocity, or volume velocity. If there isreedr relationship between the dual
variables, this relation can be expressed as a parametbrasimpedancg& = U/ being the
ratio of voltagel/ and current/, or by its inverse, admittandé = 7/U. An example from the
mechanical domain is mobility (mechanical admittanceg,rtitio of velocity and force. When

Iwhile electromagnetics is more fundamentally distinctfrmechanics, the acoustical domain may be seen
more as a special case of the mechanical domain.
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using such parameters, only one of the dual variables issabexplicitly, because the other one
is achieved through the parametric constraint rule.

The modeling methods discussed in this book use two typesriahles for computatiork-
variablesvs. W-variables K comes from Kirchhoff and refers to the Kirchhoff continuityes
of quantities in electric circuits and network$[[1, ®.is a shortform fowave referring to wave
components of physical variables. Instead of pairs of f@ksnd flow type of K-variables, the
wave variables come in pairs ofcidentandreflectedwave components. The details of wave
modeling are discussed in Chaptéls 4 &hd 6, while K-modésindjscussed particularly in
ChapteEb. It becomes obvious that these are differentseptations of the same phenomenon,
and the possibility to combine both K- and W-approaches biridymnodeling will be discussed
in Chaptef.

The decomposition into wave components is clear in such \pavpagation phenomena,
where opposite-traveling waves add up to the actual obskErkaquantities. A wave quantity
is directly observable only when there is no opposite-fiengecounterpart. It is, however, a
highly useful abstraction to apply wave components to anysigial cases, since this helps in
solving computability (causality) problems in discreite¢ modeling.

1.1.2 Physical structure and interaction

Physical phenomena are observed as structures and proeesgmce and time. If there are
guantities in a system that change in time, i.e., they arabfas, it is called alynamicsys-
tem, otherwise it is ataticone. Constant quantities and especially slowly varyingrotiable
guantities in dynamic systems are called parameters. Her@&primarily interested in mod-
eling of dynamic behaviour. As a universal property in phgsthe interaction of entities in
space always propagates with a finite velocity. This may loagters of magnitude differences
in different physical domains, the speed of light being thienate limit.

Causalityis a fundamental physical property that follows from theténielocity of inter-
action propagating from a cause to the corresponding efiéahy relations between observed
quantities in physical systems are not causal. For exarhpleedation of voltage and current
through impedance as given above is only a constraint andatfigbles can be solved only in
a context of the whole circuit. The requirement of causahtyoduces special computability
problems in discrete-time simulation, because a two-wggraction with no delay leads to the
delay-free loop problemIn such case the value of a variable is needed for the coriputa
of other variables before the value of the variable at harich@vn. Mathematically this is
called an implicit equation. The use of wave variables helghis sense, because the incident
and reflected waves are in causal relationship. Partigulael wave digital filters, discussed in
Chapteib, take a careful treatment of this problem throhghuse of W-variables and specific
scheduling of computation operations.

Taking the finite propagation speed into account requiregyusspatiallydistributedmodel.
Depending on the case at hand, this can be a full 3-D (thmeemsional) model, such asinroom
acoustics, a 2-D model, for example as for a drum membrana,leD model, such as for a
vibrating string. If the object to be modeled behaves homegasly as a whole, for example
due to its small size compared to the wavelength of wave gaipan, it can be represented by
alumpedmodel that does not need spatial dimensions.

In the physical macro-scale of interest here, space anddanebe considered inherently
continuous. Differential equations, such as the wave éguadre perfectly suited to character-
ize such continuity. Numerical computation cannot utitizie continuity, because systems to be
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modelled must be discretized, i.e., quantized to a regpkrestime grid or to discrete elements
and structures in time and space. This is an approximatiaojrgromise between accuracy
requirements and manageable complexity. Therefore a wigset®n of data representations
and modeling methods is important in order to obtain optionat least useful results.

1.1.3 Signals, signal processing, and discrete-time modsj

The wordsignalmeans typically the value of a measurable or observabletiqyas a function
of time and possibly as a function of place. In signal procgssignal relationships typically
represent one-directional cause-effect chains. It cachiewed technically by active electronic
components in analog signal processing or by numerical atetipn in digital signal process-
ing (DSP). This simplifies the design of circuits and aldoris compared to two-way interac-
tion that is common in (passive) physical systems, for exammgsystems where the reciprocity
principle of cause and effect is valid. In true physics-bas®deling the two-way interactions
must be taken into account. This means that from the sigoakgsing viewpoint such models
are full of feedback loops, which further implicates that toncepts of computability (causal-
ity) and stability become crucial, as will be discussedrlatdow.

In this book we apply the discrete-time signal processinm@gch to physics-based mod-
eling whenever possible. The motivation to this is thattdigsignal processing is an advanced
theory and tool emphasizing computational issues, pdatigumaximal efficiency. This is cru-
cial particularly in real-time simulation and sound syrsise Signal flow diagrams are also a
good graphical means to illustrate algorithms underlyimgdimulations.

In discrete-time numerical modeling and simulation basedligital signal processing the
system under study must be discretized, i.e., the varidides to be sampled in proper time
intervals and spatial locations. In digital computers aratpssors the samples need further be
quantized in amplitude scale for numerical representatiibin finite precision. While the nu-
merical accuracy issues may be important in particular @mgntations, the standard floating-
point formats available make this less interesting from stesys point of view, and will not
gain much attention in this book.

The concepts of sampling rate and spatial sampling resoluiged some focus in this con-
text. According to the sampling theoreim [3], signals mustshmpled so that at least two
samples have to be taken per period or wavelength for sidaksignal components or their
combinations in order to make perfect reconstruction ofrdinaous-time signal possible. This
limit frequency, one half of the sampling rate, is called Bhauist frequency. If a signal com-
ponent higher in frequency, sdy, is sampled by ratg;, it will be aliased i.e., mirrored by
Nyquist frequency back to thiease bandelow the Nyquist frequency by, = f; — fx. In
audio signals this will be perceived as very disturbingattsbn, and should be avoided. In
linear systems (see the next subsection below, if the immetdandlimited properly, aliasing is
not a problem because no new frequency components can lied;rbat in nonlinear systems
aliasing is problematic. In modeling physical systems iimgortant to remember also that
spatial aliasingcan be a problem if the spatial sampling grid is not dense gimcompared to
wavelength.

1.1.4 Linearity and time-invariance

Linearity of a system means that the superposition principle is viaéid,quantities and signals
in a system behave additively without ‘disturbing’ eachesthA linear system cannot create any
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signal components with new frequencies. If a system is neali it typically creates harmonic
(integer multiples) or intermodulation (sum and differenérequency components. This is
particularly problematic in discrete-time computatiorcéese of the aliasing of new signal
frequencies beyond the Nyquist frequency.

If a dynamic system is botlinear and time-invarian{LTl), there are constant-valued pa-
rameters that effectively characterize its behaviour. Vg think that in a time-varying system
its characteristics (parameter values) change accordisgrne external influence, while in a
nonlinear system the characteristics change accordirfgetsiginal values within the system.

Linear systems or models have many desirable propertiedigital signal processing, LTI
systems are not only easier to design but also typically rafftéent and robust computation-
ally. A linear system can be mapped to transform domainsevtnerbehaviour can be analyzed
by algebraic equation§i[4]. For continuous-time systeres.#iiplace and Fourier transforms
(see Sectio??) can be applied to map between the time and frequency donadshe Sturm-
Liouville transform [%] applies similarly to the spatialndension. For discrete-time systems the
z-transform and the discrete Fourier transform (DFT andaiss &lgorithm, FFT) (Sectio@?)
are used.

For nonlinear systems there is no such elegant theory aséolirtear ones, rather there
are many forms of nonlinearity, requiring different waysdal with them. In discrete-time
modeling, nonlinearities bring problems that are diffidoltsolve. In addition to aliasing that
was already mentioned, the delay-free loop problem andlisggiroblems become worse than
for linear systems. If the nonlinearities in a system to beleted are spatially distributed, the
modeling task is even more difficult than with a localized lngearity. Nonlinearities will be
discussed in several parts of this book, but particularighaptefDP.

1.1.5 Energetic behaviour and stability

The product of dual variables such as voltage and curreesgive power, which, when inte-
grated in time, yields the energy. Conservation of energy @osed system is a fundamental
law of physics that should be obeyed also in true physicedasodeling.

A physical system can be considengalssivindexpassive in energetic sense if it does not
produce energy, i.e., it preserves its energy or dissipiates another (such as thermal) energy
form. For example in musical instruments the resonatorsygieally passive, while the exci-
tation (plucking, bowing, blowing, etc.) is attiveprocess that injects energy to the passive
resonators.

The stability of a physical system is closely related to its energetic ielna Stability
can be defined so that the energy of the system remains finitenfte-energy excitations.
In this sense a passive system always remains stable. Fesighal processing viewpoint,
stability may also be meaningfully defined so that the vaessuch as voltages, remain within
a linear operating range for possible inputs in order to gwignal clipping and distortion.
For system transfer functions, stability is typically definso that the system poles (roots of the
denominator polynomial) in the Laplace transform remaithaleft half plane, or that the poles
in the z-transform in a discrete-time system remain inside the cirste [4]. This guarantees
that there are no responses growing without bounds for #xitgations.

In signal processing systems with one-directional intésadetween stable subblocks, in-
stability can appear only if there are feedback loops. Iregant is impossible to analyze if
such a system is stable or not without knowing the whole faeklistructure. Contrary to this,
in models with physical two-way interaction the passivisgguirement is a sufficient condition
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of stability, i.e., if each element is passive, then anyteaby network of such elements remains
stable.

1.1.6 Modularity and locality of computation

For a computational realization it is desirable to decors@model systematically into blocks
and interconnections between them. Such an object-odemtblock-based approach helps in
managing with complex models through the use of the modularinciple. The basic modules
can be formulated to correspond to elementary objects atifurs in the physical domain at
hand. Abstractions by defining new more complex macro blockthe basis of more elemen-
tary ones helps hiding details when building excessiveljgex models.

For one-directional interaction in signal processing iemugh to have input and output
terminals for connecting of blocks. For physical interactthe connections need to be done
through ports, each port having a pair of K- or W-variablgsateling on the modeling paradigm
used. This follows the mathematical principles used focteleal networks([2]. Details on the
block-wise construction of models will be discussed in ifving sections for each modeling
paradigm.

Locality of interaction is a desirable modeling feature jeths also related to the concept
of causality. In a physical system with a single propagasipeed of waves it is enough that a
block interacts only with its nearest neighbours and do¢ésieed global connections to com-
pute its task. If the properties of one block in such a syritditalized model vary, the effect
automatically propagates throughout the system. On ther bidind, if some effects propagate
for example with the speed of light but others with the spefesioand in the air, the former
effect is practically simultaneously everywhere. If thengding rate in a discrete-time model is
tuned to audio bandwidth (typically 44.1 or 48 kHz sample)athe unit delay between sam-
ples is all too long to represent light wave propagation leetwblocks. Two-way interaction
with zero delay means a delay-free loop, the problem thatawe $everal times in this book.
Technically it is possible to realize fractional delays, [Blit delays shorter than the unit de-
lay contain a delay-free component, so the problem is haevaad. There are ways to make
such systems computable, but the cost in time (or accuraay)bacome prohitive at least for
real-time processing.

1.1.7 Complexity in physics-based modeling

Models always only approximate real physical phenomenarétbre they reduce the complex-
ity of the target system. This may be intentional for exanpleeep the conceptual complexity
or computational cost manageable, or more generally to keege cost function below an
allowed limit. Particularly important these constraints e real-time sound synthesis and sim-
ulation. Limitations in complexity of a model are often neddecause the target system is
conceptually overcomplex to a scientist or engineer dg@mtpthe model, and thus cannot be
improved within the competence or effort available. An @aenplex system may be determin-
istic and modellable in principle but not in practice, it ni@gystochastic due to noise-like signal
components, or it can be chaotic so that infinitesimally s$tiaturbances lead to unpredictable
states. In this book we deal with deterministic models infite# hand; statistically behaving
elements in the models appear only rarely.

Although this book is about physics-based modeling, we mamsember that in many appli-
cations an important form of complexity to be taken into acttes perceptual (over)complexity.
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For example in sound synthesis there may be no reason to meakaddel more precise, be-
cause listeners cannot hear the difference. Phenomenaréphysically prominent but do not
have an audible effect can be excluded from models in su@scas

1.2 Overview of paradigms for physics-based discrete-time
modeling

The rest of this book concentrates on physics-based methatisechniques of discrete-time
modeling. We only briefly mention several methods that cavelpg useful in frequency-domain
modeling but do not easily solve the task of time-domain &tnon, particularly in real-time
synthesis. For example methods to solve the underlyingabaifferential equations are the-
oretically important but do not directly help in simulatiand synthesis. Finite element and
boundary element methods are generic and powerful in gpyistem behavior numerically,
particularly for linear systems in the frequency domairt viee focus on inherently time domain
methods. Three-dimensional spaces, such as rooms andemdpcan be modelled by the im-
age source and ray tracing methods combined with late rexegibn algorithms, but they can
be seen as semi-physical models due to lack of two-direaitioteraction of physical elements.
The main paradigms in discrete-time modeling can be bri¢fyracterized as follows.

1.2.1 Modeling paradigms
THE FOLLOWING NEEDS TO BE UPDATED

Digital waveguides

in Section?? are the most popular physics-based method of modeling artdessizing musical
instruments based on 1-D resonators, such as strings amdngitnuments. The reason to this
is their extreme computational efficiency in their basievatations. They have been used also
in 2-D and 3-D modeling, but in such cases they are not superefficiency anymore. Digital
waveguides are based on the use of wave components, thutothew wave modeling (W-
modeling) paradigm. Therefore they are also compatiblesteevdigital filters (Sectiof2?), but
they need special conversion techniques to be compatilhelimmodeling techniques in order
to construct hybrid models as discussed in Sect@n

Finite difference models

in Section?? are the numerical replacement to solving partial diffasdmquations. Differen-

tials are approximated by finite differences so that time position will be discretized. By

proper selections of discretization to regular meshesdhgpaitational algorithms become sim-
ple and relatively efficient. Finite difference time dom@#DTD) schemes are K-modeling
methods, since wave components are not explicitly utiliredomputation. FDTD schemes
have been applied successfully to 1-D, 2-D, and 3-D systattispugh in linear 1-D cases
digital waveguides are typically superior in computatiogféiciency and robustness. In mul-
tidimensional mesh structures the FDTD approach is moreieiti. It also shows potential to
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deal systematically with nonlinearities (see Sec@h FDTD algorithms can be problematic
due to lack of numerical robustness and stability, unlessfglly designed.

Wave digital filters

in Section?? are another wave-based modeling technique, originallgloged for discrete-
time simulation of analog electric circuits and networkstheir original form wave digital fil-
ters are best suited for lumped element modeling, thus thieye easily applied to wave-based
mass-spring modeling. Due to their compatibility with dadjiwaveguides, these methods are
complementing each other. Wave digital filters have also lgemeralized to multidimensional
networks and to systematic and energetically consistedefimg of nonlinearities. They have
been applied particularly to deal with lumped and nonlirdaments in models where spatially
distributed parts are typically realized by digital wavietps.

Modal decomposition methods

in Section?? represent another perspective to look at vibrating systeorsceptually from a
frequency domain viewpoint. The eigenmodes of a linearesysire exponentially decaying
sinusoids at eigenfrequences in the response of a systenptdse excitation. Although the
thinking by modes is related to the frequency domain, sittadiadby modal methods can be
relatively efficient, and therefore suitable to discraeteet computation. Modal decomposition
methods are inherently based on the use of K-variables. Muyadhesis has been applied to
make convincing sound synthesis of different musical uregnts. Functional transformation
method (FTM) is a recent development of systematically @xplg the idea of spatially dis-
tributed modal behavior, and it has been extended also tiinean system modeling.

Mass-spring networks

in Section?? are an intuitively easy to comprehend modeling approaclerevthe basic ele-
ments in mechanics, i.e., masses, springs, and dampingeignare used to construct vibrating
structures. Itis inherently a K-modeling methodology, ethhas been used to construct small-
and large-scale mesh-like and other structures. It has cidations to FDTD schemes in mesh
structures and to wave digital filters for lumped element eliog. Mass-spring networks can
be realized systematically also by wave digital filters gsirave variables (Sectidgr?).

Source-filter models, NOT REALLY PHYSICAL

in Sectio’I0N form a paradigm between physics-based nmgd&hd signal processing. The
true spatial structure is not visible anymore, but is tramskd into a transfer function that
can be realized as a digital filter. The approach is attragtivsound synthesis because digital
filters are optimized to implement transfer functions. Thaerse part of a source-filter model
is often a wavetable, consolidating different physicalyorteetic signal components needed to
feed the filter part. The source-filter paradigm is often usembination with other modeling
paradigms in more or less ad hoc ways.
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1.2.2 Modeling typology

The physics-based modeling paradigms overviewed abovbeaategorized according to the
main principles they are based on. Although such typologpmewhat violent to the modeling

capabilities of these paradigms, the categorization miyiheinderstanding the main features
and strengths of them. The following table is one possiliEngtt to put structure to the field

of physics-based modeling paradigms.

Table 1.1: Typology for physics-based modeling paradigms.

Kirchhoff (K) | Distributed (D)| Derivation domain:
vs. Wave (W)| vs. Lumped (L)| Time (T) vs. Freq. (F
DWG wW D (L) T
FDTD K D T
WDF w L (D) T
Modal/FTM K D/L F
ZIY (filter) K L FIT
Mass/Spring K L T

The categorization is done in three dimensions:

1. Kirchhoff (K) vs. Wave (W) modeling
2. Distributed (D) vs. Lumped (L) modeling
3. Derivation domain (Time vs. Frequency)

The first and second dimensions (K vs. W and D vs. L) are as ithesicearlier. The derivation
domain, Time (T) vs. Frequency (F), means here which wayiakihg or analysis is used to
derive the elements applied in each modeling paradigm. &\thilhis book we are focusing on
on discrete-time modeling so that the algorithms are fir@iyputed in the time domain, some
paradigms may have been derived or designed also in thecinegulomain.
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Chapter 6

Lumped W-Modeling:
Wave Digital Filter (WDF) Models

The theory ofwave digital filters(WDF) emerged as a systematic approach to discrete-time
approximation of analog circuits and networks, as propdseettweis|[58]. Originally it was
developed primarily for the simulation of lumped electrangponents and circuits, although
elements for spatially distributed systems were availablé extensions to multidimensional
systems modeling have since then been included [57]. Inréimedwork of filter design the ap-
proach is based on selecting analog reference filters andpdimem to corresponding discrete-
time filters. WDFs have also been applied to other physicalalos than electric circuits and
networks. Our interest here is not as much filter design asddeiand simulate physical
systems.

Wave digital filters have several attractive features. Tiaye a conceptually clear corre-
spondence to the elements and building blocks of the physadd. Computation with WDFs
is modular and localized, particularly for linear systemmsd the temporal causality of cause
and effect is explicit and helps in understanding realizghissues. Nonlinearities, always
being complicated in modeling and simulation, find someragggng solutions in WDFs. Fur-
thermore, and as one of their strongest features, WDFs haggyalear formulation in terms
of passivity, losslessness, and stability, whereby thegetie behavior (e.g., stability) of an
arbitrary network can be guaranteed through the propestieach element locally, particularly
for time-invariant cases. Another important advantage aff&is their numerical robustness,
so that the stability in finite word length simulation renmsgontrolled and predictable.

A relatively rich literature basis exists on WDFs and theidewange of applications, from
electric circuits to general relativity, see for exampl8,[57,/35/55, 60, 61, 62, 63,164].

6.1 WDF theory

WDF models are based on the use of two-directional interadietween ports of circuit ele-
ments using wave variables. According to the original notedf Fettweis [[58], the incident
wave a and the reflected wavk at a port are defined as a linear mapping from electric K-
variables, i.e., voltage and current, and the inverse mappingias

1This formulation declares voltage waves. Another choide isse current waves by writing= Gu + i and
b = Gu — i, whereG is port conductance. This is an equivalent formulation amelschot bring anything new to
using voltage waves.

101
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a=u+ Ri u=(a+0b)/2
{b:u—m = {i:(a—b)/QR 61)

where R is a real-valued computational parameter cafpedt resistance Figure[6.1l depicts
the port variables at a port of a circuit element, presemed-iand W-variables. By proper
selection of port resistande and the mapping from to b inside the element, computationally
elegant and advantageous simulation of circuits, intereoted through ports, can be obtained.

@ _®
wa a,
u l <=> Rp
_—---- <b——----

Figure 6.1: Definition of (a) K- and (b) W-variables at a pdraaircuit element.

One of the advantages of the W-variable formulation oveueof K-variables is physical
causalityin W-variable computatioh = f(a). While K-variables at a port do not have a causal
relationship, i.e., voltage cannot be solved from currentice versa without knowing the rest
of the circuit the port is connected to, in W-variabledepends only om through the inner
functioning of the circuit element. Physical causalityoaiseans that the responiséllows in
time the excitatioru. Furthermore, causality implidecalizationof computation. By proper
selection of port resistances and element operationsy-fiela loops that appear when trying
to use K-variables can be avoided. One more advantage of-lased formulations is their
numerical robustnesks [58,135].

6.1.1 Physically normalized waves

In this presentation we will slightly modify the definitiori W/-variables versus K-variables in
order to make WDFs fully compatible with the digital wavedgs that were discussed in Chap-
ter[d. Now we denote voltage 13y, current by, port resistance by,,, and wave components
by A andB. Capital letters denote that the variables (exdgptare considered astransform
expressions. Let us first generalize the WDF definition of(&dl) by writing

{A:k:(U+RpI) - {U:(A+B)/2k ©.2)
B = k(U — R,I) I = (A— B)/2kR,

l.e., a real-valued scaling factéris included. Factok does not change the behavior of the
port in terms of K-variables or W-variables, it only changles scaling between K- and W-
variable pairs. Therefore we can select any finite valuk a$ far as we are consistent in the
interpretation of the variables.

In a closer look at the DWGs in Sectién 4]1.4, Hg. (#.12), we foad that a physically
motivated interpretation of the wave variables requires th= P;*, B = P, ,andP = A+ B.
In the electrical domain this means that= U*, B = U, andU = A + B. Therefore a
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physically appropriate scaling of waves is obtainedkby 1/2. In the electrical domain the
definition becomes

{A=<U+Rpf>/2 o {U:“”B) (6.3)

B=(U- Rpl)/2 I =(A-B)/R,

This formulation ofphysically normalized wavesill be used here as the basic definition for
WDFs, making WDF ports directly compatible with DWG portsthraut scaling by a factor
that is otherwise needed. A computational advantage addaiiso is that conversion from W-
variables (primary interest for computation) to K-varebl(primary interest for observation)
does not need the coefficieht= 1/2 as is needed when using EG.{6.1).

The power flowing through a WDF port with physically normalizwaves is

“W-B_4A B (6.4)

W=V.I1=(A+B
(4+5) Ry R, R,

which shows that brings inW = A?/R,, andb brings outiV = B?/R,,. If the transfer function
H(z) = B(z)/A(z) from A to B is an allpass function with unity value of magnitude resgons
the port is lossless (energy-preserving), since the erferging in also flows out (within some
delay).

6.1.2 Power-normalized waves

Another useful convention for the scaling factois to selectc = 1/(2/R,,), whereby

A=U+R,I)/2Ry) - U= (A+B)\/R, 6.5)
B = (U~ R,)/(2\/Ry) I=(A-B)/\/R, '

Now the poweilV flowing through a power-normalized port is
W =A% - B? (6.6)
e., it is independent of the port resistanBg. The waves in this case are callpdwer-

normalizedwaves [35/ 57]. The advantage of this choice is that the po#tep is independent
of port resistancé?,,. Power-normalization is discussed further in Sedfion.2.

6.1.3 Connectivity of wave ports

————— Bl — A2 —————

Port 1 | Rp1=Rp2 | Port2

Al = By
Figure 6.2: Interconnection of two ports.

