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INTRODUZIONE

Mario Baroni

Dipartimento Musica e Spettacolo
Universita degli Studi di Bologna

Per la prima volta nella sua storia ormai pill che ventennale il Colloguio di Informatica
Musicale organizzato dall’ AIMI approda quest’anno a Bologna. La circostanza non & casuale e
pud richiedere un breve commento, se non altro per ricordare che la cittd non & mai stata un
centro di produzione di musica informatica. Questo pud stupire in un contesto cosi ricco d’ini-
ziative musicali com’e quello del capoluogo emiliano dove fra ’altro esiste presso I’Universita
un corso di laurea come il DAMS che € un po’ un unicum in tutto il territorio nazionale e dove
esiste presso il Conservatorio un corso di musica elettronica che & nato fra i primi in Italia. Direi
perd che I"assenza del CIM da Bologna non deriva da una mancanza di interessi o di vocazioni,
ma piuttosto da un diverso accento che qui si & preferito porre sulla funzione dell’informatica
come strumento di ricerca e di sperimentazione in campo musicale.

L’informatica musicale ha infatti molte anime, e fra queste ¢'& anche un’anima per cosi
dire “teorica” che si affianca e fa da bordone alla produzione di musica o di tecnologia. Intendo
alludere soprattutto alle teorie musicali che, in un’epoca di importanti trasformazioni com’e
quella in cui viviamo, stanno cercando nuove organizzazioni concettuali in grado di spiegare le
forme inedite assunte da tante musiche d’oggi. 1"analisi del linguaggio musicale, *analisi del
suono, I’analisi dei meccanismi psicologici di produzione e di ascolto, I’analisi dei comporta-
menti musicali, costituiscono il cuore di questa nuova concetfualizzazione e corrispondono ad
altrettanti settori d’interesse che stanno alla base del nuovo sapere (o teoria) musicale. E la
tecnologia informatica € ormai diventata indispensabile corredo per 1'acquisizione di queste
COnoscenze.

Appunto a questo particolare versante dell’informatica musicale, che & certamente pit
discreto e pil sotterraneo dell’altro al quale siamo abituati, ma che forse non & meno importante,
¢ idealmente dedicato il CIM di quest’anno. Un po’ perché le realta istituzionali e le persone
stesse che sono attive a Bologna hanno una particolare tradizione d’interessi e di realizzazioni in
questo settore, un po’ perché & sembrato ormai opportuno metterne in rilievo la presenza e anche
in un certo senso Ja maturita. Studi sull’analisi della musica elettroacustica, infatti, o in genere
delle musiche senza partitura, cosi come studi sull’esecuzione musicale e sulle componenti
emotive dei messaggi sonori, sulle modellizzazioni dei procedimenti dell’ascolto € della com-
posizione, anche della composizione tradizionale, sulla percezione e sugli aspetti cognitivi del-
I'elaborazione del suono, studi di questa natura sono stati coltivati negli ultimi anni non solo a
Bologna, ma a Padova, a Milano, a Firenze, a Genova, a Roma, per non parlare ovviamente dei
centri attivi all’estero: a tutti questi il CIM bolognese intende dare un segno non solo di ospita-
lita, ma di incoraggiamento: intende mettere in rilievo I’importanza della loro presenza.

E’ ovvio che tutto cid non pud sacrificare e non sacrifica il programma di quest’anno che,
come sempre, ha il suo fulcro nell’hardware e nel software necessari per produrre musica al
calcolatore e nelle novita che il CIM, nel suo ruolo di “fiera” biennale di prodotti tecnologici,
offre ai musicisti che sono interessati al problema. Vorrei anzi sottolineare a questo proposito
come la partecipazione sia stata ancora una volta straordinariamente viva ed entusiasica. Anche
un semplice sguardo ai temi delle sedute pud dare un’idea della ricchezza e varietd d’interessi
che percorrono oggi la disciplina.

Fra i vari temi proposti non si pub fare a meno di notarne uno abbastanza inconsueto nel
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nostrl colloqul quello del rapporto fra l’mfonnatlca ela produz:one radxofomca Il 1995 & anche
anno marconiano e soprattutto a Bologna le celebreazxom dei centenario si sono fatte sentire. La.
tavola rotonda inclusa nei nostro programma non solo vaol pr0porre un tema di riflessione
tuttaltro che secondario per 1'informatica musicale e per la stessa storia della tecnoiogla ma’
vuole anche tener desta I’ attenzxone sul fatto che 1 mformanca musicale & terra di confine, &
disciplina che sta fra le scwnze naturali‘e: le scienze umane; € in questo senso pud benissimo
inglobare discorsi sulla sua propria storia e considerarli parte integrante del proprio programma
scientifico. Insomma, il proposito di quest’anno & quello di un’apertura della tecnologia infor-
rnatzca ai temi mlISICOIOgICI nella convinzione che questo orientamento sia ricco di futuro.

- I programima di quest’anno & nato anche da una collaborazione vivace e attiva frail Cons
servatorio ¢ 'Universita. Anche questa coliaborazione non & casuale, ma ¢ frutto: di specifico:
lavoro: nel marzo del: 1994:si & tenuto a Bologna, a cura della SIEM; un convegno nazionale:
sulle relazioni fra il Conservatorio & ' Universita; convegno dedicato a problemi politici e istitu-
zionali di: ampio respiro, ma anche al tentativo di configurare in sede locale qualche forma di.
collaborazione che potesSe servire da esperieriza per rapporti futuri e forse anche da modello per:
altre realth territoriali. L'XI CIM & anche frutto-di quel convegno, ed & comunque. una: prima;
esperienza di collaborazione nel nostro settore in‘attesa che fra le due istituzioni possano sorgcre: :
ultenorl occasioni di scambio e forse di piil stretta € organica integrazione tecnologica. - '

- Ma il CIM si apre anche sotto il segno di un evento improvviso e tragico. Aldo Piccialli,
che era uno dei fondatori dell’ AIMI e che rion era stato assente in nessuno dei precedenti appun-
tamenti, non sard pitt insieme a noi. Ci mancheranno certo il suo lucido apporto scientificoe la
rete viva dei contatti che egli aveva saputo tenere in questi anni con i centri di produzione di
tutto il mondo, dai pitt pre51g1031 istituti europei al Massachussets Institute of Technology dov'egli

era di casa. :

- Macimancheranno am:he ia sua mdlmentlcabxle sunpatla, 1a sua Iurmnosa parlata chalettale,
la sua saggezza antica; i suoi:scatti di umore; ci-manchera soprattutto il suo. sorriso nel quale
sembravano incarnarsi le dolcezze; le astuzie e le sofferenze di tutta la storia della citta di Napo—-
li. Alla sua memoria abbiamo voluto dedicare la manifestazione di quest’anno.
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PRESENTAZIONE

Lelio Camilieri

Presidente
AIMI - Associazione di Informatica Musicale Italiana ]

Nel presentare questo XI Colloquio di Informatica Musicale permettemi inannzitutto di
provare un po' di imbarazzo dato che oltre a presiedere I’ AIMI faccio anche parte del comitato
organizzatore: & quindi inevitabile che mi senta particolarmente coinvolto in questa iniziativa.

Questa edizione nasce da una collaborazione fra Conservatorio e Universita che nella citta
di Bologna cercano di collaborare il pilt possibile, soprattutto in quei settori, come I’ applicazio-
ne della tecnologia in musica, dove la co-operazione & di estrema importanza. L'XI Colloquio di
Informatica Musicale & una dimostrazione di come Istituzioni con differenti obiettivi, la forma-
zione del musicista I’una e la formazione del musicologo 1’altra, possano collaborare per curare
aspetti diversi che perd trovano ambedue posto nel convegno: la ricerca compositiva e quella
scientifico-musicale.

L’'XI edizione del Colloquio presenta un’attenzione pii marcata per alcune tematiche di
carattere specificamente musicale, e non poteva essere diversamente viste le Istituzioni che lo
organizzano. Due sessioni 10 sono in special modo, e sono Ia sessione speciale sull’analisi della
musica elettroacustica e quella sui rapporti fra il medium radio e la musica elettroacustica.

Per quanto riguarda I"analisi della musica elettroacustica, essa & una tematica emergente
(e sempre piti consolidata) che oltre a interessare coloro i quali studiano questo repertorio, ha
applicazioni sia didattiche, come materia di studio nei corsi di musica elettronica dei Conserva-
tori, che metodologiche per gli altri settori analitici. Una sessione di questo tipo trova la sua
naturale collocazione in questa edizione dato che Bologna &, per molti versi, la “*capitale” ana-
litica italiana.

Anche il tema radio e musica elettroacustica ha una relazione importante con gli avveni-
menti odierni. La realizzazione di un ciclo di radio-film prodotti dalla RAI, infatti, ha dato
nuova vita ad una rapporto, quello fra musica elettroacustica e radio, che si & dimostrato molto
fecondo negli anni passati. Questa sessione vuole quindi presentare, attraverso interventi quali-
ficati, una profonda riflessione fra avvenimenti del passato e del presente.

Mi sono soffermato su queste sessioni solo perché rappresentano un po' la particolarita di
questa edizione del colloguio. Ovviamente, anche le altre presentano aspetti di notevole interes-
se, con un massiccio contributo di interventi di ricercatori di altri paesi. Anche questo aspetto,
come rilevavo nella presentazione del Colloquio precedente, va sottolineato. Il Colloquio di
Informatica Musicale, fondato come convegno della comunity italiana & ormai un convegno
europeo, o meglio internazionale. La vitalita deila ricerca italiana nell’informatica musicale ha
creato un importante momento di confronto in cui si riconoscono molte realta di altri paesi.

Cio si riflette anche nella parte piti propriamente musicale del Colloquio, nei concerti. E
importante sottolineare come, rispetto al Colloquio precedente, il numero delle composizioni
selezionate sia quasi raddoppiato, merito dell’alto numero e della qualita dei contributi musicali
ricevuti. '

Vorrei concludere questa breve presentazione con dei ringraziamenti che, tengo a preci-
sarlo, non sono assolutamente di circostanza. Vorrei innanzitutto ringraziare gli autori, sia dei
contributi scientifici che di quelli musicali, il Dipartimento di Musica e Spettacolo dell’ Univer-
sita di Bologna, nella persona di Mario Baroni, per moiti aspetti dell’organizzazione e il diretto-
re del Conservatorio di Musica G.B. Martini, maestro Carmine Carrisi, per il suo sostegno al-
I'iniziativa.
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NetNeg: A Hybrid System Architecture for Comprosing
Polyphonic Music :

Claudia V. Goldman, Dan Gang, Jeffrey S. Rosenschein

Institute of Computer Science, Hebrew University
Givat Ram, Jerusalem, Israel

Abstract

There are musical activities in which we are faced with symbolic and sub-symbolic processes. This research focuses
on the question whether integrating a neural network together with a distributed artificial inteiligence approach has
any advantages in the music domain.

In this work, we present a new approach for composing and analyzing poliphonic music. As a case study, we began
experimenting with first species two-part counterpoint melodies. Qur system design is inspired by the cognitive
process of a human musician. We have developed a hybrid system composed of a connectionist module and an agent-
based module to combine the symbolic and sub-symbolic levels to achieve this task. The network produces aesthetic
melodies based on the training examples it was given. The agents choose which are the next notes in the two-part

melodies by negotiating over the possible combinations of notes suggested by the network.

1 Introductio_n

Whenever we are involved in any musical activity we
are faced with symbolic and sub-symbolic processes.
While listening, our aesthetic judgment is not
necessarily achieved by following explicit rules.
Applying a learning mechanism has been shown to be
a convenient (and appropriate) way to overcome the
explicit forrnulation of rules. Nevertheless, some of
these aesthetic processes might have a-symbolic
representation and might be specified by a rule-based
sysiem. - ) '

In many musical styles, the composer needs to create
different sequences of notes that will be played
simultaneously. Each sequence shouid follow some
aesthetic criterion, and in- addition the sequences
should sound appropriate when combined, This
overall compasition is the result of many interactions
among its components. The musician achieves his
overall result by compromising between the
perfection of a single compenent and the combination
of sequences as a whole. Thus, in this activity there is
a constant tradeoff between the quality of 2 single
sequence versus the quality of the combined group of
sequences,

In this work, we are interested in aesthetic melodies
produced by Neural Networks, while at the same time
investigating how Distributed Artificial Intelligence
(DAI) methods can be applied to solve the
aforementioned tradeoff. The case study we have
chosen to experiment with is the polyphonic vocal
style of the sixteenth century; more specifically, we
start with an investigation of two-part counterpoint

X1 Colloguic di Informatica Musicale - Bologna 1995

first species. We are currently implementing a neural
network that learns how to produce each part of these
melodies. We then regard the different components of
the melodies as agents (in the DAI sense). These
agents negotiate with one another to maximize the
global utility of the whole system, which for our
purposes should be interpreted as the global quality of
the composition.

The main purpose of this work is to build a hybrd
system architecture for composing polyphonic music,
Composing such music is a human activity requiring
intelligence, and thus an appropriate problem for Al
research. This system is also useful as an application
for composition and analysis.

We have decided to begin experimenting with two-part
counterpoint melodies for two reasons. First, this is
one way that humans acquire the skills to begin
writing polyphonic music. Second, this is a relatively
simple problem, and thus it is easier to train the
network and verify its results. In spite of that, our
current system can serve as a basis for further
investigation of more complex musical problems,

2 The System Architecture

The focus of this work is on developing a system that
is able to produce new two-part counterpoint
melodies. We combine the symbolic and sub-
symbolic levels to achieve this task, The overall
design of our system reflects the cognitive process
that a musician undergoes in producing such
compositions.

2.1 The Human Musician's Approach




Usuaiiy one part of the melody (cantus firmus) is

given, and an upper or lower part is added to'it. Both.
parts consist of whole notes. Issues that have to be
considered regard the beauty of the melody iselfand iy
the beauty of the combination of both parts. The-
second part should have the same aesthetic
characteristics as the cantus firmus..” In order to

achieve this, the musician is involved in a cognitive

process similar to a negotiation process. He: has to:.. .
compromise between the melodies notes.by choosing:: -

from among the permitted notes those that are
preferable.

22 The Computatlonal Approach

" In our system, we create both counterpomt parts
.dynamtcaﬂy Our program, NetNeg, is composed of "

two main sub-systems. One sub-system is

_1mplemented by a “modified version of !ordan s
sequentaai neural network[IordanSé] The second one T

: ----15 atwo- agent model based on: DAI

2.2.1 The Connecnomst .S'ubsystem

Each part of the melody is produced independently by

a neural network. Todd [Todd89] has already
suggested a sequential neural network that can leam a
sequence of melody notes. Currently, our neural
network is based on the same idea. . .

The state units in the input layer and the units in the
output aner represent the pitch and the contour, The
state units represent the context of the melody, which
is composed of the notes produced so far. The output
unit activations vector represents the distribution of

the predictions for the next note in the melody for the

given current context The role of the plan units is to
label different sequences of notes. In the generalization
phase, we can interpolate and extrapolate the values of
the plan units so as to yield new melodies. . '
The actual inpitt to the network is given in the plan
units. At each step, the net is fad ‘with the variable
values in the state units together with the original
plan units values. These values will ‘cause the next
elément in the sequence to appear in the output layer
and it will be propagated as feedback into the state
units. The current values of the state units are
composed of the previous “values multiplied by a
decay parameter and the current output values

222 The DAI Based Subsystem

We consider each part (i.e., voice) of the melody as an
agent:. Each agents goal is to compose ‘his melody by
choosing the right notes. On the one hand, he has to
act according to the aesthetic critéria that exist for his
voice; at the same time, he has to compose the voice
in'a manner compatible with the other voice-agent
such that’both-together will' result ll’l a two part_
counterpoint.-

At every time unit in our s1mulauons each agent
receives from the network a vector of activations’ for

all the notes among which he can choose. Were the

_:---agent'aloﬁe in the system; he would have chosen the
* note that got ‘the hlghest activation from the neural

network, meaning that this note is the one most

- expected to be next in the melody. But, in order to:

compose species, both agents will have to negotiate

. '[Rosenschein and: Zlotkin94]over all the other

posszble eombmattons to obtain a globally superior

- result.:

- oI pnncxple each agent can suggest any of the n
possible notes received from the network. Not all of

. these combinations are legal according to the rules of

*the species. Moreover, there are specific combinations

that are preferred over others for the current context.

*'Thi# idea is expressed in this-module by computing a
- “utility function for each pair- of notes. In this sense.

the goal of the agenty is to agree on the pair of notes

* thatis legal’ and has also achieved the mmuma] uuhty
g 'vajue arnong all other optlons.

Implementatlon

'3.'1' "'I"h'e 'Conlte'ctionist Modu'le.

We have implemented the Connectionist module in
Planet [Miyata91). We built a three-layer sequential
net, that learns series of notes. Each series is a one
part melody (i.e., cantus firmus). Each sequence of
notes is labeled by a'vector of plan units. The net is a
version of a. feedforward backpropagation net with
feedback loops from the output layer to the state

onits. In the generahzatlon phase, the net will be able

to produce new. cantus. firmi by extrapolanng and

_mterpolatmg the values of the plan ugmits. . .o

The state units and the output layer can represent the

notes in different ways In this 1mp1ementauon we

choose to represent the notes as a vector of 19 units.
The first eight units encode the pitch. The next nine
units represent the intervals between the notes. The
last two units describe whether the movement of the
melody is ascendent or descendent. The intervals and
the- movement: units describe. the contour. of the
melody. These. units together with the' pitch units
compiement each other and result in a 51gn1ﬁcant
representation. ... ..

In the current state of our work we have focused on
two aspects On the one hand, since we have, trained
the net with one part melodies, the range of the notes
is very. limited. Therefore, we needed to formulate
rules in order to locate the second part relative. to the
first one. On the other hand, we are mterested in two
part rneloches in Whlch the interval between any pair
of tones might. be up to a. tenth. In order to extract
more informiation out of the output units, activations,
we want to combine the pitch: activations. with the
interval activations. We have mapped the activations
of the. output umts into:,.a  vector: of thxrteen
activations correspondmg to the notes in more than an
octave and a half. This mapping is based on the last



tone of the new melody built so far. If the activation
of the ascendent movement unit is higher than the
activation of the descendent movement unit, then we
change each component in the 13-length vector as
follows: first, we copy each pitch activation to the
correspondent pitch component in the 13-length
vector. Then, we find the interval between the
previous chosen nete and the note we are npdating.
Finally, we add the activation of this interval unit to
the correspondent pitch component in the 13-length
vector. Similarly when the descendent movement
activation is higher than the ascendent movement
activation,

Each agent receives the 13-length vector, and
influences the context with their agreement. Then, the
network will predict another output vector given this
new context and the initial values of the plan units.
This process continues sequentially until the melodies
are cornpleted.

It will be interesting in the future to investigate a
modified model, where the agent-based component of
the system influences the training phase. Thus, we
could take into consideration other canstraints that the
agents could suggest, based on their rules, to enrich
the learning abilities of the network.

3.2 The Agent-based Module
We have implemented the agent module using the
Mice testbed[Montgomery et al.92]. Both agents are
involved in a dynamic process in order to create their
comrespondent melodies. At each time unit, each agent
gets a vectar of 13 activation values corresponding ta
the activations of the tones in more than an ociave
and a half. This vectar is the result of a mapping
applied to the output vector of the network as has
been explained in Section 3.1. Then the agents start a
negotiation process at the end of which a new note is
added to each of the current melodies. Each agent
sends to the other all of its notes, one at a time, and
saves the pair consisting of his note and the other
agents note thatis legal according to the first species
style rules and that has yielded the maximal utility so
far. At the end of this process the pair that has
achieved the maximal utility is chosen. Both agents
feed the network with this result as the current context
so that the network can predict the next output. Each
agent, then, receives a new input based on this output
and the negotiation step is repeated until the melody
is completed.
We define the system uiility function to express the
rules given by Jeppesen in [Jeppesen92}. A pair of
notes is considered legal according to the foliowing
rules:

1 The intervals between pairs of notes in the two

part melodies should not be dissonant.
2 There should be perfect consonance in the first
and last place of the melody.

3 Unison is only permitted in the first or last place
of the melody.

4 Hidden and parallel fifths and octaves are not
permitted. -

5 The difference between the previous and the
current interval (when it is a fifth or an octave)
shouid be two.

6 The interval between both tones cannat be
greater than a tenth.

7 At most four thirds or sixths are allowed.

8 If both parts skip in the same direction, none of
them will skip more than a fourth.

9 In each part, the new tone is different from the
previous cne. )

10 We prefer not to have more than two perfect
consonants in the two part contra-punct, not
including the first and last notes.

The utility function is heuristic. Its values will be
determined accerding to whether the pairs of notes are
legal or illegal, and whether they are more preferred or
less preferred. For example, the value of the function
will increase when there is contrary motion. Thus, the
system can produce contrary motion although the
network might have suggested movement in the same
direction.

4  Experiments

4.1 Running the Net

In the training phase, the network learned to reproduce
four melodies that were taken from{Jeppesen92].

We have tested the performance of the network with
different number of hidden units. The result we
present regards to a net with 15 units in the hidden
layer.

In the generalization phase, given a specific vector of
plan units, the network will predict a vector of
activations in the cutput layer. This vector can be
interpreted as the distribution of expectations for the
next note in the melody taking into consideration the
contour of it. We have tested the net with different
plan units vectors to create many new melodies
(cantus firmus).