Two ports are compatible and can be connected together asshd-ig.[6.2 if they meet
the following requirements:
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1. They correspond to the same physical domain (such asie&cimechanical, or acous-
tical domain). Connection of ports from different domaireed transducers elements
between them, see Sectianl6.7, or the subsystems must firsdffyged to the same phys-
ical domain.

2. Variable types must be the same, for example both must wari&@bles or K-variables.
A KW-converter is needed to connect a W-port to a K-port or kKhgype subsystem
must first be modified somehow into a W-subsystem. Additigndr W-variables the
normalization factok used in Eq.[(€]3) must be the same for both ports.

3. Port resistance values must be the same. If they are nal, @quadaptor (Sectidn 6.4) or
a transformer is needed for connection.

Other restrictions may also apply, such as avoidance ofded@ loops. The interconnectivity
is discussed particularly in Sectibn’b.4.

6.2 Basic WDF elements

This section presents formulations for the most basic WkHehts, i.e., one-port lumped
elements, including resistive, capacitive, and induatieenents, as well as voltage and current
sources. The formulations are readily applicable in otlgsjral domains through the analogy
principles presented in Sectio?.

The derivations of WDF elements are based on usiignsform notation for K- and W-
variables, which for the physically normalized wave is ritas

{U(z) = A(2) + B(2) 6.7)
I(z) = {A(z) = B(2)}/ Ry
Now the impedancé (=) observable at the port is

U(z) A(z) + B(z) 1+ B(2)/A(2)

2O =10 = ae = Be) - P T-Be)/AG) ©9
When denoting the transfer functid¥(z)/A(z) by H(z) this becomes
2(:) = R, %58 (6.9)

H(z) is called thereflectancebecause it is the relation of the reflected and incident waves
By selectingH (=) properly in Eq. [&B), different continuous-time (anal@i@ments can be
approximated by discrete-time models as discussed in¢cigos. If Z(z) is given as a target
impedance, the correspondiffy 2) is solved as
Z(z) — R,
Z(z) + R,
There are, however, some restrictions to be taken into atcéior computability reasons we
are primarily interested in elements that do not have a dietggyreflection, i.e., the impulse
response:.(n) corresponding td7 (z) must haveh(0) = 0. We also require that the port resis-
tance is dependent on the element properties only, not oothiee port it is connected to. Such
a port is called here &port, see Sectioh 6.4.

Elements with delay-free reflection in port transfer fuanti/ (z) can be useful, too. They
will be discussed in Sectidn®.3.

H(z) = (6.10)
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6.2.1 Resistance
An ideal analogesistoris a lossy (energy consuming) and linear element, for which
U=RI (6.11)

whereU is the voltage across the poftjs the current through the port, aritlis the resistance
value.

;@ (b) ©

4 :
- 2 A - vR
vl ||

R=U/ B ’ L

Figure 6.3: Resistance: (a) electrical resistor, (b) WDdtster, whereA is terminated and not
used in computation, and (c) resistor symbol used for Black@iler. Data flow direction of
the port resistancg,, is also shown as well as possible parametric control of tasier.

A WDF resistorR is formed simply by selecting/ = 0 in Eq. [6.9) in order to obtain a
totally reflection-free port so that

Zn=R=R, (6.12)

Such a resistor has an exact correspondence to the ideabamesistor for the full frequency
rangel < f < f,, wheref; is the sample rate. Notice that now for a WDF resistor of EQAp
B =U-R,I = RI-R,I = 0 (zero reflectance), and therefotas not needed in computation
at all. The power flowing through a WDF resistor port is

Wr=UI = A%/R, (6.13)

which means that it is always positive for any input diffdaré&om zero, and thus the resistive
element is passive and lossy (dissipates energy).

In the mechanical domain the corresponding resistive elérme damper with mechanical
resistanceR,,, which is defined as the ratio of foréeand velocityV/, i.e., R, = F'/V. In the
acoustical domain, respectively, the acoustical resistay) = P/(), whereP is pressure and
Q is volume velocity.

Figurel6.B shows the electrical symbol and WDF realizationksol for a resistor. A resistor
with a I-port is derived in Sectidn 6.3.1, realization of finear resistors is discussed in Section
??, and AppendixXI3.2]1 presents the use of resistive elenmeBlsckCompiler.

6.2.2 Conductance

Sinceconductancas the inverse of resistancé, = 1/R, the formulation of WDF resistance
is valid also for the WDF conductance as far as the port esist?, = 1/G, whereG is the
desired conductance. The same holds in the mechanical andtaal domains as well. The
usage and implementation of WDF conductances in BlockClemigipresented in13.2.1.
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;@ (b) (©)
R
A i | R
4+§& D
E R,=R; :‘ E
— ~ (& B
U=E+R]

Figure 6.4: \oltage source: (a) electrical symbol, (b) WDhgple, and (c) symbol used for
BlockCompiler.

6.2.3 \oltage source

Thevoltage sourcé€Fig.[6.4) is a controlled (or constant-valued) source.
The function of a voltage source can be derived from the featt t

U=E+ Rl (6.14)

whereR; is the internal resistance artlthe open-circuit voltage of the source, by

A+ B=FE+ Rl
+ + (6.15)
A—B=R,I
When selecting?, = R;, we get
B=E/2 (6.16)

i.e., the reflected wavB depends only on the source voltagjeThe power flowing through the
port is
A? E?
Wg=Ul=— — — 6.17
: R, 4R, (6.17)
where the latter term means the power supplied by the sourtdeamn the port.
In the mechanical and acoustical domains the corresporstingces are the force source
and the pressure source, respectively.
Figure[6.2 shows the electrical symbol of a voltage sourdatanVDF realization. Section

?? presents the use of voltage, force, and pressure sourcemiem BlockCompiler.

6.2.4 Current source

Thecurrent sourcgFig.[6.9) is another example of controlled (or constantyses, in this case
for the flow variable.
A WDF principle for it can be derived from

U=R,J+ Rl (6.18)
whereR; is the internal resistance andhe short-circuit current of the source, as

A+ B=RyJ+RI
{ + p (6.19)

A—B=R,I
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(b) ()

2D ~ 4

R =R; J
’ <B—1—Q JR/2 :‘

Figure 6.5: Current source: (a) electrical symbol, (b) WDRgple, and (c) symbol used for
BlockCompiler.

U=RJ+R;I

SelectingR,, = R, yields
B=R,J/2 (6.20)

I.e., the reflected wavB depends on the source currehand internal resistande,. The power
flowing through the port of the current source is

Wy=Ul = — (6.21)

In the mechanical and acoustical domains the sources pomdsg to the current source
are the velocity source and the volume velocity source aesgely.

Figure[&.b shows the electric symbols used for a currentceoamd its WDF implementa-
tion. Sectior?? presents the use of current source elements in BlockCompile

6.2.5 Capacitance
Anideal analogapacitor(Fig.[6.8) is a lossless (energy preserving) reactive aienfa which

du(t)
dt

i.e., current(t) is the time derivative of voltage(t) times capacitancé'.

(6.22)

i(t) = C

; (a) (b) (©)
— i ﬁ \C
u _—C
ol
P —]|* T
i = C du/dt B

Figure 6.6: Capacitance: (a) electrical capacitor, (b) Wdapacitor, and (c) symbol used for
BlockCompiler.

Based on the Laplace transform (Sect®#), the impedance of a capacitanceZis(s) =
1/(sC). When applying the bilinear mapping in EQ.(3.27) we obtamdiscrete-time form

T 14zt

=05 1o (6.23)

Zc(z)
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whereT is the sample period. By comparing with EQ.{6.9) we notic thsimple solution,
which also avoids the delay-free loop problem, is to sglect

T 1
By =55 = 2.0 (6.24)
H(z) =z (6.25)
14271
Zo(z) = Ry 37— (6.26)

Another elegant way to derive the WDF capacitance equattottsstart from the integral
equation version of EqL{6.P2)

I
u(t) = u(ty) + - /to i(T)dr (6.27)

This can be discretized in time by the trapezoidal rule of eucal integration as

(k) ~ k= 1) 4+ + AR k=D (6.28)
C 2
whereT is the sample period andis time index of such samples. By rearranging terms and

applying thez-transformation we get

T T i
U(z) — %[(2) = <U(z) + 20[(2)) z (6.29)
Now comparing with EqL{&]3) it is easy to see that by selgciip = 7'/(2C') we get2B(z) =
2A(z)z~! and finally end up with EquationE{6]125) afid (6.26).
The behavior of a WDF capacitance at low frequencies can algzad by inserting ! =
e~9“T'in Eq. (626) so that

1+e @t 1+ (1—jwl) 2R,

Zo(jw) = By T— =7 ~ Bo 7= A= o)~ juT (6.30)
which corresponds to the analog capacitafi¢gv) = 1/jwC when
R, = T/(2C) (6.31)

as was chosen in Eq._(€]24) above. The impedance of a biyneapped WDF capacitor as a
function of frequency is compared against an analog cagazst behavior in Fidg. 6.7, and the
error percentage is shown in Fig.16.8. The error is ddeetquency warpingt high frequencies,
Eq. (3.29), whereby the analog frequenGy— oo when digital frequency goes to the Nyquist
frequencyfqy — fs/2. The nature of the frequency warping inherits from the ctiteréstics of
the bilinear conformal mapping

, 2 z—1 2 9T _ 1 2 Qr

wherew is the angular frequency in the continuous-time system¢ansl the corresponding
warped frequency in the bilinearly mapped WDF domain. Tkguency warping error can be
alleviated by oversampling or by prewarping using [Eq.J6s&2, example iR?.
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Figure 6.7: Normalized impedan¢g/ R,| for WDF elementsZ for capacitancez;, for in-
ductance /Zy for resistance. Impedances of corresponding analog dapaei ¢ anaios) and
analog inductanceZ, ...i.;) are plotted by dashed lines. Frequency scale is normatzed
Nyquist frequencyf;/2. Generalized first order reflectance cases with delay fesddtaeffi-
cientg = —1...1 are plotted in dotted lines, as discussed in Se¢fionl6.2.7.

100

10+

Error [%]

0.1 ‘ ‘ ‘ ‘
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Figure 6.8: Error percentage of WDF inductor impedance asetion of normalized frequency
compared to analog inductance. Error is computed as100% * |(Z1,/Z1, analog) — 1|- The
same error curve holds for capacitors when computeebyl00% * |(Zc¢ analog/Zc) — 1|. By
an oversampling factor of 8 the error remains within about ih ¥he base band.

Becaused(z) = 27! is an allpass function, the WDF capacitance is a losslesseglethat
works as an energy storage, see Eql (6.4).

In the mechanical and acoustical domains the correspomdigmgents are compliance (me-
chanical capacitor) and acoustic cavity (acoustic capace), respectively.

For BlockCompiler usage and implementation of capacitaeee??.

2|t can be shown that this particular discrete-time appration of an analog capacitance is the best lossless
approximation if the low-frequency behavior needs to benoiged, as is often the case in audio applications.
Other choices off (z) may be more optimal for other ranges of the frequency band.
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6.2.6 Inductance
An ideal analognductor(Fig.[6.9) is a lossless (energy preserving) reactive eténf@ which

dit)

i.e., the port voltage(t) is proportional to the derivative of curreift) times the inductance.

(a) (b) (c)

A << ;L
u L
Ry=2LIT | :‘
—<]
u = L di/dt B

Figure 6.9: Inductance: (a) electrical inductor, (b) WDHMEuntor, and (c) symbol used for
BlockCompiler.

By similar principles as for the capacitance above, an @nelductance can be approxi-
mated by a WDF element when selectifigz) = —z~! in Eq. (€.9) so that

R,=2L/T=2/.L (6.34)
H(z)=—2""! (6.35)
Zu(2) = R, % (6.36)

At low frequencies EqL{6.36) yields approximately
JwhR, ,
——— ~ jwlL 6.37
o, I (6.37)

The behavior of this WDF inductance is compared to an analdgdtance in Fid. 617, and the
approximation error is is plotted in Fig._6.8.

Because for an inductdf (z) = —z~! is an allpass function, the element is a lossless energy
storage, see EJ.(6.4).

In the mechanical and acoustical domains the correspordimgents are mass (mechanical
inductance) and acoustic inductance, respectively.

For BlockCompiler usage and implementation of inductanses??.

ZL(jw) ~

6.2.7 Generalized first order reflectance
The WDF resistance, capacitance, and inductance are bpasés of first-order reflectance

iéiizgz_l — Z(z)=R

whereg is given values in the range= —1...1 so that for inductancg = —1, for resistance
g = 0, and for capacitance = 1. For varying values of the intermediate impedance values
obtained are mixtures of reactive and resistive behavipiated in dotted lines in Fig. 8.7.

l+gz7!
P1—gzt

H(z) = (6.38)
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6.3 WDF elements with I-port

There exist useful versions of the previously described VWdments that do not have a T-
port, i.e., they have a wave port with a delay-free reflectinstantaneous response) from input
A to outputB. Therefore they have more stringent limitations where tteay be applied for.
They can be used only as a root element attached to the THpamtadaptor (see next section).
Such I-port elements are easily derived from the T-ones@bgyust selecting a port resistance
different from the values used above.

6.3.1 Resistance with I-port

When the port resistance value of a resistor is forced to gunwedifferent fromiz, = R, let's
say R, = Ry, the resistance valuR can be obtained with reflectance notatior= H from

Eqg. (&9) by writing
147

Z: p— * .
R Rpl—r (6.39)
which leads to
—BA—R_RE (6.40)
r=BAE TR '

(a) (b)

Figure 6.10: (a) Realization of I-resistor and (b) symbadis BlockComopiler.

Short circuit and open circuit connections are specialsaéempedance values. For a short
circuit we get from Eq.[(6.40)

Z —0 when r— —1 (6.41)

Notice that this does not depend on the (forced) port resistaFor the open circuit case we
get, correspondingly,

Z — oo when r — +1 (6.42)

The open and short circuit connections have I-ports aneétber they can be used only as root
elements of adaptor networks (Sectiond.5.1).
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6.3.2 \oltage and current sources with I-port

The behavior of a voltage source with a I-port that has (dy@ert resistancér; and internal
resistanceR; can be derived from Eq{6.115) as

R} R~ R

B= =
Ri+ R~ R+ R

A (6.43)
where E is the open-circuit voltage at the port. For a I-port currenatirce the open-circuit
voltage isE = J R;, where/J is the short-circuit current, so that

RS R R, R,
= J—
Ri+ R~ Ri+ R

(6.44)

Figurd®. 11l shows the symbols for I-port sources used ink&ompiler (compare with Fig_ 8.4
and&.b).

(a) * (b)
R* R
P PRy p | R

Figure 6.11: I-port source symbols used for BlockCompi{aj:voltage source and (b) current
source.

Ideal voltage and current sources are also useful WDF elengetth [-port limitations of
usage). For an ideal voltage source, inserfiag= 0 in Eq. (6.438) yields

B=E-A (6.45)

The behavior is independent of the (forced) port resistaRoean ideal current sourde — oo
so that from Eq.[{6.44)
B=RJ+ A (6.46)

As with real electric circuits, the user should avoid shaxtudt loading of a voltage source of
zero or very low internal resistance. The same is true wigh lnmpedance loading of an ideal
(or close to ideal) current source. In numeric simulatiochsoverloading conditions result in
numerical inaccuracy or over/underflow.

6.3.3 Example of simple nonlinearity: ideal diode

Nonlinearities and time-invariances require in most casese special treatment in order to
avoid problems of computability, stability, and aliasirrglplems. These questions are discussed
more thoroughly in Chapté&l 9. Here we present a simple exa@rtip# ideal diode that has zero
resistance for positive voltage over the diode and infirggstance in the opposite direction.
The ideal diode can be realized as an element with a I-porsimguhe resistor in Subsection
and in Fig_6.10, by making the resistance value degreruh the incoming wave variable.
As can be concluded easily from EQ.(8.40), for positive gali > 0, Z — 0. Correspondingly
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for negative values! < 0, Z — oo. The diode is then compted by switching the value- of
depending on the sign afas

(6.47)

-1 fora>0
+1 fora<0

This example gives a hint about the realization of arbitragmoryless nonlinearities with a
I-port, as will be presented in Secti@r?.

6.4 Adaptors

Adaptors[65, (58] are WDF elements that are used to create WDF stegtoy parallel and
series connections of elements and substructures, iragke circuits and networks as they are
called in the electrical domain. Adaptors help to do this@@anputable manner avoiding delay-
free loops. Their operation is based on physical continlaiys, called the Kirchhoff laws in
the electrical domain. The principles of N-port, 3-portd@aport adaptors are presented below
in the form used in BlockCompiler.

6.4.1 Parallel N-port adaptor

The derivation of arN-port parallel adaptorresembles that of of the DWG parallel junction

in Section[Z. T}, particularly Eqd{4110)-(4.19) and HEgi. Figure[6.12 shows a parallel
connection ofN ports, where ports 1, 2, and are explicitly drawn.

(a) (b) (c)
Azl R> TBz Azl R TBz
A A
port 2 ™ — — —
R | | ports ... R | | ports ...
i v B B -
S s i s T vl Ry Von Al Ry ¥By
2 U R
-..“.:; - » port2¢R (d) R port 2 *R (C)
IN UN p P p p
—> —
pOI'tN port 1 ::: ports ... port 1 ::: ports ...
-+ -+
? Rp R ¢ Rp
p port N p port N

Figure 6.12: (a) Parallel connection of ports 1V, .(b) general WDF parallel adaptor, and (c)
WDF parallel adaptor with a T-port (reflection-free portpgn by aT symbol. In (d) and
(e) the symbols for BlockCompiler are for the general cagktae T-port case, respectively,
including the directions of port resistance data flow.
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The Kirchhoff laws of continuity state that the voltagésat the ports: = 1... N must be
equal (,.;) and the sum of currents, must be zero, i.e.,

U, = Upar (6.48)
N
> I, =0 (6.49)
n=1

We can change to WDF wave variables using Hgsl (6.3) to write

2A, =U, + R, 1,
2B, =U, — R,1,

By eliminating K-variableg/ and in Egs. [6.4B) and{6.49) we get
N
B, = (Z wu) — A, (6.51)
k=1

N
Y = 2Gr/ Z G; (6.52)
=1

(6.50)

whereG; = 1/R; are port conductances. Coefficieniscorrespond to the wave scattering
coefficientsy,, for DWG junctions in Eq.[(4.18). It can be readily seen tﬁ?@'zl Vi = 2.

The total power flow to the ports of the parallel adaptor i®zarhich follows immediately
from Egs. [6.4B) and(©&49) by = > U, 1, = Upa: >, 1, = 0 for any time moment. Thus the
adaptor is lossless (energy-preserving).

From Eq. [&51) it can be concluded that reflected wa¥esn in a general case be com-
puted only when incoming wavé sample is available beforB sample is needed, otherwise
a delay-free loops appear. The WDF formulation allows fdraeiexibility when one port is
made free of immediate reflection. This is achieved by matiegorresponding scattering co-
efficienty equal to 1. For example for pol we can seleot/y = zfj;f G, Wherebyyy =1
and forn = 1... N we can write

N-1
n=1
B, = By + Ay — A, (6.55)

The reflection-free pordv is here caIIed’-porE see Fig[&.12(c) with symbdl. Only one port
of an adaptor can be made a T-port. For all others, calledlfmyds, B,, is dependent onl,,.

Example

The direction conventions shown in Fig.8.12 specify thenpitetation of positive voltages
and currents in a circuit connected by a parallel adaptoa simple example, Fi§. 6.113 depicts
a circuit consisting of a voltage source (1.5 \2)and two resistances (2) in parallel.

3In literature such ports are typically callegflection-free port§58] (or adapted portg60]). This may be a
bit confusing, because such ports in general are only freestdntaneous reflection; the term ‘port that is free
of instantaneous reflection’ is inconvenient. Another facthat such ports in our formulation are ‘controller’
ports that transmit port resistance (impedance) to antathport of an adaptor or element with ‘controlled’ port
resistance. Thus such ‘transmitter’ ports are called figyertsand the ‘receiver’ ports are callégborts.
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(a) (b)

-1.0A +0.5A 7 +0.5A R,

1Q Ry Ry |+05V Ri T R
1.5V 10 10 E—[Ei]’:[ Il ]:‘[Ré]

Figure 6.13: Simple parallel connection of a voltage soara#two resistances.

Due to loading the source by 0(5 resistance (two 12 resistors in parallel), the voltage
across all elementsis +0.5 V, and the current through eachrisistance is +0.5 A. The current

in the voltage source element, however, flows opposite taiteetion convention, therefore
being -1 A.

6.4.2 Series N-port adaptor

The derivation of a WDMN-port series adaptocan be done in a way analogous to the WDF

parallel adaptor above. Figure 6l 14 shows a series coonesftiV ports, where ports 1, 2, and
N are explicitly drawn.

(a) (©)
Azl R TBz
port 2 ‘ﬂ, e
U, b R q) ports ...
g U, l E E % ANT RN lBN
8—4 ‘:L F- o
"-:; i port 2 (e)
Iy Uy R, *RP
—
port N port 1 ~ 7 ports .
-—
v o
P port N

Figure 6.14: (a) Series connection of ports IV, .(b) general WDF series adaptor, and (c)
WDF series adaptor with a T-port (reflection-free port) dndw aT symbol. In (d) and (e) the
symbols for BlockCompiler are for the general case and tpertcase, respectively.

The Kirchhoff laws for a series connection require that theents/,, at the ports must be
equal (.,) and the sum of voltagds, around the series connection must be zero, i.e.,
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I, = L (6.56)
N
> U.=0 (6.57)
n=1
From Egs.[(613) [(6.56) and{6]57) and by eliminating K-&hles we can write
N
By = Ay — Z Ay (6.58)
n=1
N
Y =2Ri/ Y Rn (6.59)
n=1

whereR,, are port resistances. Coefficientsare wave scattering coefficients in a series con-
nection, for whichy "1 . = 2.

As for the parallel adaptor, the total power flowing to thetpaf the series adaptor is zero,
i.e., the adaptor is lossless (energy-preserving).

As for the parallel adaptor, a T-port is achieved by makirggdbrresponding scattering co-
efficienty equal to 1. For example for polf (see Fig[[6.14(c)) we can seldel, = ZnN: R,,
wherebyyy = 1 and forn = 1... N we can write

Yn = Rn/RN (6.60)
N—-1
By =—n Y An (6.61)
n=1
Only one port of a series adaptor can be made a T-port.
Example
0.5V (a) (b)
VRS
1Q -0.5A
REZ (R
-0.5A

-0.5A

+1.0V 1Q -0.5V E S 1L =
o T HelH o R

Figure 6.15: Simple series connection of a voltage sourdeé\wso resistances.

Figure[&. 1 specifies the positive voltage and current ties in a circuit connected by a
series adaptor. As an example, Fig. 6.15 depicts a circagisting of a voltage source (1.5 V,
1 Q) and two resistances (2) in series.
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Y AI B] Rpl Al Y B 1 Rpl
B A
B _ P A 2 0
2L add sub " I add I
5t ! 5z _
3 by mul o Ryo !‘:3 i |sub mul sub Ryo
i add sub ——* - 17 - l
A ‘B sub [~
2 g 0 AZ BO
parallel 3-port adaptor series 3-port adaptor

Figure 6.16: Optimized realization of 3-port adaptors:afial (left) and series (right) adaptor.

Now all the port currents are equal to -0.5 A, i.e., negatdezause the current flows clock-
wise, while the positive direction is anticlockwise. Thdtage of the source portis +1 V, while
for the two resistances the port voltage is -0.5 V. This cama Ibé surprising unless thinking
carefully the positive directions specified. Notice thdafiénce to the parallel adaptor before,
where the voltages across all elements were positive.

6.4.3 3-port adaptors

The algorithm of computing a parallel or series adaptor camftimized to use a minimum
number of operations for a given number of ports. Fidurel@lésécribes the realization of
such parallel and series 3-port adaptors, consisting afragddubtractors, and multipliers. The
parametery is computed as

v = Rpo/(Rpo + Bya) (6.63)

3-port adaptors are useful in implementing binary treecstmes, which are universal in the
sense that multiport adaptors can be realized using them.