4.2 Running NetNeg

We have chosen two different plan vectors for the net
that will output the notes for each agent. We run the
net, each time with the correspondent plan vectors,
and mapped their outputs to two different thirteen
activation values. Then, we run the dai-based module
with these inputs. The agents negotiate over the
different pairs of possible combinations, computing
for each the systern utility. Finally, the agents will
agree upon a legal pair of notes that has yielded the
maximal utility or might decide that no combination
is legal, given the previous note in the melody. In our
current case, the nets are fed with the agents




agreement. and the system continues. to. run. This
process is executed urntil the two- part melodies are

._completed Currcntly the length: of the mclodles is .

fixed. - _ “’
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Fxgure j A new two—pa.rt meIody

A mclody that resulted” from an- experiment we
performed with two different plan vectors ((0 80038
0)and (0 1 0 1)) is given in Figure 1.

From Figure 1, we'can observe that the sys:em gives

aesthetic results, quite appropriate for the species style

we have experimented with. Both melodies are
consistent: with . the intervals: constraints.
Nevertheless, theré is a'contour problem ds pointed in
..(1).and.(2).in. Als.melody. in Figure 1. According to
Jeppesen [Jeppesen92] it is preferred to descend by a
step and then perform a descending skip. After a
descending skip,. we are expected to have a
compensating ascending movement. In (3}, we prefer
to approach the last note by a step. A2's melody is
perfect with regard to the contour. There is a single
climax as shown in (4).

5 Sommary

We have presented a novel computahonal approach for
composing. two-part counterpoint melodies. Our
system design has been mspxred by the cognitive
- process. of a human musician, and the hybrid system
is inténded to broadly reflect that process.

We start by building a system composed of a
_connectionist module and an agent-based module. The
agents decide upon the notes in both melodies. The
neural network prechcts the expectation for every note
to be the next one in.the melody. The agents then
negotiate over the possible combinations. of notes
until they. reach an agreement on notes that, added to
the melody, will most greatly benefit the system. .

Qur system is still under development. The current
state of the system consists of a sequential neural
network that is able to produce Dorian melodies. The
agents can read their input based on the networks
output and produce their result, that comprises the
input data for the network. We are developmg more
natural ways to combine both modules. In their
negunauon the agents follow the rules taken from
Ieppesen[fcppesen%] The system unhty function,
cons1dcrs the activations of the current notes, whether

this pair is legal or not and it prefers contrary motion.

We presented prehmmary results of the system,
namely. the two- -part countcrpomt mElOdISS pmduccd
by the program. .
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Algorithmic Composition as Gene Expression Based upon
Fundamentals of Human Perception

Jeremy L Leach

School of Mathematical Sciences, University of Bath
Bath, BA2 7AY, England

Abstract

In this paper we present a theory relating the function of visual perception to the organisation of
structure in music. We explain this structure and give examples where present in existing works.
By separating the concepts of style and quality we are able to represent the information
contained in a piece of music as a set of uncorrelated data. Using the above theory we present a
generative algorithm which expands the data into a musical instance in an analogous way to the

process by which genetic information is transformed into physical siructure.

1 Introduction

This century has seen many attempts to analyse
and formalise aspects of musical structure (Bent
& Drabkin 1987). In some cases this work has led
to systems capable of automatically assigning
structural analyses to pieces of music (Jackendoff
& Lerdhal 1983). More ambitiously though, others
have attempted to produce formal systems which
can automatically generate music (Todd 1991).
Most of the latter have had only limited success.
The reason for this, I would suggest, is that they
appeal to no fundamental understanding of the
function of music. Although by no means a trivial
task, I believe that the development of such an
understanding - even if incomplete - is of the
utmost importance. Without this, we cannot even
define objectively what the goal of algorithmic
composition should be, In this paper, therefore, 1
atternpt to explain the function of music which, 1
believe, is related to the way the brain has evolved
in order to process sensory information.

It has often been said that music mimics the way
natural processes change with respect to time
(Pietgen & Saupe 1988, Leach & Fitch 1993),
However, even if this is true, it must still be asked
why music brings us so much pleasure. We know
that the human brain has evolved to process
sensory information derived from the kind of
changes which occur in nature. By making
relationships between events using generic
versions of them to predict the future we give
ourselves a survival advantage. This has been
commented on by other authors {(Baddeley 1993). 1
would suggest that the reinforcement of these
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relationships could be linked to the sensation of
pleasure. If this is so then it might explain why
most widely acclaimed music is so rich in
melodic, rhythmic and thematic relations. Thus, in
order to create good music we must ask ourselves
how these relationships can be formed and what
the perceivable auditory phenomena are, such that
relationships can be formed between them.

2 Visual Perception

In order to make associations between entities, it is
necessary to perceive each entity as being distinct
in some way from the others. Now, in the physical

Perceived !HIE “IEI !I!IE !"H E“"
Boundanes

Figure 1: Boundaries and discontinuities perceived
in groups of regions.

world, matter is more often than not grouped
together in some form. Our visual perception has
evolved to make use of this, and in general,
objects are identified by detecting boundaries or
discontinunities around otherwise homogeneous
regions in the visual field. This fact was
demonstrated by Hubel & Wiesel (1962) who
discovered neurons in the cat's brain which are




activated _at - boundaries . or.

. daries. or. discontinuities, -
Furthermore; it is-also known that boundaries can'

L succeeds the ﬁrst Some examples 1llustrate the

be perceived at a higher “hierarchical” level.and . " gihe

serve to separate groups of discrete reglons (see

figure 1).

This type of separation was observed by the"z-"i S

Gestalt theorists. Both of the above types of
perception can be seen to-be evident in music. For
example, the musical
precisely because it refers to an auditory stimulus,
more often than not with a reasonably constant
amplitude, and almost invariably with a constant
pitch. Its boundaries with respect to amplitude are
the attack and decay. If, however, there is little

change in amplitude between notes ‘then 'a’ rapld__"f'
‘change in frequency serves as a transition. Jt is.
indeed this fact that allows us to represent music’ E ! _
as a discreté sequence of symbols (i.e. the musical ~ = S e

score). This is significant when youi consider that -~ * Figure 2(b}Y: C.P.E.Back; Sinfonie in D Major,

performed music is in actuality a continuous
phenomenon with respect to time, and there is no
physical reason why it should fall so readily into
groups. .

Once again, but this time on- a higher level; we
find that auditory perception mimics the visual. In
a study into pitch groupings (Deutsch 1982) it was
found that memory for ' pitches of notes was
strongest if they accurred “close™ to the begx‘nning
or end of a melodic sequence. -

So far though, we have not discussed the kind of
relationships that can be formed between regions;
once identified as being distinct. Clearly, the
trivial relationship of “being different” is possible
when regions share nothing in common apart from
the fact that they aqre regions. However, the more
similar a number of regions are to each other, the
more our attention is ‘drawn to the differences
between them. This is because each region
percelved is: compareci against. -already-formed
memory models.  Small  differences between
regions are ascribed to any contextual differences
which are present. This. is useful,- since in the
natural world, this allows a thinking organism on
Tuture occasmns to predlct such’ dlfferences given
the context of the 1 region in quesnon (agaln further
discussion in Baddeley 1993). - :

Forming relationships of this kmd are 1mportant
since * differences “which' ‘depend” upon pamcular
contexts  account for a large *part of the
organisation in the natural world. The fact that the
brain is good at recognising: “similar” forms and

relating only the differences” to the ‘context saves_

us from re- leammg structures in their entirety.-

Most music exhibits relanonsths of this kind: 'I‘he :
context is of ‘course in this case often’ temporal :

The dlfference in ‘context” between two meladic’

sequences can be 51mply the fact that the second _'

term ‘“‘note” is. useful’s

Figure 2(a): Jaseph Haydn, Sonata In G Major

Hob. XVI:G, first movement, bars I-4 and §-11.

H.663, first movement, bars I-4, Second Violin.

In figure 2(a) we recognise the beginning of the
second sequence so we expect the ending to be the
same. However, it is different: and so this
difference is attributed to the temporal context of
“being the second sequence”. 2(b) gives another
example of the same phenomenon.

More rarely, a musical theme will feature a first
and second part which share identical ends, but
have' different beginnings. In“this case, although
we 'don't recognise’ the beginning of the second
part, we can ‘‘retrospectively” attribute it to a
difference in temporal context once the end of the
second part has been identified. This ability to be
retrospective ~* about ' © perceived temporal
information only serves further to demonstrate the
closeness between visual and auditory perception
(in the sense that’ temporal location can become
time mdependent through use’of memory much as
spat:a.l !ocatlon is naturally time mdependent)

3 Separatlon of Quahty and
Style

So far, we have demonstrated a number of thmgs

all of whlch suggest that ‘the way ‘we percelve
Vlsual stimuli is similar to the way “we perceive
stmctures in: audltory Stlml.lll ‘This - kind ~of
perceptlon allows us'to group regzons in the spatlali
or temporal domam and a551gn propert]es to them,

These groupmgs can  be hierarchical,  The
re!auonshlps that we’ form between reglons can
either be s1mple or be between components of"
these reg!ons 1nvolv1ng contextual differences.
Now, if we create an aigonthm whjch generates '
relatzorzships " between tempcral
confnnmng to. the theones “above, then we. are
saymg that thlS is an Ob_]ECLIVB def‘ nutxon of quallty e

regions -



in music; i.e. this kind of organisation in avditory
stimuli is what makes the stimult aesthetically
pleasing and allows it to be termed “music”.
However, for a composition to exist, it remains to
identify the actual relationship instances that we
wish to convey to the listener. Clearly though, if
the aesthetics are not affected by the actual
instances then they merely amount to a definition
of the style of the piece.

Since different audiences like different styles it
would seem reasonable to suggest that an
individual's preferred style(s) is dependant on his
or her socialisation.

As far as I am concerned therefore, these instances
can be chosen for a specific audience or, indeed,
chosen at random.

4 Formalisation of a Generative
Algorithm

My basic approach was to construct an algorithm
which could, by a process of subdivision, expand
an initial starting unit into a complete compaosition
with relationship instances explicitly defined by a
given data set.

The first problem was to decide how to represent
any intermediate stage between the starting region
or “unit” and the complete work. If we must
represent regions of stability with properties such
as pitch, timbre or amplitude, then it would make
sense to use such a region as a basic generic unit.
Since this would be the only data structure that we
use, it would mean that between every pair of
regions there must be an implicir transition.

The second problem was to decide whether a
parent region should be kept after it has been
subdivided into a number of children, which would
therefore, after the composition is complete, leave
a complete tree structure describing the
transformation from start region to finished
composition,

1 decided not to do this and opted for an
intermediate representation which would only
contain regional units with properties describing
the surface phenomena.

The rationale behind this was that higher level
groupings are perceived by a listener implicitly
through the surface level organisation. There is no
need to have “higher level” parent regions which
embody concepts which may or may not be
perceivable by means of the surface.

However, during construction of a piece, it may be
necessary to know how a region should behave
with respect to higher level temporal contexts.
This means that in addition to surface properties,
each region must keep a record of its ancestors.
These ancestors would no longer exist at that point
in the growth of the composition, but the record

can be referenced to see where the region used to
belong in the previously existing hierarchy.

I shall now describe how the transformation takes
place. If a region is to undergo a subdivision
process, it does so according to the appropriate
rule fromn a rule base. This rule base is the data set
and is therefore an encoding of the relationships to
be conveyed. These rules are of the form ‘a~>b’.
‘D’ takes the form of a number of symbols which
represent the regions into which ‘s’ must be
subdivided. Each symbol has a unique integer to
identify it and this integer is preceded by either a
“B” (which stands for boundary region) or a “R”
which represents a region between boundary
regions.

For any “B” region we may have a rule which
defines its subdivision thus: ‘Bx -> Ba Rb Bc’
which means that Bx will be transformed from a
boundary region into two smaller boundary
regions, Ba and Be, with a homogeneous Rb
region separating them.

For any “R” region we may have a rule which
defines its subdivision thus:

‘Rx -> Ra (Bb Ra)*n’ where for example, if
n is equal to 3 then Rxt will be transformed into
Ra Bb Ra Bb Ra Bb Ra.

This means that a region in between two boundary
regions may subdivide to express the fact that it is
itself composed of n+1 smaller identical regions
separated by n identical boundary regions.

In addition, rules exist that dictate which
properties should be conveyed by a region. These
are of the form ‘a := x1 x2°, where x1 denotes
the property, and x2 the value which the property
will hold.

Pitch relationships can be defined through a third
type of rule;, Bx + By := z'. Pitch
relationships can only be defined between
boundary regions since a homogeneous “R” region
consisting of many subregions may contain
multiple pitches and hence cannot convey a single
pitch,

Contextual relationships can only be created by
referencing a region’s ancestral record. We can
appeal to these symbols which define the region's
hierarchical context. We explain this by way of an
example.

Rule Base:-

Ba -> Bb Rec Bd
Bb -> Be Rf Bg
Bd -> Be Rf Bg

Be -> Bh Ri Bj

Bb Bg -> Bk Rl Em
Bd Bg ~> Bn Ro Bp

Transformation Sequence:-



. a: aa G S
bog.di: o oo G o Stage
aaaaaaa
bib.b.e.dd.d SR EEEEHE T
e.f.g ce.f.g oo 00 b Stage 2
a.:'a.-a--.-a.'a:t;a-'.a'.a.a'.a'.a.a.a.a.a-' e
b.b:b.bk.b.bib.e.d.did.d:d.d.d
e.ele.figyg.g. e.ee.fig.g.g
h:i.j  k.l.m: h.i.J: -n.o.p Srage3

In the transformation sequence each vertical

‘column - of alphabetic: symbols: at each. stage

represents a region: Each bold symbol represents
the surface for: a: region- and-the: other: symbois
above them represent the ancestral record. At stage
1,'rule 1 transforms ‘a’ into.‘b "¢ &' (note the
“B™'s and “R™s have been removed for brevity).
At stage.2 both ‘b’ and ‘@’ are transformed into:‘e
£ ¢ by rules 2 and 3. Lastly;, rules 5 and 6

- appeal to the context of once being ‘b’ or ‘&’ to

transform ‘g’ into either 'k 1 m or‘n © p’.
Thus the “rule base” we have devised is essentially
a hierarchically context sensitive grammar it the
sense that the production rules and relationships
depend not only on the region's current form, but
also on where the regron has come from.

5 Analogy | to - 'Genetic

Expression

On the simplest level, the system  invites
comparison to a biological systern from the way in
which a work “grows” from & fundamental “cell”
to-a’ complete - composition. - The - subdivision
process is reminiscent of cell subdivision in an
arganism and, thé complete rule base is accessible
by all regions during generation, muchas all cells
contain a full copy of the geneue code for thexr
biological system e

The analogy goes further though Smce we use a
“hierarchically” *context sensitive ‘grammar,
region's’ further development can depend’ heavﬂy
upen its ancestral history, and hence depend upon
its temporal position. The ancestral history is not
apparent just by examining the surface. This kind

of context sensitive development can be ‘seen
- during the development of an orgamsm where for_

example, some cells may develop ‘into’ one

structure such as a heart, and others into another .

structure such as a brain. A more subtle example is

the development of say, the hands in a human.'In
this case the left hand develops an opposite
symmetry to the right.” Clearly - though,  some

genetic code {5 shared by both hands since genetic -

o _-:.'=-':--StageO .

mutations: can result in the same defects appeanng
meachhand i dEgw )

6. Conclusmn

The algonthm mentroned above has becn
lmplemented and . is capable of - producmg works.
such as.that of ﬁgure 3.. At present, instances of
the rule base are deterrmned automatlcally by
iteratively choosing a. productlon rule at random
and splitting. it by msertmg extra rules as necessary
between its, left and right hand 51de _

Ultimately, the theories’ worth can only be Judged
works produced to date have been subjecuvely
judged by colleagues to be of reasonable quality
and certainly musical.

A more directed approach could allow the Iistener

‘to choose one rule base from a number of

mutations to be used in the next generation. This
would constitute an evolutive system and allow the
user to converge on desxred styles
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Figure 3: A smalf melody camposea‘ by the
algomhm T
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Abstract

This paper presents real-time musical applications using the IRCAM Signal Processing Workstation which
make use of FFT/TFFT-based resynthesis for timbral transformation in a musical context. The paper continues
on the author's work, introduced at the X Colloquio di Informatica Music, and features improved and new
algorithems, techniques and applications. The paper focuses extensively on real-time phase vocoding and
discusses new techniques for high quality time expansion (stretching) of sounds. Additionally, the authors
discuss filtering applications, which permit the separation of noised and non-noised signal components,
amplitude-independent de-noising, the use of dynamic range processing in cross-synthesis, and granular
synthesis in the frequeny domain. As with our previous work, emphasis is placed on providing musicians with
potentially greater influence on their sound transformations, based on their interpretation, and/or choice of
musical material. Many of the applications presented by the authors feature low-dimensional control of sound
generators and (highly responsive) signal processors, whose output can reflect, or exaggerate subtile changes in
the input signal.

The ability to work in the frequency domain in real time allows for kinds of empirical learning and
understanding, which have not been generally possible hitherto. The Ideas and musical applicaticns discussed in
this paper, offer composers an intuitive approach to timbral transformation in electro-acoustic music, and new
possibilities in the domain of live signal processing.

Key words
convolution, time stretching, cross-synthesis, FFT/IFFT, ISPW, Max, dynamic range processing, de-
noising, granular syntheis (frequency domain)

1. Introduction

The Fast Fourier Transform (FF1} is a
powerful general-purpose algorithm widely
used in signal analysis. FFTs are vuseful
when the spectral information of a signal is
needed, such as in pitch tracking or vocoding
algorithms. The FFT can be combined with
the Inverse Fast Fourier Transform (IFFT)
in order to resynthesize signals based on
analyses. This application of the FFT/IFFT
is of particular interest in electro-acoustic
music because it allows for a high degree of
control of a given signal's spectral
information (an important aspect of timbre)
allowing for flexible, and efficient
implementation of signal processing
algorithms.

This paper presents real-time mysical
applications using the IRCAM Signal
Processing Workstation (ISPW)
[Lindemann, Starkier, and Dechelle 1991}
which make use of FFT/IFFT-based
resynthesis for timbral transformation in a
compositional context. Taking a pragmatic
approach, the authors have developed a user
interface in the Max programming
environment [Puckette, 1988] for the
prototyping and development of signal
processing applications intended for use by
musicians. Development in the Max
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programming environment [Puckette, 1991]
tends to be simple and quite rapid: digital
signal processing (DSP) programming in
Max requires no compilation; control and
DSP objects run on the same processor, and
the DSP library provides a wide range of
unit generators, including the FFT and IFFT
modules. Techniques for filtering, cross-
synthesis, noise reduction, and dynamic
spectral shaping have been explored, as well
as control structures derived from real-time
signal analyses via pitch-tracking, envelope
following, noise gating, and signal
compression and expansion[Lippe &
Pucketts 1991]. These real-time inusical
applications offer composers an intiitive
approach to timbral transformation in
electro-acoustic music, and new possibilities
in the domain of live signal processing that
promise 1o be of general interest to
musicians.

2. The FFT in Real Time

Traditionally the FFI/IFFT has been
widely used outside of real-time for various
signal analysis/re-synthesis applications that
modify the durations and spectra of pre-
recorded sound [Haddad & Parsons 1991].
With the ability to use the FFT/IFFT in
real-time, live signal-processing in the




spectral domam becotnes poss:ble offenng L

attractive altematives to standard time- - .

domain signal processing techniques, Some._

of these alternatives offer a great déal of -

power, nm-time economy, - and ﬂembﬂxty,

as compared with standard time-domain
techniques [Gordon & Strawn 1987]. In’

addition, the FFT offers both a high degree '

of precision in the spectral domain, and
straightforward means for exploitation of
this information. Finalty, since real-time

use of the FFT has been prohibitive for = 7.

musicians in the past due to compuitational:: - .o
limitations of computer music systems, this -

research offers some relatively new .
poss1b11mes in t.he domam of rea] ume

2.1 Algonthms and baszc operattons

All of the signal processing applications. - * -

_ discussed in this paper’ modify incoming -
signals and are based on the same general -

DSP configuration. The DSP confi gurat:on o

includes the following basic steps: (1)

transformation of the input signals into the -~ .7

spectral domain using the FFT, (2) -+ w0

operations on the signals' spectra, (3) and.

resynthesis of the modified spectra using the
IFFT. Operations in the spectral domain
(FFT data in the form of rectangular
coordinates) include applying functions
{often stored in tables), convolution
{complex multiplication), addition, taking
the square root (used in obtaining an- B
amplitude spectrum); noise gating (of both
frequency and amplitude), and compression :

and expansion, Differences in the choice of - o
spectral domain operations, kinds of input . -

signals used, and signal routing determine -

the nature of a given application: smatl - .~ -

changes to the topology of the DSP--
configuration can result in slgmﬁcant
changes to its functionality. Thus; we are -
able to reuse much of our code in d1verse
applications. (For exampie;: though:.-
functionally dissimilar; hxgh-resolutton

filtering and subtractive synthesis differ oniy-.'.. - : |
slightly in terms of theu' me}ementanon ) IR

3. Apphcahons e

3.1 Complex spectral envelopes and

cross synthesis.

A static spectral envelope used ina mmple L

filtering application or in subtractive . -
syntheis can be drawn by hand or obtained
through signal analysis. In cross symhesw a

continuously changing (dynamic) filter can -

be created by doing an FFT analysis of a-

signal (signal B) and extracting its spectral SRR

envelope, or amplxmde spectrum, which

describes how another signal (signal A) Wl]l- =

be filtered. Thus, the pitch/phase
mformaﬂon of s:gnai A'and the Ume

"' varying spectral envelope of signal Bare "
i=: gomibined to form the output signal. Audio

signals produced by standard signal -
processing modules such as frequency =
modulation (FM) are of particular interest
for cross synthesis because they can produce
rich, easily modified; smoothly and’
nonlinearly varying spectra [Chowmng
1973] which can yield complex time varying

" spectral envelopes. Other standard signal

processing techniques, such as amplitude

- modulation (AM), additive: synthesm, ora -

* . band-pass filtering offer rich varying specu-alfz i
- information using relatively simple means.-.:. - -
. with few control parameters. One of the ... ..

- advantages of using. standard modules is that -
- eléctronic musicians are familiar with them;
- and have a certain degree of control and
. mderstandmg of their spectra...-

It should also be noted Lhat

' ""-"'mterestmg transfmmanonscanbeproduced

by simply convolving signal A's spectrum ..~
with signal B's spectrum (keeping both tke -

. phase and amplitude information of signal B

as well as signal A): In this case, the phase

- {frequency) and amplitude information from -
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each signal figures in the output signal.

3.2 Mapping qualmes of one szgnal to

“another ..

Musically, we have fmmd that in some
cases, the relationship between signal A and

signal B can become much more unified if - - -

certain parameters of signal A are used to
control signal B. In other words, real-time- :
continuous control parameters can be derived
from, for instance, signal A, and used to- - -
control signal B, For example, the pitch of
signal A can be tracked and apphed o SIgnal
B (an FM pair) to control the two - i

oscillators' frequencies: Envelope follosvmg : :
of signal A can'yield expressive information.: =5
which can be uséd to control the intensity of -

frequency modula{ion (FM index) of signal: e
B. e

3.3 Frequency dependent
spanahzanon i

In the spectral domain, the phases ot‘ a gwen_ L

signal's frequency components canbe -
independently rotated i order to change the
components energy distribution in the real "
and imaginary pan of the' output signal.

Since the real and imaginary parts of the -
IFFT's output can be assxgned to separate . -
output channels; which are i turn connected ‘-
to different loud—speakers, itis poss;ble to:
control a given frequiency's energy level i in-
each loud-speaker usmg phase rotanon s




3.4 Band-limited energy dependent
noise-gating

In the spectral domain, the energy of a given
signal's frequency components can be
independently modified. Our noise reduction
algorithm is based on a technique [Moorer
& Berger, 1984] that allows independent
amplitude gating threshold levels to be
specified for each frequency component in a
given signal. With a user-defined transfer
function, the energy of a given frequency
component can be altered based on its
intensity and particular threshold level. This
technique, outside of being potentially
useful for noise reduction, can be
exaggerated in order to create unusual
spectral ransformations of input signals by
emphasizing or masking specific
COmponents.

3.5 Band-limited energy dependent
noise-gate

In the spectral domain, the energy of a given
signal's frequency components can be
independently modified. Our noise reduction
algorithm is based on a technique [Moorer
& Berger, 1984] that allows independent
amplitude gating threshold levels to be
specified for up to 512 frequency band-
limited regions of a given signal. With a
user-defined transfer function, the energy in
a given frequency range can be altered based
on its intensity and a user-specified
threshold level. This technigue, besides
being poientially useful for noise reduction,
can be exaggerated in order to create unusual
spectral transformations of input signals,
resembling extreme chorusing effects. Using
non-linear transfer functions, it is possible
to modify the relative intensities of the
input’s frequency components, allowing for
example, masked or less important
components to be emphasized and brought
to the aural foreground.

3.6 Band-limited frequency
dependent noise-gate

Similar to the noise-gate described above,
this module functions independently of gain;
its output depends on the stability of the
frequency components of the input signal.
Using a technique borrowed from phase-
vocoding [Gordon & 1987], time-varying
frequency differences of components in a
given band-limited region of the spectrum
are used to determine the stability of those
components. Pitched components in the
input signal tend to be stable and can thus
be independently boosted or attenuated.

I5

3.7 Improvements to frequency
domain-based time expansion and
compression techniques

Useful techniques for sound manipulation in
the frequency domain are proposed by the
phase vocoder [Dolson 1986; Nieberle &
Warstat 1992]. One particularly useful
application of this technique, popularly
referred to as time stretching, allows a
sound's length to be modified independendy
of it's pitch (frequency content). However,
this application has two particular
shortcomings which have been revealed in
practice—especially when a sound's duration
is lengthened. The first problem is that
transient components, normally guite brief,
become "unusually long”. The second
problem is that noise components {end to
become "less agitated” since their rate of
change is not preserved during time
stretching. These shortcomings can be
clearly heard for example, when time
stretching speech. A spoken text rapidly
looses intelligibility when: A)transients are
protracted; consonants are no longer
recognizable and loose their functional role
as articulators, and B) noise components are
"de-agitated"; sibilant components such as
"sh", loose their distinctive "windy" noisy
quality.

In order to overcome these two
problems, we have made the following
additions to our phase vocoding algorithm:
1) Selective time stretching, which acts
only on non-transient portions of the signal.
2) A resynthesis stage that approximates the
original rate of change (with respect to
frequency} of noise components, using
statistical approximations,

4. Combining processing
modules

The modules described above may be placed
in series in order to perform multiple
processing operations on a sound. Since
most of the cost of processing occurs in
time/frequency domain conversion (FFT and
IFFT), modules operating in the frequency
domain may be ganged together with great
efficiency, requiring no additional steps of
conversion.

4.1 Dynamic range processing with
graphic EQ

The 512 band filter module described above
may be easily connected to another module,
providing the additional possibility of high
resolution filtering,




5. Input scalmg and addmonal e
control parameters t'or cross.

synthesns

When two mput 51gnals of snmiar
intensities and spectral distributions (eg
two singers' voices) are convolved, the -
resulting spectral distribution can be quite
dlfferem In such a case; strong "low-mid- -
range" components typically become much-
louder, while weaker higher frequency” -

virtually disappear.’ For example; when .~ i

convolving a signal by itself; the résulting -+

energy of a given component xs 1ts square, CoREE

as shown below

resulting energy = sugnal‘stgnal

By scaling the input or output 51gnai(s), the e

..."original”. spectral distribution can be".
preserved. If in the above example, we take
the square-root of the output signal; a given

component's energy is now the logarithmic
mean of the energy of its input signals, and * -

not the square. In the case above, we
recover the original input signal. -~~~

resulting energy =" o
sqrt(s;gnal*sugnal) = signal

5.1Including dynamic range _
processing in cross- synthes:s o
algorithms '

The algorithms for cmss-synthesw dlscussed _
above can be expanded to include additional .

processing units, that allow for scahng and
provide more control parameters. A. ...
compressor/expander based on the energy
dependent noise-gate mentioned earlier i§
applied to one of the two input sxgna]s
before convoluticn. The choice of :
comprcss:on/expans:on functions delermmes
the way the energy in the output signal will
be scaled, certain choices (such as a _square
root function) help preserve the spectral
distribution of the input signals. Thus, two

input signals of similar intensities and =~ .

spectral distribitions will combine to form

a spectrum ‘Whose components‘ relative

energies remain little changed By choosmg _ '

a compression or expansion function that
boosts or cuts the energy of weaker '

components in one of the input signals, the

degree of spectral intersection of the two -

inputs can b¢ specified. The compression or

expansion ratio parameter (Or intensity of
compression of expansion) provides

dynamic control over the "degree of speeaal e

intersection” of the two' input 51gnals This’ Foa,

parameter is pam::ularly useful when cross-~ - e

synthesxzmg dissimilar souuds such as voice

and | percussmn
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6. Future Dxrectmns

The authors are cun'euﬂy wo:rkm B on
alternative methods of sampling and

granular synthesis that operate the. ﬁequéﬁcy_ e
domain, based on real-time phase: Vocodmg e

{van der Heide; 1994 At present weare ©
able 1o modify a sound's spectrum and+

duration independently, and are working -0

towards being able to'perform pitch .
transposition independently of the spectral

envelope (formant stricture}), thus allowing: -+ .
one to change the pitch:of a sound without . 1

seriously altering its timbral quality:: ¢ -
Additionally, we are exploring techniques -

for smooth sample looping and cross-farlmg .

between somlds

With the arrival of the real-time FFT/IFFT .. |
in flexible, relatively general, and easily -~ - -

programmable DSP/control environments:
such as Max, non-engmem may begm to
explore new possibilities in signal. -
processing. Though our work is still in its

early stages, we have gained some valuable

practical experience in manipulating sounds
in the spectral domain. Real-time

convolution can be- quite straightforward: - -
and is a powerful tool for transforming ::-= -
sounds. The flexibility with which spectral -+~
transformations can be done is appealing. -~ -
Our DSP configuration is fairly simple, and -
changes to its topology and parameters can - -
be made quickly: Conirol signals resulting- :

from detection and tracking of musical

parameters offer composers and pexformers a’

rich palette of possibilities lending -
themselves equally well to studm and hve
performance applications. -
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Abstract

This paper describes methods of real-time granular processing of sound adopted in recent
compositions by the author. Discussed are also the interactive control structures available and/or
specially designed for those compositions using two computer music systems, namely KyMa-
CAFPYBARA33Z {(at LMS) and the poDX (at Simon Fraser University). Special emphasis is given to
polyphonic processes of time-shifting and to recursive granulation. Beside some technical details,
the paper also shows the role of such strategies in the particular context of microcomposition.

1 Introduction

In this paper I would like to describe methods of
granular processing of sound utilized in two recent
works of mine, Hvbris and Essai du lide.
Schweigen, In both cases | utilized time-shifting of
sound (altering the sound duration without - in
principle - side-effects in the frequency domain) by
means of granular processing techniques.

1.1 Granular time-shifting as a
technique for microcomposition

The particular time-shifiing rmethods discussed
here should be seen as imstances of micro-time
sonic design. or microcomposition (with a term of
the electroacoustic music jargon). The common
feature of the many differcnt approaches of
microcomposition lies in  the possibility of
manipulating microtemporal relations among
myriads of minimal sonic guanta. For such a
reason, these methods are ofien operated by means
of compositional control structures  which
instantiate global straiegies of statisiical nature. !
assume. however. that any strategy  of
microcomposing deals with a specific problem
domain: in which way minimal. time-limited units
shouid be composed in order o give rise o high-
fevel structural properties, This is a problem of
perception (Bregman. 1990, p.118 and passim)
and. at the same lime. a problem of music theory -
hence of computer music software design - the
discussion of which involves issucs of relevance to
the aesthetic potential of electroacoustic and
computer music (Di Scipio. 1993: 1994a).

1.2 A notion of interactivity

Another central point in this paper relates 1o the
notion of interactivity. In principic interactive
control struclures embody knowledge about the
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continuing exchange between concept and percept
in the course of composition and/or performance,
knowledge about the way in  which the
composer/performer adjusts his/her own actions
and goals during the creative process. Interactivity
requires the possibility of exerling real-time
controls over various parts of a program such that
both the sonic and syntactic levels can be accessed
by the user in an atlempt to establish a link
between them. Hence ‘“imleractivity" cannot
simplistically mean "immediate audibic ouput” - it
also means that the user can address his/her action
to different rates of change in the musical flow,
from audio-rate through cvent-rate and higher,

We should make a distinction between interactive
composition systems and interactive performance
svstems. Secondly. between inleraclive programs
and interactive programming  environments.
Accordingly, there are 4 general classes of
interactive music systems (for a more detailed
taxonomy, sec Rowe, 1993):

program environment
compaosition ] 2
performance 3 4

The distinction between program and environment
is primarily a question of the particular
computational paradigm at work. A classical
notion of compuler science is that a program is a
theorv. resulling in a procedural  description
leading to the solution of a specific problem. The
uscr uses a theory put forth (or relied upon) by the
designer (Simon & Newell, 1970). On the other
hand an enviroiument is a meta-theory, a theory
about how 1o instantiate and verify either new or
existing theories. In recent vears. this has ofien
taken the form of abject-oriented representations.

The following 1wo sections describe my recent
experiences with granular processing using a
programming environment for composition and
live performance {cases 2 and 4. above} and with a




program for mteracﬂve cornposmon (case 1)

These experiences revealed to me the relevance of
interactive controls for perspectives’of micro-time -
sonic design, a most peculiar and fértile terrain for =

electroacoushc composition (Di Scipio, 1994b). .

2 Polyphomc tlme-shlftmg

representations) lend themselves to techniques

operating in the frequency- and the time-domain oo

-:granulators is. allpass ﬁltered wuh an avarage delay
. time equal to half grain-duration. Intergrain delay

and alipass delay are gwen random values within -
prescribed limits:

-, . This can be seen as a form of "asynchronous

granulation. However, micro-level time parameters

- (intergrain delay; grain duration, onset detay) can

independently. Various authors have demonstrated .

theoretical and prncncal aspects of granular time-

shlﬁmg ‘of sound (Jones & Parks, 1988; and

various artu:les in De Poli et al, 1992} My interest’

“1. be made functions of the pitch of the input signal
Granular representations: ‘of: sound (also wavelet' o

(if any pitch-is tracked) and set in synchronous
relation to the detected periodicity.

2.2 Algorithmic control in Hybris -

** For the performance of Hybris (g-flute, bassclarinet

is not so much for the mere compression or =

dilation of the duration of sound. Rather, it léd me
to devise processes: ‘possibly’ functional to' the.
emergence of dynamical gestures and polyphonic

textures. within'" and ‘- through" the sound' = of
instruments played live. Two facets must be taken
into account: (2.1) the real-time’ generation  of
streams of grains captured from the live sound, and
(2.2) . the - algorithmic - control- structure *which

allows me to handle different streams of grams :

each with its spccrﬁc parameters

2.1 Granulatlon of live sound -

The 1nput slgnal is continuously recorded into a n

second: long: wavetable memory, wrapping. around :
the: same: chunk of memory m- times. When' the
cyclic recording starts; the wavetable is also
cyclically leoked-up and its samples picked-up.
The current look-up memory position is itself a

function of time, either another wavetable or a
virtual slider on the computer screen. A minimum
look-up. sampling increment is prescnbed whose

duration in samples equals the grain duration, here -
ranging from 10 to 70 msec. Hence the pointer to. .

the input memory buffer proceeds linearly only
within the grain-time (from the' first to the last
grain sample), then jumps elsewhere in the buffer

as from the function or real-time slider by which it -
is; controlled. If you use'a ramp; then. the linear -
direction of time is preserved though duratJon can .
be - shortened " or:. lengthened. - If - you. use; . for -

example, a gaussian function, then: initially. the

direction of time will be preserved, with an s-shape:
like accelerando then it: will: be: reversed, with a
There's - no--
prescnpuon as'to how the look-up pointer shouldf-
move through the: mput memory buffer. Hence not -
only dilation, but also- compressron of the sound-_

reversed:- s-shape  ritardando: -

duration can be achleved

Samples plcked-up from the mputer buﬁ’er are

enveloped'. with - gaussian - or’ trapez:um ‘CUIVES.

What I consider. a "stream of grain” is actually. .
made of two "granu]ators" (Iook-up +. envelope +
: -'a.llpass ﬁlter) shlﬁed by half gram—duranon with

respect to one another The srgnal ‘of both

“"and computer processing; -1994); 1 designed a

control structure which activates the following: the

.-+ input- signal:-is continuously recordedinio a 3"
- ... wavetable; wrapping around: 4 times;: 4 different
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processes of granulation and time-shifting start at
5", 10", 15" and 20"; each process has its own low-:
level parameters and time-shift ratio - respectively
5, 4, 3, 2 times slower than real:: The look-up is
driven by linear ramps {time direction preserved)

real cims s gm za+ "

u&v.-.r.h.hl.e ¢ Ime R

C1gn

Depending on the shift: ratio and the performers'
nuances of iming, some input material eventually
will npot. be- granulated; this. happens when
wavetable locations are not looked-up before new
material comes. in there (the case with large. shift
ratios).. Other material;. _however; . may’ undergo.
more than: one process of granulauon and time-
sluﬁ this happens when locations are looked-up by
two or, miore. granulators at the same time. A clear
picture of the overall process can be drawn only by.
studying the phase relanonshlp between the write _
and read pointing functions in relatron to the 5"_
wavetable memory buffer.

The process lasts 30 seconds and represems one_
smgle formal unit in Lhe first. section of Hvbris
(made of 4 such units). It welds a polyphony of
gestures and textures ‘emerging  from the'_
mstrumental performance Usually there will be'a’”
growing densrty of sound as the process approaches: _
the'end point;, The average density will be of a few -
hundreds grain/sec, depending on- Lhe amoum of

feedback in the al]pass ﬁlters

2. 3 Implementatlon in KYMA

Atthe tlme of the first performance of Hvbns (wnh-: :

M Zurria; flute; and P.Ravaglia,” ba_ssclannel?“”



Rome, December 1994) the above method had been
implemented using the Kyma2.0 software {under
MS-Windows) controiling the CaPYBARA DSP
system (Scaletti & Hebel, 1991); then it was ported
10 Kyma4.0 for a recemt performance (Montreal,
ISEA95). A representation of the HYBRIS1
algorithm is found below, with the KyMa objects
(or Sounds), hierarchically ordered from top down.

In this graph both the HYBRIS1 Sound and its
subSound, RTPTM (real-time polyphonic time
modifications) actually are quite simple and short
Smalltalk-80 programs, the first scheduling 4
instances of the second. the second scheduling 4
instances of the INSTR Sound. Together they
represent, in effect, the highest level control
structure by which the variables reputed of primary
compositional interest are evaluated during
performance.
"script in HYBRISI™
1 to: 4 do: | i |}
seconds. }.

RTPTM start: ((1*30}-30)

"script in RTPTM"
1 to: 4 do: | :i jinstr start:
geconds grainburl:
iy.7.

((i*5)-5)
0.04 stretchfactor: [6-

A single granulator corresponds to the abstraction
level of the INSTR Sound. After debugging and
oplimizing, 1 made ore only object of the whole
substructure of INSTR, a new Sound class
aSample&ShiftWithAllPass, with its own icon
and parameters - those expected to change during
rehearsing and performing (all other parameters
being customized). With this new prototype (see
graph below), HYBRIS1 could be re-shaped in a
more compact and efficient representation.

2.4 Some considerations

A look at the parameters of this new prototype,
would show that its functionality is primarily a
question of time variables {indeed this is the case
with Hybris' first section, but wouldn't be with
scctions 2 and 3, not described here). The sounding

21

results include phase-related effects especially
intersting when the live sounds extend 1o
breathing, hisses, whistles, noise bursts (c.g.
tonguing), etc...

T bR L

As a new class, aSample&ShiftwWithAllPass
features custom spatial trajectories which aid the
perceptual segregation of grains in separate
auditory streams amd the perception of a
polyphony of distinct gestures in the stereophonic
space - rather than a single "wall” of sound.
Interactivity in Hvbris is observable at two levels.
In the compositional process. the KyMA user
interface allowed me to search for the appropriate
models of sound transformation. This is nof just a
matter of editing, testing and optimizing the
algorithms in a straightforward delerministic
manner, It is more like analysing the link among
acoustic, perceptual and more abstract. conceptual
aspects of the sound processing technique:
exploring how the organization of low level details
could achieve anditory images of peculiar timbral
properties.

At another level, interactivity is paramount in the
performance of Fybris, The sounding effects of the
sound processing method is particularly sensitive
to the details of the input signal: the performers
cannot always prediclt the (sometimes dramatic)
effects caused by the magnification of rather
unperceptible differences in their performance. As
he/she is wurged to dynamically adapt the
performance in timing and timbral qualities. the
performer becomes here a source of feedback and
self-regulation within a dynamical system. Far
from being a just matier of reproducing written
symbols into audible sounds, his/her task is more
one of self-regulating the whoie “performance
system” in order to avoid totally uncontrolled
results as much as strictly periodic behaviors.

3 Recursive processing

1 would like to conclude with a short description of
a particular extension of granular processing and



tune—sh:ﬁng, that I found very.rich in xmphcanunsr
I refer to_it as recursive. granular processing: To.
give the Treader a concrete idea of its. functionality; I
describe how recursive granulation was used in the

composition of Essai du vide. Schwargen a solo

tape. work composed in'1993 while ' was visiting -
composer . at Simon Fraser University - (Burnaby' ;
BC) ‘Among the many programs of B.Truax' PODX

set of programs. for interactive composition and

sound synthesis. the resource I utilized the most -

was  GSAMX, which. allows real-time granular

processmg ‘of sound. I refer the reader to (Truax, -
1994) for a dxs-::ussmn of the techmcal .

1991
detalls

3.1 _l_)etails of Essru du :vide. Schweigen

I devised a strategy of recursive granulation in two

steps: 1) a sampled sound i$ submitted to granular
- time=shifting -and the" resu]t is. recorded on: hard
disk; - 2) ‘the time-shified sound “is randomly

accessed in order to select short fragments of it,

resulting in a new pattern of the selected chunks of
sampled sound. The result of step 2 is then passed
back through step 'l and time-shifted, then again
randomly accessed; and 5o on:.. In other words, the
strategy

transfer functions to an initial datum; -

Xpt+l = fb(fa(xn))

Xq : original source sound; xn granulated sound

after the n-th iteration; f, tune-sluﬁ funcuan fb
random access ule -

Similar strategles | had already utlllzed in Zerrwerk :

(tape music, 1992) and Kairds (soprano sax and

tape, 1992) (Tisato & Di Scipio, 1993; Di Scipio-
1994b).. In such works. they were to transform:

synthetic sounds, while in Essai du vide, instead; .
the original source. was."concrete” in pature, the -

sound of scratching. with nails and: jazz brushes

against the lower smngs of a harp followed by a.:

short pause. .