6.4.4 Parallel 2-port adaptor

Two-port adaptors are of special interest because oftee ikeneed to connect together two
T-ports that have different port impedances. The two-paraltel adaptor is a WDF equivalent
of the Kelly-Lochbaum junction (Sectid??). In a similar way the scattering equations can be
derived to be

B =~A 1—7v)A
By = (1+7v)A; — 4
where~ is the reflection coefficient obtained from port resistarse a
Ry — Ry
— bl 6.65
"= Ryt Ry (6.65)

For a computationally more efficient one-multiplier formtibn Eq. [6.66) can now be written

{ By = Ay + (A1 — Ay) (6.66)

By = Ay +7(A; — Ay)

which is shown as a realization diagram in Fig.6.17.
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Figure 6.17: (a) Efficient realization of a two-port parhbelaptor and (b) symbol used for
BlockCompiler.

6.4.5 Series 2-port adaptor

The series two-port adaptor is similar to the parallel tveot@daptor, except that the voltage
and current signs at the second port are negated (see slapstadiscussion above). Therefore
the need for a separate series 2-port adaptor is not verydrtégand the parallel 2-port adaptor
is recommended in most cases to be used instead.

6.4.6 WDF adaptors vs. DWG scattering junctions

A comparison of the DWG parallel and series scatteringgugtin Sectioh 4.714 and the WDF
adaptors above makes it clear that these are just two difféoemulations of wave scatter-
ing. Therefore they can be seen rather as somewhat diffeoemputational realizations of the
same physical phenomenon. Furthermore, by using the WDIe @efinitions in EqL&I3 the
DWG and WDF wave variables as well as the corresponding farte been made directly
compatible.

This equivalence gives freedom to construct discrete-pmesical models on either DWG
or WDF formulations or their combinations. In fact, it is sewhat artificial to make clear
distinction between them, because they are just differpptaaches to W-modeling, DWGs
approaching from a distributed element and WDFs from a luhgdement points of view. It is
more a practical choice how to implement a W-model.

A practical convenience achieved by using WDF adaptors dot ipterconnectivity is that
the computational impedances (port resistances) are alkgay-valued and no digital filters are
needed inside adaptors, while for frequency-dependergdiapces the DWG junctions become
multiple-input-multiple-output digital filters. Theref® in the practical implementation of W-
modeling in BlockCompiler we prefer the WDF formulations.

Another advantage of WDF adaptors presented here over th& pMEtions discussed in
Section4.TH is that the T-(reflection-free) ports allow ¢onnecting together subsystems in
series or parallel, while the junctions can be connected thmbugh delayed elements in order
to avoid delay-free Iooﬂs

4In fact, DWG junctions can in principle be formulated to imdé “T-ports” for further interconnections by
creating Thevenin and Norton equivalent ports, but fordiestpy-dependentimpedances this leads to complicated
computation. Also for WDFs, it is possible to use generdlifeequency-dependent) port impedances instead of
port resistances, but normally this only brings excessbrapexity to computation.
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6.5 Network structures and interconnection rules

WDF adaptors are used to interconnect elements throughihee ports into parallel and series
networks. There are, however, some restrictions on theemivity of different port types and
therefore also on possible network structures.

6.5.1 Tree structures

An n-port adaptor (parallel or series) described abovenslltor connecting any number of
elements with T-ports into a star-like structure (see HigE2(b) and’6.14(b)). Such a parallel
or series network can be connected to a further structuoeigffirone but only one port, because
only one T-port is available for any adaptor (see Eig.16.12(@[6.1#(c)). This means that
only tree structuresnot more general graphs with loops, can be built, unlese thee delays
(delay-lines) with two T-ports to ‘isolate’ the substruas. Figuré 8.18 presents an example of
a tree structure made using two n-port adaptors. in a nettherie may or may not be a single
root element with a I-port (dashed ling i this case).

1 Y Y

element 6y l9 5y 410 37 412 27 413

7, 4 ” 1
EE[IIIE‘ A ‘ A [E]
' 6’8- d) 211 : 14 :

Root adaptor

Figure 6.18: A WDF network made of basic elemenis.EE; and adaptors Aand A,. Num-
bers 1...14 describe the data flow order of computing opersitiOptional root element;kEs
marked with dashed line. If there is no root elementyAll be the root adaptor of the network.

Figure[6.IB shows also one possible execution order (stdjeoiuoperations that is com-
putable. For the T-ports of basic elements the reflected walme B can be read immediately
without need to know the incident wave while for the T-port of a parallel or series adaptor
the B-value is obtained by combining th&values of the other ports as shown in Flgs. 5.12(b)
and[6.T#(b). Thus the computation starts from the leavelseofree and progresses to the root
element of the tree. Thereafter the computation proceeds toavards the leaves until the
whole network has been traversed for one sample step inl@fijeAt the next step the same is
repeated again.

From this scheduling principle it follows that there aresthwalid cases of port connections:

1. The basic form of connection is between a T-ports and atl{@d the same physical
domain), where the T-port propagates the port resistariae athe I-port.

2. The two-port adaptors in Sections 614.4 &nd 6.4.5 coroeto T-ports (of the same
physical domain) by realizing wave scattering betweerediifit port resistances.

3. Two T-ports with the same port resistance (and same pdidydienain) can be connected
directly without an adaptor, because no scattering of wtaless place.
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6.5.2 Binary trees

Any tree structure can be represented also as a computhtieqaivalentbinary tree This
means that an arbitrary WDF structure can be composed aayiee by using 3-port adaptors
only [61]. Therefore using n-port adaptors is not a nec&sﬂigure{ﬂD shows how an n-port
adaptor is converted into a binary tree.

L R et AT e

Root adaptor

Figure 6.19: N-port adaptor (left) vs. equivalent binasetof 3-port adaptors (right).

6.5.3 Root elements of a WDF tree structure

The block named Eand drawn in dashed line in Fig._6118 is of special importanagorking
with WDFs. As discussed before, a WDF network (without detlgments) can contain one
and only one element with I-port to avoid delay-free loopsoRelements with a I-port have
special freedom, and therefore they can be used to realizxémple:

¢ In the root position an element with a I-port is independarihe sense that changes in it
do not have any effect to the port impedances of the port igpess in other parts of the
network.

e Particularly the root element can be nonlinear, time-vagyor parametrically controlled

e Also nonlinear reactances, such as nonlinear capacitarsnaiuctors realized through
mutator, discussed in Sectibn 616.6 below, can be used asleyoents.

A problem in designing for example nonlinear root elemesithat the element characteristics
are typically given in in K-variables, such as current asrecfion of voltagei = f(u), while

the port variables are W-variablesandb. It turns out that mapping between them in most cases
is quite inconvenient due to implicit equations. One pabsibs to use iterative solution. It
this is too time-consuming at runtime for real-time apgiimas, a more efficient solutions is to
compute off-line a look-up-table, which is at runtime usethwnterpolation. These techniques
are studied in Chaptél 9.

6.5.4 Initialization of WDF networks

Initialization of a network consisting of WDF elements anldptors means setting proper initial
values for the wave variables. It requires special conatder because the global Kirchhoff
constraints must be fulfilled at once for the initial state.

5In BlockCompiler, adaptors are in most cases created iitigliwhen calling functions that make parallel
(. par) or series (ser) connections, and the system takes care whether n-powrt33port, or direct port
connections are created, see Sec#@nThus the user does not necessarily deal explicitly wittpgata. In BCT
(Binary Connection Tree [61], WDF structures are built ofdry trees.
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Problems appear particularly with the reactances (capac#énd inductors) and possible
nonlinearities. At the initial simulation moment= 0 each loaded capacitor acts as an ideal
voltage source of the initial voltage (or related charge)iafinite port resistance. Each inductor
acts correspondingly as an ideal current source (infiniterpsistance). Dealing with multiple
ideal sources (and nonlinearities) does not easily fit taleggWDF simulation. Therefore
another strategy is to be taken.

The initial state of a network can be solved separately bggu#he Thevénin or Norton
equivalents (Sectiofd?) of the networf [?,160,7]. This follows a similar two-pass schedule as
in the regular WDF tree traversing described in Sediiodlb bhe difference is that K-variables
(voltage and current in the electrical domain) are usecatsbf W-variables. Each element is
represented as a Thevénin (or Norton) equivalent, talapgcitors and inductors as voltage and
current sources, respectively. This is continued to therispf adaptors up to the root adaptor
and possible root element, which needs special treatméms i nonlinear one. Thereafter the
computation passes backwards to the leafs of the tree, bputimg first the K-variables and
then the W-variables using E@._(b.3), until all ports getrthtial W-variable values.

If there is a nonlinear root element, its K-variables mussblwed separately. Figuke 6120
plots the principle of finding the voltage and current whenThevénin equivalent of a network
is described by the loading line and a nonlinear elementvsrgby its nonlineatl/-I char-
acteristic curve. In practice this may require iteratiorsome other indirect solving method.
Initialization will be even more complicated if there are lifple nonlinearities or controlled
sources.

@] e par o ®
/ R YA
Eeq Req S BN oo --
NL| U] | Thevenin S
; [ B N
equivalent 0 : | UN
T U
5

05 0 05 1 1 2

Figure 6.20: (a) Nonlinear root element (N.L.) connected ih@vénin equivalent of a WDF
network and (b) graphical presentation of solving voltage eurrent. The Thevénin equivalent
hasE., = 1.5V andR., = 1/3 Q. The nonlinear resistor has characterisfies 3 exp(U) — 1.
Solution is represented by the crossing point of the curves.

6.6 WDF 2-port and N-port elements

There are a few important two-port WDF elements that helpildng physics-based models in

one or multiple physical domains. The transformer are nééalehange impedance levels, the
gyrator maps capacitances to inductances and vice verddhamutator maps a resistance to
a reactance and vice versa. Based on these basic elemahto(aa other types not described

8In the current version of BlockCompiler a simpler approxienaethod of initialization is used,
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here) it is possible to construct new two- and multiport edats, such as transducers between
different physical domains.

6.6.1 Ideal transformer

An ideal transformer is a two-port lossless element thatatlag impedance level at one port to
another level at the other port, see Fig.6.21.

IN (b) (©)

1:N @
. 1 2 1
Il 12 Rpl ; N |l> ; sz Rpl sz
i IR Syt
Bl—§—><—NI>—§— B,

Figure 6.21: Ideal transformer as a two-port element: @jtacal symbol and (b) WDF prin-
ciple and (c) symbol for BlockCompiler.

When using K-variables voltagé&§ and current {) for the two ports, the ideal transformer
does the transform:

(6.67)

U,=NU
I, =(1/N) I

where N is the transform factor (“turns ratio”), which can be positior negative. Thus the
power transform isP?, = U,l, = NU,(1/N)Il; = P;, which means energy preservation.
Impedances are transformed by

NUl(Z)

_ _ _ A2
ZQ(Z) = UQ(Z)/[Q(Z) = (1/N>[1(z) N Zl(Z) (668)

This can be obtained by port impedance mapping
Rp2 = N2Rp1 (669)

\oltages and currents are scaled properly when the wavablas: andb are scaled by
BQ = NAl and Bl = (1/N> A2 (670)
(see Fig[6.21), which means that

{U2 — Ay+ By = NA, + NB, = NU, and 6.71)

I = (Ay = By)/Rpp = (NAy — NB1)/(N°Rn) = (1/N) ]y

as was targeted in EqQ.{6167).
The usage of WDF ideal transformers in BlockCompiler is enésd in Sectior??.
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6.6.2 Gyrator

Gyratoris a particularly simple two-port element, shown in FIg.Z.that maps a capacitor to
an inductor and vice versa. More generally,

A — B
Uy=Ay+By= "R =R, (6.72)
P
A2 - BQ _Bl - Al
I, = = = -U,/R 6.73
2 Rp Rp 1/ P ( )
u, R

Fp=—2 =2 74
e (6.74)

A resistor is mapped to a resistor of the same value, becauses, = R, = R.
The usage of WDF gyrators in BlockCompiler is described ictida ??.

(a) (b) (©)

R Rp—1 — R

| i P Rp R,
Db ey | )
| B : 5 B,

Figure 6.22: Gyrator as a two-port element: (a) electrigatlsol and (b) WDF principle and
(c) symbol used for BlockCompiler.

6.6.3 Dualizer

As discussed ir??, there exists duality between models so that exchange oédamces—
admittances, potential flow variables (e.g., voltage» current), and series» parallel con-
nections yields a model with an equivalent behavior. Thalithuis a useful principle, particu-
larly when modeling a physical system by an inverse (indjranalogy in another domain, or
when modeling transducers between domains. By looking afEf4) it becomes obvious that
adualizer, i.e., duality mapping is obtained by cascading a gyratdfigf[6.22 and an ideal
transformer of Figl 6.21 with a turns ratio &f, : 1 so that

L =-U (6.76)
Zy=1/7, =Y, (6.77)

6.6.4 Circulator

Circulator is an element that circulates the wave variables aroundhitsg or more) ports as
shown in Fig[&.24. It is the WDF equivalent of circulatoredsn microwave technology.
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(a) (b)
Fpl e | Ry ’:Rpfl

Figure 6.23: Dualizer as a two-port element: (a) WDF pritecand (b) symbol used for Block-
Compiler.
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Figure 6.24: (a) Circulator principle, (b) WDF symbol, aiilgymbol used for BlockCompiler.

6.6.5 Unit element

Theunit elements the building block in the original WDF theory that comesss to the digital
waveguide idea in the sense of simulating wave propagdigire[6.25 shows the formulation
of a unit element with half sample delays between pakts<0). This requires double sample
rate to be used.

A variant of the unit element where delay is distributed as\gtrically between the two
directions is called QUARL (quasi-reciprocal line), whexe# 0. The extreme cases are when
A =T/20r A= —-T/2,so that a single unit delay is only in one direction.

Figure 6.25: Unit elementf = 0) and QUARL (A # 0).

6.6.6 Mutators and resistance-reactance transforms

TheWDF mutato60] is a lossless two-port element that transforms a r@sc& to a reactance,
i.e., to a capacitance or an inductance. The basic idea isdifyrthe 2-port adaptor in Fig. 6117
by replacing the reflection coefficientby a memory element. Figufe 6126 depicts the case
wherey = 2!, a unit delay.
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R : (a) (b)
5 | 5 ] IR*
— : : T | Ry R,
ko 1 R*: —_— p p
U, Ry e -~ : .R§

Figure 6.26: (a) Mutator (left-hand block) that transforengdelay-free) resistor (right-hand
block) into a capacitor behavior seen at the left-hand roufadrt. (b) Symbol for the capacitive
mutator.

Realization of capacitance through a mutator

When the right-hand port of such a modified adaptor is comaktct a resistor with a I-port in-
troduced in Section©.3.1, the behavior of the system inIB can be described by equations

Bi(z) = 27 Ai(2) + (1 — 271 As(2) (6.78)
Ba(2) = (14 2 ) Ay(z) — = Ao(2) (6.79)
As(2) = 1rBy(2) (6.80)

wherer is a coefficient to control the resistance value of the riggntd block as specified by
Eqg. (640). Itis essential to recognize that the port rasist/?’; is obtained from the circuit to
which the mutator’s left-hand port is attached. The portav@r can be solved as

_ Bi(z)  r+z7!
CA(z) 14zt

H(z) (6.81)
i.e., the reflectanc# (=) is a first-order allpass filter. This means that it corresgdoé lossless
element. We can easily see that whea 0thenH (z) = z~!, which corresponds to a capacitor
according to Eq[{6.25). More generally, the impedance agtre left-hand port of the mutator

is
1+ H(z) 1+7r 14271
Z(2)= RF———"2 — R* . .82
(2) Rpl—H(z) Rpl—'r’ 1—271 (6.82)
When setting the impedances og Eds.(6.23) and](6.82) eqtfalnetationsC = C* and
R, = R}, we can notice that the mutated resistor appears as a WDEitzpz of value

T 1-—r7r
C* = . 6.83
QR;) 147 ( )

whereT is the sample interval. By varyingfrom -1 through 0 to 1 the capacitance value varies
from O through'/(2}) to co. For a desired capacitance valUe the control parametercan
be obtained as
T —-2R5C* 1 =2fR5C*
"T TRt T T+ 2fRiC
This corresponds to a resistor with a I-port (right-handctklm Fig.[6.26), resistance value
being set to

(6.84)

T

R =5e

(6.85)
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The capacitance realized by the mutator raises the questishat is obtained this way, be-
cause the realization is certainly more complex than thadtgnce derived in Sectidn 6.P.5.
Furthermore, usage of the mutated capacitance is restticténe single root element of a cir-
cuit only. The advantage gained in this way is that the mdteég@acitance can be time-varying
or nonlinear (see Chaptr 9 for further discussion) wittghobal effects to port resistances.
The role of the mutator can be explored further by checking fotransforms the K-
variables at its ports. Referring to Fig.€.26 the ratio otagesUr(= U,) andU; can be

solved using Eqs[{6.¥8)-(6180) as

Z—T =1 (6.86)
and the ratio of current& (= —1,) and/; becomes
I 14271

The ratio of currents corresponds to a (bilinear) integrattich means that the current at
the resistor port is proportional to the charge of the mdtatgacitor (or displacement as the
integral of velocity in the mechanical domain).

Realization of inductance through a mutator

When the unitdelay( = z~!) is replaced byy = —z~! in the mutator of Fig. 6.26, the resulting
element will be an inductor

*

TR 1+
2 1-r
for which varyingr from -1 through 0 to 1 the inductance value varies from 0 thhgliizs; /2 to

oo. This corresponds to a resistor with a I-port (right-haratklin Fig.[6.26), resistance value
R* being set to

(6.88)

2L
T

The inductance obtained this way has the same advantagés#ations as the mutated capac-
itor above. The relations of K-variables of the mutator powith notations used in Fig. 6126,
are

R*

(6.89)

U
7? =1 (6.90)
Ir 1—27t

which means that the current at the resistor is a (bilingalfferentiated version of the current
at the mutated inductor port.

6.7 Transducers as inter-domain two-port elements

Transducers are physical devices that make coupling anggsignal transfer between sub-
systems in different physical domains. Typical examplesehbf are the electrodynamic used
in loudspeakers and microphones. In a loudspeaker, @alct's. mechanical transduction and
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then the mechanical vs. acoustical transduction takeg glathat a full model includes an elec-
trical — mechanical— acoustical chain of coupled subsystems. As an examplerddrecers,

in this subsection we describe the basic electrodynammesdhiacer. More realistic cases related
to loudspeakers and microphones as well as other transdaiemodeled in Sectid??.

6.7.1 Example: Electrodynamic transduction

Electrodynamic transducens their basic form are devices that realize transductidwéen the
electrical and the mechanical domains. As discussed indde2?, the basic electrodynamic
transducer consists of a conducting wire in a magnetic fidfcthe wire has length in a
homogeneous field of flux densify, the connections between the domain variables are

{Fm:BlIe

(6.92)
U, = BlV,

whereF,, is the mechanical force acting to the wire due to the electricent/, flowing in the
wire, andU, is the voltage induced across the wire due to the mechanatatity V;, of the
wire.

Mechanical mobility analogy

The electrodynamic transducer is often modeled so that #ahanical side is represented by a

mobility (admittance) analogy. The following conventicar® then applied to a generic WDF

two-port element:F, — I, Vi, — Uy, U, — Uy, I, — I, and Bl — 1/N. The generic

two-port equations become U NU
2o (6.93)

I, =(1/N)I
Comparison to Eq[{6.67) shows that the transducer can beegay an ideal transformer with
a turns ratio ofi / Bl. For wave variables the two-port equations now become

B, = BlA, (6.95)
Ry = (1/B1)R,, (6.96)

The WDF realization is shown in Fig.8127.

electrical Bl l mechanical (@) (b)
Bll
! R_./(B])? !
Rp] — pl (B) T Rp2 RP] Rp2
A : Bl E Ay _] Ze/Ym _
B] D{é}l/(lfl) i B2 Z-el Y-mech

Figure 6.27: Electrodynamic transducer with mobility &gl on the mechanical side: (a) WDF
implementation principle and (b) symbol used for BlockCdep Direction from electrical to
mechanical domain for port resistance control is applied.
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Mechanical impedance analogy

When the following conventions are written to EQ. (6.92);, — U, Vi, — I, U, — Uy,
I, — I, andBl — 1/N, then from Eq.[(6.92) the generic two-port equations fordfiables

become

Uy =(1/N)I

2= (N, 6.97)
[2 == NU1

This shows that a transducer model with impedance analogh@mechanical side can be

realized by cascading an ideal transformer (Sedfionl6t&ating a turns ratio ofV = 1/BI
and a dualizer (Sectidn 6.6.3). For wave variables the tarbgruations become

By = (—Ry/Bl) A, (6.99)
Ry = (BI)? (6.100)

Such a WDF two-port realization is presented in Eig.6.28.

electrical g l mechanical (@) (b)
T B2 | Bl
Rp1 'E-Rpl/(Bl)( )°; " Ry Rp1 l Ry
Ay 5 A 7.z,
B, ! ' 2
Bl/Rpl Z-el Z-mech

Figure 6.28: Electrodynamic transducer with impedancéogyaon the mechanical side: (a)
WDF implementation principle and (b) symbol used for Blookapiler. Direction from elec-
trical to mechanical domain for port resistance contropigled.

Similarly to other two-port elements, the electrodynamamsducer two-port in Fif. 6.P8 is
two-directional in signal flow, but the port impedance cohflow is from the electrical to the
mechanical domain. A transducer model with the oppositection of control flow is easy to
derive.

6.8 K-W conversion in lumped element models

The basic WDF elements, together with delay lines from the@¥#pproach, allow for con-
structing advanced circuit and network structures. Oftémbeneficial to use not only compo-
sitions of the basic elements but also more complex entiiassimulate a given impedance.
Such a K-variable formulation may appear from analyticaivd¢ion of a physical system, such
as the radiation impedance of a piston in Secft@nor from measurements of a real physical
system such as in Secti@?. Another reason to such entities is that even for circuitapased
easily from basic elements it may be computationally mofieieft to consolidate them into
more compact digital filter forms for real-time simulation.

The digital waveguide scattering junctions in Secfion4k. $ee particularly Fig§._4.7 and
.8, make it possible to use arbitrary impedances/adnegggiven in polynomial (FIR-like)
or rational (lIR-like) form. In this section we discuss theams of realizing and approximating
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arbitrary LTI impedances by FIR and IIR filtering techniquesng WDF-compatible wave
ports.

Itis important to remember that the impedances given inmatyial or rationak-transform
expressions are not filters, although they look like FIR amiflliters. This is because an
impedance is just a constraint between K-variables (e@tage and current), not a causal
input-output relationship. It must be converted to a pdieotance to make it a digital filter. As
for many WDF elements above, by selcting a proper value dfngsistance the reflectance can
be made computable as a reflection-free T-port.

6.8.1 Impedance given in polynomial form

Let us first consider the case where an impedance is given alyr@omial form z-transform
expression

Z(z) = =Y bzt (6.101)

For compatibility to WDF models this K-variable expressimust be converted to port re-
flectanceH (=) with port resistance?,, by writing

_ Zﬁ\:ol biz ™! — Ry,

~ R,
= = 6.102
Z(z) + R, Z?L—ol biz=' + R, ( )

It can be used as such for afy, within 0 < R, < oo, if an I-port with delay-free reflection is
allowed. In most cases we are however interested in reglairelement with a T-port so that it
can be used freely in WDF models. Then the requirement igéflattion at time index 0 must
be zero, which is fulfilled when

o =010) (6.103)
1 N— _
Zz‘]\gl biz! 2R, Zi:ll biz™!

(6.104)

The reflectancé (=) will therefore be an IIR filter of the same order than the ingeze poly-
nomial. Notice also that(0) must be non-zero, otherwise the port resistance becomes zer

This mapping fron¥ (z) to H(z) is easy, but it would be nice to use the FIR type formulation
of Z(z) more directly as a basis for the reflectance as well. The tast bf (6.10#) gives a
hint about a realization that is close to the FIR filter stmoet Figure[6.29 shows how the
reflectanced (z) can be computed efficiently using the backbone of the redguRfilter, just
slightly modified to make an IIR filter. There is only little te& computation required to the
regular FIR filter forrd.

" Furthermore, in an object-oriented representation ofijtsuch as the BlockCompiler, the regular FIR filter
and the one in Fig_6.29 may be just different detailed imgetations encapsulated in a single object abstraction.
The compiler can modify the code according to the contexsefas a regular filter or a reflectance filter.
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Figure 6.29: (a) One-port block with wave port for a givenymaimial impedance of E.{6.1101)
to realize the reflectance ¢f{6.104) and port resistand&.@DB). (b) Symbol used for Block-
Compiler.

6.8.2 Impedance given in rational form

If the impedancéZ(z) is given as a rational expression

N-1 _
b 1
2(2) = —2iz0 bi2 (6.105)
1 + Ez 1 CL z ’

then the reflectancH (z) becomes

N-1,
Doy biz _ R,

1 M 1 ; _'
H(z) = 1 2im i (6.106)
doito b 27
-+ R,
1 + Ez 1 CLZ -
A T-port without delay-free reflection is possible by selegt
R, = b(0) (6.107)
N—-1 —
bz E Yaz
5o Dint — g1 G
H(z) = R (6.108)

1+2R Sy bz Zzlal’zl
Expression[(6.108) leads to an IIR-like realization showirig.[6:30 that is only minimally

modified from using the rational impedance expression atRafilter.

6.8.3 Second order sections

X

6.8.4 Lattice formulations

X

6.8.5 Impedance given in parallel form

Parallel connection of second-order terms is particulaskyful due to its numerical robustness
compared to direct-form realizations. It is also a natubadice for modal decomposition of
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() (b)

biuai

:‘ Z1ir

Figure 6.30: (a) One-port block with wave port for a giveriaaal impedance expression of
Eqg. (6105) to realize the reflectance [0f (61108) and poistasce of [6.107). (b) Symbol used
for BlockCompiler.

driving-point impedances/admittances. Impedance caejpefeed as a sum of a constant term
and second-order rationalnbn forms by

N
bO,n + bl,nzil + bQ,nziz
2(2) = boo + Z 1+ a2z +ag,272 (6.109)
n=1 ,n ,n

Reflectancdd (=) becomes

N bom 4+ binz Tt + by 272
bo,o + D _n1 37—1— ale_l T a227z_2 - R,

H(z) = e ——— (6.110)
bo o + ZN bO,n + bl,nz + bQ,nz +R

0,0 n=1 1 +a17n271 +a27n272 p

By the following choices the resulting wave port is of T-typighout immediate reflection:

N
R, = by, (6.111)
=0

1 EN bll,nz_l + bl2,n’z_2
2R i=1 1 B —1 n —2
H(Z) _ p + a/L 271 + CLIQ7 272 (6112)
N by 27"+ b, z
14+ L Z 1,n 2,n
2R, &1=11 4 almz*l + a27n272

Ui = bki — oy (6.113)

Figure[631l shows how this can be implemented with minimahges to the direct parallel
implementation ta”Z(z) as a parallel filter. A special case of particularly strafigivward real-
ization is wherb,; = 0, because thebi ; = by ;, by ; = by;, and R, = by .
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Ay - (a)
@ t t L
TPy P> P3 PN
Rp p—
B 1/2bo
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Figure 6.31: (a) One-port block with wave port for impedagoen as parallel connection os
second-order terms, Eq.(6.109). (b) Realization of sisgleond-order section without delay-
free path. (c) Symbol used for BlockCompiler.

6.8.6 Impedance given in cascaded form ?7??

C

6.9 Conversion of state-space forms to W-elements

X
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Chapter 9

Time-Variant and Nonlinear Modeling

Nonlinear and time-variant systems bring several comiiina to discrete-time modeling,
compared to LTI systems. DSP with uni-directional data flowd avithout feedback loops
may already be difficult in nonlinear cases (Sect®i) due to aliasing, but the inherent bi-
directionality of interaction and feedbacks in physicsdzamodels adds to this complexity. On
the other hand, systematic treatment of energetic behavmysical systems, such as proper
dealing with passivity, can help in managing highly compiexlinear modeld [57, 66, 60,167,
7?].

In this chapter the methodology of constructing successfalinear and time-varying mod-
els is studied from a practical point of view. While there arany approaches to nonlinearity
and deep theoretical studies availalflg fhe goal here is to cover typical cases in physics-based
modeling and to demonstrate by numerical simulations hask suodels work, as well as what
are the practical problems with such models.

This chapter begins with definitions of concepts that areoirtgmt in non-LTI systems, fol-
lowed by a discussion of general problematic in time-vagyand nonlinear modeling. Regard-
ing different element types, resistive nonlinearities @dseussed first because of their relative
simplicity; this is divided into parameter iteration metiscand root element design. Nonlin-
ear reactances are discussed in a similar way, first the pananteration method and then
the special case of mutator-based reactances with |-pguatiély distributed nonlinearities
are characterized next. Finally the question of globalradions through controlled sources
is discussed. These cases are often related to LTI modelatgnly to nonlinearities, but the
problems faced are similar to nonlinear modeling.

9.1 General aspects of non-LTI modeling

9.1.1 Concepts

In order to understand the basic concepts in the sense theyad here, the following systems
terminology is defined:

e LTI (linear and time invariant) systems were defined and discussed briefly in Section
??. In such systems the principle of superposition is valid, mm new signal frequencies
appear in addition to the frequencies in excitation signBH systems are represented
by state variables and constant parameters.

137
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Parametric control brings time variance to the parameters of a model. If therobaof a
given parameter is independent of the internal state Vasads the system, no parametric
feedback takes place and therefore no related delay-fopedmblems appear.

Slow parametric changes due to dependence on state variabls a limit case between
parametric control and true nonlinearity. Slow in this @timeans frequencies lower or
much lower than the signal frequencies of the state vasable

(Essential) nonlinearitiescan be interpreted as cases where system parameters vary
rapidly along with state variables, although in such casesay be difficult or even im-
possible to make distinction between parameters and sdatihles.

Smooth vs. hard nonlinearities In a smooth nonlinearity the changes in parameters or
system properties are gradual, while hard nonlineariéesal more abrupt discontinuities
in parametric behavior. Smooth nonlinearities or paraimetntrols are typically easier

to model successfully than hard nonlinearities.

Signal processing vs. physical nonlinearitiesin signal processing (Sectid??) non-
linearities are dealt with as transfer properties whilehygcs-based modeling they are
defined as constraints between physical variables. Thiesak essential difference
conceptually and in the way they are realized.

Passive vs. lossless nonlinearities When a physical element or subsystem does not
produce energy, it is called passive. As a limit case it islkxs if no energy is lost except
through port connections to external system. Passivity isgportant property to realize
stable system models.

Resistive vs. reactive nonlinearitiesResistive elements do not store energy. Therefore
their parameter values can be changed without energy pegger considerations. In
reactive elements (such as inductors and capacitors) trg\epreservation has to be
dealt with more rigor. Parametric control of a reactive edatrmay produce, dissipate, or
preserve energy, depending on case e

Spatially distributed nonlinearities are often due to changes in wave propagation, such
as varying sound velocity or spatial change in interactmpotogy. Nonlinearities in
digital DWG and FDTD models are of special interest here,amyt model for spatially
distributed systems may bring up such questions.

9.1.2 Port resistance propagation

When the port resistance of an element attached to a WDF @dapthanged, it will have a
global effect within the adaptor and possible further adepattached. The propagation of port
resistances should happen within the same sample perite iadaptor network. Notice that
in a tree structure made by adaptors (Sedilon®.5.1, [E1§8.81d6.19) the propagation of port
resistances flows only towards the root of the network. Tioesét is advantageous to place all
time-varying and nonlinear elements as close to the rootehe as possible and ‘isolate’ the
LTI elements by connecting them to separate adaptors fuativay from the root element so
that the need of parameter updating is minimized. Of spadi@test is using a time-variant or
nonlinear element with a I-port as a root element becauseitldoes not have any effect on
port resistances elsewhere.
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9.1.3 Port resistance computation

In parametric control of WDF elements the port resistaneesle computed explicitly from
the given element parameter values. On the contrary, inmear elements the port resistance
is dependent on the state variables. They depend on eachimtaaevay that usually results
in implicit equations, i.e., delay-free loops. In such caseere are basically two methods to
compute new values: iteration and prediction (extrapoigti

The port resistancéz, of a nonlinear element is typically expressed as a functioli-o
variables, for example by(u, i) = 0 in the electrical domain (in the linear cage- Ri = 0).
Another level of implicitness comes from the need to use Wialkdesa andb for port variables.
Therefore in a general case port resistances are appredrogiterative solution of the implicit
equations. The convergence needs to be examined for eaglacashe iteration can be stopped
after a given number of steps or when the convergence is gumag@. Notice that when there
are several nonlinearities involved in the network, it@ratshould cover the effect of all of
them.

There are many ways to realize parameter iteration. Theleghpne is to use a port resis-
tance valug?, computed from the state variables of the previous samplantis?,(n + 1) =
flu(n),i(n),a(n),b(n)]. It follows, however, that the energetic properties of tleénork are
invalidated compared to the continuous-time system to beeted. In a less problematic case
this means just decreased simulation accuracy, while iversease it leads to instability of
simulating a physically stable system. More advancedtitaraf the port resistances can alle-
viate such problems, but often it is difficult to guarantesbsgity and accuracy without practical
experimentation.

Port resistance prediction (extrapolatiofl) s an approximate method to estimate the new
value(s) of port resitance(s). By knowing a set of previoaki®s and assuming smoothness
of parametric changes the new value(s) can be predicted adinear or nonlinear predictor.
The simplest predictor is just using the value of port resise based on the previous values
of state variables, i.e., actually no prediction at all, ehis also equal to no iteration at all.
While approximative parameter prediction itself can bélstat does not necessarily guarantee
stability (passivity) of the network.

9.1.4 Aliasing and frequency warping

Nonlinearities create new frequency components that arenoluded in the excitation of the
network. In audio applications of interest here a dangeomnsequence is that such compo-
nents falling beyond the Nyquist frequency will mirror backthe baseband, and they can be
perceptually highly disturbing. Sudliasing distortionshould be kept at a level low enough.
In some cases it is possible to shape the nonlinearitiesataatiasing is eliminated?], but

in most cases oversampling (increased sample rate) anthignof excitation bandwidth is the
only practical means to counteract aliasing.

As with linear WDF elements, frequency warping due to thebdr mapping, see EQ.(6132)
and Fig[G.B, is present also in nonlinear elements. Thidbearbunteracted by oversampling
or by prewaping techniques.
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9.1.5 Iteration per sample vs. oversampling

In cases requiring parameter iteration there are two ce@wailable: (a) iteration to conver-
gence with desired accuracy per each sample instant orébd@wpling by a factor high enough
to decrease artifacts. These have different advantagedramtbacks:

e lteration per samplés the ‘mathematically correct’ way of realizing the modetslation
with a given sample rate. The advantage is that convergeamceeinspected and iteration
be stopped when the accuracy is good enough. From an audiogb@iew two problems
may remain unsolved, however. The aliasing effect due tdimegrities is not removed,
and the frequency warping problem needs to solved sepgriigis essential in a given
case.

e Oversamplingan be seen as an ‘implicit iteration’ when looking at theehlaand. From
a ‘mathematically correct’ viewpoint oversampling is ontptivated when it approaches
infinity, i.e., a continuous-time simulation. From an audiewpoint, however, it is at-
tractive as a straightforward method of just specifyingghler sample rate. It also brings
the remarkable advantages of reducing aliasing and freguearping of the bilinear
mapping rapidly with increased sample rate.

9.2 Parametric control of WDF elements

WDF elements are the most essential components for lumpatealt models. In many cases
the parameter values of such components should be coblmlland in nonlinear cases the
signals (state variables) in the system need to change taepter values. In this section we
discuss different ways to make WDF element parametersaltatite. This information will be
utilized in the subsequent chapters for nonlinear modelirige three main methods discussed
here are (a) direct control of port resistari¢g (b) use of controllable root elements that have a
I-port, and (c) control using an ideal transformer. The dsston will cover resistances, resistive
sources, and reactive elements separately.

9.2.1 Time-varying resistances

Parametric control of resistances is relatively easy bee#uwey do not store energy. Therefore
in changing a resistance value, as far as the port resistant@ns non-negative, there is no
need to consider further what happens with the energetie stahe element.

Direct control of WDF resistance

The WDF resistance was discussed in Sedfion16.2.1, wherasitgiven that a reflection-free
(T-) port resistance is achieved by selecting the port t@stg 1z, to equal the desired resis-
tance valueR. Because the reflected wave= 0 for any value of incident wave, the only
consequence of changing resistance vatus the corresponding change &,. This of course
has consequences further in the interconnected netwardghrthe adaptors, but the resistance
itself is easily realized.

Control of WDF resistance as a root element

The special case of resistance with a I-port that can be ssadaot element of a WDF network
was presented in Sectibn 613.1. The advantage of this tythatishe other parts of the network
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tree are independent of changes is the resistance. Thussisenced? can be changed accord-
ing to Eq. [6.4D) and Fidg. 6110 without need to update anyrqgitheameter elsewhere. The use
of such an element is limited only to a single instance, pwsid as the root element.

Control of resistance using ideal transformer

The impedance level of any port can be changed using an ideaformer with a variable
turns ratio 1NV (Sectior 6.611). As described by ER.(8.68) and Eig.16.24 trdnsformed port
resistancer, (= R,») at the secondary port of the transformer, the primary parndpconnected
to resistorR (= R,,1), is

R.= N’R (9.1)

which implies thatR, is obtained by turns ratio
N =+/R./R (9.2)

No particular advantage is achieved compared to directrabot R, due to additional com-
plexity of computation.

9.2.2 Time-varying resistive sources

Time-varying resistive sources can be analyzed in a waylaina the resistance. For example
in a voltage source with internal resistari¢e as presented in Sectibn 6J2.3 (Figl 6.4), the driv-
ing voltageF is an independent signal variable that can be varied fraalyinternal resistance
R; can be changed as any resistance.

A resistive source can be transformed also by an ideal wamsfr to a new source with
driving voltageN timesE and internal resistancdg? timesR;, whereN is the turns ratio of the
transformer. No specific advantage is achieved, howeverpaced to direct control of the port
resistance.

9.2.3 Time-varying reactances

Reactive elements, such as capacitances and inductanttes efectrical domain, need more

consideration that the resistive elements. This is due ¢ofdht that reactances are energy
storages, where the change of parameter value may or mahanoge the energy content of the

element, depending on the case at hand. For example witivpassl lossless nonlinearities

discussed in the sections below the change in a parameter sfabuld not increase the energy
content of the element. In this subsection we will study teleavior of capacitances controlled

in different ways.

Energy behavior of a capacitor with port resistance control

The simplest idea to make a time-varying capacitor is torobtite port resistance according
to Eq. [&24), i.e.R, ., = T/(2C,), whereT is the sample intervat;' is the capacitance, and
n is the sample index. The energetic behavior of such a céaittel capacitance can now be
analyzed in the following way.

Figure[8.1 shows a WDF capacitor charged to carry voltaged with open circuit ter-
mination. Because there is no current flowing through theaciapr, Eq. [68) implies that
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Figure 9.1: (a) Open-circuited capacitor controlled bytpesistance?, and charged initially
with voltageu (b) WDF network for simulation.
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Figure 9.2: Effect of a time-varying capacitance in an L&uit (b) when the capacitance is
controlled directly by changing port resistance. The dtr@ufirst charged (a) and then the
voltage source is removed (short-circuited) and the c#gaae is varied linearly from from 1
mF to 0.1 mF. (c) Inductor voltage (solid line) and currerdadjded line). (d) Relative inductor
energy (solid line) and capacitance (dotted line).

instantaneous wave variable values= « are equal and therefore the voltage= 2a. The
energyE of the capacitor is

E, = 1C’uQ = 2Ca* (9.3)
2

If the capacitance is now changed from time indeto the next onew + 1 by C,,,1 = kC,
throughR,, .1 = R,./k, then the energy change, interpreted as above, is

EnJrl

En+1 = 2(/{50)&2 - En

=k (9.4)

On the other hand, the power flow at the port according to[Ed) (§W = a*/R, —b*/R, =0
for any instantaneous value &f,, sinceb = a. This shows that the energetic interpretation of
controlling the capacitance in this way is not consistent.



9.2 Parametric control of WDF elements 143
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Figure 9.3: (a) Open-circuited capacitor controlled byialale ideal transformer and charged
initially with voltage« and (b) WDF network. Here C = constant capacitance, X = idaabt
former with turns ratio ofV:1, C = transformed capacitance, = transformed port voltage.

Another way to study the energetic behavior of such a cagramit is to make a series LC
resonator (L =4 mH, C = 1 mF initially) with controllable caji@nce and to observe the energy
of the inductor with time-varying capacitance. Figlird $haws the result of such simulation.
The circuit is first precharged from a series voltage soufdeMolt and 22 internal resistance
(sample range 0...500). Then the source is removed (shodited) and the capacitance is
varied linearly from 1.0 to 0.1 mF. The consequence is thatrésonance frequency will in-
crease by factoy/10, the peak value of inductance voltage grows, and the peale dicurrent
decreases. As the lower subplot shows, the peak energy ioidthetor decreases approximately
by the square root of the capacitance.

The analysis shows the inconsistency of energetic beha¥icapacitance where the port
resistance is controlled directly. If the relative chanfeapacitance (deviation @f from 1) is
small for each sample step, the method can be useful in pesasi will be demonstrated later.

Time-varying capacitance by transformer control

The ideal transformer (Sectibn 6.6.1) is a non-energicpan<i.e., no energy storage) that can
map an impedance level to another. Therefore it is a poteteiace for generalized control of
impedances in an energetically sound way. Figurke 9.3 defhietcase where a constant-valued
capacitanc€’ is transformed through an ideal transformer with variabtes ratio of N:1 and
open-circuited at the left-hand side.

Let us assume that at the momenthe turns ratio isV,, = 1 so that the capacitanceis
transformer-mapped to capacitance = C' and the port variables at both ports of the trans-
former are equal. Now let the turns ratio be changed to valyg for the time index: + 1.
The parameters and state variables of the transformeditap@cbecome

R;,nﬂ - N72L+1Rp (9.5)
CT’%-{-l = C/Nn2+1 (see Eq.[(6.24)) (9.6)
:1+1 = Npy1bpy1 = Npjaay, (9.7)
1 = by (9.8)
Ap+1 = a’/n—‘,—l/NTH-l = bpt1 = ay (9.9

From Eq. [@.b) it follows that transformer turns ratio
N =,/C/C (9.10)

yields capacitance value of €@om a fixed capacitance.
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Figure 9.4: Effect of a time-varying capacitance in an LQ&uwir when the capacitance is con-
trolled by an ideal transformer. Top: inductor voltage iddine) and current (dashed line).
Bottom: relative inductor energy (solid line) and capaut& (dotted line). The circuit is first
charged and then the capacitance is varied linearly from ftonF to 0.1 mF.

Eqg. (8.9) shows that the state of the capacitor C is not clthwpenN and thug”” is varied.
The original energies of the capacitance C as well as' pa€analyzed above in E.(P.3), are
E, = E! = 2Ca?. The energy of the transformed capacitance at time imdexi becomes

, 1 C

—— (2N, 11a,)? = 2Ca? (9.11)

T INE,

which shows that the energy remains unaltered for any chentggns ratio and therefore for
a change in transformed capacitance value. This is a venabbd feature when realizing
nonlinear reactances, where the capacitance (or indugt@édependent on state variables so
that lossless elements are obtained.

Figure[9.4 presents the simulation results for an LC cinaitih transformer-controlled ca-
pacitance, otherwise similar to the direct port resistacmatrol above. Now the change in
capacitance has the same effect on resonance frequenayjtbudecreasing capacitance the
peak voltage grows more rapidly and the peak current rentainstant. As expected, the peak
energy also remains constant, which is in line with the asialgf the open-circuited capacitor
above.

Time-varying inductance through transformer control

By following a similar analysis it is possible to study thehbeior of a time-varying induc-
tance realized by controllable ideal transformer. A duatieias needed where the inductance
carrying a current is short-circuited. In that case the ataioice value is controlled through
formula

N=+/L'/L (9.12)
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Figure 9.5: Effect of a time-varying capacitance in an L&t when the capacitance is real-
ized by a mutator. Top: inductor voltage (solid line) andreat (dashed line). Bottom: relative
inductor energy (solid line) and capacitance (dotted lifidje circuit is first charged and then
the capacitance is varied linearly from from 1 mF to 0.1 mF.

Time-variant rectances by mutators

Sectio6.6J6 described how a mutator can be used to mapstares: into a capacitance or an
inductance. Compared to the transformer-based capabiboreathe energetic behavior is more
involved to analyze, because the mutated capacitor carntgriminated with an open circuit
(orelseR, — oo and(1 — r) — 0in Eq. (&8B)).

The behavior of a mutator-based capacitance can be sirdutat@erically for the same
LC-circuit case as direct control and the transformer-basmtrol above. Figue .5 plots the
resulting set of curves. The resonance frequency behawamitar way as the two precious
cases (Fig$. 9.2 ahd®.4), but both the peak voltage andtgnmav more rapidly with decreas-
ing capacitance. The peak energy grows also with decreaaparitance value. Therefore this
solution is not as good for implementing nonlinear passdaetances as the transformer-based
method.

9.2.4 Power normalization in time-variant networks

In Sectior{6. 1R it was noticed that WDF port power fldWwcan be made independent of port
resistance chang®;/ = ui = a? — b?, by using (instantaneous) power normalized waves

oo o

where variables with tilde refer to a power-normalized vgav€éhese wave variables are also
called “power waves”?, 68, ?], although in fact they are rather “square root power waves”

IS
I
=
_|_
SI
5
o

(9.13)
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Figure 9.6: Power-normalized ideal transformer.

Power-normalization at wave ports

The relation between power-normalized and physically rabizad variables at wave ports is

a=+/Rya and b= /R,b (9.14)

Notice that in in (voltage and current) sources there is méasdaling byl //R,, for example

for the voltage source to apply
B =FE/(2y/R,) (9.15)

instead of Eq.[{6.16).

These scalings together show that for LTI models with cangtg the power normalization
and the physical normalization yield equivalent behaviaierms of K-variables. For such LTI
WDF-models there is no reason to use power normalizatiargus® it only brings the numer-
ically somewhat slow computation qf/RTD On the contrary, in time-varying and nonlinear
models it may be advantageous or necessary to use power ligatioa in order to guarantee
passivity of a network.

Power-normalization of ideal transformers

While the one-port elements have been scaled in a simplemwaywer-normalization, elements
with ar least two non-equal port resistances need more @eragion. For the ideal transformer
(Sectior6.611) the power flow in each direction must havaevaf unity, so that

by = sgn(N) a; (9.16)
by, = sgn(N)a, and (9.17)
N? = R,0/Rpa (9.18)

wheresgn (V) is the sign of the turns rati®y, having value of +1 or -1, see Fig. D.6.

Power-normalized adaptors

For power normalization of a network, adaptors need to benatized as well. This is done
by replacing voltage wave scattering coefficients of thalpelradaptor in Eq{6.52) by power
scattering forms

(9.19)

whereG; = 1/R; are adaptor port admittances. It can be seen easily no@ﬁgg 12 =2.A
reflection free T-port can be made in a similar way as in Seid.
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For a power-normalized series adaptor, instead of[EQ.](6ncan write

(9.20)

wherel/R; are adaptor port resistances, and reflection-free portsade as in Sectidn 6.4.
Notice that in a network containing both non-LTI and LTI elemts it is possible to collect

non-LTI elements colosest to the root element and make balypart power-normalized, while

the LTI-part is not power-normalized. This minimizes thenputational load of the model.