Currently a real-nme 1mplementatmn of recursive
granulation is in the course of realization for two
new . works (Lrehrung Variazioni- sul: ritmo- del:
vento [, for bariton sax and computer processmg, ¥

and /7, for contrabass recorder and tape)

3. 2 An exploratory process v

The control vanables m the reahzatlon of Essar du

vide were: average grain durauan, duratmn range,

average intergrain delay (or densrty ie. number of.
grams/second) intergrain delay range. and time- .

shift ratio. Interactive control in took place via a

single line  on the screen of the PDP Microll .
computer controlling: the: DMX-1000'DSP; The
control variables could be accessed one at a time . -
dunng the symhesns process They could also be

involved a nonlinear transformation
comparable to the iterated application of two

"ramped", -achieving:a 51mple ume-varymg
automated control.’ All steps ‘inl the- composition
involved: grams ‘shorter than 50 msec The' time-’
shift ratio-in’ f;; was’ cyclically ramped. with an’ .
avarage shifi:of 30 timies slower than real. The "
randomi ‘access ‘rule fi, was'a Poisson distribution,”
and:the fragments recu:srvelv picked—up were 170
msec: lung

odu]atnons wtth mleresung auchton propemes'
due to the changlng relationship of phase among -
overlappmg grains, and shape extended structures
mcludmg both continuous textures of sound and
more dynamical gestures, also featuring silent.
paiises (the magnified effect of the' short pause in ¢
the source material). The iterated transformations °
produced a "vaporization" of the original source
and brought forth gestural pattems absoluteh

_ tmpredrctable at the outset:

' Truax, B;.
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Recursive granulation in Essai du Drde S‘chwergen
provides an example: of _an - operating creative
metaphor. 1t is a: method for subtracling energy
from' the-'sound, . in" opposition  to ~ methods ™ of
granular synthesis: in the former case one puls
"quanta of silence into the sound”, in the latter
"puts quanta of sound in the otherwise silent flow
of time". In this way the sense of void, internal
silence and solitude which is behind the title. was
given both an actual significance and. I think. a
chance of bemg concreieiy conveved 10 lhe_
hsteners T
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Abstract

This paper introduces a non-standard sound synthesis method called functional iteration synthesis. It is a
non-standard technique in the sense that no well-studied acoustic model is implemented. The present model
entails the iteration of a parameter dependent map F(xq); ay, ..., a), starting with a given xp. A sequence of
samples can be constructed by fixing the number of iterations, and varying the map parameters and initial
value at sample rate. The paper describes the general formalism and then the utihization of a particular
difference equation model called the “sine map”.

Sounds generated with this method can show dynamical properties ranging from very "active” behavior
(spectrally rich transient phenomena, turbulence and noise) to relatively "inactive" behavior (smooth, if not
almost flat curves), and unpredictable transitions in between. It is possible to obtain sounds with barmonic
spectra too. ‘

1 Introduzione sistemni dinamict discreti come fonte diretta per
la sintesi soncra: l'evoluzione del suono &
legata, campione per campione, all’evoluzione

Ogni tecnica di sintesi non-standard porta a . ) . .
dei sistema al variare dei parametri.

una rappresentazione microstruturale del
suonio nel dominio del tempo discreto (si . .
considerino, ad esempio, le tecniche di sintesi 2  Descrizione generale
granulare). Ci si chiede allora se sia possibile della tecnica di sintesi

fare emergere proprictd macrostrutturali
particolari operando a livello microstrutturale,
cio legare il momento della sintesi del suono
alle idee compositive su larga scala (nel
dominio dei tempo). Dalla teoria dei sistemi
dinamici discreti non lineari e dipendenti da
un parametro emergono interessanti proprieti
di universalith: una vasta classe di tali sistemi
mostrano comportament complessi
qualitativamente  simili, al variare del
parametro, indipendentemente dalla forma
particolare dei sistemi stessi.

E’ naturale lasciarsi attrarre da queste semplici
considerazioni ¢ tentare di applicarle ai nostri
modelli di sintesi (st veda, ad esempio, I'uso
della “mappa logistica” nell’organizzazione
dei grani in tecniche di sintesi granulare). Nel
caso qui descritto si & cercato di sfruttare i

Un sistema dinamico discreto non lineare &
dato da una funzione che mappa, in mode non
lineare, un intervallo della retta in se stesso
(che nelle nostre applicazioni dovra coincidere
con Pinsieme dei valori dei campioni del
segnale audio)., La sua evoluzione consiste
nell’applicazione reiterata della mappa a un
dato punto dell’intervallo, indicato come dato
iniziale. Sceito un tempo ¢, si pud studiare
I'effetto di una pertubazione del parametro o
del dato iniziale sullo stato corrispondente del
sistema. Per sistemi non lineari I'effetto pud
essere  mnotevole e aumentare  molio
all’aumentare del tempo t,, cio2 del numero di
iterazioni della mappa. A tempi grandi la
pertubazione del dato iniziale pud risultare in
una variazione grande o nulla a seconda anche
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_ npelutamente f ase stessa n volte

del tipo di attrattore presente che ‘come ' si o
evince dal diagramma di biforcazione della o0
mappa (cfrfig.3), dipende dal valore del -

parametro, in ogni caso lo stato iniziale viene .

in un certo senso “dimenticato”. Seguendo’lo

stato del sistema (fissato il tempo) al varare

"Data una séquenza di dati inziali Xg; € A, una
\'sequenza. di ‘insiemi di parametri g;€ G e le

funzioni corrispondenti f» possiamo generare

. cosl una serie di campioni; ['i-esimo campione
& literata n-esima di X, ottenuta con n
.. applicazioni ripetute di f; .

continuo del parametro € ‘del dato mazxale BIvvT e R e

pud ottenere cosi un segnale intéressante con: " i

caratteristiche molto dinamiche. Ad' ogni-
traiettoria nel piano cartesiano, rappresentante o ..

il parametro ¢ il dato iniziale e che’ sard

indicato come spazio delle fasi (cfr. fig4), o

sl i =g =

corrisponderd un segnale che verrd, infine, =

trasformato ini segnale audio.

2.1 Formaiismé matematico | '_

Definiamo’: ora - in: termini - matematici ; il Gt
'ﬁiddéll’d-Cbﬁsidé'riéﬂidi'seguenli el
'AC®R linsieme dei dati iniziali,

G ®m lmsxeme de: paramem della

mappa,
BcR  linsieme dei campioni del -
segnale audio che sard generato .

e il prodotto cartesiano dei primi -
due:

AxGcRxRm,
Sia F una funzione definita come

F: AxG — B

(x, {3;}) — Fx; {aD
({a'i}E al,az,...,a.m).
che pud essere considerata come una funzione
S dipendente da parametri che mappa A in B
con gli a; come parametri. Fissando un

insieme di'm parametrl (un punto di G),'
abbiamo:

f: A - B
X —-) f(x)
' f(x) F(x a1 am)

Spec:ﬁcando una sequenza g, cia punu d: G
ottemamo una sequenza di mappe S Ora, se..

BCA

possmmo costruxre l lterazmne della funzmne f

- mtroducendo quindi; loperazmne chiamata
uerazwne ﬁmztonale

t“(x) f< (- f(_:;c) )) (f fo oh) (_ij)}jg_;__'

apphcando .
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- x1:1.1-1 _fn l(xﬂ ) = =

] Gl ou) ) o)

= (fi (o (& (o) ) -

Xiel DX = : =
fi+l(fi+l( e (f+1(x01+1)) ¥8)

3 L’iteraiiOné' funzionalef con

la mappa seno”.

Come prima appixcazmne di questo metodo si
& scelta la seguente funzione dipendente da un
parametro (n=1), che verrd chiamata “mappa
seno”!

F: [-w/2,m2] x[0,4] — (-1,1)
(x, r) - sin(rx)

Per [I'i-esimo campione da  generare,
I'evoluzione del sistema dinamico & data
dall’equazione: :

o _xk,_i = Si“("i Xg1,0)

Per re> 1 l’mtervallo A = [1|:12 11:!'2] vnene'

mappato:- dalla - funzione - sin(rx) : in- tutto
I'intervallo. {-1,1], dove viene conﬁnato_. il
sistema - dinamico . corrispondente . dopo Ia
prima . iterazione. : Sarebbe . quindi . inutile
scegliere un. intervallo “AY 'pxu ampio, - data

anche la periodicita dela. funzione seno. Per r _

2 /2 I'intervallo {-1;1] & mappato in tutto se
stesso,: ma- il sistema rimane confinato: solo a

destra 0 ‘solo a sinistra delio zero; finché r < .
Per:r >4 il sistema’ dmanuco si npete e
I’ mtervallo G=[0,4] * esaurisce - tutte " le” -
possibilita: n fi ighra 1'¢ graﬁcata la seconda
iterata della funzxone sm(rx) per quattro valon S
crescenu dl r. e




=1 =147

ANA h N
\\ ek N LU A
\ N Fraymaany
\\ AN 5‘1-4\ / \u \J/:ﬂ.s
fipura 1

E' interessante  osservare  |'andamento
dell’iterata n-esima al crescere di r per X,
fissato. In figura 2, in alto, sono graficate la 5°,
la6"ela 7 iterataper rche vada 2 a4, in
basso sono graficate Ia 8°, 1a 9" e 1a 10" iterata.
Il dato iniziale & fissato a xz= 0.1,
Ail’'aumentare del numero di iterate
I’evoluzione del segnale cosi costruito si fa

via via pit complessa.

Quando il numero di iterazioni & molio
elevato il dato iniziale viene “dimenticato™ e la
sua pertubazione non produce effetti, il sistema
“cade” sull'eventuale attrattore e
all’aumentare di r ['iterata n-esima traccia in
realtd il diagramma di biforcazione che si
otterrebbe graficando 1’evoluzione del sistema
dinamico all’aumentare “lento” del parametro.
In Figura 3 & graficata la 100" iterata di x,=
O.lperrchevada2ad.

] +1
ﬁ\
2 a2 i N 23 3 ’é 1r u 18 1 ci-l
figura 3
4 Traiettorie nello “spazio

delle fasi” della “mappa seno”

Dal diagramma di biforcazione della mappa si
vede che all’aumentare di r il sistema diventa
sempre pitt complesso esibendo dapprima solo
attrattori  periodici, poi  aftrattori  pid
complicati, infine attrattori caotici con
nUmergse e improvvise transizioni tra atiratori
di tipo diverso. Osservando lo spazio delle fasi,
per un determinato numeroc di iterate, si
capisce che i segnali generati dalle traiettorie
in esso dipendono fortemente dalia regione di
piano visitata ¢ dal numero di iterate scelto.
Nei due grafici 3-D della figura 4 sono
rappresentate  le superfici dello stato  del
sistema, dopo S e 6 iterazioni rispettivamente,
in funzione delle coordinate nel piano delle
fasi. La regione dello spazio delle fasi mosirata
nei due grafici &: [3, 3.5]x[.2, 4].

nejterste (sample)

Xg Xo:{.2,.4]
r r: [3.5,3], inc: .00
iter: 5

n-iterate (sample}

Xo 7-‘.0:[.2,.4]
r r: {3.53], inc: .001
iter: 6

figura 4

Ogni traiettoria nello spazio delle fasi genera
un segnale secondo il metodo descritio.




Maggiore é il numero delle lterazloul. tamo :
pill; “atuvo gil nsu_ltato sonoro. Aumentando

PO’ 7, Hon R _“‘h_suitera un’'segnale ‘pid -
mteressante, acausa ell’eccessiva comp]essua-_
gia ragg:uuta, bensi u'mentera notevolmente il.

tempo di-calcol
E’ bene. esammare brevemente tre trzuettone
partxcoian

- fissando xg € vanando rsi potra:mo ottetere

eventi sonori con. rapidi cambiamenti
strutturali a larga scala (nel tempo);

- fissando r'e variando x, sard possibile

ottenere: numerosi segnali. diversi: esibenti- le.

medesime proprietd macrostrutiurali;
- nei due casi descritti, facendo compiere
oscillazioni.. con frequenze. .audio: alla

grandezza vanabxle ro xo, il suono generato

" avra un pifch. _

Dunque il SUOno generato con 11 metodo dl
iterazione funzionale sari caratterizzato da
fasi di diversa complessita con imprevedibili e
improvvise transizioni tra . esse, mon
escludendo casi limite come suoni dotati di
spettri armonici e il rumore.

5 Conclusioni

Le: proprietd descritte per. la;:“mappa. seno”
sono condivise da una larga classe di. sistemi
non lineari. La teoria dei sistemi dinamici non
lineari e del caos dovrebbe guidare nella scelta
delle mappe da utilizzare e delle regioni dello
spazio delle fasi da wsuare supportando ‘cosi
I'indagine BlIl]'JlI‘lCﬂ., comunque irrinunciabile.
Solo attraverso. quest’ultima - il compositore
pud prendere. confidenza con' il modello non
*deterministico e pensare {una strategia propria
per interagire con il materialé sonoro,
L’interesse principale nello studio dei sistemi
discreti non lineari, qumdx nei processi di
iterazione funzionale, come “gid sottolineato,
sta nel tentativo di far cadere 1a distinzione tra
suono & struttura, permetteudo al compositore
di generare’ estese trame sonore che:sarehbe
innaturale. consxderare e qumdl utilizzare e
percepire . come componenu individuali di
 strutture musicali-a pit alto livello.
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Abstract

A new waveguide mesh is proposed for discrete simulation of wave propagation on two-
dimensional surfaces. We make use of waveguide junctions having eight branches, six of them
lying on the surface itself, one coupling with the air load, and one available for coupling with
a digital hammmer. The proposed mesh is compared to the traditional rectangular mesh and
it shows a better numerical behavior. Particularly eflicient implementations can be worked

out from the general model.

1 Introduction

The waveguide-filter paradigm has been extens-
ively used for simulating strings and wind instru-
ments [4]. The extension to higher dimensional
resonators, like drums, plates, sound boards, or
rooms can only be achieved with a certain degree
of approxirnation. For instance, in the case of wave
propagation in an ideal membrane, the traveling
wave solution involves the integral sum of an in-
finite number of plane waves traveling in all direc-
tions. On the contrary, the waveguide formulation
involves propagation along a finite number of dir-
ections. A grid of delay lines is formed to discret-
ize the medium, and Jossless junctions are used to
connect the waveguide branches.

The mesh made of 4port junctions has been
studied [5} and applied to the synthesis of per-
cussion instrurnents. The major drawback of this
mesh is the effect of wave dispersion due to the
discretization of propagation along two directions.
This effect limits the fidelity of simulation to a
low-frequency range. The great advantage of 4-
port junctions is that their implementation doesn’t
require any multiplication. On the other hand, ad-
ditional ports are needed to couple the junction
with an external exciter, like a stick or a hammer,
or with a damping element, like the air load. These
additional ports clearly prevent from the elimina-
tion of multipliers.

The mesh made of 3-port junctions is being
studied by Van Duyne and Smith {private carmnmu-
nication) and seems to provide a better numerical
behavior.
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In this paper, we introduce a mesh made of
8 port junctions. Six of the eight branches are
laid on the surface to be simulated, one branch
is connected to a lumped loss, and the remaining
branch is ready to be connected to a lumped model
of hammer.

The surface is decomposed into elementary tri-
angles. Different losses can be attached to differ-
ent nodes of the mesh, thus approximating irregu-
lar media. A model of hammer can be attached to
any node of the mesh, and effects like scratching
the hammer on the membrane, can be simulated.

The membrane decomposition into element-
ary triangles shows a more uniform and less pro-
nounced dispersion effect than the rectangular
mesh. Like in the rectangular case, the waveguide
formulation is shown to be equivalent to a finite-
difference scheme for the numerical sclution of the
wave eguation.

The performance of the proposed mesh can be
improved by eliminating maltipliers under certain
conditions,

2 The New 2D-Waveguide
Mesh

We propose a tessellation of the ideal membrane
into triangles, as depicted in fig. 1. For the mo-
ment let us assume that there is neither an exciter
nor a load of any kind, so that any node in the
network can be represented as a f-port lossless
waveguide junction. The branches between two
nodes are unit delays, corresponding to a physical




m

Figure 1: Triangular tessellation of a surface -

distance

= c/F

travelled by velocxty waves in one tlme sample
In equation (1), F, = 1/T is the sampling rate,
¢ = /T /o, where T and o are respectively the
tension and the surface density.

Three axes of symmetry are drawn in fig. 1,
and are called z, !, and m. The operations per-
formed for the i*" branch of the wavegnide junc-
tion located at position z,I, m are:

_v;,m(f)-—%;.m(f) v ()

32 o (B ,-;t.',.('t)'_ @

The mesh behaves well in both the time do-
main and the frequency domain. The response
to an initial stroke is plotied in fig. 2. This plot
shows that the wave-front shape is well preserved
'along all directions, thus indicating that the dis-
persion’ error is umform and low" (see section 4).
Fig. 3 showe a compa.nson between the theoret-

Flgure 2 Wave propagatlon on_ the mesh

1cal modal frequeuc1es of a exrcu}'

correspondence 15 very tlght

-

: _membrane[ ]
and the resonances obta.lned from'o r model The' '
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Figure 3: Distribution of resonances
3 . Interpretation as a Finite-
Difference Scheme

The equivalence betweeu the rectangular mesh and
a finite-difference scheme for numerical integration
of the wave equation has already been shown [5].
Here we show the equivalence of the triangular
mesh to another finite difference scheme working
on the same equation.
The wave equation for the ideal membrane is
& second- order hyperbohc partlal dlf‘ference equa—
tmn | 62 82v 62 .
. 2=3(-+-) - (3)
at dz? * 9y?
where z and y ate the two orthogonal axes of fig. 1.

The wave equation (3) can be expressed in the
derivatives a.long t.he z, {, and m axes of fig. 1,

obtammg o o
B 621.' 32 62. : 82'1} - o
'§ﬁ=-3(aﬂ+a'*ﬁﬁ)“*“)

By not1c1ng that the sum of the inputs to a junction
equals the sum of the cutputs, and that the input
at:one. port is equal to the'output. at:the opposing
port of the adjacent junction at the previous time
sample, one can rearra.uge equa.tlon (2 as, follows

UJ,,m(i+1)+vJ,,,,,(t 1) SRR
1/3{”.&4-1 l+1.m(t) + L2 A1 m(tl'l' : (5)

e Welnimet (t) + Ueiig—1,m (t)+ :

SERNIL S STYPRS Gy (t) + vJ:-{-xl m—1 (t) }

whmh is clea.rly the ﬁmte dlﬂ'erence dlscretlza.tlon

of the modified wave equation (4 ). The bracketed
___term in the right-hand side of equation (B) is the

sum of Veloc1t1es of the nodes acl_;acent to the JHDC—
tion z,I,m: - ;
The companson between ( ) ancl ( ) also shows

o t_hat waves in the mesh tra.vel at a nommal speed L

_1/



4 Numerical Performance

The main problem of the rectangular mesh is the
numerical dispersion error, which causes the high-
frequency wavefronts to propagate at the nominal
speed along the diagonals, but about a 30 % slower
along the main axes.

We have conducted a Von Neumann analysis [3]
on our finite-difference scheme (5), as indicated
in [6]. Naming £, £, the spatial frequencies along
the normal axes, and d; and d, the unit lengths
along the axes such that dr = dy, = ¢T", we have
found the following formula for the equivalent nor-
malized speed of propagation ¢(€z, £y} /¢ :

N N 4 — b
e(€z, Ey) = m arctan _E_— (6)
where
2
b = 3 cos[2m £z dy)
—+ :—3- cos[?'zr(l/? &zd_—: + '\/3:/2 gydy)] (7)
+ gcos[2'.rr(l/2 E-dz — ‘/i/gfydy)]

3

The expression (6) has been plotted in fig. 4,
together with the results of Van Duyne and
Smith [6].

/(V

Figure 4: Contour plots of speed of propagation
versus spatial frequencies. Left: triangular mesh.
Right: rectangular mesh,

The contour plots show that the triangular
mesh provides a very uniform speed of propaga-
tion along all directions, while the rectangular
mesh is exact along the diagonals, and very inexact
along the main axes. The triangular mesh exhib-
its a high-frequency dispersion error not exceeding
15 % along all the branches, while the rectangular
mesh has almost 30 % of error along the axes in
high frequency.

For both the rectangular and the triangular
mesh, the dissipation error is identically zero at

29

any spatial frequency, and the Courant-Friedrichs-
l.ewy stability condition [3] is satisfied in the
equality. This has to be expected, since both
the meshes are built by interconnection of lossless
waveguide junctions and pure delays.

5 Excitation and Air Load

For the purpose of coupling the membrane with an
exciter and with a distributed air load, we extend
our model in the direction orthogonal to the plane
of the membrane. We add two ports to our basic
wavegiide junction, the upper one responsible for
the interaction with a stick or a hammer, and the
lower one responsible for the air load.

We model the air load as a second order
damped oscillator, whose continuous-time transfer
function is:

V{(s) §

T(s) = =
(s) my st + s kg

(8)

where my is the mass of air over the junction, pu,
is a resistive parameter depending on the friction
existing between air and mesh surface and & is
the stiffness constant of a linear spring modeling
air oscillation. Equation (8) can be rewriiten, by
defining an arbitrary reference impedance Ry, in
terms of incoming and outgoing velocity waves:

v (s)
vt (s}
=82+ (Rifmy — i fmy)s ~ ky /oy
82 4+ (Ri/my + /s + ky ooy

H(s) (9)

Similarly to the trick used in [7] for the piano ham-
mer, we set the reference impedance to the value

RBi=pt+am+k/a (10)
where o is ugually set to the value 2/7° . In this
way, when transforming H(s) to the discrete-time
domain by bilinear transform, a unit delay may
be factored out and there is no non-computable
closed loop in the graph.

For the excitation, we have used the model of
hammer proposed in {7]. For the excitation port,
when it is coupled to the hammer, we have another
arbitrary reference impedance Ry, which is set to
the value .

MaRpx
= ——-—-——~th2 " (11)
where m, and kj are respectively the mass and
stifiness of the hammer. When the hammer is not
in contact with the membrane, the reference im-
pedance is set to zero, thus physically removing
one port from the junction.

The junctions which are coupled with a ham-

mer model are time-varying, and therefore we can




" not do much' to reduce the elemeéntary operations -

" involved ‘with: the wave scatteting.” On'the con-

i frary, when the: JllDCt.lOD do not interact with the =~
‘exciter, there exists a’ theoretm_al possibility to get .
rid of the multiplications. ‘Rewriting part’of equa-

tion (2) in a more general form, involving R; and

the me_rnbra.ne impedance__R_g =1

g muzuJ ,-

v-]:lm(t)“ 6R0+Rl

-I-2Rru,l 3]

we notlce that the computatxon may be performed
with no multiplies-if Rp and Ry satisfy the two
conditions Ay = 2" Ry and Rp = 271 Ry — 6Hg,
- with n; and ny positive integers; this only happens

" for the couple (ny, na} = (1, 3); which implies the

solution Ry = R;/2. This theoretical possibility
may be practical if physical conditions guarantee
this solution, that is, recalling (10} :
VoT =1/2(u+ am + k/a) (13)
* Another théoretic_a.l possibility is to consider
even Ry as a nominal impedance, regardless of
physical implications.

[2] T Ka.llath Lmear Systems, Prentlce—Hall -
Englewood Cliffs 1980 .

e [3] WH Press, B: P Fla.nnery, S A Teukolsky,

rand W.T: Vetterling,- Numeﬂcal ‘Recipes in C,
Cambridge University Press Cambrldge MA,
1988.

4 0. Sf@im; P_hysfm'i; _M;aa,-ng; Using Digital

. Waveguides, Cornputer Music Journal, vol. 16,

. 0. 4, pp. 74-91, Winter 1992..

Nos

In practice, the _]unctlon' computation may be -

" performed with no multlphes inserting a non-
physical unit delay in the air-load loop, and as-
suming that the variables are slowly varying. In
this way, the reference impedance Ay is set to half
the membrane impedance Ry, so that all multi-
plications can be repla.ced by shxfts in fixed-point
arithmetic,

6 Conclusion

In all kinds of simulations, the ultimate goals are
efficiency and accuracy. When simulating wave
' propagation in a two-dimensional medium, these
" “two goals can only be achieved with a certain de-
- gree of approximation. Nevertheless, we believe

~ that the triangular mesh presented in this paper

[5] S. A. Van Duyte, and J.0. Smith.

Phys:cal Modeling with the 2-D Digztal Wave-
guide Mesh, Proc. Intern. Comp. Music Conf.,
Tokyo J apa.n 1983. .

| [6] S.A. Van Duyue and 1.0. Smith. The 2-D

Digital Waveguide Mesh, Proc. IEEE ASSP
Workshop on Apphcatlons of Signal Processing
to Audic and Acoustlcs, Mohonk New York,
1993.

" S.A. Van Duyne, J.R. Pierce and J.0. Smith.
Traveling Wave Implementation of a Lossless

Mode-Coupling Filter and the Wave Digital

Hammer, Proc. Intern. Comp. Music Conf.,
. Aarhus, Denmark, 1994.

[8] S.A. Van Duyne. communica-

tion,1995.

Personal

is a feasible solution for'many physical-modeling « ="

-~ applications, since it is much more accurate than
* the rectangular mesh, and it can be quite efﬁcxent
* when certain (weak) conchtums are met:

" QOur ongoing research is trying to apply the ri-
angular mesh to the simulation of real-world per-
"+ ‘cussion instrliménté’aﬁd drumming effects.

S References

[1] N H. Fletcher and '1‘ D Rossmg, The Phys:cs.

o of Musmal Instruments Sprmger—VerIag, NY,
1991 FEE B Rt :
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Abstract

This paper proposes some reflections about the analysis and study of electroacoustic music, summarizing
the author's experience in tlis field. It is observed that methods of historical and hermeneutic analysis are
far behind the theoretical and aesthetic reaches of much electroacoustic music. For tenewed and specific
analytical perspectives to be taken, the musicological observation should address itsell towards two specific
problem domains: 1) the process and role of teywvn in the srlists work - the world of techniques,
technologies, mental represcntations, conventions, practical tools which captures the artists relation to the
materials and forms of his/her art, thereby enabling us to recognize the musical work as wEyvapa. ie.
humanly devised artifact: 2] the complex relation of sound 1o form - i.c. the problem domain of timbre.

1. Introduzione

Analizzare una composizione musicaic. o un
repertorio di composizioni omogenee. implica
sempre volgere la nostra attenzione di osservatori
verso un quadro di riferimento teorico dal gquale
deriviamo una metodologia. dei modelli ¢ delle
strategie operative. Il problcma sostanziale, a mio
avviso ancora irrisolto, posto dalla musica
eletiroacustica e informatica all'osservazione
analitica si pud riassumere nella domanda:
abbiamo una teoria della musica (o almeno
element teorici di base) alla quale (ai quali)
volgerci per renderc conto delle condizioni
espressive € tecniche propric di questa musica e
delle suc esperienze crealive. interpretative e
ascoltative?

In quesie brevi riflessioni vorrei fermarmi su una
convinzione personale: le categoric teoriche ¢ i
metodi di analisi della musicologia di stampo
storiografico e di slampo ermenculico promuovono
approcei analitici che non sono sempre in grado di
caratterizzarc in modo approfondito i fenomeni ¢ le
esperienze  della musica clcliroacustica e
informatica. Facendo riferimento a concrete
esperienze di analisi vorrei meticte in rilievo
alcuni nodi teoricl. principaimente di caratterc
cognitivo ed epistemelogico. che occorre affrontare
se si mira ad un approccio analitico pit spccifico.

2. Aspetti problematici nelle
principali prospettive attuali

11 discorso della musicologia ermeneutica si basa
ampiamente  sulle  capacith  di  ascoito,

XI Colloguio di Informatica Musicale - Bologna 1995
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verbalizzazione e sistematizzazione da parte
dell'osservatore-analista. Si tratta di un'attivitd che
potremmo dire di "modellizzazionc del proprio
ascolte” (su base per lo pit intuitiva) ¢ di
"modellizzazione delle fonti storiche" (su basi
certamente  pit rigorose.  derivate  dalla
storiogralia). In alcuni casi, come nella reoria detia
ricezione in ambito di critica letteraria. si mira alla
ricostruzione di discorsi ¢ testimonianze - di artist,
critici. pubblico. ecc... - riguardanti 'opera studiata
o il lavoro di un artista o gruppo di artisti (Borio &
Garda. 1989).

Alla pratica della "modellizzazione dell'ascolto” da
qualche tempo si sono prestate basi pin rigorose
derivate dallo siudio dei processi cognitivi e
percettivi dell'ascolto musicale. In generale, cib &
stalo  determinantc per lo  sviluppo della
musicolugia cognitiva. Troppo spesso, perd, tali
ricerche manifestano l'acquisizione tacita ¢ acritica
di un paradigma epistemologico che privilegia un

unico punto di  osscrvazione: quello di un
ascoltatore  ideale. Questa & la  prospettiva
affermatasi in campo scientifico con la

pubblicazione del vollume A Generative Theory of
Tonal Afusic, di F.Lerdahl e R.Jackendoff (1983),
{Lerdahl ha applicaio le prospettive delineate in
quel volume anche all'analisi di musica atonale,
con esiti. a mio avviso. del tutto arbitrarii: cfr.
Lerdahl. 1988, dove viene analizzato Le AMarteau
sans Afaitre di Boulez).

Questa impostazionc ¢ sembrata particolarmente
pertinente  all'analisi di musica clettroacustica
(Dclalande. 1986: Canulleri. 1991; Deati. 1991),
poiche infatti permetie di rendere segmentabile il
flusso delle sonoritd e quindi di riscrivere una




- "zesto" che in assenza di altrc forme di. notazmne Lok

. diventa'a sua ‘volta oggello di descrizione..

Tuttavia in. questo tipo di’ ricerche: cit si: ‘scontra’

inevitabilmente con una difficoltd a dar conto in

modo pertinente dei principali fatti estetici: di:
i quali sono partecipi di: non
trascurabili aspetti concettuali che non glusuﬁcano .

questa musica,

una riduzione alla sola "musica come percetta” -

- meno dii non' voler ingenuamente’ ridurre’ la.' .

nozione di estetica a quella antica di scienza delle =

sensazioni.

invece di considerarla: come teorig

dell'arte (nell'accezione della tradizione filosofica

occidentale 4 partire da Baumgarien, cioé dal

XVII sec.) cio¢ 1a teoria di come 'nomo esprime -
“visiong © =70

1n forma- creativa - la ~ propria
"percezione” - del mondo, il proprio sentire.

I limiti: dell'analisi fondata esclusivamente sn -
quegli assunti - quello di un ascoliatore: ideale e
............................. quello - della: ricostruzione: di': testimonianze- € -

discorsi- a proposito: di altre : testimonianze ¢
discorsi - non possono essere delineati qui in

dettaglio. Vale la pena ricordare. perd, che il
programma scientifico proposto da Lerdahl e
Jackendoff, pur rappresentando un modello
importante per la psicologia della musica,
recentemente ¢ stato pii volte messo in discussione
(cfr. Laske, 1993; Smoliar, 1993). E che. da canto
suo, la storiografia musicale, nei risultati che riesce
a proporre quando tratta di musica clettroacustica,
non offre prospettive di reale interesse; Emmerson
(1986) nota che _perfino la drsunzmnc tramusique
concréle. . eieltramvche Musik . e.': stata
profondamenle banahzzata in ncerche di stampo
prettamente storico. ..

Lungi dall'essere solo questmm d: melodologla
questi problemi tradiscono la mancanza di un pit
adeguato tentativo di interpretazione teorctica,
richiedendo, moltre rinnovate cqtegom: Cnuchc
(alcum elemenu in proposno S0N0 temauzzau m
Di Scnplo 199‘4 19953) : :

3. Due speclficn dommu dl :
osservazmne R

Nelle  mic ésperienze a anal:m di opere
elettroacusuche ho privilegiato due dominii " di
osservazione specnﬁm - sui quali ci soffermeremn

tra breve La puntuahzzazrone secondo Ta~ quale_'
essi hanno nl:evo pet e come camposrmre ¢ che
dunque “che: sono “di relativo interesse per un.
musicologo - non fache addurre ulteriore evidenza:
ad un fatto: la muswologla attualc anche quclla__' ;
non . Tiesce . a. svxiuppare _

contemporanersaca
. strumenti concettuali per accettare le sfide che gli

pone la musica clctlmacustlca ‘Non siamo di fronte”

ad. un’ ‘fatto del. tutto nuow in ogm penodo dclla

storia . dirrante 11 quale si. sono_ sviluppate 1e

coordmate di una_ forma d'arle _nuova: o

--._concetmall che sf'ug,gono a. C]‘Il opera come se .
‘invece’ la’ prassi. consolidata ¢ la. relativa’ teoria
. fossero: immutévole ¢ defi rutwc._ PIBHB_ Schaeffer -
(1966, _
_musicologia di frontc ad’ alcuni fatti sustanzxah-__
‘proposti- :
-+ Koenig. nel 1955. doveva a sua volta illustrare la-
““trasformazione' dell'ambientc di lavoro nel quale -
“prendeva corpo’ la prassi estetica elettroacustica,:
~"indicando cosi implicitamente che proprio 1i - nella -
studiotechnik - si dovevano cercare elementi utili a
“‘caratterizzare. il

'pp.28-32) - segnalava . limpasse  della.”

dalla- nascita ‘della’ musica  concreta.

progetto - estetico  della -

elektronische Musik (Koenig, 1958).

" Quanta strada 'accademia’ musicologica non abbia

- esempio. i pochlssxm1 spunti cotenuti nelie taccolte

3 amplamente nnnc_ovala. gh arlisti - 'sono’ divenuti -
leonm e la loro arte si & amcchna dl eiemenu'_ L

a4

: fatto-nonostante qucllc (e molte altre) indicazioni
- iniziali fo si puo evincere dal modo del tutto vago e

superficiale con cui sono state trattate ancora oggi
le pr’odurioni'clettroacustiche di: aIcuni grandi del

curate da E.Restagno. 1987, 1988).

3.1 Teyxvn come dominio di aﬁalisi

Le rappresentazioni mentali, le conoscenze relative
al materiale e alle forme della propria arte, alla
relazione tra azione ¢ percezione guesto ed altro &
quanto viene catturato nelle procedure tecniche,

nelle  attrezzature lecnologlche nelle strategie
operatwe attravcrso _le. quali lidea viene
attualu:fata € 1853 hng:bllc - ascoltablle Come &
possxb:le prescmdere da’ una conoscenza degh
strumenti attraverso i quall un'attisia media tra il
suo mondo. interiore ¢ quello c1rcostante” I
problema (che altrove ho definito mancanza di

consapevolezza emamusrculogrca - cfr. Di Scipio,

1991) & chc per gludlcare i nsultati quall percepm
nozioni prec:lse su comc tali nsullau sono ottenuu -
sulla musica come processo. azione. 11 perché - con
quall finaliti. con quale progctln di mterpretazmne
del mondo - un lavoro € cosi come appare viene
lesnmnmato ( rcglstralo “dice Laske 1977) nel
modo in cui i mezzi dell'azione vcngono adoperau

1 doppio probiema tecnologico - il problema della
tecno!uq:a che intervience nel prr)cesm creativo &
qucilo della re/azmne tra arte e mondo della
tecnulagm (cfr. Borio, 1993: Di Scipio. in corso di
stampa) - - se serlamcme affroutalo ci”dice che
quals:am strumento ‘o ‘mezzo di rcalizzazione
cattura tutto un amblw d1 congscenze reianve al
prnprw domlmo d'az:one musmale e ad un plu
campetence conxlerm;m di Chumsky) E, " infing,

dinamizza lo. stesso mondo.. della. tecmca a
djsposleone dell'arte: ‘mettendone  in' evidenza

limiti ¢ possibili estcnsioni (a proposito, si vedano: o

alcuni contributi raccolti in Di Sc1p10- 1995b) .
Per! venire ad .€sempi . concreti; - & xmpossablle_“
coghere la portala esteuea della produzmne



elettroacustica di Xenakis senza analizzame la
specifica teyvn gravida di elementi essenziali per
comprenderne le visioni immanenti relative al
suono, al tempo, all'idea di costruzione, di natura,
di ordine (Di Scipio, 1995a); ¢ impossibile
comprendere la poriata costruttiva del caso, a pin
livelli di struttura, in Secambi di Pousseur (nonché
il rapporto tra imtenzione volta alla forma ¢
elemento costruttivo aleatorio) senza analizzare e
verificare "sul campo" - ovvero "in studio" - la
portata dei dettagli tecnici (Doati, 1992). Non &
possibile valutare le valenze musicali di processi
ricorsivi di trasformazione del suono in Terminus
di Koenig prescindendo dallo studic della catena di
trasformazioni attuata con le apparecchiature di
studio dai compositore (Ungeheuer, 1994),

Si pud parlare a lungo della centralita della
percezione nella musica di Risset, ma al momento
dell'analisi non se ne pud cogliere come latro
percettivo Tiesca poi a diventare progerfo se non si
analizzano i processi di sintest ed elaborazione al
computer (Di Scipio, 1988). In un saggio di analisi
dal titolo On different approaches to computer
music as different models of compositional design
(Di Scipio, 1995¢) ho cercaic di mettere in
evidenza come la diversa imposiazione del
processo costruttivo in differenti compositori di
musica per compuier, si rifleta nella diversa
significativita musicale ed estetica dei prodotii
finali.

Naturalmente questo tipo di impostazione ha
bisogno a sua volta di consolidare un quadro
teorico di riferimento. Personalmente negli ultimi
anni ho prestato molla attenzione a delinearne le
componenti e a disculerne la pertinenza in
relazione alla molteplicita deci fenomeni della
musica elettroacustica.

3.2 Timbro: un nuove modo relazionale
di materiale e forma

L'altro specifico dominio di osservazione che viene
spesso disatteso dal discorso musicologico intorno
alla musica clettroacustica ¢ quello del timbro.
Perché oso dire "disatteso" quando invece si sa
bene che proprio il timbro ¢ l'elemento centrale di
quesita musica, quando invece s¢ ne studia la
potenzialita di parametro conduttore di forma?

Nel contesto teorico e operativo della musica
elettroacustica e, ancor di pin, in quello della
musica al computer, il materiale sonoro non pre-
esiste necessariamenie ad alcun atto intenzionale,
ad alcuna intenzione formativa: il materiale
diventa passibile di apprezzamento e di gindizio, si
pone, quindi, come categornia di rilevanza estetica;
in quanto deliberatamente progettalo e composto, i/
materiale non é pilt materigle, si dematerializza
(Duchez, 1991} si virtualizza (at pari della forma) -
€sso & natura naturata, ancor prima di esscre usato
per l'articolazione di ampie sirutture formali.
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Analizzare come il suono venga composto. quindi,
diventa importante quanto analizzare come i suoni
vengano disposti nel tempo; significa osservare
quale teoria del suono, quale idea di materia sonora
venga scelia. attnata, o magari del tutto inventata
dal compositore. (Ovviamente esistono produzioni
elettroacustiche nelle quali i materiali sonori sono
"giad dati" - circostanza che, anch'essa, non &
possibile trascurare nel momento analitico). E poi,
anche. significa vedere se ¢ come la composizione
del suono venga messa in relazione alla
composizione delle forme, ai gesti formali di
ampio respiro formale.

Vorrei far osservare, inoltre, che lo studio del
rapporto maicriale/forma in un opera o in un
compositore non & attuabile senza adeguata
conoscenza della tecnica che ne permetic [a
attwazione {ci¢ ci rimanda al dominio di
osservazione della texvn). Ed inoltre - cid¢ che
forse ¢ ancor pinl importante - che esso ¢ reso
necessario da una constatazione che da sola basta a
definire l'unicitd deli'impresa estetica alla portata
della musica elettroacustica. la possibilitd di
fondere - di confondere - swono ¢ strutiura, di dire
“forma" il materiale sonoro e "materiale” la forma
del suono. il rilievo cognitivo ed estetico di questa
possibiliti-limite ¢ tutt'uno con la rottura del
dualismo (fin troppo ribadito) tra comporre-i-suoni
e comporre-con-i-suoni, ovvero con  quel
potenziale estetico (spesso nimosso  sia  dai
compositori che dalla critica) abbozzato gid alle
origini e poi declinato sul fondo della tradizione
clettroacustica: il riconoscimento  dell'opera
musicale come artificio  integrale, di  cui
interamenie (cio¢ a tutti i livelli) ¢ responsabile
una volontd formativa, Nel 1933 Pousseur
scriveva: "A queslo punto possiamo ideare strutture
musicali che non si astengono pit dalle variegate
ricchezze del mondo dei swoni. ma che
sostituiscono il suono naturale con l'intenzionalita
di cid che & ideato in piena consapevolezza” (1958,
p.34. traduzione mia),

Chiunque sa che ogni materiale d'arte ¢ sempre e
comunque cu/fura. ovvero &  storicamente
determinato. sedimentazione dellc conoscenze e
dei raggiungimenti del passato. Non ¢'¢ bisogno di
citare Adorno per ricordario. Tuttavia il ruolo della
musica elettroacustica ¢ stato (ed &) anche quello di
lematizzare quesla consapevolezza nell'ambito
della stessa esperienza creativa: qui davvero il
materiale sonoro pud diventare quello che Lukdcs
chiama il ‘"non-ancora" della conoscenza
dell'artista; per cui questa musica si presenta anche
come un'arie di materiali sonori possibili (Di
Scipio. 1994). La Gestalt del materiale ¢ cid che
diciamo timbro - la forma del suono. Percido una
"musica di timbri", come prodotto di un'intenzione
formativa che interviene a tutti i livelli della
struttura musicale, ¢ appunto un arfefatto
integrale; l'arte che si riconosce come definitivo
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4.- Concl'usmn'e o

Potremmo comprendere un Tayvmm. sczn,zaE
'comprendeme la: 'csxvn lo - ongma?
L‘antropologla suggcnscc alla (etno-)mus:cologla

che gli strumenti’ dell'azione (sia_quella utile’ che
quella gratmta) sono 1a sede stessa di conoscenze ¢ .

di cultura; di significati € di idee (Schaeffner,
1968). Non ¢ paradossale temere che I'accademia
musicologica dei nostri tempi, di fronte al
rinnovarsi del pensiero e “della prassi musncale
esibisca di una sorta di atteglamento 'etnocentrico”
(il vizio della etnomusicologia degli inizi *del
secolo) gludlcare i risultati dell'azione musncale di

“una- -cultura- lontana seccmdl i parametn della---- RS

propria cultura,

11 lavoro'da svolgere neile prospetuve qui appena
delineate & in gran pane ‘tutto ‘da fare (ma si
rimanda il lettore ai’ riferimenti blbhograﬂcn)
inoltre esso non pud che far tesoro anche delle
legittime osservazioni critiche ‘che pué sollevare.
Tuttavia se ritengo urgente lavorare in questo
senso non & solo per recuperare il tempo perduto.
ma anche (forse soprattutto) perché la mancanza di
consapevolezza finisce inevitabilmente con il
vincolare V'entusiasmo e Ia coscienza dei musicisti
stessn (compositori* ¢ 1nterpreu) Gxa “oggi
osscrviamo l'avvenuta relativizzazione del mezzo
elettronico in’ rapporto al linguaggio musicale,
P'affermarsi (presso, musicisti e istituzioni)

dell’oplmone secondo la’ quale I'idea, in fin dei

conti, possa prescindare daiIa tecnica dlspombxle 0
possibile, quasi che idea e tecnica’ mon si co-
determinassero. Cio rapprcsenta alineno i partc
il “risultato’ dell'assénza di “una quadro” teorico-
critico'in grado di dar conto dm caratter1 specifici
dei - reperton elettroacustici, con le ‘inevitabili
ripercussioni negative che questa assenza ha {ed ha

avuto) su]la dlfﬁismne “dif questa musnca e sulla

levatura del sum progem amsum
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Analysis of Confinuo (1958) by Bruno Maderna

Prof. E. Pancaldi

Course of Electronic Music, "G. B. Martini" Conservatory of Music
Bologna,Italy

In the title itself it is contained important
information of the excerpt conduction way, that
stresses how, more than a dialectic "sound-silence",
we have a sound temporal continuity dominating
the whole piece.