9.3 Nonlinear resistances

Nonlinear resistance means that the dependence betweagewhnd curreni does not follow
Ohm’s lawu = R, but must be expressed in one of the following forms:

u= fr(i) explicit (9.21)
i = fa(u) explicit (9.22)
fr(u,i) =0 implicit (9.23)

For a resistive nonlinearity the following should also hold

In wave-based modeling the variables used are wavasdb instead of K-variablesu{ andi
in the electrical domain). In a linear resistance with aroftiSectior 6.211) = 0 always, so
there in no signal computation within such a resistor blolcka similar case for a nonlinear
resistor the port resistandg, = R needs to be controlled so that the characteristics of the
form in Egs. [9.211)£(9.23) are realized. The basic probkethat the new values state variables
{u,i,a} are not known yet to comput&,, which is however needed to compute the state
variables. This means that iteration is needed to solventipéidit equation, which is discussed
in the next subsection.

For aresistance with a I-port (Section6]3.1) the companadf functionh = f(a) is needed.

9.3.1 Parametric iteration of resistance

Based on the above discussion we can conclude that somef gmttgesistance iteration or

prediction is needed in nonlinear models. The delayed patemupdating, possibly combined
with oversampled computation, is the simplest technigaé ith many cases works relatively
well. In some cases, for example with high accuracy requergs) more advanced methods
may be required. In the next section we will explore simpdeative techniques for different

WDF elements using numerical examples.

Example: Vacuum tube rectifier

As the first example of nonlinear resistors the behavior di@uum tube rectifier is simu-
lated. The voltage-current characteristics for positiokages can be approximate?] py

32 wu=(i/k)*? (9.25)

1=ku
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For negative voltages the current is approximately zeromFEq. [9.2b) the resistance charac-
teristicsR = /i can be derived as a function ofor i as

R(i) = k2373 or R(u) =k tu /2 (9.26)

Figure[@.¥(a) plots the U/l-characteristics of the tubenglwith a load line for a load resistor
and source voltage according to Hig.19.8. Fiduré 9.7(b) shiw tube resistande(u) = u/i

as a function of voltage over the tube. For voltages 0 the resistance becomes infinite. For
practical simulations a large finite value needs to be uss@aa for numerical reasons (1M

in this case).

The curves 919 reveal some oscillation of the state viergahs well as the nonlinear
resistance value after an abrupt change in the driving geltd&or a positive voltage step the
resistance oscillates some 4-8 time steps depending ordjuegred convergence, and for the
negative voltage step there is a single time step of delaptect the resistance value. The
two ways to reduce the oscillation are (1) to run full iteatifor required accuracy for each
time sample and to use the converged value or (2) to limit #meltwvidth (rate of change) of the
driving signal and apply oversampling if needed.
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Figure 9.7: (a) Vacuum tube characteristics for= 0.0001 and load line forR;, = 2500 2,
E =250V, (b) tube resistance as a function of voltage.
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Figure 9.8: (a) Circuit with nonlinear resistance (tubedéiaectifier), (b) WDF network for
simulation.
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Figure 9.9: WDF Simulation of the circuit in Fig._9.8 for noréar resistor (tube rectifier) as
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9.3.2 Nonlinear resistors with I-port

X
v,i-¢ a,b
piecewise linear curves
table lookup and interpolation
function approximation
X
X

9.4 Nonlinear capacitance

The realization of a linear lumped capacitance as a WDF elemas discussed in Subsection
B.235. In this subsection we will study different possiiE to approximate nonlinear capaci-
tances in the framework of wave digital filter elements.

9.4.1 Parametric iteration of a capacitor

A straightforward approximation of a nonlinear capacigatend compliance in the mechanical
domain) is obtained by making the capacitance parameter tfars the port resistance) de-
pendent on the voltage (force) over the element. Let us asslat the nonlinear characteristic
curve of a capacitor is given lafu), whereg is the charge and is the voltage over the element.
Discrete-time charching of the capacitor can be approx@chby

o) = a(0) + 32 D 0.27)
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The derivativelq(u)/du is differential capacitance and can be marked as

d .
Ca(u) = sz(;)’ for the linear case:Cy = C' = ¢/u = constant (9.28)

Now the WDF capacitor in Subsectibn812.5 can be used by afioaiitbn of changing the capa-
ciatnce parameter value according to chang€s;jsvhich means changing the port resistance

by
T

2Cy
As with the nonlinear resistor above, the new port resigascot computable bases on new

state variables, so that iterative solution or previoud pEsistance value and oversampling is
needed for improved accuracy.

R, = (9.29)

Example: Nonlinear compliance of a spring

The compliance of springs is often dependent on the displanéfrom equilibrium state. A
good example is the suspension of a loudspeaker diaphralgenevihe surrounding suspension
and the spider make a compliance that starts to saturata @ tlisplacements. We can descrive
such characteristics for example by analytic formula

d 1

o(F) =tanh(F), = Cam = g5 2(F) = oem

(9.30)

whereF' is force appliedyg is displacement, andy ,, is the differential mechanical compliance
of the spring. FigurE9.10 plots the behavior of such comglavhen a linearly growing force
is applied to it. Subplot (a) shows the force and displacdgrasriunctions of time. Linearly
growing force results in a displacement according tatiu finction. The lower subplot shows
the differetial compliancé€’, ,, (solid curve) and the ‘integral compliancé},, = z/F' (dotted
curve) as functions of the applied force.
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Figure 9.10: Nonlinear compliance of a spring: (a) disphaept of the spring from equilibrium
(solid curve) and the force applied (dashed curve) funstadrtime; (b) differential compliance
(solid curve) and ‘integral complianc€’,, = =/ F (dotted curve) as functions of applied force.
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9.6 Distributed nonlinearities

X

9.7 Non-local interaction and controlled sources
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Chapter 11

Introduction to BlockCompiler (BC)

BlockCompiler shortly BC, is a software tool developed for multi-paradighysics-based
modeling for discrete-time simulation and real-time swsiB. In addition, it supports non-
physical modeling using DSP algorithms. It is block-bassjdct-based) so that computational
models are built by connecting physical blocks throughrtherts or DSP blocks through their
input and output terminals.

BC can be characterized as a model-building tool, code gemecompiler, and execution
engine. Depending on which platform is used for final executif the models, BC either runs
them within BC itself or they are first exported to anotheriemvment, such as Matlab [81]
or pd (PureData) [&2], for execution. BC functionality,rétag from model building to final
simulation and execution, is the following:

Scripting or programming of a model

|
Sceduling of model operations
|
Generation of code for target platform
/ l N\
M-files to MATLAB BlockCompiler C-code C-code to pd
| | |

Simulation (MATLAB) Compilation (BC) Compilation (pd)

| |
Execution (BC) Execution (pd)

The advantage of the code generator approach is that BC cauitbeeasily adapted to other
execution environments by writing a new code generatioty pdrile the model-building part
remains the same.

BC is designed for time-domain sample-by-sample compartatilthough it supports also
DSP computation in data blocks (buffers). The sample-lgpda execution is a necessity in
physics-based models with two-directional interaction¢s the preceding sample step values
are needed for the computation of the subsequent valueshasdata-buffer sizes longer than
one cannot be used.

In some aspects BlockCompiler resembles many other sadtteals that are designed for
modeling, simulation, or sound synthesis. Among them arexample pd (PureData) [82],
MaxMSP [83], Simulink[[81], LabViewl[]84], Mustajuuri|85and PatchWork [86]. They are
visual programming languages, where algorithms can befggeon the computer screen by

167



168 Introduction to BlockCompiler (BC)

interconnecting computational blocks through their inpitl output terminals. This is an at-
tractive feature for non-programmers (in the traditiorerise). Text-based programming and
scripting is, however, very powerful and avoids many of trabems that appear when trying to
visualize complex algorithms and data structures. TheedBbockCompiler is in the first hand
based on textual programming and scripting, with no visuag@mming interface presently,
although such one could naturally be added. The computdtitiagrams in this document used
in describing BC models are for illustrative and learninggmses only, they are not (at least
yet) supported by the BC user interface.

BlockCompiler is implemented in the Common Lisp programgnianguagel|87]. Lisp
syntax, based on the list notation with quite many paremihasay look somewhat strange in
comparison to more often used languages such as C and Jeakedtsome effort to become a
power user and programmer in Lisp, but simple scriptingigaeeded to build fairly advanced
models in BC is easy to ledin

The rest of this chapter first introduces a bit of Lisp syntad presents some basic prop-
erties of the BlockCompiler software. Then it describesubage of BC by a set of relatively
straightforward examples. The aim is to give a quick startht® reader in exploring basic
physics-based as well as DSP-based models and algoritlumsstall and configure BC, con-
sult web pagént t p: / / www. acousti cs. hut.fi/software/ Bl ockConpil er/.

11.1 Basic Lisp syntax

Lisp syntax is based on lists, i.e., forms made of data estittithin enclosing parentheses.
The following Lisp expression is an ordered collection astirsg of an integer, a floating-point
number, a string, a symbol, and (another) list of two integer

(12 12.34 "this is a string" x12 (1 2))

Here is another list that works also as an executable formerevthe first element is a function
that adds the next elements and returns the sum when execukedLisp listener:

(+12.34 (+12) => 6.34

Notice that the addition functiortj can take any number of argum@ntEvaluation of a form
can be cancelled by preceding it with quote ('), for examphevexecuting

"(+ 1 2.34) => (+ 1 2. 34)
If the first element in a list to be evaluated is not a functmmnif the elements following it are
not proper arguments to it, an error message results:

(a b c) => error (a not a function)
(+ 1 "string" 2) => error ("string" not a nunber)

Comment texts in Lisp can be separated from code by one ore seonicolons;(), e.g.,

.7, This entire line is a comment
(+123) ; This is a coment foll ow ng an expressi on

1Choosing a more common syntax for model building was consijéout it has the disadvantage of reducing
the high representational power and flexibility that Lisg.ha

2The same is true with multiplication }, subtraction{), and division (). For subtraction(- x1 x2 x3
... ) means subtracting arguments andx3, etc., fromx1. The form(- x1) negates the argumexi. The
same principle holds for division.
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In Lisp there are many special forms and macros that are lus&fmong the most important
ones are thé et andl et » formdl. They are used to name local variables (by a list of lists)
that can be referred to within the body of the form. For examplthe following form

(let~ ((a(+12)) ;;; ais local and bound to 3
(b (+a3))) ;;; bis local and bound to 6
(+ a b)) .;; body formof letx, returns 9

variablea is bound to 3, variable is bound to 6, and the entire form, when evaluated, returns
value 9.

11.2 Making blocks and patches in BC

Computationablocksin BC are created bynake-functionshat are separated from Lisp func-
tions by a dot in the beginning of the function name, sucli.aadd) . Another difference is
that when for examplé. add) is evaluated, it only makes and returns an adder block big doe
not compute any addition. Blocks need to be connectedpimteh an interconnected network,
which will be computed or evaluated only by a separate contshaarwill be discussed below.

A patch can be defined using thef pat ch fornfl, as is done in the following example:

(defpatch px ((x1 (.var 1.2)) ;;; BCvariable in x1 (1)
(x2 (.const 2.3)) ;;; BCconstant in x2 (2)

(adder (.add))) ;;; BC adder in adder (3)

(-> x1 adder) 77, X1 to 1st input of adder (4)
(->x2 (in adder 1))) ;;; x2 to 2nd input of adder (5)

Here the first line (1) startdef pat ch definition, i.e., making of a patch nampd by declar-
ing a local variable (like in & et * form) namedx1. The value of this Lisp variable will a
BC variabl€ of value 1.2. The BC variable is created by functiomar . The second line (2)
makes a BC constant of value 2.3 bound f Line (3) makes a BC adder (with two inputs by
default), now bound to local Lisp variabéelder .

The body of thedef pat ch form in the above example specifies interconnections betwee
the terminals of the BC blocks. Line (4) connects the outputioto the first ianﬁ of the adder
using the chaining function>. Line (5) connects variabbe2 to the second input of the adler

The patch described above is a perfectly valid DSP patch ingBough it is not very use-
ful. To make meaning, more complex patches with proper iapdtoutput blocks are needed.
For physics-based models, blocks for physical elementssa@ with port interconnection func-
tions, as will be described later.

The next subsections introduce to using BC in four differeays. In each of them, a patch
is created and then simulated in BC or exported to anotheramaent. First, model export to
MATLAB/Octave is presented in Subsection 1112.1[In T1tBe?simulation is done in BC and

3Special forml et deviates froml et * in that a local variable cannot be referred to previous onehé
definition list, while in a et * for such reference is valid, as the next example shows.

“More detailed description of patch creation with differfarmulations is given in AppendxXAJl.1.

SFirst it may be somewhat confusing to keep Lisp entities aBceBtities conceptually separate, but the logic
should become clear by a bit of exercise.

5More specifically, inputs and outputs are referred to by ®like (i n adder 0) and(out adder 0),
but the chaining function> automatically finds the first input or output if only the bloskreferred to.

"Notice that indexing in BC starts from 0.
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only the result is exported for visualization. The thirdeds real-time execution in BC itself
in II.Z.3, and finally exporting a patch to Pd for real-timeaion is presented {n_11.P.4.
You may try any of them as far as your BC installation and amlity of external applications

support them, or you may try only what you are interestedtiis lecommended, however, to
read through all cases.

11.2.1 Exporting models to MATLAB/Octave

In the BC3 version of BlockCompiler, models (patches) camXgorted to MATLAH] or Oc-
tavél m-files by evaluating the Lisp form:

(to-matl ab px)

wherepx is the patch to be exported. The directory where the modsliié be written must
first be declared as instructed in the BC3 installation guidkso, this directory needs to be
in MATLAB’s list of pathnames to enable calling the exporteddel scripts. Model export to
MATLAB creates two files:

1. bc.i ni t, when called in MATLAB, will initialize all variables and fictions needed to
execute the patch.

2. bc_st ep, when called in MATLAB afterbc_i ni t has been called, will simulate the
model for one sample step.

Now the user can use MATLAB (or Octave) to run patch simulatgtep by step, with all the
support MATLAB provide.

Often there is need to run a simulation by looping a certamlmer of time steps and then
to plot the simulation results. A typical case is to computd alot an impulse response or
related frequency response. In such cases the funatidn ab- r esponse does the ex-
porting as described above, additionally runs simulateorg finally presents the result. As
an example, a simple sinewave oscillator is made first byuewialg the script (in file "mde-
mos/dsp/sinosc.lis;ﬂ:

(defpatch sinosc ((sin (.sin-osc :freq 1000.0 :anpl 1.0))
(out (.probe "out")))
(->sin out)) ;;; sine wave 1 kHz anplitude 1.0 to "out"

This patch is for generating a sinewave with frequency of ¥ kHd amplitude of 1.0.
The syntax of the the first line needs some explanation. BCksl@an have two types
of inputs: signal inputsand parameter inputs The basic difference is that signal inputs are

8MATLAB ® software available from MathWorks Indit t p: / / ww. mat hwor ks. cont
9GNU Octave is freely redistributable software, mostly catifde with MATLAB, seeht t p: / / ww.
gnu. or g/ sof t war e/ oct ave/

10BC, used this way together with MATLAB, is like a preprocesthat schedules sample-by-sample simulation
of the given patch. In complex cases this can be much moreeodent than to do it directly in MATLAB. Notice,
however, that there is some penalty paid in execution sfpeeduse the computation is not vectorized and therefore
a slowerf or -loop needs to be used instead.

"n the LispWorks version of BC there is an integrated edit@ilable (see installation instructions) that can
be used to evaluate forms and files. In the CLISP version of iBCdemo files can be executed by setting the
Lisp listener to packagBC by evaluating forn( i n- package : bc) and then loading the demo file i§y oad
"nmdenos/ dsp/ si nosc. | i sp"). A more flexible way is to open the file in editor that is linkexdLtisp for
interactive programming. In CLISP versions of BC3 this candone using for example the Emacs editor and
SLIME linking to Lisp, see BlockCompiler installation imgttions.
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processed synchronously for each sample step, but panameatés may be asynchronous and
computed by a different rate or only when needed.

The block. si n- osc can have two parameter in;ﬂsnamed r eq andanpl . Here they
are given values biteyword syntaxwhere a keyword name is written with a colon character
(: freq, : anpl ), and the value is of each keyword is given thereafter. Is tase, both
parameters have a constant value.

The second line of the patch creates a named probe varialife tehich is then connected
(third line) to the sinewave output.

The patch can now be exported to MATLAB by executing the feitay script (in file "'mde-
mos/dsp/sinosc.lisp”):

(mat | ab-response sinosc ;;; nodel export to Matlab
:sanpl es 441
coutputs ' ("out")
. post "

figure(10); clf; subplot(2,1,1);
pl ot _sig(out _resp, SRATE); grid on;
xlabel (" Time [s]’);

yl abel (" Anplitude’);")

which first specifies how many sample steps are simulatech@mdhe names of probe output(s)
to be observed. The string after keywardost is MATLAB code that is exported as such
for graphical presentation of the simulation resul®RATE is the sample rate for the patch
(default 44100 Hz), andut _r esp (variable name +_resp’) is variable name in MATLAB
that keeps the response collected from the probe var@bie After evaluating this export
script, execution obc_r esp in MATLAB runs the whole simulation and shows the results as

plotted in Fig CTTN.

Amplitude
o

0 0.002 0.004 0.006 0.008 0.01
Time [s]

Figure 11.1: Output from MATLAB simulation of sinewave dsaor.

In the sine-wave simulation above, as with other patch nsoethis chapter, both model
creation and export of patch for simulation in MATLAB can bené in BC3 by evaluating a
form such ag | oad "ndenos/ dsp/ si nosc.lisp") inthe Lisp listener window. For
further details, see the BC3 instructions included in tis¢alation package.

Notice also that simulation in MATLAB is done in a for-loop lmalling thebc: st ep
function, which is much slower than real-time simulatiorB@ itself, and may with complex
models and a large number of sample steps become impr@cﬁ.

2The difference of signal and parameter inputs is not so als/iiere, however.
BQctave is found to be even slower in this respect.
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11.2.2 Exporting simulation results to MATLAB/Octave

The previous case of sine-wave oscillator modeling can bbe ds well by doing the simulation
in BlockCompiler and then exporting only the result to MATBAor visualization. This can be
done by script (in file "mdemos/dsp/sinosc2.lisp”):

(matl ab-result sinosc ;;; sinmulation and result to Matlab
:sanpl es 441
»out put "out"
. post

figure(10); clf; subplot(2,1,1);
pl ot _sig(out_resp, SRATE); grid on;
xl abel (" Tinme [s]’);

yl abel (" Anplitude’);")

with equal results as above. This is typically faster thanusation in MATLAB because the
stepping is done by compiled C-code on BC, and only the restriiinsferred to MATLAB.

11.2.3 Real-time simulation in BlockCompiler

A version of sine-wave oscillator for realtime sound outigudone by script (in file "rtdemos/
dsp/sine-tone.lisp”):

(def patch sine-tone ((freq (.var 1000.0)) ;;; frequency
(anmpl (.var 0.5)) ;;; anplitude
(sin (.sin-osc :freq freq :anpl anpl))
(out (.da))) ;;; DA converter
(->sin (inputs out))) ;;; sine wave to DA

This simple patch makes an oscillator with constant frequéh000 Hz) and amplitude (0.5,
max level 1.0) and connects it to sound output (both left aglot channel) of D/A converter
block . da. Real-time streaming is started by evaluat{rrgun- pat ch si ne-tone), and
the streaming is stopped by evaluat(ret op- pat ch si ne-tone).

Real-time simulation requires that the installation of &6ompiler has included adding
the gcc compiler and PortAudio sound I/O features.

11.2.4 Exporting a patch to Pd external

This is currently non-functional (will be rewritten from th e previous version of BlockCom-
piler).

Pd (PureData) [82] is a block-based graphical programmirg@ment for real-time audio
signal processing. It is flexible and interactive for wiripgtches with unidirectional data flow,
but does not support bidirectional port-based connectisesl in physics-based modeling, and
the buffer-based data transfer to speed up execution dogswt compatible to the philosophy
of physical interactions. However, inside of a Pd block thterinal connections can be of any
form. Therefore it is possible to create physical submonteBC and to export them to Pd as
far as the external inputs and outputs are for unidirectidata flow only.

Sine-wave example to be added here ....
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11.3 DSP models in BC for MATLAB

In this subsection we will study a couple of simple DSP mod&id how they are realized in
BlockCompiler to be simulated in MATLAB. The main goal is &aln the basic syntax used in
BC in order to get ready to move to physics-based modelingeridllowing section.

11.3.1 Signal distortion by smooth nonlinearity

Nonlinearities in signal processing are often highly umddxe, but sometimes they are useful
or just what is needed. Nonlinear distortion is utilized éaample in electric guitar amplifiers
in order to make the otherwise ‘dry’ timbre of the guitar echHere we make a very simple
distortion unit by feeding signals through a hyperboliogamt function, which has a smoothly
saturating input-output curve, as plotted in Fig.11.2.

1 T T T T T
ramp (a) y = tanh(x) (b)
0.5
y:ampl 0
.sin-osc +—{ .tanh —» "I‘)mbf 0
out 1
:freq = 1000 -3 -2 -1 0 1 2 3

Figure 11.2: Smoothly saturating distortion by hyperbédingent functiony = tanh(z). (a)
BC patch diagram, (b) nonlinear characteristics of functianh.

The distortion generator is defined (in file “mdemos/dsplin@disp”) by patch:

(defpatch nonlin2 ((src (.ranmp 150.0))
(sin (.sin-osc :freq 1000.0 :anpl src)))
(-> sin (.tanh) (.probe "out")))

and the distorted signal is plotted in Hig.11.3.

Amplitude
o
|

-1k [ | | | | | | | I
0 0.002 0.004 0.006 0.008 0.01 0.012 0.014 0.016 0.018 0.02
Time [s]

Figure 11.3: Sine waveform of increasing amplitude distity the hyperbolic tangent non-
linearity of Fig.[I1.P.
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In the patch,nonl i n2 the BC block. r anp generates a linearly increasing function of
time with a slope of 150 per second, so that within a simufggieriod of 20 ms it grows from
zero to 3. This ramp is used to control the amplitude of a saveveoscillator (si n- osc, line
2). Notice that the blockst anh and. pr obe are created inside the chaining function,
which is possible because they are referred to only once.

11.3.2 First-order lowpass filter

Digital filters are an important part of processing in BC. {¥kell include feedback paths, so
it is instructive to see the principle how they are dealt wittBlockCompiler. A first-order
lowpass filter with unity gain at DC (zero frequency) has tkhteansform function

11—k
1 — k2!
Figure[IIL.# shows the diagram of the filter, constructed efmeintary DSP blocks, fot =

0.995, which makes a lowpass cutoff frequencyfof ~ (1 — k)fs/(27) ~ 35 Hz when the
sample rate ig; = 44100 Hz.

H(z) (11.1)

.add
. .probe
.|mpl _>D_>@ > “ ”
.coeff 0.995 out
.coeff
0.005 D |«

Figure 11.4: Diagram of first-order lowpass filter.

The filter has been implemented by the following BC code (en"findemos/dsp/filters/LPF1.lisp”):

(def patch LPF1 ((adder (.add)) ;;; adder
(k 0.995)) ;;; coefficient
(-> (.inmpl 1.0) (.coeff (- 1.0 k)) adder)
(-> adder (.d) (.coeff k) (in adder 1))
(-> adder (.probe "out")))

The first code line creates an adder (of two inputs), and tbergkline specifies the filter
coefficientk = 0.995. Connecting the patch by> forms starts from a unit impulse generator
through coefficientt — k to the first (= default) input of the adder. The second wirimg |
connects the feedback loop through a unit delay and coeffitiback to the (second input of)
adder. Finally the adder output is connected to the prokabiar‘out”.

Figure[T1.b plots the impulse response and magnitude resprihe filter.