Al a first investigation level the mainly used sound
typology is represented the white filtered sound
that, in accordance with the major or the minor
SpECLIuIn range appears of as a rustle or as a tonic
sound (with a fluty or vocal "color” according to the
circumstances). Against this sound typology is set a
sound innerly complex object that, during the
excerpt, lives some {ransformations that stress that
inner "turbolence".

To these two sound figures diatectic process other
events are added to which can be linked (as for
cxample, the impulsive-percussion sound that
introduces a complex sound object again, above
mentioned, at 338") or put inside the sound
continuum as events more or less characterizing a
certain section (for example the sounds with a bell-
like spectrum at 4'10" and on).

We report a sound objects list which will be
referred, for our convenience, to a letter:

A-white filtered sound

B-complex granular sound

C-rolling

D-third major descent {cucu)

E-bell/like impulse

F-percussion impulses

G-iterative sequence

We must point out that, in some cases, some
synthesis have been made and some sound objects
have been grouped under an only one name since
then morphological properties were quite similar.
The hearing check on listening gives quite
important informations of the excerpt structure,
pointing out that to the major mass thickmess
corresponds also the highest point for sound
intensity (at 5'22"), a value that won't be reached
any more again, except at the end (but with a
different dynamic).

The fact that just after this top there is a stop and it
begins again from a very low thickness, ailows us
to establish preliminarily this point as one of the
most relevant in connection to the excerpt breaking
up. This hypothesis is supperted also by the
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progressive mass thickness increase from the
excerpt beginning to the point in question, sign of a
sound “directionality” that finds achievement and
conclusion at the top.

An other relief supporting this hypothesis is the
observation that, from 5'23" to the end, there is a
restriction of the occupied sound band (always by A
sounds), opposed to the B sound raid (at a lower-
pitched range). so besides a decreased mass
thickness it occurs a more infrequent sound events
distribution.

Among the several motion typologies included in
D. Smaliey classification (Smalley, 1986) we have
chosen the most suitable ones to define the excerpt
principal sound objects.

The characteristic motion typologies are:

-linear

-unidirectional ascent or descent

-curvilinear parabola

-eccentric endogeny

-centric/cyclic vortex

-eceentric conglomerate

The examination of table nl gives precious
functional informations to a complete structure
hypothesis since, if we observe the different
motions stratification we can identify a first
breaking up at 2'10" where to the series of mainly
ascent and descent motions {and to the eccentric
endogeny metion of B sound) are added the ec-
centric conglomerate B sound motion at 2'18" and
the linear A sounds motion of low-pitched and me-
dium ranpe. This second section goes on up 522"
(at 5'04" and on we have centric/cyclic vortex G
sounds) where we find the already mentioned
excerpt top. Afterwards the elements reductions
characterizes the last section (from 5'23" to 8'11").
We must say that the choice of the first
segmentation can be also criticized in regard to the
fact that the linear motions entrance can be
considered as a simple actwmulation inside that
"gesture” that appears from 0" to 5'22".

Therefore it is true that we notice a considerable
gradual fall from 1'50" to 2'07" as if we were at a
first impulse-section end. A sound entrance to the
low-pitched range, after a section completely
distributed in the medium-high region, is also itself
a rather characterizing element.




-+ considered as a "Preludrando"

Commg back to the notlon of contmuous" rnotlons x
L superposmon it is rnterestmg to observe the excerpt' e
.- tessitural and gestual virtues (Smalley, 1986)

We report D. Smalley classr.ﬁcatmn
- Gesture -
- -Texture . .
- Gesture framing.
- Texture setting

in the pesture itself; in the texture setting the inner

elements are balanced like in weaving but on the

whole a certam dxrecnonahty is shown;

We can notrce t.he tess:tural elernent clear'

predonunanee surely in the first two sections (0"
2'11" and 2'12"-522"); in the thrrd the gestual
element appears more clearly in some pomts (6 04";
632", 732", T43"); .

The pnncrpal breakmg up we have got from Lhe

previous observation can be, in its turn, divided fur-
ther; therefore the work deliberate functronallty le-
ads us not to "section” up to the lmprobable _
In the second section we notice some sounds that,
in one sense, differ from the excerpt sound
landscape; we refer to the C rolling sound (3'34") to
E bell -like impulses (4'10" and on) but above all to
the D third major descent (hke a cucu) (3'40" and
4'19"), a strange and curious element in the excerpt
economy we will find again in the third section at
6'45", This last section, precrsely, scems a_dif-
fraction of the second; a section where sudden
appear fragments previously heard speach (like the
short episodes at 6'04" and 6'40" that recall the
522" top}..
The same final part (7 41 " 8'! 1 " presents agam the
B sound w1th such an "exploswe" value. to recall
itself at 5'22“ ‘We notice. two segmentanon
_ pDSSlblllf.les o
- we can classify the first seonon as a Proposell but
seen the substantral graduallty that links it to
‘second” (that is_from. 211" o 5 22“) it: can be
since the sound

: components real’ development is- occurs in . the

second section (from 2'11" to 5'22");  the . real

'_Proposal The third section, for the analogres w1th
. the Second (as reported before) can be mterpreted
as Evoiuhon, presentmg qmckened and modified

fragments of previous. situations.. This qurckemng '
stands out at the end. mainly (741"-8'11"). where-

: the closer and closer B explosions. bring to.a de-
c:sm: Conclusron and in a rapld drsappearance '
- We: can, on_the contrary, consider the. first
.. individualized sechou as the real Proposal and the
: followmg two_ as a first Evolution (in: connection

_'wnh the nmbnc thickness) and as a second Evolu- |

o tion (in relanou w1th the sound typologles_

' -'-}:_duratrons)

8

Note

e _'As far as the conclusrve part concerns (7'41“ 8‘11") .
. we could discuss endlessly‘ the excerpt for the =
L conclusive ' rush~ shortness and for. its. sudden:

appearance-dlsappearanoe seems not to finish!

G ".--;.Tlns kind of critical opinion doesn't pretend to be':
SO 11} assertorial Judgement, but only a proposal the

points- of view' can. be exiremely various and

' e _dlvergent. Therefore if we accept, not definitively, '
In the gesture framing the gestual dlrnensmn is

prevalent, but the directionality is not so stressed as. -

these premises, Continuo can be seen asa "window
opened over the unexplored sound electroacoustic .
continuum®, a window that, having been closed
quickly, doesn't end the expenence -leaves the
fantasy door open, preludes to new spaces opening,
new horizons: it can be seen as a metaphore of the" -
begmmng" already in matuning: phase, of the
eléctroacoustical contnbutmg way of B. Maderna.:

§ These_ sound objects give rise to perceptive-
discursive. units which may be taken to. mean
Proposal . (a simple complete - sense impulse),
Suspension (when the parameter' general dynamics
are static), Evolution (when a parameter varies
while the other remain stable) or actual Conclusion
{when through different dynamics the end of the
expressive discourse is reached).
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Problems of methodology: the analysis of Kontakte
Thinking in terms of stories

Alessandro Cipriani

Electroacoustic Music Professor at the 'V.Bellini' Musical Institute of Catania
A.C. - Via Voghera, 7 00182 Roma
Tel, 39-6-7024309
e-mail a.cipriani@agora.stm.it

Absiract

The non-linear sequences of the evolutionary process of Kontakte,interpreted through the concepts of ontogeny,
phylogeny, context and relevance as formulated by Gregory Bateson, become a model for the analysis of the piece.

1 The difficulty of finding an appropriate
model for the amalysis of Kontakte. The

genesis of the piece.

An analysis of Kontakte can last years and years
because of its complexity. The subject of my study is
the form of this piece. From the very beginning
Kontakte seemed to me a world full of contradictions,
ag if the story of its development wasn't linear at all.
We must consider that in the mid 50's, time of the
crisis of integral serialism, (preceding the realization
of this piece) the strong ideas about the possibilities of
'‘pure’ electronic music (correspondences between
material and form and between acoustic micro-
structure and musical macro-structure etc.) became
weaker for reasons we won't mention here. Therefore
the apparent non-linearity of the genesis of Kontakie
is consistent with a time when many postalates were
being discussed.

One of the most striking things one notices while
approaching Kontakte is its contradictory genesis. The
initial project of this piece was based on
IMPROVISATION, the fundamental criterion of
sketches and plans is the SERIALIZATION of the
transformation values (Verdnderungsgrade) ;, the
realization score reveals the EXPERIMENTAL
CHARACTER of the research in the electroacoustic
field; we can also find ALEATORY ASPECTS bound
" to the techniques used in the studio work (impulse
techniques, etc.); the modifications of the original
structure that Stockhausen made to finish the work in
time for the performance, and the analysis of the
'sound text', all reflect compositional strategies bound
to  music TRADITION,  statements  about
MOMENTFORM being the basic idea on which the
work was built by J.Harvey and other musicologists
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are also well known, Therefore one of the first
problems one encounters is to find a model for the
analysis that does not reduce that complexity and
allows us to understand the real nature of the piece.

2 Finding a model

A possible answer to that problem comes from the
simple observation that those different aspects are all
part of the genesis of the piece, of its 'story'. Gregory
Bateson , in Mind and Nature, a necessary unity
writes: / would assume that any A is relevant to any B
if both A and B are parts or components of the same
'story’{...] Without context, words and actions have no
meaning at all. This is true not only of human
communication in  words but also of all
communication whatsoever, of all mental process, of
all mind, including that which telis the sea anemone
how to grow and the amoeba what he should do
next.f...} the fact of thinking in terms of stories does
not isolate human beings as something separate from
the starfish and the sea anemones, the coconut palms
and the primroses. Rather, if the world be connected,
if1 am at all fundamentally right in what I am saying,
then thinking in terms of stories must be shared by
all mind or minds, whether ours or those .of redwood
Jorests and sea anemones. Context and relevance
must be characteristic not only of all so-called
behavior (those stories which are projected out into
“action"), but also of all those internal stories, the
sequences of the building up of the sea anemone. Its
embryology must be somehow made of the stuff of
Stories. And behind that, again, the evolutionary
process through millions of generations whereby the
sea anemone, like you and me, came to be- that
process, too, must be of the stuff of stories. There




: must be re[evance in every step of phylogeny [Lhat is, . .

- the race lustoxy of a species], and among the steps.: v
Going back to my ana]ys:s of Kontakte; the: study of
its different aspects found a unifying context through
- the research of that ‘relevance’ mentioned by Bateson. .
I didn't try to unify i in a forced way what is non-linear - .
in the piece.” As in. an - evolutionary  process,. every .

__321 D:rectmnal Sectxons _ S
Use of homogeneous tunbres crescendos Spat]al

rotation and Gesture Framing model in directional.
sections heading toward dynamlc- Umbral-spectral.

- aplces (see 32 2)

evolutionary step is an addition of mfonnanon toan . .

already. existing system. Because this is so, the__j_._
benveen o
successive pieces and layers of i"]bfmatwn will

combinations, harmonies, and discords

present many problems of survival and determine

many directions of change. (Bateson). This was a:

model for me to proceed during the analysis and also

a key to understandmg the evoluuon of the plece R

3 B An outlme of the i‘undamentals of my' o

work of analysns on Kantakte

3.1-' Sketehes and plans

The study of some sketches and of the general plan of
Kontakte drawn by Stockhausen revealed that at this
preliminary level Stockhausen's idea about the piece
was quite far from Momeniform. 1 found a double
palindromic structure of all Verﬁnderungsgrade (the
way . parameters change) and Freiheitsgrade and the
tripartition of the durations (number 3 is often used at
all levels).. The relation among all the pa_rarn_eters is
built  with . a . symmetrical logic. and a
numerolog:cal/senal su“ategy S

32 the 'sound text' of the electromc versnon

In thls analysns I took into acCOunt PR
1) Prevailing of Gesture or Texture (as fonnulated
- by Denis Smalley) or mtennedlate levels in each.. ..
section. _ e
2) Prevailing dynanucs and poss:ble spanal :
‘rotation’ in each sectlon : .

* 3) Morphology of sound ob_]eofs' ;

4} Tendency to vanablhty or homogeneny of umbre

- within each section.- e

5) Prevailing timbral typology based on the 6 groups-
mentioned: by - Stockhausen (Metal-Noise, - Metal-

Sound;. Wood-Noise,: ‘Wood Sound; Skin-Noise, Skin--

Sound) in those sections where this frame of reference

is relevant. The analys:s is not only based on listening:

but also on a comparison: with the performance score,

I found somie criteria and. fonnal strategies within the__'-
pxece that are used several times: and w1th the same,
charactensncs ST L

322 .
' '_Spectral space plemtude (co-presence of low and lugh

'Aplces

ff or [fif dynamics,” tendency to

frequencies), -

'mharmomc:ty and Gesture Framing model.

3.2.3 Extmctlon of the dlrectmnai:ty
Clear diminuendo dynamics (sometimes together with
the use of delay), textural, graduated continuant (or
with a very long decay) sounds homogeneous timbre

i | and Texture model

3 2.4 Stat:e Fragmentary Sect:ons e
Timbral vanablhty, overlappmg of sounds Iack of
patises, non-extreme dynamics, Texrure Settmg model
in the ‘static fragmentary' sections: -

3.2.5 Directional Fragmentary Sections:
Contrasting dynamics, - use: of pauses, apparent
inconsistency of the sound objects, non-overlapping of
sounds Gesture or Gesture Framing models.

3 2 6 Pseudo-mstrumental Cadenzas o
Timbres: that tend to imitate’ percussion mstmments
tendency to organize sounds in phrases or clusters; use
of dynamics that are close to an mstmmental model,
Texmre Settmg mode[ .

Ildenuﬁed, follomng the above mentloned cntena, 5
macro-sections each containing its own "apex’, except
for the last one that carries a 'coda’ function: In those:
macro-sections one can clearly recognize . formal
functions and behaviors: that are repeated each time.
Some of the compositional strategies here have a very
strong relation with music tradition (e.g: directionality-
towards climax and then: extinction’ of dlrecuonahty .
cadenzas etc.). A’ clear-cut - division: betwéen macro--
sections is not completely consistent with the flow of
the piece; of course, {in some: cases transitions are
smooth  efc.) so dirations are indicated as ‘reference.
Roman numbers’ refer to: secnons as mdlcated in the
scorebyStockhausen ' TR o :

 MACROSECTION ALPHA (duratlon ™ s")

I+ directional fragmentary
IT- transition - R
III dlrecnonalwapex-exunwcm N
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MACROSECTION BETA. (dur.: 4'16,8")

IV static fragmentary

V directional-

VI/VII-A (1) -apex in three phases-extinction

MACROSECTION GAMMA (dur.: 10'10,3")
VII-A (2) transition
VII-BCDE static fragmentary

VII-F pseudo-instrumental cadenza (skin)
VIII abstraction-graduated spatial passage
IX-A pseudo-instrumental cadenza (wood)
IX-BCDE static fragmentary

IX-F directional-

X -apex-extinction-transition

MACROSECTION DELTA (6°15,6")

X1 directional-

XII double intermupted apex

XII-ABC prolongation of the apex-extinction

FINAL MACROSECTION (6'46,3")

XIII-DE  directional fragmentary

XI-F  pseudo-instrumental cadenza - transition

XIV/XV-A coda (suspended directionality)

XV-BCDEF/XVI directional ending-extinction

3.3 The instruments and tape version

3.3.1 The graph

I elaborated a graph representing, within sections that

are  proportional to their duration, the

presence/absence of the 27 instruments of Kontakte

for electronic sounds, piano and percussion in relation

to the 7 general types of sounds of the tape part

mentioned by J.Harvey (this idea of 7 types of sounds

was then criticized in my work). The instruments

were also grouped in six types, following the

indications of Stockhausen and Heikinheimo).

From the analysis of this graph one can netice that the

distribution of the instruments along the piece is not

based on the division in six instrumental groups. This

distribution is rather homogeneous among the groups.

I also compared the above mentioned division in
macro-sections with the results of the graph:

3.3.2 Formulation of an hypothesis

My idea after having analyzed the piece for
instruments and tape is that the construction of its
form is based on the formal articulation of the tape
part, the function of the instruments being to
constitute a wide timbral constellation that relates to it
in various ways. The function of the tape part would
be that of a formal frame of reference and a means of
spectral fusion in relation to the timbral constellation
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of the instruments. This hypothesis is based also on
some considerations;

a) Stockhausen reatized a tape version but didn't write
any version for instruments only, so instruments have
no autonomy from the tape. 'Contacts’ take place
between instruments and tape or within the tape

b) in the version for instruments and tape the latter
essentially remains the same, in comparison with the
tape version. That means that for Stockhausen the
presence or the absence of the instruments didn't
cause any need for a change of the formal functions
within the tape. They can be obscured, confused, put
in the background or in evidence through fusion or
contrast by the intervention of the instruments, but
without their weaving the piece would have no
meaning,

3.3.3 Study of some examples of relation
between instruments and tape in Kontakte
On the basis of this hypothesis I studied some
different functions that are given to the instruments in
relation to the electronic sounds. The form, considered
as a 'perceived event' (following Dahlhaus' concept) is
modified by these ‘contacts’ between instruments and
tape mainly at the articulation level within the
sections, much less at the macrostructural level. The
most evident of those mentioned functions are:
a) timbral 'expansion’ and 'underlining' of the
electronic sounds
b} completion of phrases, asin a
Klangfarbenmelodie
¢) relative autonomy of the instruments in some
moments when their function separate from that
of the electronic sounds
d) 'mixed' function: co-presence of function b) and
¢
e) 'underiining’ of the formal function and of the
timbres of the electronic sounds
f) pseudo-instrumental interaction (during the
pseudo-instrumental cadenzas of the electronic
sounds).

4 The projection of the non-linearity of
the genesis onto the form of the piece

The analysis, based on the above mentioned criteria,
and the consideration of the genesis of the piece and
of the historical point of view, can confirm that
Stockhausen in this piece synthesizes many different,
sometimes contrasting ideas and compositional
strategies. He seems to accept influences from
tradition, alea, serialism and numerology, as well as
from the concept of Momentform, from improvisation




a and cxpenmental pracuco Some of these mﬂuences' .
became weaker because of inevitable methodoioglcal_'

- conflicts: or: because of practlcal problems:: how could:

experimental practice: and non-deterministic: control
- - have co-existed with plans of the. entire - piece that

* were s0:: rigidly - determined. - at . the . beginning?