A slightly more efficient implementation of the first-ordemlpass filter is available as the
block. | p1 inthe BC3 DSP library.

11.3.3 Karplus-Strong string synthesis

One of the classical models of sound synthesis is the Kai@itsg (K-S) algorithm(]7<, 80,
69], which has been found useful especially in synthesiaimngg instrument sounds. The
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Figure 11.5: (a) Impulse response and (b) magnitude respafrte lowpass filter.

following BC model is a simple implementation of it for exgpiag to MATLAB for response
visualization and sound output. Figure11.6 shows the pi@of the K-S model, where an
impulse. i npl is fed to a feedback loop consisting of a two-tap FIR filter dethy of 200
samples.

. .probe
imp1 + “out

0.5 FIR 0.5

.dn 200 .D

Figure 11.6: Simple Karplus-Strong string synthesis diagr

The model is created by script (in file “mdemos/dsp/inst&#{mple.lisp”). Notice how
the whole diagram can be wired as a single chain of outputtiopnnections.

(def patch KS-sinple ((add (.add)))
(-> (.inmpl) add (.fir :coeffs (0.5 0.5))
(.dn 200) (in add 1) (.probe "out")))

Figure[11.V depicts the time-domain and the frequency-doreaponses of the KS-model. The
time-domain response consists of a series of impulses fnend¢lay loop, each one slightly
lowpass-filtered from the previous one. This means that figfiuencies attenuate faster than
the low-frequencies, which is typical to string vibratiomhe frequency response shows the
same information as a series of harmonic peaks. The respoosels like an electric guitar
string without sound effects.

11.4 Real-time DSP in BC

BlockCompiler is, in addition to model building, an effictemntime engine for real-time sim-
ulation. As described in the beginning of this chapter, a @hodnstructed in BC can generate
C code and compile it for real-time excecution. Availalilif audio I/O makes it possible to
record, process, and play sound. In this section we will@epa couple of simple DSP-based
examples.
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Figure 11.7: Karplus-Strong model response: (top) in timmdin and (bottom) frequency

domain.

11.4.1 Modulated sine-wave synthesis

The sine-wave synthesis in Section 17.2.3 can be enricheddaulating it by another sine
wave. Frequency modulation synthesis (FM-synthesis)i’@he of the most traditional sound
synthesis techniques. Figure 11.8 shows the synthesitgr geagram.

modulator
modf 1.0 l carrf

moda

— .
.sin-osc F—> )
— .sin-osc .da
—

carra

Figure 11.8: Patch diagram for a simple FM synthesizer.

The patch is realized by the following script (in file “rtdesidsp/sine-tone2.lisp”):

(defpatch fm ((nodf (.var 300.0)) D
(moda (.var 0.95)) D
(carrf (.var 500.0)) D
(carra (.var 0.50)) D
(msin (.sin-osc :freq nodf

nodul at or frequency
nodul at or anpl i tude
carrier frequency
carrier anplitude
»anpl noda))
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&5, Patch control panel
Modulation frequency 300.0

Fm

L=

Modulation amplitude 0.950

Carrier frequency 500.0

Carrier amplitude 0.500

E‘ Patch stopped ; Patch running

Figure 11.9: Patch user interface for the simple FM syniegsi

(csin (.sin-osc :anpl carra))

(out (inputs (.da)))) ;;; D Aconverter
(defun set-nodf (f) (setf (at nodf) f)) ;5 set nod freq
(defun set-noda (a) (setf (at noda) a)) 5, set nmod anpl
(defun set-carrf (f) (setf (at carrf) f)) ;;; set carr freq
(-> (.mul (.add nmsin 1.0) carrf) (paramcsin 'freq))
(->csin out)) ;;; sine wave to DA

This code first creates the control variables and sine-wag#lators, doing also most of the
parameter wiring. Thelef un forms create functions that can be called to set values #r th
parameters also when the patch is running. The two lastingke rest of patch connections.

When the script has been evaluated, it can be startefrioyn- pat ch fm). The de-
fault value of modulating frequency can be setdst - nodf function, e.g., by set - nodf
410. 0) . Modulation depth can be set Iset - noda and carrier frequency byet - carr a
functions.

Modulated sine-wave patch with GUI controls

The modulated sine-wave patch is available also as a graplser interface version on BC3LW
for LispWorks lisp (not for the CLISP version), where slidend other interactive controllers
can be used changing parameter values. Figuré 11.9 showstehface for the patch that is
available in file “rtdemos/ dsp/sine-tone2gui.lisp”.

11.4.2 Echo processor

The next example is possible only if you have microphonetigymal loudspeaker output avail-
able for your computer in addition to sound input and soungatuthrough PortAudio. The
patch is a delay line to delay the signal from input to outjiar more fun, you may modulate
the delay to create kind of Doppler effect. A block diagramtfe patch is shown in Fig_TT110.
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modulator 1. |
modf 0 l dva

.sin-osc —>

moda ) y out

m
ad delay | .da

Figure 11.10: Simple delay with controllable delay and datdulation.

Y

The patch code is as follows (in file “rtdemos/dsp/delagp’i:

(def patch delay ((nodf (.var 4.0)) ;;,; nodulator frequency
(moda (.var 0.0)) ;;; nodulator depth
(msin (.sin-osc :freq nodf :anpl noda))
(dval (.var 0.1)) ;;; nomnal delay
(dx (.mul (.add nmsin 1.0) dval)) ;;; delay
(dblock (.delay :tinme dx :nmax-tine 0.2))
(in (.ad)) :,, A/ D converter
(out (.da))) :,; DI'A converter

(defun set-nodf (f) (setf (at nodf) f))
(defun set-noda (a) (setf (at noda) a))
(defun set-dval (x) (setf (at dval) x))
(-> in dblock (inputs out))) ;;; signal path

The delay modulator is implemented as the modulator for tesinthesizer in the previous
example. The initial value of the modulation depth is zere,, ino modulation. Modulation
depth can be set between 0...1 by funcsen - noda. The delay block is a 3rd order Lagrange-
interpolated delay-line with maximum delay of 0.2 secondeminal delaydval can be set
by functionset - dval .

Notice that the acoustic path from loudspeaker to microphoay cause 'howling’ if the
gain of the loop is too high. Notice also that the overall asigtelay from input to output
includes the latencies due to sound driver software, satthay be considerably longer than
the nominal value set in the patch.

11.4.3 Real-time Karplus-Strong synthesis

A non-realtime string synthesis was describedIn11.3.3.iMpke real-time version of that
model can be created by script (in file “rtdemos/instru/Kanple.lisp™):

(def paranmet er *KS-t abl e*
(0.1 0.20.30.40.50.40.30.20.1))

(defpatch KS-realtime ((tr (.trig-data *KS-tabl e*))
(adder (.add)))
(defun pluck () (trig tr))
(-> tr adder (.fir :coeffs ’'(0.498 0.498))
(.delay :length 200) (in adder 1) (inputs (.da))))
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The variable- KS- t abl ex is first made to keep a simple triggerable wavetable with caikt
like waveform. TheKS-r eal ti me model is a single-delay loop patch, the output of which
is connected to sound output. Functiphuck is defined to trigger a pluck. When the patch
is made running, then executif@l uck) excites the string model with new pluck every time
the form is evaluated.

11.5 Physical modeling in BC

Physics-based modeling is different from DSP algorithm#hat physical elements are con-
nected through two-directionally interacting ports irgt®f one-directional data flow through
terminals in DSP. The following two examples characteripev Iphysics-based modeling is
done in BC and exported to MATLAB for visualization.

11.5.1 RC circuit

The first example of physics-based modeling in BC is to comjatv a capacitor is charged
from a constant voltage source when the initial voltage efdapacitor at time = 0 is zero.
Figure[I1.1ll depicts the electric circuit diagram and tleelbldiagram using BC symbols for
voltage source and capacitor. The BC patch for it (in file “mds/phys/ele/RC1.lisp”) is:

(defpatch RCL ((c (.C 2e-6)) ;;; C2 uF
(e (.E 1.0 1e3))) ;5 1V 1 kChm

(.par e c) ;;, parallel
(-> (.voltage c) (.probe "CV')) ;;; Cvoltage
(-> (.current ¢) (.probe "Cl"))) ;;; Cecurrent

The first line instantiates a WDF capacitor of:Z and the second line makes a constant
voltage source of 1 Volt and internal resistor of @.kLine 3 connects them in parallel. The
last two lines apply physical probewol t age and. curr ent to the capacitor (actually to
its port) to observe the voltage and the current, respdgti@ad connect them to output probe
blocks.

(a) (b)
.par 2uF

1 kQ
1kQ 1 1.0V ( ) U
2WF = e e3P || Bt}
1.0V . iy T

Figure 11.11: Capacitor charging from a constant voltagecs (a) RC circuit and (b) BC
model diagram.

The results of RC circuit simulation (in MATLAB exported froBC) as step function re-
sponses are plotted in FIg.1T.12, where the voltage andutinent of the capacitor are shown
as functions of time. They are exponential curves, as egddodbm the circuit theory.
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Figure 11.12: (a) Voltage and (b) current of the capacitahecircuit of Fig[TT.T1 when the
voltage of the capacitor is zero at the beginning of simarati

11.5.2 Delay line circuit

The next example illustrates a simple spatially distridudiecuit consisting of a voltage source,
a DWG delay line, and a termination resistance. This comedp to a transmission line that
is terminated with a non-perfectly matched impedancesghviesults in transient oscillation
before reaching the final steady state for a step functioragian.

Figure[TT.1B shows the electric circuit diagram and thekbthagram using. The BC patch
for it (in file “mdemos/phys/ele/DL1.lisp”) is:

(defpatch DL1 ((src (.E 1.0 0.1)) ;o5 1V, 0.1 Onm
(dl (.dline-n 10.0 :delay-length 10))
(r (.R 100.0))) ;5 100 OChm
(.par src (port dl 0)) ;;; paralle
(.par (port dl 1) r) ;;; paralle
(-> (.voltage r) (.probe "out"))) ;;; R voltage

The first first line in code creates a voltage source with 1 Y &taction and 0.X2 internal
resistance. The second line makes a waveguide delay lirengtH 10 unit delays (0.227 ms
at sample rate of 44100 I-IE)and wave impedance of 1. The third line creates a load a
termination resistance of 10@ The ports of the delay line are parallel connected to thecgou
and the termination. Finally the voltage over the capads@robed as output signal.

Figure[I1. T4 plots the voltage step function response ofi¢hey line circuit.

11.5.3 Delay line circuit made of unit delay lines

This example shows how the same delay-line behavior as ataovbe realized by composing
the delay line using unit-length delay-line elements. Taguires a bit more Lisp programming
(in file “mdemos/phys/ele/DL1c.lisp”):

(defpatch DL1c ((z (.var 10.0)) ;, wave Z
(src (.E 1.0 0.1)) ;op 1V, 0.1 Ohm

In the electric domain this may correspond to a losslessinision cable of length 0.7 * 300000 kny/'s
0.227 ms = 47670 km if the signal in the cable travels 70 % offteed of light, which sounds quite unrealistic.
It is however a realistic case for wave propagation in a meiclafior acoustical transmission line, for example a
high-pitch sound in a wind instrument bore. For sound véyoaf 330 m/s in the air this corresponds to a tube of
length about 7.5 cm.
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10€2 10 samples (a)
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Figure 11.13: Delay line circuit with voltage step functias source and a resistor as termina-
tion: (a) circuit diagram and (b) BC model diagram.
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Figure 11.14: Voltage step function response of the cifeigifIT.TB measured as voltage over
the termination resistance.

(dx (.dline-1 z)) ;. first delay
(r (.R 100.0))) ;5 100 Chm
(.par (port dx 1) r) ;;; parallel
(loop for i from1l below 10 ;5 1 ndexing
for di = (.dline-1 z) ;;; new del ay
do (.pair (port dx 0) (port di 1)) ;;; pairw se
do (setqg dx di) ;oo dio-> dx
finally
(.par src (port di 0))) ;;; parallel
(-> (.voltage r) (.probe "out"))) ;;; voltage of R

In this script the difference to the previous one are theofwilhg. First a single unit delay
line is made talx and it is connected to the load resistor.lgyar for parallel connection of the
two ports. Then the Lisp iteration forhoop is used to create the rest (9) of the unit delay-line
sections, one by one, and connecting to the previous seltiorpai r, which connects the
ports directly together without an adapter. This is valithavhen the port resistances are equal
asitis here. Theet q form sets the new section to local variadbe for the next iteration step.
Finally the last unit delay-line section is connected toubkage source.



182 Introduction to BlockCompiler (BC)

The simulation of this circuit gives the same result as in EfTI4. It is obvious that this
version is not as efficient computationally than using theexaptimized. dl i ne- n element
of the BlockCompiler library.

11.5.4 Definition and use of a macro block

The delay-line example above can be used further to show lewmacro blocks are de-
clared and used in BlockCompiler. The following script (e fimdemos/phys/ele/DL1d.lisp”)
defines a delay line namedll i ne- nx of controllable lengthdel ay- | engt h) and wave
impedanceX), therefore being functionally equivalent with blocll i ne- n used before:

(def -macro-bl ock .dline-nx (& ey z del ay-1ength)
(letx ((dO (.dline-1 z)))
(loop with dx = dO

for i from1l bel ow del ay-1ength
for di = (.dline-1 2z)
do (.pair (port di 1) (port dx 0))
do (setqg dx di)
finally
(set-ports (port dx 0) (port dO 1)))))

In this scriptdef - macr o- bl ock specifies the namedl| i ne- nx and keywords for in-
stantiating the new type of delay-lines. The body of thisrdgfin macro is quite similar to the
| oop form used in the previous subsection. Hdreis a variable local to theoop form to
keep the first created unit delay line. Variablie keeps the currently created delay line. The
set - por t s form collects the two ports to be made the ports of the maaokand visible to
the user of it.

After evaluating the definition script the new delay-linerakent. dl i ne- nxis ready for
use. File “mdemos/phys/ele/DL1d.lisp” includes also apsdo make the same delay-line net-
work example as demonstrated before in Subse€fion11.:he&reTare only two minor differ-
ences: block name and keyword syntaxfor specifying the wave impedance:

(defpatch DL1d ((src (.E 1.0 0.1)) ;o5 1V, 0.1 Ohm
(dl (.dline-nx :r 10.0 :delay-length 10))
(r (.R100.0))) 7, 100 Chm
(.par src (port dl 0)) ., parallel
(.par (port dl 1) r) ;;; parallel
(-> (.voltage r) (.probe "out"))) ;;; R voltage

11.5.5 Simple nonlinearity: Rectification by diode

A simple case of nonlinearity is demonstrated in this sultsecThe ideal diode, presented in
Sectio 6.3, is now used to simulate rectification of agawe generator output. A capacitor
is used to smooth the voltage that is supplied to a load cgsiBhe circuit diagram is shown in
Fig.[IT.I5(a) and the BC model diagram in FigT11.15(b). ThepBtch for the circuit (in file
“mdemos/phys/ele/Rectl.lisp”) is:
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(defpatch Rectl ((src (.sin-osc :freq 50.0))
(e (.Esrc 20.0)) ;;; R =20 Cm
(d (.diode))
(r (.R1.0e3)))
(.root d (.ser e (.par r (.C 2.0e-4))))
(-> (.voltage r) (.neg) (.probe "UR"))
(-> (.current d) (.neg) (.probe "IE")))

(a) e N e J_\ (b)
diode !
5 root \.NL% \,C T 200uF
200 200}11:__ 1V, 50 Hz 20Q w w . 1kQ
— 1kQ U ] w [ \ w W UR
1V, 50 Hz .sin-osc —~{ E é CD ‘ ‘ R §
Tser .par ’

Figure 11.15: Rectification of sine wave source with an idigadle, filter capacitor (LF) and
load resistor (1 K): (a) circuit diagram and (b) BC model diagram.

In the BC model script and Fig._11]15(b) the load resistor{{} &nd filter capacitor (200
uF) are first connect in parallel. This is connected in serigh the sinewave voltage source,
and this is finally connected to the nonlinear root elemeiaid@). Notice the functionr oot
that is used for the last connection. Remember that therdeamly one nonlinearity as the
root element of a standard WDF circuit (unless there areydgaments in between).

Notice also the neg function to negate the voltage and current outputs. Thisues td
the sign conventions of theser adaptor connection to get the final results into more inteiti
form. Figure[I1.T6 plots the voltage over the load resistat the current through the diode
when the sinewave source starts at time moment zero.
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Figure 11.16: (a) Voltage over load resistor and (b) curtlerugh diode in the rectifier circuit
of Fig.[I1.T5.
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Appendix A

BC3 Block Library User’s Reference

This Appendix describes the basic block objects availabBockCompiler, version BC3. The
syntax and usage is characterized briefly for each block apgefunction to be used for patch
scripting and programming.

A.1 Manipulation of BlockCompiler patches and objects

This section describes the most important software coctstrused to create patches and to
inspect, compile, load, run, stop, control their paransetathin the Lisp environment, and to
export them to other execution platforms.

A.1.1 Patch creation

As described in Chapt€rlll, a patch can be created by usirspéuial formdef pat ch. As a
simple example

(defpatch px ((x1 (.var 1.2)) ;;, BCvariable in x1
(x2 (.const 2.3)) ;;; BCwvariable in x2

(add (.add))) ;;; BC-adder in add

(-> x1 add) 77, X1 to first input of add

(->x2 (in add 1)) ;;; x2 to second input of add
(-> add (.probe "out"))) ;;; Probe output to "out"

When this for is evaluated, BC-variable madgbywar 1. 2) isboundto Lisp (local) variable
x1, BC-constant fron{ . const 2. 3) is bound to Lisp variabl&2, and a BC-block adder
block from( . add) is bound to Lisp variabladd. These sublists followingef pat ch and
patchnamex behave just like local variable definitionsliret = Lisp form. Next the variable
in x1 and the constant ir2 are wired to the two inputs of the adder, and finally the ougfut
the adder is wired to a output object, a signal probe nadhoed " as created by forrg. pr obe
"out ") . As the result of evaluating the entire forpx will be the Lisp (global) variable that
keeps the patch object created.

If re-evaluating such a form, the previopg-named patch will be replaced by a new one.
In the following,px is a generic name to refer to a patch to be manipulated.
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A.1.2 Patch structure

Lisp provides two functions for inspecting the software stomcts within it:

e (descri be px) printsthe contents/properties ok

e (i nspect px) opens an interactive inspector window in some Lisp enviremis),
which is very convenient. In many simple Lisp environmemiswever, there is more
limited support foii nspect .

Internal structure of a patch

Patches (instances of clgsst ch) are containers of complete computational models for isysi
based modeling or signal processing. Patches are CLOS (@Garhisp Object System) objects
with slots (instance variables) for storing the internatstand methods applicable for manipu-
lating the objects. A short description of the internal ebgructure (main instance variables
and access methods) of a patch is:

e bl ock-itens, accessed bybl ock-itens px), is a list of top-level blocks in-
cluded in patchpx. Macro-blocks in this list have further internal structurieblock-
items, etc.

e | i n-schedul e, accessed byl i n-schedul e px), is a linearized list of basic
blocks included in the hierarchical structureof, scheduled into a computable order.

e vari abl es, accessed byvari abl es px), is a list of variables used inside patch
px for computation in C-code or Matlab m-files. These variablesmost typically block
outputs, but may be as well other variables inside blocks.uBmg these variables for
inspection or runtime control, see Subsecfion’A.1.4.

e st at e, accessed byst at e px), describes the state of a patch in termd\bL =
not compiled, loaded, or running;conpi | ed = patch is compiled but not loaded or
running;: | oaded = patch is compiled and loaded but not running; amdinni ng =
patch is compiled, loaded and running.

e nane, accessed bgane px, holds the symbol name of the patch. By default the neme
is generated by the system to be a unique indicator, but fecisp purposes it can be
specified by form, e.g. nanme * my- bl ock) , in the local variable list of def pat ch
definition.

e Srat e, accessed bysr at e px), keeps the main sample rate used for the patch. The
sample rate can be specifieddef pat ch-experssion, e.g., byysrat e 48000. 0)
in the local variable part of patch definition. The platforhoald be able to support the
given sample rate in order to run the patch. The default valise at e is 44100.

e runti nme, accessed byrunti ne px), keeps a (platform-dependent) object that de-
scribe various things needed for runtime exceution supddris is available after patch
px has been compiled and loaded.

For further details, see the definition of patch class in theee code.
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Internal structure of a block

Block objects are constituents of patches, each one negl&zelementary or a composite defi-
nition of computation, i.e., a basic block or a macro bloatm® of the most important instance
variables common to each block (generic notation beldwxisire:

e i nput s, accessed byi nput s bx), are signal rate synchronous inputs to bldck
Each input must be connected to one and only one output ofi@anblock. A single input
can be accessed by index number of fgrmm bx i ndex) or by inputname(i n bx
name) , if the inputs are named.

e Out put s, accessed bfyout put s bx) , are signal outputs from blodk<. Each output
can be used to any number of inputs or params of a block or itbedgft open. A single
output can be accessed in a way similar to accessing an input.

e par ans, accessed bypar ans bx), are asynchronous parametric inputs that are in-
tended for feeding values that are not necessarily updé&aedch signal sample. Each
param input must be connected to one and only one output @ha@nblock. A single
param input can be accessed in a way similar to accessingpan in

e ports, accessed byports bx), are ports used to connect two-way physical wave-
ports in blocks that support physical interaction. A singbet input can be accessed in a
way similar to accessing inputs and outputs.

e host - pat ch, accessed byhost - pat ch bx), is a reference to a macro-block or
patch, in whichbx is included in thebl ock- i t ens list. The top-levebat ch points
to NIL, i.e., it does not have lhost - pat ch.

e nane, accessed bynanme bx), is non-NIL if and only if the block is given a name
when it is created.

For other features, see the definitions of the related bladses in the source code.

A.1.3 Compilation and runtime operations of patches

When a patch has been created as described above, it can lpilatd in many ways. The
most important functions/methods for this are:

e (c-code px) generates and prints to Lisp Listener C-code that corredgptuna single
sample step of patch computation. Normally this happendernsatch compilation that
writes the code into a file and compiles it, but callmgcode explicitly can be a useful
debugging tool in BC programming.

e (conpil e-patch px) generates C-code for the patch and compiles it using a C-
compiler. This can be done only in BC-versions that havetmme-support.

e (| oad- pat ch px) both compiles and loads a run-time executable of patchini-
tializing it ready for excecution. This can be done only in-B&sions that have run-time
support.

e (step-patch px [steps] [report]) steps the patch computation by calling
the runtime executable that must be loaded already. bieeps andr eport are op-
tional: (st ep- pat ch px) just steps once. If optional argumestteps is given as a
positive integer, the patch will be stepped that many tinieboth st eps is given and
report ist, the number of steps is executed and the execution timeastegp(see also
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functionst ep- pat ch- n). Functionst ep- pat ch can be used only in BC-versions
that have run-time support.

e (step-patch-n px [steps] [report]) issimilartost ep- pat ch exceptthat
all step loops are executed within the executable, thusdawprepeted calls from Lisp
for each step. Therefore the timing report better indictttesuntime behavior. Notice
that Lisp break function does not stop this loop, so you castap it before the loop is
done. Functiorst ep- pat ch- n can be used only in BC-versions that have run-time
support.

e (run-patch px) starts realtime execution of patgx. This requires BC runtime
support, of course. Timing of patch steps is according tatitdo driver, so this requires
runtime support. The patch can be inspected and contraillégsp while it is running.
Running of a patch doesn’t require any AD- or DA-converterchkk in the patch, but of
course practical audio patches in most cases use them. abpa¢ches can be running
simultaneously, in which case the DA-outputs will be sumraed AD-inputs shared by
the patches.

e (stop-patch px) stops realtime execution of patpk. Execution can be continued
form the stopping state by callifg un- pat ch px) again.

e (renove- pat ch px) removes patcpx from the list of valid patches on global vari-
able*pat ches*. Normally the user doesn’'t have to take care of removinghesc
and the patch list will be empty when starting BC again. Ugidgf pat ch px ...
automatically replaces an existing patch with the same n&®@ekeeps a list of defined
patches in variablepat chesx* .