. Heikinheimio: refers. to tho aleatcry aspects: of some:

techmques used at the tJme, (e.g: impulse techmqucs

use of delay; filters; transpositions), demonstrating the
strong role of perception: in: composing, .This: can be
one of the reasons why many plans were abandoned or -

radically’ changed.. One possible: hypothcs:s is: that
Stockhausen, after havmg prepared those plans, found
that the best results came out of experimental research
(precisely documented in the realization score). and

that those scnal plans couldn't be easily re-modelcd-

mconﬂlct some: paramctcrs (eg ‘some durations: of

sections) . remain. . unchanged,. some- others have
completely different values. This is only.an example
that metaphorically - or directly = pertains . to - the
problems. of survival . and. the. directions of change
Bateson writes about, referring to living species and
their phylogeny and ontogeny (the latter is the process
of development of an individual, that is, embryology
plus all the. changes that are: determined. by
environment and habits). Konfakte has often been
described as'a Momentform piece. This:idea: certainly
reduces its complexity and often the simplest answer
isn't the only one. I think that-an analysis of this piece
is incomplete if it dogsn't include also the aspects
bound to - its- 'ontogenesis’; though- this: can't be
described in'a precise manner from a chronologlcal
‘epigenetic' point of view,

The: non-linearity: of the- genosls of the stones of
Kontakte, 'projects’ itself onto the form of the picce.
The 'polyhedric’ quality: of the piece that arises from
the analyses, lets me think that: the 'contacts' in the.
piece don't: pertain: only to. the relation . 'between

electronic and instrumental sound-groups' or ‘between . -
seif-sufficient, strongly characterized  moments': or - -

‘between various forms  of spat]al movement" (as
Stockhausen has said). I could trace, in fact, 'contacts’
between various composmonal expenences that find
* their own relatively incomplete, problematic synthesis
in the piece. That synthesis appears to me to be an
extremely stimulating one in our tlme bocausc of our
present . plurahty of ' ‘languages' and aesthetic
perspectives. In this study I accepted the companson

between'. different ‘analytical categories. ‘and’ guiding
lmes to explore thc dtﬂ‘ercnt facets and stones of thc :

o the concept of ontogenesxs
= mtnns:caily umtmy and non—lmear at thc same t1me .
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Forme e strutture nella musica elettroacustica tra
gli anni Cinquanta e Sessanta

Francesco Giomi, Marco Ligabue

Divisione Musicologica CNUCE-C.N.R.
Firenze - Italia

Abstract

The paper deals with the comparative analysis of six electroacoustic picces from the early Fifties to the
early Sixties. The analysis has been developed by taking into account the formal and structural levels of
pieces organization and following the aesthesic-cognitive methodology formulated by the authors and

mainly based on perception.

1. Introduzione

La relazione si pone come obiettivo I’analisi comparata
di una serie di lavori elettroacustici composti tra il 1953
ed i 1961.

Le diverse istanze compositive che attraversano quegli
anmi, e particolarmente quelle legate ail'esperienza
elettroacustica, mettono apertamente in discussione 1
criteri organizzativi del materiale sonoro, sottoponen-
dolc a modalita interpretative di natura eterogenea tanto
sul piano qualitativo quanto su quello relativo ai con-
cetti formali e strutturali. Peraltro, 1 molt laboratori di
musica elettronica che iniziano ad operare nel periodo,
ospitando compositori di varia provenienza culturale e
geografica, agiscono spesso come lenti focali nei con-
fronti dell'uso di materiali o di particolari indirizzi
compositivi,

Per quanic un lavoro analitico che voglia dirsi pii
esaustivo richieda il confronto con un pitt ampio reper-
torio, ci & sembrato comungue interessante tentare la
comparazione su di un gruppo di brani pit circoscritio,
concentrando I’attenzione su lavori brevi di compositori
di rilievo:

- K. Stockhausen, Studie IT (1953), WDR Colonia

- B. Maderna, Notturno (1956), RAI Milano

- F. Evangelisti, Incontri di fasce sonore (1956/57),
WDR Colonia

- P. Schaeffer, Erude aux sons animés (1958), RTF
Parigi

- G. Ligeti, Artikulation (1958), WDR Colonia

- 1. Tenney, Analog 1-Noise study (1961}, Beil Lab. N.JI.
USA

Gia questo vepertorio, nella sua essenzialith, permette

una valutazione delle diverse modalita con cui la forma,
pur nella brevitd, si esprime, mettendo in rilievo tutta
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una serie di peculiarith compositive che proprio tramite
il confronto vengono ad assumere valore. Anche
I’analisi strutturale interna delle composizioni consente
di mettere in luce aspetti interessanti dal punto di vista
della diversificazione dei materiali sonori, per modalit
d’uso e per qualita.-

L’indagine  analitica viene condotta mediante
I’approccio estesico-cognitivo sviluppato dagli autori
per la cui descrizione si rimanda ai testi in bibliografia.
Il metodo, basandosi su fattori di carattere prevalente-
mente percettivo, si presta all’analisi della musica elet-
troacustica e consente di mettere in luce risultanze par-
ticolar? del testo sonore che possono emergere solo at-
traverso un’analisi dell’ascolto condotto sui brani.

2.F orme a confronto

Tre pezzi presentano forma unitaria, ciascuna realizzata
attraverso modalita diverse,

Stockhausen realizza tale unitariet attraverso una omo-
geneitda relativa del materiale, organizzandolo senza
perseguire apparenti direzionalith e ponendo a chiusura
un evento particolare - diverso da tutti gli altri - che
marca il momento finale. A questo livello il procedi-
mento seriale consente al compositore di realizzare le
proprie intenzionalitd estetiche sul piano dell’unitarieth
formale.

L’interezza della forma & realizzata invece da Ligeti at-
traverso la distribuzione lungo tutto il pezzo di mate-
riale disomogeneo, montato con modalith del tutto
orientate ad un discorso fraseologico: la sua organiz-
zazione risulta spostata dal pianc formale a quello delle
catene sintagmatiche. Per tal motive certe direzionalith,
riscontrabili come vedremo sul piano strutturale, ap-
partengono al livello discorsivo dei sintagmi senza in-
vestire il piano formale.

Nei brano di Tenney il materiale risuita molte cmoge-



neo, ancor piit che in Studie:II;-ed &

progressivo processo di accumulazione. Nessun evento

st staglia sugli altri e la coda finale riscontrata a livello::: i1
strutturale non pud essere atiribuibile al livello formale

< OTganizzato per. ::
mezzo di un comportamento graduale con-um coerente e::: ..

dato che al suo interno i parametri non- cambiano in.- -

maniera sostanziale, al di 13 di un lampante quanto im- o

provviso salto dinamico.

Due invece sono i pBZZI che presentano una orgamz-

“zazione formale di tipo A - B.
Nel lavoro di Maderna la strutturazione formale ) ot—

tenuta attraverso una. diversificazione dei. caratteri:
melodico vs armonico. Si ha I'impressione che il com-:: .
positore:; utilizzi - un. - trattamento’ “strurncntalc" - degli

eventi elettronici, imponendo alla prima sezione mate-

riale tonico, fatto di sequenze ritmiche di incisi
"melodici"; nella seconda sezione vengono aggiunti ele-
- menti di rumore: gli oggetti sonori, alquanto allungati e
con dinamiche sensibilmente disomogenee,- risultano
sovrapposti, imprimendo un compertamento "armonico-
polifonico™ a questa sezione. :
La suddivisione formale dello stud:o di Schaeffer & ot-
tenuta mediante un’ organizzazione di carattere narrativo
del materiale. La sezione A sviluppa una propria au-
. .. ionomia grazw al suo. schema interno. di natura circo-
;- lare, Ia cui coerenza a guesto livello & data dal ritornare
di un evento. particolare di natura melodica che apre e
chiude la sezione. In B invece prevale una situazione di
mutazione continua del materiale con caratteristiche di
maggior articolazione. . - :
La forma della composizione dl Evangehsu & tnpamta'
su questo piano si assiste alla strutturazione pitt com-
plessa che, al di 12 degli intenti seriali, dimostra inten-
zioni di carattere narrativo. Il materiale & peculiare per
ognuna delle tre sezioni e risulta disomogeneo solo in
A, l'unica zona che per.andamento pud- richiamare
-- I'influenza dello Studie II di Stockhausen. Il comporta-

- mento fra le tre sezxom si: differenzia; notevolmente in .

conseguenza di strutture ritmiche specxf che.:

.- Per uno schema complesswo delie sudd:vnslom formali
. si Vﬂda la ﬁgura L. T _

'3. Strutture a confronto TN

Salta’ subito: agli ‘occhi- che. anche' all'ulteriore passo

- analitico del livello strutturale Amkulatzan rimane neu-
_tro'nella sua m{egma non sono infatti; evndenn processi

oodi strutturazmne tali da: gmsuf’ care: una’ suddivisione:

'prec1sa delia: comp051zmne Semmm i criteri strutturali - -

- permettono di evidenziare due. zone parucolan dove un

P quialche movnmento di struttura potrebbe aver luogo, nel

Senso che 5 nscontrano ‘due: brcv: momenn (quasn sim-.

'rnetnct) dove 'si’ nota l’mtensnﬂcazmne di alcum

.'parametrl (particolarmcntc d1nam1ca, tcnsmne € moto)'
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.- che rion paiono perd sufficienti a determinare una verae -

propria suddivisione. L’ rganizzazione vera e propria si . .

attua 2 livello dei sintagmi sonori, organizzazione che

pur:avendo una sua genmerica ripercussione a livello -
strutturale non consente di essere trattata in maniera pii -

- approfondita su questo plano. -
- In due dei brani si riscontra invece una parzxale suddnvr-

sione in sottosezioni.
Nel primo caso, Incontri di fasce sonare, Evangellstl

"lascia inalterate e zone Be C, peraltro brevi, dividendo

in quattro la prima sezione formale attraverso

- un’alternanza costante di moto ¢ densita.
- In Notturng: Maderna: non. suddivide 1a. prima sezione
- formale: ma ‘sembra- attribuirle: una: funzione analoga a-

guella che Evangelisti di-alla sua sottosezione strut-
turale al che presenta un carattere introduttivo. Se nel
caso del compositore romano tale carattere & realizzato
attraverso la presentazione del materiale; in Nofturno si
assiste ad una esposizione melodica delle frasi - riprese
poi anche nel corso della composizione - che, confe-
rendo una morfologia ad arco alla sezione A, garanti-
scono lintegrith formale-strutturale. La sezione B si
sviluppa invece in tre zone di diversa impostazione
strutturale, 'ultima delle quali attua una funzione di

- coda. grazie al suo andamento. ed al cluster: finale in

rapida rilascio: Tale coda & preceduta da un momento di

- culmine di: tutti- i* parametri (sottosezione: b2) che' rag-
- giungono fra 2'08" e 3°10" il loro puato di massimo.

L’inserimento di un elemento strutturale con finzione
di chiusura finale & riscontrabile anche: nel pezzo di
Tenney: preceduti da’una sottosezione relativamente
culminante (a2), gli ultimi 40 secondi presentano carat-
teristiche: conclusive. Caratteristiche’ di questo tipo si
riscontrano anche negli ultimi istanti del pezzo di: Scha-

- effer dove-il risultato & comunque di minore rilevanza
- per la sua relanva hrevué ed i caratteri che nsultano ap-

pena accennati::

- Questi. due: u]tmu lavnn, insieme 'a quellu dl Stock‘
 hausen,’ "

presentano: - un’organizzazione . di'-- carattere
struiturale completa su tutta la forma, p'ur con modalita
tra loro alquanto differenti. .

Tre sono le partx sia’ in Stockhausen che in Tenney Da
un punto di. vista: percettivo il lavoro del compositore

" tedesco risulta carfatterizzato da un andamento tripartito,

dove la breve zona centrale a2 svolge la funzione di

" ‘ponte’ tra le' due: estreme, diversificate - tra “loro- dai

parametn ‘timbrico-dinamici e di densnta n compomtore- :
americano stmttura invece la: composizione seconda la -

L loglca di una ‘continua mtensnficazmne dei parametri,

con lo scopo di creare un senso contmuo di crescendo: -

 le sottosezioni al ed a2 si differenziano per ll fatto che - -
+-laseconda mantxene stabili. il magglor numero dl_

:Tfpa.ramem sl punto “di culnune La coda cume dctto' ;
i chlude Ia composmmne ERAR TS :



Infine Erude aux sons animés, che presenta tra tutti
I"organizzazione strutturale pil articolata e dove le due
sezioni formali hanno un carattere autonomo: la prima,
composta da tre sottosezioni, risulta compiuta neila sua
morfologia circolare (al -a2 - al’); la seconda percorre
un andamento diversificatc con un punto di rilassa-
mento b3, dopo un iniziale aumento dei parametri, se-
guito da una conclusione in ulteriore crescendo. [l
susseguirsi delle sottosezioni procede per progressiva
aggiunta di elementi sonori nuovi con la conseguente
eliminazione parziale di altri gia utilizzati.

Per uno schema complessivo delle suddivisioni strut-
turali si veda la figura 2.

4. Considerazioni analitiche generali

Tre delle composizioni provengono dallo stesso stadio
di produzione (Studie II, Incontri di fasce sonore e Ar-
tikulation), la WDR di Colonia. L'impressione
percettiva che ne risulta & quella di una relativa omo-
geneitd di materiale, sicuramente dovuta alle comuni
sorgenti ed ai vincoli che esse imponevano per qualiti e
natura. Cid nonostante le differenze non mancano: se
Evangelisti amplia la tavolozza timbrica rispetto allo
Studie 11 (il primo brano in ordine di tempo) senza di-
scostarsi molto da quelle morfologie sonore (soprattutto
quelle di dinamica/inviluppo), Ligeti & quello che si dif-
ferenzia magpiormente imprimendo una strutturazione
fraseologico-vocale caratterizzata da sequenze di eventi
sonori con morfologia "liquida”. Tale caratteristica che
informa non pit singoli elementi, bensi si dimostra una
vera e propria strategia di organizzazione del moto in-
terno agli oggetti, sembra una delle caratteristiche pii
innovative che il compositore ungherese apporta al lin-
guaggio elettroacustico di quegli anni. Peraliro anche
nell’ambito di scuole musicali e studi di produzione dif-
ferenti si notano eventi timbricamente simili, per esem-
pio alcune fasce toniche in crescendo presenti sia in
Evangelisti sia in Maderna.

Per quanto riguarda le curve generali di tensione si pud
notare nei primi due lavori della WDR (Stockhausen ed
Evangelisti) un tipo di andamento che si sviluppa in tre
fasi e che ha il suo punto di massima nella regione cen-
trale: anche questa somiglianza pué in gualche modo
sottolineare una certa vicinanza di intenti tra i due com-
positori.

Seguendo I'ordine cronologico complessivo det brani,
dal 1953 al 1961, si assiste anche ad un progressivo au-
mento dell’elemento "narrative” nelle modalita organiz-
zative. Assente, o quasi, in Stockhausen (se si esclude la
curva di tensione in tre fasi di cui si & detto) si arriva al
brano di Tenney: qui Pelemento narrativo appare uni-
tario e sviluppato integralmente lungo tutta la compo-
sizione, dimostrando la capacitd da parte del composi-
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tore di rapportarsi con nuove modalita al paesaggio
sonoro. Incontri di fasce songre ed Etude aux sons
aniniés risultano all’ascolto pill strutturati, con una con-
seguente maggior “leggibilita” musicale, grazie ad un
utilizzo di precisi elementi - ie sottosezioni - che sup-
portano con il loro intercalarsi la narrazione. In Artiku-
lation la discorsiviti & garantita dalia strutturazione in-
trinseca ed estrinseca det sintagmi; tale strutturazions,
ancorché costruita secondo criteri seriali che sul piano
strutturale ostacolano !'individuazione di schemi pre-
cisi, conferisce comunque coerenza all’intera compo-
sizione. Maderna, infine, nel suo generoso fare musica
sviluppa invece il piano narrativo attraverso un lavoro
di orchestrazione quasi strumentale del materiale sin-
tetico.

Se in Stockhausen e Ligeti appare meno forte la preoc-
cupazione a livello generale di una strutturazione inizio-
Jine del pezzo, pur con una sottolineatura del suono
grave finale nel primo caso e della frase “lontana”
iniziale nel secondo, in tutti gli altri compositor] questa
tendenza & pill marcata attraverso 1'uso tanto di ele-
menti introduttivi quanto di code o di sottosezioni con-
clusive specifiche.

Per concludere, possiamo precisare che cid che qui ha
maggiormente interessato & stato il lavoro di confronto
sut piani formale e strutturale. Per tale motivo non si &
proceduto alie successive fasi di dettaglio che il metodo
estesico-cognitivo prevede: catene sintagmatiche,
strategie compositive e strategie di significazione. Un
lavore analitico completo permetterd in futuro di com-
parare i brani in oggetto anche sotto questi altri aspetti,
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Abstract

Durham Music Technology is an ongoing collaboration between the Concurrent Digital
Signal Processing group and the Department of Music at Durham University. The group
is interested in multi-processor architectures for real-time synthesis. The 160 T800
transputer network described below is an example of this work. A more recent project
involves the construction of a multi-processor T900C network. Each of the new
transputers offers an order of magnitude improvement in performance, and the network
is being designed with a memory capability of 8 Mbytes per node. Parallel algorithms
which can exploit the concurrency of the network are also being developed. In particular
the recognition of harmonically rich signals by Iogarithmic (constant Q) transformations
shows considerable promise. An application of this work has been extended to capture
visually the complex interaction of bell sounds during the ringdown process.

1. Multirate Optimisation of
Additive Synthesis

Under investigation is the optimisation of the
traditional sinusoidal oscillator-bank model of
additive synthesis, well known for the diversity,
richness and transformability of its sound. A key
property is that analysis/resynthesis is supported.
The algorithm forms a fundamental part in the
foundations of a spectral modelling paradigm
which enables manipulation of the raw sound. A
disadvantage is that real-time computation is
prohibitively expensive due to the bandwidth of
control inforrnation, which has led in recent
years to a concentration on software IFFT
techniques. An alternative is the application of
multirate DSP principles which integrate with
traditional hardware solutions.

Note-based music has a stationarity property in
that partial frequency trajectories are known a
priori, provided margins are made for
instrument physics and expressive dynamics.
The observation is made that the computational
cost of an oscillator is proportional to its update
rate. A fixed sample rate of twice the peak
frequency of the oscillator suffices during the
lifetime of a note partial. This rate may be an
order of magnitude less than the standard
Nyquist rate. For instance, a 2-kHz partial
computed at 4 kHz is ten times more efficient
than at 40 kHz. Control bandwidth and the cost

XI Colloquio di Informatica Musicale - Bologna 1995

51

of oscillator updates are reduced accordingly,
but the optimisation is functionally transparent.

A synthesis filterbank, constructed from half-
band filters, with octave-spaced bins provides a
mechanism to allocate near-critical sample rates
to oscillators [Phillips et al, 1994]. One
filterbank sums and interpolates a distribution of
oscillators into a single stream. Additionally, a
halving of wupdate rate is achieved by
representing sinusoids as complex exponentials
and utilising negative frequency. This permits a
flexible modular filterbank topology of an
arbitrarily complete binary tree and a
combination of octave/integer bin spacing. Also,
a hierarchical spectral decomposition creates a
framework for adapting the cost of computation
to note frequency dynamics without artificial
constraints on oscillator frequency range.

A single-bus VLSI coprocessor architecture is
proposed. Complex exponentials are computed
by a pipeline floating-point CORDIC vector
rotation unit, efficiently replacing two multiplies
and a sine and cosine computation. Control
information is in the conventional form of
piecewise linear envelope break-point queues
from the host CPU. A hierarchy of burst
scheduling and caching within a frame timing
structure permits the CORDIC unit to operate at
close to maximum throughput, providing a
maximum of 6400 oscillators from a 20-MHz




= 6!ock A DSP in? the coprocessor computes L

L filterbanks and communicates with the CORDIC "

" unit and host CPU via a shared-memory model

~oof mterprocessor commumcatlon [Phﬂhps et a[ iy
o 1995] s o

2 Real-tnne Synthe51s ona:
: Multl-processor Network

Smce 1988, this research group has reported on_ ' _
. issues’ ' concerning - multi-transputer- - audio” .
proce’ssor's';' such® as" [Piirvis~ et al; 1988], "A 70 .

"+ the theory above [Phillips et ali;: 1994]. Since the .
- implementation . is: based. on: recursive sine
- oscillators i using  real® numbers (complex
. numbers were used in the theory); its gain in the
.- nunber: of oscillators remains’ a’ factor of three.

prototype architecture’ for a’ transputer network’

was described and’ demonstrated " at the 1990

ICMC ' {Bailey ‘et al.; 19901 “This has ‘been

developed  into” an ‘audio processor using 160 o

Inmos. -~ T800 - floating-point - = transputers

intercoranected_as a ternary trée; There are 16 -7
transputers- fitted onto d 'standard 3U printed
circuit ' board, which' represents a processing = -

power of 140 MIPS:- TheSe transputers are
permanently connected, but the software
configuration of the network is flexible and
reprogrammable. Ten such boards form a

L
===

.'.':-_network w:th a maxrrnum processmg power of'
A 1 GIPS and a total of 640 kbytes on-chlp'

memory

: Th;s network has been used as a test-bed for_

network architectures for real-time synthesis,

vand: has-a: custom—made MIDI-to-transputer

mterface Usmg recursive: sine. oscillators, we -
have implemented an 88-note argan with fixed:

‘note” allocation and a 27-note ‘organ with @ -

dynamic note allocation [Ttagaki et al, 1994].

. An 88-note organ with-multiple sample rates has -

also been 1mplemented as a partial realisation of

The network can run these programs in real
time,  at-a: maximum: control: rate of 150
keystrokes: a - second [Itagaki- et al, 1995a].
Meanwhile; we  are implementing granular
synthesis on the network {Itagaki et al., 1995b]
and are developing another muiti-transputer
network using Inmos T9000s.