A.1.4 Controlling of a running patch

A patch that has been been created (evaluated) is initthiaehat its state, i.e., block outputs
and variables, have their initial values in Lisp code. Exiparthe patch (sde’A.2) will export the
initial state as well. When the block is compiled and loaddtk variables are allocated in the
runtime environment. These runtime variables can be aedess/time from Lisp environment
as far as the variables are declared accessable. For soakectdsses this is default behavior,
for others only by declaration. If reading or writing a runé variable is declared, reading or
wiring is allowed also when the patch is running, thus allayvio control patch parameters at
runtime. Blocks that allow this by default arevar for reading and writing andpr obe for
reading. Accegbcan be done by forms

e Reading: (at bx) for scalars,(at bx i ndex) for vectors, and at bx i ndl
i nd2) for matrices, wherbx is a proper block.

e Writing: (setf (at bx) val ue) forscalars(setf (at bx index) val ue)
for vectors, and setf (at bx indl ind2) val ue) for matrices, wherbx is a
proper block andal ue is the value to be written.

Access to other runtime data objects is by default not edale make such access possible,
block outputs or internal variables of blocks can be madémenreadable or writable using

! Notice that these accesses to vectors or arrays take pkoeriwise, which means that the integrity of such
a unit between runtime and Lisp environments is not quaeahtdo assure the integrity, buffering of such data
structures must be be done in the runtime environment fer slatchronization, see ?.
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formssuchag¢setf (creader (out bx)) t) forreadabilityand setf (cwiter
(out bx)) t) forwritability for the output of blockx. This must be done before the block
is compiled. In this case the output can be read by a form ssiChta (out bx) ), or simply
by (at bx).
A special type of parametric control is triggering of an av@f© BE DOCUMENTED !!!
Add example!

A.2 Export of BC patches

To be documented

- Exporting to Matlab by using o- mat | ab, mat | ab-response nmat | ab-resul t,
see examples.

- Exporting topd (not ready)

- Exporting to ???

A.3 Block classes, functions, and data structures

BlockCompiler is an object-oriented software environmevitere computational blocks are
objects (instances) of block classes. In simple use of B@iskee does not necessarily deal with
block classes, rather he/she deals with block creationtiumeand their parameters, as well as
basic Lisp language constructs. In more advanced progragithe use and definition of block
classes is important.

Although the user of BlockCompiler doesn’t have to know tletads of BC implemen-
tation, it is conceptually important to understand theedtdhce between objects in the model
building environment ("Lisp environment”) and runtime @mnment ("C-environment” or ex-
port environment). The Lisp environment allows for all gbtes constructs of that language,
while the runtime environment objects are much more regtidi in form and usage. To help
keeping these two environments conceptually separateetaghr, naming starting with dot,
such as add, refers to the objects for the runtime environments, aneroglymbols are for
model building, not realized directly in the runtime patshe

Often a block creation function has the same name as the blask name, such as function
expressiorf . add) that creates an adder of typadd, but the names are not necessarily equal.
In the following the rules of using different parameter tye block creation are introduced.

A.3.1 Parameters of block creation functions

In the example above the adder was created simply by callirapdd) . In a general case,
the block creation function in the expression is followeddayameter values to specify details
for the block. In Lisp syntax there are three basic types cdipaters for functionsiequired
optional andkeywordparameters:

e Required parameters are obligatory, and typically they follow immediately aftine
function symbol. It is an error not to give a value for such angpeter. In the syntax
definitions below the required parameters are symbols withrackets around them.

e Optional parameters can be given but are not necessary. Typically they followrthe
quired parameters. There is normally a default value or\aeh#or the case an optional
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parameter value is not given. Below the optional parameterspecified by symbols in
brackets.

e Keyword parameters are typically optional but may also be required. They aregias
pairs of a keyword and its value, e.¢.,add : out-type ‘.| ong) makes an adder
(with two inputs) and output data type of ong. Keyword symbols start with colon (©).
In BC function forms the keyword parameters are used extelysbecause they can be
given in arbitrary order, while required and optional onksewdd be given in the order
they are specified in the function definition. In block creatfunctions the keyword
parameters are divided into two groups: generic and spé@fizvord parameters. The
set of generic ones is simply denoted[b§keys] because they are common for wider
sets of block classes. The specific keywords are more ctessfie and need explanation
separately for each block type.

A.3.2 Generic keywords

The following keyword parameters are common to many bloeks®#s and are therefore de-
scribed here:

e :inputs
is used to specify the number of inputs for blocks that mayehawariable number of
inputﬂ such as add.

e :Nname
can be used to give a name (symbol or string) to a block. Thise$ul when there is need
to inspect the internal block structure of a patch or to deéoc a block inside a patch
using function form( f i nd- bl ock pat ch bl ock- nane).

e OUt-type
is used to specify the output data type of most block classiethis is not given the
global default given in variabledef aul t - dat a-t ype* is used, or a class-specific
data type is us@d Data-types that are supported presently in most cases aheort ,
.long,. fl oat, and. doubl e.

e :Mmrate
is used in multirate (up- or down-sampled) computation. Vdlae needs to be an integer
greater than one for oversampled computation. This meatswith keyword option
:nrate n,e.qg.:nrate 10, the operation of the block is carried autimes for each
sample step of the patch where the block belongs to. For dmmmpled computation
the value of the keyword is rational numbke, e.g.: nrate 1/ 10. Then the block
operation is computed only for every 10th sample period etibst block.

e :mphase
For polyphase multirate computation the initial phase (benbetween 0 and oversam-
pling rate) is often needed and can be given by the keywamhase.

2In advanced programming the input objects can also be gieriat instead of the number of inputs.
3The data types of possible variables inside the block coatjout may follow the out-type, it may be specific
to the block, or there may be separate keywords to controltyzes.
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A.3.3 Runtime data types and objects in BlockCompiler

A BlockCompiler patch consist of blocks and their intercecations. The following sections
will document the block types available and how they are @secbnstituents of patches. This
subsection will describe data typing conventions and prestused in BC.

Data types

The outputs, inputs, and param inputs, as well as possitamial variables of blocks are typed
and sized. The following types are supported presently istrilocks:
e .short ~short inC
e .long~longinC
.float ~float inC
e . doubl e ~doubleinC

The default type used in variables is controlled globallywhyiablex def aul t -t ype* and it
is set todoubl e ....

Logic values,

Complex ?

Data sizes

Scalar, vector, matrix

Data blocks

- Variable (.var data [name])

- Constant (.const data [name])

- Probe (.probe name)

- ref to: .ad .da, .trig, .trig-data ??7?
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A.4 Math functions and operations

A.4.1 Multi-input arithmetic blocks

Arithmetic operations, such asaadd, . sub, . nul , and. di v, are blocks that can have any
number of inputs, no param inputs, and one output. Their fieaitures are described in Table
A1 In the simplest case, for example the farmadd) creates an adder block with two inputs
and one output.

Table A.1: Multi-input arithmetic operation blockg:= output,z = input.

Block name and syntax Function Description

.add [inputs] [&keys]) Y= Zfi’olxi sum up input values

.div [inputs] [&eys]) y=uxo/[]Y, =i divide input values

.max [inputs] [&keys]) y=max),' z; max of input values

1=

N—

(
(
(
(.mean [inputs] [&keys]) y=(1/N) ZN’Ol x; average of input values
(.min [inputs] [&keys]) y=min), z; min of input values
(.mul [inputs] [&keys]) y=[IY, = multiply input values
(.pw [inputs] [&keys]) y =y “ series of powers

(

.sub [inputs] [&keys]) Yy =x9— Z].\Sl:ci subtract input values

Inputs:

The number of inputs or the input objects can be controllethbyparameters immediately
following the block name function or by the keyword nput s (default 2 inputs). If the key-
word: i nput s is used, the inputs created are unconnected and need torhected afterwards
by the chaining function >, for example as:

(defpatch p ((add (.add))) ;;; equal to (.add :inputs 2)
(-> (.var 1.0) add (.probe "out"))
(-> (.var 2.0) (in add 1)))

A more direct way is to specify explicitly the input objects parameters to the block-
making function, for example by making an adder patch:

(defpatch p ((x (.var 2.0))
(add (.add 1.0 x t)))
(-> (.var 3.0) (in add 2) (.probe "out")))

where the first input in the forrG. add 1.0 x t) is aconstant 1.0, the second one will be
connected to the output of blosk and the third input is created but left unconnected undl th
chaining function form. The alternatives for input speeifion are (1) constant numeric value,
(2) a block, in which case the first output of it is used, (3)csfieoutput of a block, e.g. by
form (out bl ock i ndex), or(4) Lisp symbol to make an unconnected input.

Inputs to these blocks may be scalars, vectors, or matritlks.dimensionality of inputs
must match, i.e., being the same for all inputs. An excepftiom this rule is when one or
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more of the inputs are scalars, whereby they are automigtedgbanded to the dimensionality
of non-scalar inputs, which must match. An example ther®of i

(defpatch p ((inl (.var (1.0 2.0 3.0 4.0)))
(in2 (.var ‘(1.0 2.0 3.0 4.0)))
(in3 (.var 2.0)))
(-> (.add inl in2 in3)))

A.4.2 Single input blocks

Table[A2 lists the mathematical functions and operatioits @ single input. For example a
block to negate the value of input is created simply by thenfér neg) , in which case the
input is left open to be connected later in a patch definithmother way is to give input by

(.neg x).

Table A.2: Single-input math function blockg= output,z = input.

Block name and syntax Operation Description
(.abs [in] [&keys]) y = |z| absolute value
(.db [in] [&keys]) y =20 *log,,(|z|) dB value (note 1)
(.ceil [in] [&keys]) y = ceiling(x) ceiling of x (not yet)
(.cos [in] [&keys]) y = cos(x) cosine function
(.cosh [in] [&keys]) y = cosh(x) hyperbolic cosine
(.cot [in] [&keys]) y = cot(x) cotangent function
(.exp [in] [&keys]) y = exp(x) exponent function
(.floor [in] [&keys]) y = floor(z) floor of x (not yet)
(.inv [in] [&keys]) y=1/x reciprocal value
(.logx [in] [&keys]) y=(x>0)?log(z):0 log function (note 2)
(.10g10x [in] [&keys]) y = (z >0)?logyy(x) : 0 10910 function (note 2)
(.neg [in] [&keys]) y=-x negation of input
(.poly [in] [:c] [&eys]) y=> ¢a polynomial fot yet)
(.rect [in] [&keys]) y=(x>0)?7x:0 half-wave rectify
(.round [in] [&keys]) y = round(x) rounding of x fot yet)
(.sign [in] [&keys]) y = sign(x) +1 for pos, else -1
(.sin [in] [&keys]) y = sin(x) sine function
(.sqgr [in] [&keys]) y = 2° square of input
(.sqrt* [1n] [&keys]) y=(x>0)?x:0 square root (note 3)
(.tan [in] [&keys]) y = tan(x) tangent function
(.tanh [in] [&keys]) y = tanh(x) hyperbolic tangent
Notes:

1) Abs value in desibels. Limited so thatibs(z) < 1.0e~%° theny = —600 dB.
2) Negative inputs limited to zero. Avoid takiigg(0) which returns an error.
3) For negativer outputy = 0.
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A.4.3 Other math blocks

A set of one- and two-input mathematical functions is présgm the following table.

Table A.3: Other math blocks.

Block name and syntax Description

(.coeff c [&keys]) Multiply by constant ¢ (not function)
(.mmax [input] [&keys]) maximum of input elements 6t yet)
(.nmin [input] [&keys]) minimum of input elementapt yet)
(.mmul [inl] [in2] [&keys]) matrix multiply (nhot yet)

(.prod [input] [&keys]) product of elements in inpuh{t yet)
(.sum[input] [&keys]) sum of elements in input
(.transp [input] [&keys]) transpose a matrix/vectandgt yet)

A.4.4 Predicate blocks for data comparison

The following set of functions take a variable number of itgpuno param inputs, and vyield
a logic valued output (zero = false, non-zero = true) cowasding to the result of the testing
operation. Otherwise they are used like the multi-inpuhanetic functions.

Trig/flag behavior ???

Table A.4: Multi-input predicate blocks.

Block name and syntax Description

.eq [inputs] [&keys]) test: equal£)

.ge [inputs] [&keys]) test: greater or equak(
.gt [inputs] [&keys]) test: greater thanx)
.le [inputs] [&keys]) test: less or equak()
.t [inputs] [&keys]) test: less than«)

.neq [inputs] [&keys]) test: not equal£)

AN N NN N N

A.4.5 Logic blocks

The following blocks are available for logic operations.| éihers than not are multi-input
blocks, with no param inputs, and one output. Inputs may layenumeric values: zero is
interpreted as false and non-zero as true.

Trig/flag behavior ???

A.5 Symbolic operations

Block compiler supports kind of symbolic algebra for mangiing expressions for transfer
functions as well as for impedances and admittances. Thassngperations for computing with
polynomials and rational forms as z-transform expressittrsupports also matrix operations
with symbolic expressions. In addition to transfer funtroanipulation, symbolic operations
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Table A.5: Logic operation blocks.

Block name and syntax Description

(.and [inputs] [&keys]) operation: AND of inputs
(.or [inputs] [&keys]) operation: OR of inputs
(.nand [inputs] [&keys]) operation: NAND of inputs
(.nor [inputs] [&keys]) operation: NOR of inputs
(.not [input] [&keys]) operation: NOT of input
(.xor [inputs] [&keys]) operation: XOR (exclusive or)

are particularly useful in circuit synthesis of consol@thtvave port elements and multiports.
By convention, z-expression block names and operatiomswgithh underscore character, i.e.,
look like _zxx.

Table A.6: Symbolic expression operations.

Block name and syntax Description

(-add [formns]) add expressions

(_sub formlL fornR) subtract expressions
(_mul [forns]) multiply expressions
(div formlL fornR) divide expressions
(-neg form negate expression
(dnv form reciprocal of expression
(_zpoly [terns]) making of a z-polynomial
(_sinpz zform simplify z-expression

Operation-specific features:

¢ Polynomial make-function: _zpol y

A z-polynomial is created by forthzpoly ¢y, ¢; co ...),wheretermg; will be the
elements of the z-polynomiajz 4+ c;27 ' + ez 2 + ..., 0r shortlnyV:_O1 c;2~t. Termsc; can
be any numbers (including vectors) or blocks with numerigpati(or such block outputs). For
example( _zpoly 1.0 (.var 1.0 *A)) makes a polynomial of two term§, const
1.0) and(.var 1.0 ' A), which can be characterized by) + Az~!.

e Addition of expressions: _add

??? Z-expressions can be added by form(ikeadd H, H, Hs ...),wherethe num-
ber of parameters can be two or more. Mathematically adddfdwo forms can be character-
ized by H(z) = Hi(z) + H(z). Addition of polynomials results in a polynomial, while the
result will be a rational if any of the parameters is a ratlona

e Multiplication of expressions: _nul

??7? Z-expressions can be added by form(ikeul H, Hs Hjz ...),wherethe num-
ber of parameters can be two or more. Mathematically adddfdwo forms can be character-
ized by H(z) = Hi(z) - Hy(z). Multiplication of polynomials results in a polynomial, vida
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the result will be a rational if any of the parameters is eorai.

e Subtraction of expressions:_sub

??7? Two Z-expressions can be subtracted by form(likssub H;, H,). Mathematically
subtraction of two forms can be characterized yz) = H,(z) — H»(z). Subtraction of
polynomials results in a polynomial, while the result wid b rational if any of the parameters
is a rational.

e Division of expressions:_di v

??? Two Z-expressions can be divided by form kedi v H; H,). Mathematically
division of two forms can be characterized Hy(z) = H,(z)/H»(z). Division of polynomials
results in a rational, and the result will in general be aoral if any of the parameters is a
rational.

e Negation of expression_neg

??? A Z-expression can be negated byneg H;). Mathematically negation of a form
can be characterized by(z) = —H,(z). A polynomial results in a polynomial and a rational
results in a rational.

e Reciprocal of expression:._i nv

??? A Z-expression can be inverted to its reciproca( g nv H;) . Mathematically,
inversion of a form can be characterized Byz) = 1/H;(z). In most cases the result is a
rational.

e Simplification of Z-expression: _si npz

??? Z-expression are in most cases automatically simpirftedninimal form. It can be
done explicitly by( _zi nv H;). Simplification of a rational results in a polynomial if the
denominator is constant 1.

A.6 DSP blocks

Although BlockCompiler is developed particularly for plgsbased modeling and simulation,
a rich set of digital signal processing elements are needadatige. Therefore it includes a
growing set of blocks that can be characterized as DSP hleaks as signal generators, filters,
delays, etc. This section presents a reference to theskstdod their use in modeling.

A.6.1 Signal I/O blocks and data items

This set of blocks is related to inputting and outouttingnsig. Some of these are to con-
nect patches to external audio world and some are for cdinfydignal/param values during
execution.

A.6.2 Signal generation blocks
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Table A.7: Signal I/O blocks.

Block name and syntax Description

(.ad [:channel s] [ &keys]) AD converter block ???
(.const [:channel s] [&keys]) constant block ???
(.da [:channel s] [ &keys]) DA converter block ???
(.trig [:channel s] [ &eys]) trigger block ???
(.var [value] [nane] [ &keys]) variable block ???

Table A.8: Signal generation blocks.

Block name and syntax Description

(.inp [:gain] [:trig] [&keys]) triggerable inpulse ???
(.noise [:freq] [:gain] [&keys]) white noise generator ??7?
(.pink [:freq] [:gain] [&keys]) pink noise generator ??7?
(.ramp ??? [ &keys]) linear ramp generator ???
(.rtable ??? [ &keys]) readtable (wavetable) ??7?
(.sawtooth-osc [:freq] [:gain] [&keys]) sawtooth oscillator ??7?
(.sin-osc [:freq] [:gain] [&keys]) sine wave oscillator ???
(.sweep-lin [:f1] [f:2] [:tinme] [&keys]) linear sine sweep oscillator ???
(.sweep-log [:f1] [f:2] [:tinme] [&keys]) log sine sweep oscillator ??7?

A.6.3 Signal routing

These blocks are intended to control the signal flow: to cadrnetween different scalar, vector,

Etﬁ%’gag% 6}?@?@&[}%@9”5 staticly or to do some run-tiooéimg operations.

¢ Conditional execution (. cond)
XXX

e Gating of data flow (. gat e)
XXX

A.6.4 Digital filter blocks

The following blocks are singe-input single-output blobéisdigital filtering. The specific key-
words denoted by : xxx] are for parameter controls (see below), &dkeys] are generic
keywords common for all of them. The following table listgtavailable (and planned) filter
blocks, which is followed by more specific description of leétock class.

Specific keywords:

are class-dependent for specifying the param inputs of libekb. If a keyword value is
not given, the corresponding param input (with correspogdiame) is created. For example a
three-tap FIR filter with unit impulse input and probe at autpan be made by:
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Table A.9: Signal routing blocks.

Block name and syntax Description
(.cond [in] [:cond] [&keys]) execute block conditionally ???
(.gate [inputs] [:gate] [&keys]) gating & sync of signals
(.get [in] [:ind] [&keys]) get from register (sequentially) ??7?
(.latch [inputs] [&keys]) triggered gating & sync of signals ??7?
(.mx [inputs] [:gains] [&keys]) mix inputs by gains ???
(.mx2 [inl] [in2] [:pan] [&keys]) mix two channels by pan factor ???
(. pack [inputs] [&keys]) make vector from scalars
(. packm [inputs] [ &keys]) make matrix from vectors ??7?
(.pan [in] [:pan] [&keys]) pan a sig to two outputs ???
(.pick [in] [:ind] [&keys]) pick from vector to scalar/vector ???
(.pickm[in] [:ind] [&keys]) pick from matrix to matrix/vector ???
(.put [in] [:ind] [&keys]) put register input (sequentially) ??7?
(.select [in] [:ind] [&keys]) select 1 from a vector dynamically ???
(.select-1[in] [:ind] [&keys]) select 1 from a vector statically ???
(.shift-in [in] [:ind] [&keys]) shift register input (to vector) ???
(.shift-out [in] [:ind] [&keys]) shift register output (from vector) ?7??
(.unpack [in] [&keys]) make scalars from vector ???
(defpatch fp ((fir (.fir))) ;;; FIR block
(-> (.var '(1.0 2.0 1.0)) (paramfir)) ;;; coeffs -> param
(-> (.inmpl) fir (.probe "out"))) ;;; inpulse ->fir -> out

The same can be created simply by

(defpatch firpatch ()
(-> (.fir (.inmpl) :coeffs "(1.0 2.0 1.0)) (.probe "out")))

where the input (optional) and the filter coefficients (keysjoare given directly to the FIR
filter block.

Class-specific features of digital filters:

e Allpass filter, first order (. apl)

Filter block. ap1 implements an allpass filter of first order with transfer fime H (z) =
(a—271) /(1 —azt). Herea is the coefficient to control the group delay of the filter, ighhe
magnitude response is flat (O dB) at all frequencies.

Keyword: a is used to control the delay parameter: if not given, a pargmutiwith name
a is created; if given, the value (number, list, or block objézused to contrc.

Input, output, and a can be scalars, vectors, or matrices of equal dimensignalit

e Allpass cascade.(apl)
NOT IMPLEMENTED YET
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Table A.10: Digital filter blocks.

Block name and syntax

Description

.apl [in]
.apl-ser [in] [:a]
.bg [in] [:bs] [:as]

[:a] [&keys])
[ &keys])
[ &keys])

1st order allpass filter
1st order allpass cascade ???
biquad filter ??7?

(

(

(

(.bg-par [in] [:bs] [:as] [&keys]) biquads in parallel ???
(.bg-ser [in] [:bs] [:as] [&keys]) biquad cascade ???
(.bp2 [in] [:coeffs] [&keys]) 2nd order bandpass filter ???
(.bp2-par [in] [:coeffs] [&keys]) .bp2 filters in parallel ???
(.diff [in] [:coeff] [&keys]) differentiator

(.diffb [in] [:coeff] [&keys]) bilinear differentiator

(.fir [in] [:coeffs] [&keys]) FIR filter

(.iir [in] [:bs] [:as] [&keys]) [IR filter (Direct Form II)
(.integ [in] [:value] [:delayed] [&keys]) integrator

(.integb [in] [:value] [&keys]) bilinear integrator

(.Ipl [in] [:f] [:freq] [:gain] [&keys]) 1st order lowpass filter
(.1p2 [in] [:f] [:freq] [:q] [&keys]) 2nd order lowpass filter ??7?
(.sfir [in] :size [:coeffs] [:pos] [&keys]) sparse FIR filter

(.wiir [in] [:coeffs] [&keys]) warped FIR filter ???7?
(.wiir [in] [:bs] [:as] [&keys]) warped IIR filter 2?7?77

e Biquad filter (. bq)

Block class bi quad implements a general second order IIR filter. NOT DOCUMENTED
YET

e Biquad parallel filterbank (. bg- par)
NOT DOCUMENTED YET

e Biquad cascade (bg- ser)
NOT IMPLEMENTED YET

e Bandpass filter, second order (bp2)

Filter block. bp2 implements a second-order bandpass IIR filter. NOT IMPLEMEBD
YET

e Differentiator (. di ff)

Block . di f f implements (impulse-invariant) differentiation of tréesfunction H(z) =
fs (1—z71), wheref, is sample rate. The block approcimates continuous-timeat&e y(t) =
dz(t)/dt, wherey(t) is output andc(¢) is input.
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Keyword: coef f can be used for ‘partial’ differentiation, i.é4(z) = f; (1—cz~'), where
c is the controlled coefficient (if not given, default is 1.0).
Input and output (andcoef f ) can be scalars, vectors, or matrices of equal dimenstgnali

e Differentiator, bilinear (. di f f b)

Block. di f f * implements a bilinearly mapped differentiator with trardtinctionH (z) =
2f; (1 — 274 /(1 + 271). It has a pole at the Nyquist frequeney= —1, which may be prob-
lematic in some cases. Otherwiséi f f * corresponds to blockdi f f .

o FIRfilter (. fir)

Filter block. fi r implements non-recursive FIR (finite impulse responsedriiig (see
Section??) by computing the running convolution sum (output:)) of the input ((n)) and
the vector of filter coefficients representing the impulspomnse (7)) of the filter. The order
of the filter isN-1. Both input and output must be scalar-valued.

Filter coefficients can be given using the keywordoef f s as a list, e.g.(.fir :coeffs
(1.0 2.0 1.0)),orasavector (output) of another block, e(gf,ir :coeffs (.var ' (1.0

2.0 1.0))). If the keyword: coef f s is not used, a param input (named coeffs) is created,
which has to be connected to a block specifying the filter fcwehts. The coefficients can
be changed at any time (assuming they are not given as a nomstdor), so the filter can be
time-varying. The input of the FIR filter can be given as thstfipptional) parameter, such as
(.fir (.inpl)). Ifnotgiven, as in the examples before, an input terminat@mnection

IS created.

e lIRfilter (.11ir)

Block class. i i r implements recursive (inifinite impulse response) filtgrit is imple-
mented as a Direct Form Il filter (see Secti?s).

The following keywords are availabe for filter coefficienntgrol: : bsfor vector of numer-
ator coefficients (lengtkr 1) and: as for vector of denominator coefficients (length2)

IIR filters are used like the FIR filter, except the differenefficient keywords. The first
denominator coefficierds[ 0] doesn’t have to be 1.0.

e Integrator (. i nt eq)

Block . i nt eg implements (impulse invariant) discrete-time integratihat approximates
continuous-time integration of(t) )+ fo 7) dr. For example for constant input value
of 1.0 the integrator output ramps from 0.0to value 1.0 insk6ond.

Keywords available areval ue for setting the initial outputy(0), and: del ayed for
valuest or ni | for controlling if the output contains a delay or not. For then-delayed
case (default) the transfer functionfigz) = (1/f,)/(1 — z=1) and for the delayed case it is
H(z) = (1/f) z71/(1 — z71), wheref, is the sample rate of computation.

Input and output can be scalars, vectors, or matrices ofl @guansionality.

e Integrator, bilinear (. i nt egb)
Block. i nt eg* implements bilinearly mapped discrete-time integratiathwansfer func-
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tion H(z) = (1/2f,) (1+271)/(1— z~1). The difference to (non-delayed) ngeg is the zero
at the Nyquist frequency = —1. Block. i nt eg* is used like. i nt eg except that keyword
: del ayed is not available (no delay element between input and output)

e Lowpass filter, first order (. | p1)

Filter block. | p1 implements the first order lowpass IIR filter with transfendtion of
H(z) = g(1 —a)/(1 —az"'), whereg is the DC gain, controlled by keyworcgai n, anda is
the denominator coefficient af !, controlled by keyword a. The response is flat far = 0.0
and turns increasingly to lowpass filter for values towards> 1.0. The filter works also as
slight high-frequency boosting for negative values oT he filter is stable for-1.0 < a < 1.0.

If : a(and: f r eq, see below) is not given, a param input with naais created. The same
happens if the keyworda is giben valud .

Another choice of controlling the frequency response isge keyword f r eq instead of
:a. Then the lowpass cutoff frequency will lfe where f is the value fiven to the keyword.
This approximation of cutoff frequency is accurate only forx < f;/2, wheref; is the sample
rate. (For high values of the filter may become unstable.) A param input with ndmeq is
created when the keyword r eq is given valug and keyword a is not specified.

Param: gai n is a linear DC gain factor. Ifitigi | or not given, the DC gain of the filter
is 1.0. If it is given symbol valué, a param input with namgai n is created.

Input, output, and params can be scalars or vectors of equahdionality.

e Lowpass filter, second order (| p2)
Filter block. | p2 implements a second-order lowpass IIR filter. NOT IMPLEMBERND

e Sparse FIR filter (. sfir)

Block. sfi r implements a sparse-tap FIR filter. In addition to filter ficadnts it requires
same size of index vector to specify the positions of the neno-tap coefficients.

Keyword: coef f s is used to give the coefficients as in FIR filter; if it is not siigd, a
param input with nameoef f s is created. Keyword pos is used to give the tap positions; if
not given, a param input with nanp®s is created. Keywordsi ze is required to specify the
total length of the filter. Tap positions must be within thange.

Input and output have to be scalar (one-dimensiogalgf f s andpos must be vectors of
same size.

A.6.5 Delay blocks

Delays are an inherent part of physics-based modeling arfel d$hysics-based modeling,
fractional delays (see Sectidt?), often time varying with delay control, are needed. The

SURKYNG REL RIS LIS AMBIRIG BE RSO CKR ICH BRI - can have vector- and

matrix-valued inputs and outputs, other delays are singinel (scalar-valued) delays.

Specific features:
XXXX



226

Appendix A: BC3 Block Library User’s Reference

Table A.11: Delay blocks.

Block name and syntax Description

(.d [:value] [&keys]) unit delay

(.d- [:value] [&keys]) unit delay with sign negation
(.delay [+keys] [ &keys]) controllable delay ???

(.dn [length] [&keys]) integer length delay ???
(.tap-delay taplist [&keys]) multitap controllable delay ?7??

A.6.6 Miscellaneous DSP blocks

XXX
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A.7 WDF elements

Wave digital elements have been described in Chdpter 4. ey a large part of physical
modeling blocks in BlockCompiler, particulary when lumpsdment models are to be created.
The WDF blocks and constructs available in BlockCompilerlated in this reference section.

A.7.1 Lumped linear WDF one-port elements with I-port

The following table lists the basic one-port lumped elemmersed in WDF models. There are
different versions for each physical domain, although teetac ones (R, . C, . L, etc. can be
used for other domais by keyworadlormai n, e.g.,(. R 1. 0 : domai n ’ mechani c.

Value can be numeric value, explicit constant suck.aR (. const 1.0)), a variable
suchag . R (.var 1.0)), oranyblock with proper output.

Table A.12: Lumped linear one-port WDF elements with I-port

Block name and syntax Description

(.R [val] [&keys]) electrical resistance

(.Rm[val] [&keys]) damper, mechanical resistance
(.Ra [val] [é&keys]) acoustical resistance

(.G [val] [&keys]) electrical conductance

(.Gm[val] [&keys]) mechanical conductance

(.G [val] [é&keys]) acoustical conductance

(.C [val] [&keys]) electrical capacitance

(.Cm[val] [&keys]) compliance, mechanical capacitance
(.Ca [val] [ &keys]) acoustical capacitance

(.L [val] [&keys]) electrical inductance
(
(
(
(
(
(
(
(

.Lm[val] [&keys]) mass, mechanical inductance
.Lm[val] [&keys]) acoustical inductance

.E [val] [rs] [&keys]) electrical voltage source
.Fm[val] [rs] [&keys]) mechanical force source

.Pa [val] [rs] [&keys]) acoustical pressure source

.J [val] [rs] [&keys]) electrical current source
.Vm[val] [rs] [&keys]) mechanical velocity source

.Va [val] [rs] [&keys]) acoustical volume velocity source
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A.7.2 Lumped linear WDF one-port elements with T- port

These WDF elements are can be used only as rool elements oftex*

Table A.13: Lumped linear WDF one-port elements with T- port

Electrical | Mechanical| Acoustical| Description

. Rx . R . Rax resistance
. Cx . Cmx . Cax capacitance
. L= . Lmx L inductance

A.7.3 RLC-combination one-ports

The following one-port elements are consolidated impldaaigns of basic combinations of
resistors, capacitors, and inductors. They are not opéichiy efficiency; depending on case,
they might be faster or slower than circuits composed bgr and. par adaptor construc-
tions. Parameters may be given by keyword® : L, and: C, or left unspecified, whereby
corresponding param inputs will be created for the block.

e (.RCser [:R] [:(),resistor and capacitor in series.
e (.RCpar [:R] [:() resistor and capacitor in parallel.
e (.RLser [:R] [:L]) resistor and inductor in series.

e (.RLpar [:R] [:L]) resistor and inductor in parallel.
e (.LCser [:L] [:Q) inductor and capacitor in series.
e (.LCpar [:L] [:CQ]) inductor and capacitor in parallel.

e (.LCRser [:L] [:CQ [:R]) Notyetthere
e (.LCRpar [:L] [:C [:R]) Notyetthere

A.7.4 Symbolic z-expression elements

In symbolic manipulation of z-expressions to make arbytr@me-port consolidated elements
the following basic element can be utilised. Value parameda be numeric value,.aconst
object, a. var object, or any block with proper output value. These are N@¥spral port
elements but forms that can be symbolically manipulatedoarerted to wave-port elements
by . Z, see the next subsection.

Table A.14: Z-expression generation for basic circuit edata for symbolic manipulation.

Block name and syntax Description
(R val ue) bilinearly mapped resistance
(_C val ue) bilinearly mapped capacitance

(_L val ue) bilinearly mapped inductance
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A.7.5 Consolidated one-port blocks

This is an important set of elements for creating complex Wiii€lels. They are particularly
useful when an impedance or admittance is given in z-tramséxpression, not as an analog
circuit model. These blocks are NOT physical

Table A.15: Consolidated one-port blocks.

Block name and syntax
. Z z-expression)

Description
one-port from z-expression

(

(.22 [:al] [:a2] [:bO] [:Db1] [:b2]) 2nd order impedance block
(.Y2 [:al] [:a2] [:bO] [:Db1] [:b2]) 2nd order admittance block
(.Z2ser [:al] [:a2] [:bO] [:b1] [:b2]) series 2nd order impedances
(.Y2par [:al] [:a2] [:bO] [:Db1] [:b2]) parallel 2nd order admittances
(.Zpoly [coeffs]) impedance in polynomial form
(.Ypoly [coeffs]) admittance in polynomial form
(.Zratio [coeffs]) impedance in rational form
(.Yratio [:bs] [:as]) admittance in rational form
(.ZFQ nmodes [:Z] [:F] [:Q) Modal impedances in series
(.YFQ nmodes [:Y] [:F] [:Q) Modal admittances in parallel

Using consolidated one-ports:

e . Z, making a one-port consolidated element from a z-expregsied Ab, page 218, and
??, page??). This is a powerful feature since the impedance and itspeatiéc control can
be derived symbolically and then converted to one-port efenHowever, computational
cost, especially parameter updating, becomes easily skgen

e . Z2, second-order rational expression for wave-port impeelanc
(.Z2 [:al] [:a2] [:DbO] [:b1l] [:b2]),wherethe keyword parameters cor-
respond to z-transform expression
-1 -2
Z(Z) _ bo + blz + sz
1+ alz*1 + &2272

e . Y2, second-order rational expression for wave-port adngtan
(.Y2 [:al] [:a2] [:DbO] [:Db1l] [:b2]), where the keyword parameters are
used as for block Z2.

e . Z2ser , second-order rational expression for impedances inserie
(.Z2ser [:al] [:a2] [:b0O] [:b1l] [:b2]). Each keyword is given as a
vector (of the same dimensial), where each element corresponds to a parameter in

one of the series-connected impedances:
N-1

boi 4+ bzt +boz?
2(2) =)

—~ 1+az" +agz7?

e . Y2par , second-order rational expression for admittances inlpéra
(.Y2par [:al] [:a2] [:b0O] [:bl] [:b2]).Keywordsare usedas forblock
. Z2ser.
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. Zpol y, impedance given in polynomial form:
(.Zpoly [coeffs]) or(.Zpoly [:coeffs]),byvectorcoef f s consisting of
coefficients);, corresponding to

Z(z) = Z bz

. Ypol y, admittance given in polynomial form:
(.Ypoly [coeffs]) or(.Ypoly [:coeffs]),inaway similarto Zpoly.

. Zr at i o, impedance given in rational expression:
(.Zratio [:bs] [:as]),with numerator§;, orderN) and denominatora(, order
M) coefficients, corresponding to

Yy bz
Z(z) =S —
Zi:O a;z~"

. Yr at i o, admittance given in rational expression:
(.Yratio [:bs] [:as])),inawaysimilarta Zrati o.

. ZFQ nodes, ???(. ZFQ-nodes [:Z] [:F] [:Q) (modal impedance synthe-
sis)

. YFQ nodes, ???(. YFQ nodes [:Y] [:F] [:Q) (modal admittance synthe-
Sis)

A.7.6 Two-port elements

Two-port elements are used to connect together subciftuitg@rious transformation between
them. All two-port elements in the following list are suchevl the first port is of type I-port
and second port is a T-port, i.e., a reflection-free port.

e (. xformer N) creates an ideal transformer with turns-rdticsee Sectiof??.

o (.xformitem N) xxxx

e (.gyrator ?) xxxx

e (.gyrate item xxx

. dual i zer is a two-port that converts between dual-models, i.e., adapee and ad-
mittance ports. Forng. dual i zer) creates a dualizer object where port O is an I-port
and port 1 is a T-port, so that port resistance is propagat#teidirection from port O to
port 1.

e (.dual item xxx

e .xducer/ .xduce ????

A.7.7 Probe elements

.across
.through
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.\voltage
.current

.force
.velocity
.displacement
.acceleration
.pressure
flow

.power
.energy ?
GENERAL.:
(port block index)
connect ??7??
NONLINEAR:
.diode

A.8 Connectivity for circuits and networks

.ser

par

par2

.root
.ser-adapt (?)
.ser3-adapt
.par-adapt (?)
.par3-adapt
.par2-adapt

A.9 Circuit synthesis

X

A.10 DWG elements

??7?

A.11 FDTD elements

??7?
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A.11.1 Misc elements

K/W-conversion
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.C,[221
.C*,[222
.Ca[ZZ1
.Cm,[221
E,[221
Fm,221
.G,[2Z21
.Ga[2Z1
.Gm,221
J[221

L,

L*,
.La,221
.Lm,2Z21

Pa 221
R,[2Z21

.R*, 222
.Ra[Z2Z1
.Rm,[221
\Va,[221
vm,[2Z21
Y2,223
.Y2par[Z2ZB
.YFQ-moded 223
.Ypoly,[223
.Yratio,[223
Z2,[223
.Z2ser[22B
.ZFQ-moded, 223
.Zpoly,[223
Zratio,[2Z23B
.abs[211
.ad[2Th
.apl[Z1r
.apl-sed 217
bp2 [21¥
.bp2-par 2117
bq, 21T
.bg-par[ 217

.bg-ser[ 2117
.ceil,[Z11
.coeff [ 212
.const[Z1b
.cos[ZTI
.cosh[ZI1
.cot,[21T1
.d,[220
.d-,220
.da[2Th
.db,[ZT1
.delay[Z2D
diff, 214
diffb, 211
.dn,[220
.exp[ZI1
fir, 211
floor,[211
.gate[Z1b
.get[216

if, 218

dir, P14
imp,2ZI5
.integ [ZT¥
.integh[ZTV
.inv,211
Jatch [216
Jlog*, 211
Apl,[217
Ap2,217
.mix, [Z16
.mix2,[Z16
.mmax[21P
.mmin,[Z12
.mmul,[Z12
.neg[2T1
.noise[Z1b
.pack[ZIb
.packm[21b

233
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pan[ZTB
.pick, 216
.pickm [2T6
.pink,2ZT%
.poly,ZT1
.probe[16B
.prod [2TP
put,ZI6
ramp[Z1b
rect[ZT1
.round [ 2T1L
rtable[Z1b
.sawtooth—os¢, 215
.select[ 216
.select-1[Z116
sfir,[Z1T
.shift-in,[2Z16
shift-out[ZI6
.sign[2T1
.sin,[Z11
.sin-osc[ 215
sqr 2Tl
sqrt*, 211
.sum[ZTP
.sweep-lin[(ZI5
.sweep-log 215
tan[ZT0

fanh 211
tap-delay 220
transp[Z1R2
trig, 215
.unpack[Z16
var,[2I5

wiir, 211

wiir, 217
_C,222

L,
R,222
T-port,[96[T10b
1-D,[13
2-D,[13
3-D,[13

A/D-conversion[_6b
across variablé¢ 12

active[Th
adapted porf_106

adaptive systemEg, 171
admittance 12,26
aliasing [TH[ 64, 131
aliasing distortion, 131
all-pole filter,[€9

allpass filter 217
Ampere[Zb
amplitude[3¥[ 55

amplitude envelop&,_B5
analog signal, 35

analog signal processirlg,]114] 55
analog-to-digital conversioh, 56
analogy[1P

anechoic chambdr, 14
angular frequency, B4, b5
antiformant[ 5D
AR-modeling[Gh
articulation[4D
autocorrelatior,_84
autocorrelation methoff, 59
autoregressive modelinig,]69

BopckCompilerdI59

base band, 14

bass-reflex loudspeakgr]43
BC,[159

binary tree[[T12

biguad filter[21B

black box[5B

Blackman window/ 62
block,[161

block inputs[205

block outputs[ 205

block paramd, 205

block ports[20b
block-based, 16

block-item [204
block-structurel 205
boundary element methdd,117
breathy phonatior,49

c-code[20b
capacitancd, 27,181
capacitor 27

cardioid microphon€, 46
causal[5p

causality[ 1B
cepstrum_86
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chaotic[1b dynamic systeni, 13

circuit,[30 _

circuit analogy[ 5L eigenmode], 36

circulator 3OCTIS electret microphon&, 46

closed box loudspeakér,]43
complex numbef 39
complex-valued functiorm, 59
complexity[ 16

condenser microphorie,]46
conductancd, 26
constriction[BD
continuous-time signdl, 55
convolution[58

convolution integral 39
convolution sum, 39

creaky voice[ 49
cross-correlatiorl, 64
current[Zb

D/A-conversion[ 66
dashpot“34
defpatch[Z181

delay[22D

delay-free lood 13
deterministic[_16
DFT,I5,60

differential capacitanc&_T112
differential equationg, 22
differentiator[Z1B

digital filtering,[63

digital signal[5h

digital signal processin@ JLE, 195,166

digital signal processdr, 66
digital-to-analog conversioh, 66
diode [10%

discrete Fourier transforriy, 115,160
discrete-time modelin@, 14
discrete-time signal. b5
displacemenf,_33

distortion[5¥

distributed mode[ 13
distributed nonlinearity, T30
domain[1P

DSP[1#4[5H, 66

dual variabled 12

dualizer[3D[ 119,224

dynamic microphoné, 46

electromagnetic transducEr] 40
electrostatic headphonés] 44
electrostatic transducé€r,]45
eletrodynamic transductiop, 119
energetic behavior, 15
energy[1b

energy conservatiof, 15
envelope[ 62

equivalent mode[[ 12

Euler relation[ 59

excitation[3b

fast Fourier transforni,_60
FFT,I5[6D

finite element metho@, 17
FIR filter,[68 218

flow variable[TP

force [33

formant[50D

Fourier analysig, 60
Fourier synthesi, 60
Fourier transforn 1%, 60
frequencyl 34 835
frequency domair, 57,59
frequency warpind, 100, 1B1
fundamental frequendly, 9

glottis,[49

group delay[ G2
gyrator[29

Hamming window{_62
hanning window_62
hard nonlinearity,_130
headphone§, 44
Helmholtz resonator,_39
hop size[[GB

ideal transformef_ 29, 224
IR filter, 68,218

image source method, 117
immittance[Zb
impedancd 172,26
impulse responsg, b7
incident wave[ 113



236

INDEX

inductance_28
inductor[2Z8
instantaneous phage] 35
integral transform¢, 23
integrator[ 210
interconnectior, 111
intermodulation[_15
inverse filter[-ZD

K-variables[IB

Kaiser window[ 6P
Kelly-Lochbaum junctior, 82
keyword syntaX_163
keywords[168

Kirchhoff, 13

Klrchhoff current law[-3D
Kirchhoff laws,[30

Klrchhoff voltage law[331L
KL-junction,[82

Laplace transforni, 15,60
larynx,[49

learning system§, 71
linear[5Y

linear combinatior[, 37
linear prediction[_69
linear predictive codind, 69
linearity,[13

Log-PCM [GY
longitudinal [36

loop,[30

loss[3b

losslesd, 130

lowpass filter 2119

LP analysis[_ 69

LP spectrum 40

LTI, 15,57

lumped elemenf 26
lumped model 13

magnitude spectrur, b1
make-function[_181
mass[3B

Matlab,[159

medium[3b
microphonel 45
microphone array, 46
mobility, 12

mode[3b

modeling paradigni, 17
modularity[T6
mucosal 49

mutual inductancé, 28

nasal cavity 219
nasal tract_49
neutral vowel[ 5P
node[3D

noise[38[ 55
non-LTI modeling[[1219

nonadapted capacitan€e, 222

nonadapted inductande, 222
nonadapted resistanée, 222
nonlinear[5l1_59

nonlinear capacitance, 141
nonlinear distortior, 37
nonlinearity[ 12D

norator[3D

normal model-36
nullator,[30

Nyquist frequency, 14, 66
Nyquist theorent, 86

object-oriented,_16
one-port elemenk, 26
oral cavity[49
overcomplexityl 16
oversampling 131132

parallel connectior,_31
parallel junction[-7B
parameter inpuf_162
parameter iteratiof, 1B1
parameter propagatidn, 130
parametric contro[[ 130
partial [GD

passive[ 130

passive elemenf, 26
patch[161[ 203

patch compilatior, 205
patch creatiorf, 203
patch loading 205
patch running, 206
patch steppind, 205
patch structurd, 204
PCM coding[[&F
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pd,[159 sound[Bb

perfect reconstructiof, 114 sound pressurg, b1

pharynx[4D source[3b

phase delay, 62
phase spectrurh, b1
phase unwrapping, 62
phonation[-49
physical domair[ 12
physics[2]L

port,[16 25
position[3B

potential variable, 12
power[15[ 26
pressure microphong. 146
probe[16B

pure tone 55
PureDatd 139

quantization[ g7
quantization noisé¢, 67

QUARL, 118

radiation impedancé, b1
ray tracing 1l
reciprocity[ T4
rectangular window{, 62
reflectance,_96
reflected wave, 13
reflection coefficien{_82
reflection-free por{_106
residual signal_40
resistance, 26
resistor[ 26 A7
resonancd,_35
resonatof_35

sampling rate[ 14
sampling theorenf, 14,56
scattering[_79

series connectiofl, B1
short-time Fourier analysig, 63
signal [I#[5b

signal input[IeR

signal processin@, 1%, b5
signal-to-noise ratid, 67
sinusoidal oscillatior, 34
smooth nonlinearity, 130
soft palate[ .50

spatial samplind, 14
spatiall aliasing, 14
spectral envelop&, ¥0
spectrogran,_63
spectrum_g1
spectrum analysig, b1
spring constanf,_34
stability,[I5

stable[1b

static systen{, 13
stochastid 116
Sturm-Liouville transform 115
superpositior, 14
synthesis filtel 40

terminal [I6[Z2b

through variabld, 12
time domain[&l7

time invariant[5l7

time variable[5b

time variant[ 5P
time-frequency representatidn] 63
time-invariant[Ib
time-variant model$, 129
trainable systemE, ¥1
transducef 4@, 118
transfer function .37
transformer_28
transmission lind, 31
transversal_36

tree structurd,_111

turns ratio[ZP
two-port,[51

unit delay[GY

unit element 1116
unvoiced speech, b0
uvula,[B0D

vocal cords[_49
vocal folds[4P
vocal fry,[49
vocal tract[4P
voice [5H

voiced sound,_80
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\olt,
voltage[Zb
\olterra filters [Z1L
volume velocity[ 5l

W-variables[_IB
Watt,[26

Wave digital filters[ 93
wave digital filters[ZII3
wave variableg, 13
wavelet[ 6

wavelet analysig, 63
WDF,[03

WDF elementd,_221
Wigner distribution[ 83
window function[6P
windowing [62

z-transform[gl7
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