L

| extent of PCB
£+ Transputer

BEF FAILE ALY ) el

Figure 1: The 160-rréﬁsoorér':oe_rwork:___. BTy S

j 3 3 Musm Analys1s

--.Another f eId of current research wnh many

e polentlal apphcatrons is" music analysis: A ..
B prototype system has been developed for

: '.extracung event peremeters and tunbral :
mformatlon from polyphomc Tsic [Nunn et..

v 1994]. Iﬂ oro‘er to. satrsfy the ' trade-off

e betwaen time :and frequency - resolution,. the
i system rehes on a mu]tlratc ana]ysrs scheme

.. 5



This is implemented in 3L Parallel C on a Texas
Instruments TMS320C40, hosted by a PC. The
original data is decomposed into sinusoids,
which are then recombined to form the control
envelopes required for additive synthesis. The
later processing stages are carried out using the
PC alone, and this permits detailed graphical
display of the data {Nunn er al., 1995].

This system has immediate applications to the
characterisation and automated transcription of
music. Although the performance depends

strongly on the precise nature of the input, the
results have so far been encouraging. Such a
system also offers the potential for more flexible
composition tools that can manipulate and
reinterpret existing music.

~iermircre S

arsoeres | | [

Figure 2: Logarithmic spectrum of a fragment of the ringdown of Durham cathedral bells

4. Musical Applications

As an interdisciplinary research group one of
our objectives is the production of new tools for
composers of electroacoustic music, This has
involved extensive field-testing and custom
moedification of our more mature research
prototypes to ensure error-free operation and an
appropriately user-friendly environment for their
creative use. Activity in this context has
concentrated on the implementation of suitable
synthesis algorithms on a network of three T800
fleating-point transputers with full support
facilities for studio composition. The most
significant tools to have emerged to date in this

53

context are a transputer-based phase vocoder
and a Parallel C version of the MIT software
synthesis program Csound that incorporates
dynamic scheduling routines to distribute the
component synthesis tasks across the transputer
network [Bailey et al., 1993].
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Towards a Unified Representation of Sound and
Analytical Structure in Music.

Igor Popovic,i Ronald R. Coifman, Jonathan Berger'ﬂt
fCenter for Studies in Music ‘Technology, TDepartrnent of Mathematics
Yale University, 143 Elm Street, New Haven, CT 06520, USA

Abstract

‘We depart from our past experiences with applying modern techniques of digital audio signal pro-
cessing to the problem of denoising historical music recordings. The strategy adopted in those projects
utilized modern mathematical methods, such as wavelet transforms and wavelet-packet analysis, as
well as adapted local rigonometric ransforms. Qur current work aims at developing refined tech-
niques for the detection of higher-level musical structure in digital musical audio. We consider ana-
Iytical transcriptions of audio signals which provide a synaptical view of local, midrange, and large-
scale structural components in musical audio signals, We describe our work on preparing such sig-

nals for higher-level musico-analytical interpretation.

Introduction

Recently, we have reported our experiences with ap-
plying new techniques of digital audio signal pro-
cessing 1o the problem of denoising historical music
recordings [Berger, Coifman, Goldberg 1994]. In
particular, we have achieved some success with ex-
tracting pitch and timing structure from an almost
completely corrupted wax-cylinder recording of
Johannes Brahms playing one of his Hungarian
dances, as well as removing noise in a recording from
1903, of Enrico Caruso performing an aria. The strat-
egy adopted i these projects utilized modemn math-
ematical methods, such as wavelet transforms and
wavelet-packet analysis, as well as adapted local
trigonometric transforms f[Auscher, Weiss,
Wickerhauser 1992). Our current work aims at de-
veloping techniques for the detection of higher-level
musical structure in digital musical audio. We have
reported preliminary results at the 1995 ICMC
[Berger, Coifman, Popovic 1995]. In this paper we
summarize our research and propose possible new
directions,

Unified Representation of Musical Struc-
ture '

Our efforis aim at the detection of various levels of
structure in digitized musical sound. Current devel-
opments in the intersecting areas of signal process-
ing and mathematical harmonic analysis have pro-
vided us with new and efficient ways of extracting
time-frequency information from digitized audio sig-
nals. We believe that further development of our
analytical methods will allow us (o take meaningful
steps towards a unified representation of musical
structure. This representation is conceived as a model
for a wide range of structural formations: on one hand,
we wish to model micro-detail, contained, for ex-
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ample, in the audio recording or real-time capture of
a musical performance; on the other hand, we want
to model larger structural units, such as those ren-
dered in a conventionally notated score. These in-
clude individual notes, chords, polyphonic lines, etc.
Applications of such a stratified, yet synchronous
representation might range from symbolic-musical
interfacing to digital andio in the context of sound
editing, o real-time pitch- and timbre-tracking for
interactive performance. For example, a sound edi-
tor driven by our envisioned representation would
provide access to the audio material on the signal-
level, that is, by sampie frame; but also on a musi-
cally much higher level, namely, by musical segment
such as measure, beat, phrase etc. (This bas been pro-
posed -in [Chafe, Mont-Reynaud, Rush 1982] and
[Foster, Schloss, Rockmore 1982].) In the perfor-
mance domain, the capture of musical audio as sig-
nal and, simultanecusly, as musical structure would
expand possibilities for interaction in performance,
in particular if we succeed to achieve at least partial
satisfactory solutions 10 some classically-notorious
problems, such as pitch- and timbre-tracking in poly-
phonic music. '

Transcription and Generalized Musical
Notes

An indispensable step towards the identification of
higher-level musical structures in musical andio con-
sists in preparing the raw signal by means of a de-
tailed, yet compact analytical transcription, Cur-
renlly, our primary technique consists in transcrib-
ing a digitized musical audio signal by means of de-
composition into time-frequency atoms, i.e., quasi-
noles which are sufficiently localized in both time
and frequency. This is comparable to traditional
manual music ranscription as practiced, for instance,




. whrIe mklng dlctauon for the purpose of trammg Al
ral skills. Here, What is heard is to be transcribed us-
ing conventional notational symbols or notes. Un-
" fortunately, the pitch-time concept provided by tra- -
ditional music theory is idealized beyond being of . -
any use in situations which require an efficient, yet
detailed automatic transcriptiosi of musical structure’

- manageable by a short-time discrete Founer trans-

form. Stmngly locahzed detzuls suchasfasttransrents R

chirp-like frequency modulations, etc. are “smeared”

_ across the’ full Spectrum mt!nn each anajyzed seg~ SRR
' ment ‘and thus become maccessfole to Furthier analy- L

§is. Accordmgly, the prec1snon of Iocahzauon in time .

and’ frequency represents a compromlse “The wave- .

let transform expands asignal also in terms Of simple |

from musical sound. The transcription, of: miisical .

sound by means of standard miusical notational de-- .
vices presupposes an anachronistic Pythagorean-
model of musical structure, with each tone imple- -
mented by means of an ideal single-frequency oscil-
lator, suspended:in the grid of ‘an illusory discrete:
time-frequency space. This paradigm allows forim--
mediate transcription by means of notehéads on staff -~

lines. The reduction’ of musical tories 1o fotatignal

notes may have pedagogical merit. It is a litde “tog" =
efficient” fof our purposes; however; in that it aban- -

dons any and all connections 1o the physical-acousti-

-apnon well-locahzed tn time. and frequency and a -
_wide variety of such localized functions may be de-- -
*rived by srmple scaling of a prototype or “mother
~ wavelet," The wavelel transform uses small-scale.
* . basis functions to model fine localized detail of the

analyzed stgna] whereas dilated versions are matched _
to large-scale features; The basis functions are called

- 'wavelets because they have compact support over a

finite, relatively short interval (as opposed to sines
and cosines, which are infinite), all the while pre-

“ serving othogonahty

'&anscrlptnon and the Best-has:s Para- §

. digm

- Wavelct~packet analysrs expands a srgnal 1nto are-

cal realities of tones making up the sonorous reality -

of a musical piece.

Past research has revealed the faxr a.mount of com-
plex structure accompanying even the most elemen-
tal of musical events, such as single piana tones. We
are currently searching for a transcription by means
of analytical notes which themselves posses a fair
amount of intemal strucwre, yet allow for as effi-
cient a transcription as conventional musical notes
do. The basrc rdea here is to shnnk—wrap the typi-
cal spectral mess' makxng up a musical tone, with-
out really htdmg it. We have found an entry point lo
such a tIanscanIon in the employment of sxgnal
bu1]dmg blocks, which are satisfactorily localized
both in time and in frequency These are, spec:hcally,
wavelets wavelet packets, and local trigonometric
bases We generalize the mus:ca] terms transcription
and nate o suit our mtended purposes. Our transcrip-
tion depans from mathematical harmomc analysm and
includes recent advances in wavelet apphcauons The
classrcal Fourier trarusform, performed on the time

side ofa s:gnal expands that sxgnal into sine and co~
sine basns funcuons In Ellldlﬂ the result of the trang-

form may be presented in.the form of 4. SOnogram,

which in turn may be mterpreted asa protocol of the :

spectral behaviar of a signal over time. To achieve

localization in time, however, a long signal hastobe . -

windowed, that is; segmented into chunks which are

basis funictions. These functions possess an impor-

tant addluonal parameter namely scale; They are

dundant set of basic waveforms by applying recur-

_stvely the wavelet transform to dyadtc partitions of
the slgnal [Colfman & Wickerbauser 1993]. There-
. sulling_space of scaled basis. functions may be

searched for one specrﬁc linear combination of basis
functions, basis for short, which may be called opti-
mal with respect to some user-defined criterion. Us-
ing this best-basis approach, a signal may be ana-
lyzed in terms of bases which minimize the entrapy
of the transcription relatively to the signal. Such bases
have been useful in transcribing those components
of a signal which are deemed structural or coherent.
For example, signal reconstruction from such bases
may result in signifi icant noise reduction. We have
found that the components transcnbed as coherent
via best-basis extraction from a wavelet-packet analy-
sis expose local detail of interést (from the perspec-
tive of music analysis) such as the attack behavior of
musical tones. [n addition, features which are more
continuous, such as the relatively slow spectral be-
havior of sustained tones, are transcnbed efficiently
as well A syntheuc example may illustrate this. In
Figure 1'a-c, an artificial stgnai consists of a qua-
dratic chirp up to the Nyqguist frequency, 512 samples
long, foliowed by 5 12 samples of a pure sme wave,
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Figure 1.b

followed by a linear chirp. In Figure 1.a, a 2048
samples wide window is placed over the signal {zero-
padded at end) and the DFT is 1aken. The pure sine
wave component is localized well in frequency, but
not in time. The starting and ending chirps smear over
the entire spectrum and cannot be seen, In Figure 1.b,
the same signal is transcribed by extracting the en-
tropy-minimizing best-basis from a 3-level wavelet-
packet decomposition, (Due to the small depth of the
decomposition the frequency localization is not good
here; this rough approximation, however, can be ex-
ecuted in many-times better than real time, even on a
modest PC and may be useful for fast zooming-in
otito interesting details.) Finally, Figure 1.c shows
the same signal once again, transcribed via a 9-level
adapted local trigonometric transform {ALTT, see
below), performed directly on the time series.

As in denoising, we favor cumrently a wavelet-packet
relative, namely the adapted local trigonometric trans-
form, ALTT, performed on the signal spectrum, which
yields libraries of time-frequency localized sines or
cosines. As in classical sliding-window Fourier analy-
sis, a long signal is segmented first. To combine good
frequency localization with an adequate time local-
ization, each segment is moved into the frequency
domain via a discrete sine transform [Yip & Rao
1990]. A tree of smoothly cut and folded windows is
constructed on the spectrum and the entropy-mini-
mizing best basis is extracted. In the denoising pro-
cedure, a segment is then reconstructed from the head
of a sorted queue of coefficients of each basis node,
while separating the tail as noise. We do not recon-
struct but simply interpret the coefficients as notes,
in a generalized sense. Each box plotied in the time-
frequency plane represents one such note. Forcing
the analogy one step further, particular configurations
might be called generalized neumes. Figure 2 depicts
a moment from Debussy's piano prelude ... La fille
aux cheveux de lin, digitized from a commercial LP
record and transcribed by an ALTT on the frequency
side of the signal. Besides individual pitches and their
timing, the transcription reveals interesting detail, in

57

T e L ew Skl Twrnred e - - Y

bl ] O - b AY bt W SR S T

Figure 1.c

particular about the dynamic and temporal disposi-
tion of the chord on the downbealt of m.5 (the lowest
note of the chord, marked by an arrow, is apparently
played very softly; the isclated psendo-notes at the
bottom of the graph are pops and other noise from
the recording).

|
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Figure 2

Conclusion

The objects obtained from a wavelel-based signal de-
composition, populating the time-frequency plane,
are indeed muosical notes, albeit in a generalized sense.
They are paramelirized building blocks which are lo-
calized in time and frequency, with the musical pa-
rameters frequency, onset lime, duration, and ampli-
tude (in the tf-plots above each box represents such a
note, its parameters, and the region of uncertainty
where it is presumed localized). Wavelet packets tran-
scribe a signal simultaneously on many different
structural levels. For the musician, this means to
“have the cake and eat it too”. Depending on the ana-




' 'lyuoal mtentxon bases may be exuacled whlch em—

- phasize Tinear continuity of frequency tracks Across

- time, allowing for note trackmg and subsequentpuch
" inference. ‘Other bases may be constructed from the - -

- same nbm:y tree to emphasize rapidly changmg struc-. -
tures, even some specially adapted to chirp compo- -

_“Toward an ImelhgenLEduor of DlgltaI AlldlD Slg- '

uents (chirp transform). And, finally, bases may be'

constructed tomaximize the power of discrimination
between signals belonging to different classes, in

terms of statistical linear discriminant analysis (see - - |

below). Our main concern at this point is to leam to
interpret the multitnde of perspectives provided by

our tools and to unify them into a compact, yet de--

tailed transcription, which is open for interpretation
on a fairly low level; close to the signal that is, as
well as on a level closer to that containing symbohc-
syntacth musmal mformauon

S Future Steps

At this point we do not “clean up our ana]yscs al-
though the clarity of Figure 2 suggests that this couid
be done easily. Instead, we are seeking to preserve as
much detail as possible, with future applications in
mind. We believe that our transcription contains a lot
of information which is structural and which waits
to be further interpreted in terms of the tasks we are
shooting for. It is important to keep in mind that the
plots we are currently obtaining only resemble tradi-
tional sonograms, The scatterin g of coefficients
around pomts of | Emnsnem actwu;y is charactensuc it
is a pattern. We are currendy testing the « construction

of bases which | maximizes some statistically measur-

able distance between signals classified as belong-
ing to distinct classes. This approach is proposed in
[Coifman & Saito 1994] and [Saito 1994]. Although
the technique is the Same, the intention behind the
transcription and basis construction is different: not
the most efficient transcription of a signal is sought
but, rather, one which is maximally different from
signals declared as belonging to different classes. In
other words, the transcription is performed so as to

- maximize those features which are presumed char-

'_ _ S Foster W Andrew Schloss A Joseph Rockmore '

acteristic of one class but not another and best-basis .

selection is performed so 4s to maximize the distance
from one class to another. Qur first test results, ob-
tained as of this writing, suggest that this technique
might be developed further to tackle problems of the
complexlty posed by tasks such as polyphomc puch-

t:ackmg and Umbre dxscnmmatxon i
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The Centro Tempo Reale

Nicola Bernardini
Alvise Vidolin

Centro Tempo Reale
Centro di Ricerca, Produzione e Didattica Musicale

Abstract

After a fairly long period of silence, since the end of 1993 the Centro Tempo Reale, a computer
music center located in Firenze, Italy, and directed by composer Luciano Berio, has entered a new
period of activity and production opening to many new works by prominent composers,

1. The Centro Tempo Reale:
a presentation

The Centro Tempo Reale is a center dedicated to
research, production and pedagogy in the field of
computer music which was first created in 1988.

in 1993 the Centro Tempo Reale has taken npon a
new start upgrading most of its technology and
producing several works of international
importance.

Between 1993 and 1995, the following works will
have been created and premiered:

— Orfeo cantando...tolse by Adriano Guarnierd,
opera for two sopranos, electric guitars, flute,
amplified choir, small ensamble and live-
electronics {1994)

— Noms des Airs, boite 3 musique by Salvatore
Sciarrino (A.Vidolin et al.)

— Quare Tristis by Adriano Guarnieri, text by
Giovanni Raboni, for solos, female choir, two
instrumental groups, percussions and live-
electronics

—...1995,,..2995,,.3693..., comezdia harmonica
by Marco Stroppa for actress, a double-bass,
computer music and live-electronics

— Zaide by Wolfgang Amadeus Mozart/Luciano
Berio, opera in two acts

Besides the production activity, the Centro Tempo
Reale is also pursuing the restoring of old analog
tapes of masterworks of electronic music, among

which:

1. Visage
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2. THEMA (Omaggio a Joyce)}
3. A-Ronne

all by Luciano Berio.

Furthermore, the Centro Tempo Reale organizes
every year a cycle of seminars devoted to both
musical and technological topics (lecturers of the
last two years have been: Andrew Gerszo, Gabrio
Taglietti, Alvise Vidolin, Johan Sundberg, Stephen
MacAdams, Angelo Orcalli and Jonathan Impett),

Qther than touring abroad with the works produced
in-house, the Centro Tempo Reale organizes also
conceris and musical events in Firenze to create a
wider public devoted to contemporary and electronic
music in town.

The CentroTempo Reale is funded by the
Municipality of Firenze (Comune di Firenze) and
the Region of Tuscany (Regione Toscana).
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Abstract

We describe the application of minimal description-length to musical analysis in the spirit of linguistic
analysis. We present an experimentation on the analysis of rhythmic structure, We conclude that
minimal descriptiondength is cognitively relevant 10 music semiology.

1 Introduction

Semiology conceives of a music composition as a
continuum of sound elements with distribution
riles that determine their relative integration and
exclusion relations, The ultimate result of an
analysis is the reconstruction of the sound piece in
term of sound units found with context dependent
distribution features comparison and
identifications. By and large, segmentation is the
main analytical tool. A typical analysis is based on
principles that depend on the nature of the piece,
on the auothor's taste and dominant cultural
categories.

This paper reports on a first attempt to provide an
antomatic tool to aid analysis with the application
of the minimal description-length principle, whose
relevance o cognition has already found many
experimental proves in several scientific disciplines
{1]. In agreement with musical semiology, the
theory of inductive inference as well as other
disciplines studying the natural development and
acquisition of knowledge, recognizes analysis as
the process of representing a phenomenon inio a
model, The minimal description-length principle,
an information theoretic formalization of the
Occam razor which is fundamental for
episthemology, claims that the model should be as
simple as possible. In this way, it is possible to
capture difficult concepis as learning and
understanding as processes of refinement of the
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interpretation medel, towards higher description
efficiency.

The ingredients needed to turn this abstract ideas
into a working computational system are three: a
model representation, a complexity function for
comparing different models, and a search sirategy.
We bave obtained a further simplification by
focusing on the rhythmic and melodic events
separately, In the following section we provide a
brief description of our system, its analytical
postulating assumptions, its model representation,
and symbol evolution strategies. As a first siep
towards verifying the functioning principles and
the capabilities of the system in musical analysis,
we have considered simple codified musical forms
becanse they show an evident formal, melodic, and
rhythmic structure: we report on the sysiem's
analytical behaviour on minuetto, marcia polacca,
musetia, mazurka, valzer, tango. After the system's
analysis, we can perform a double verification,
cognitive and perceptive, on its results . We can
either look carefully into the model constructed, a
classical semiological analysis, and check for its
cognitive relevance, or we can listen to a
resynthesis that the system can perform with the
model constructed, and check for its perceptive
relevance.

Following linguistics, as music semiologists do [2],
we consider a musical composition as a whole
reality that needs to be cut in parts, parsed, to be
understood. Computer science conceives of parsing
as the processes of finding structural relations in a




sequence of terminal symbols, the whole reality,' o
.~ according to an a priori model, a grammar a oramy. . .

3 '. other equivalent computauona] model Thls pzocess:;_.:'_ L | where I-I is l.he entropy Xﬂs the avemge size of the

" setand | X | is the overall size of the set computed

- symbols, a priori observables and a' formi model, -

in terms of which to represent the comiposition as a

sequence. Our analysis procedure - will select the L

form model that best descnbes the composmon .

among posmble models

'Tlus general procedure can be nghlly applzedi-

making different arbitrary choices on which

observables to use in order to represent the
composition and - which evaluation function to-:

evaluate the analysis. For the sake of this paper

we concentrate on rhythmic observables and use
minimal coding size as model evaluation function.
- Different - choices of observables are suggested )
- the conclusion- am:l wﬂl be the adopled in- future'-*-. T
: Fohi e The expenmentatlon Lhat we' propose “aims at

work,

2 The system AlephBeta

Our following analysis examples have been
obtained with the adaptive parser embedded in the
system AlephBeta [3].

Convenuonal computauonal lmgu:sucs uses static

parsers that Tely on a given grammar that identifies.
a general form with which 10 analyse a sequence. A
composition that does not fit the given form would_.

not be parsed and wall never be parsed: new form

patterns and ideas cannot be ml:roduced on the run,

they need to be embedded m the system m a
session before lhe analysns '

' AlephBeta mes w0 overcome tlus problem by
evolving lhe form structure that it uses fo parse,

during the parse process itself. For representmg__
form models, AlephBeta uses a particular . .
nnplementauon of augmented finite state automata, .
It manipulates and constructs them with a set of
functions msplred by the Lheory of codes 41, and.:.

evaluates them, relauvely to the phenomenon it is
called to_analyze, by means of information
theoretical functions that measure. theu' size and

their codmg eff1c1ency Fmally. it uses': _
convenuonal heuristic . search strategles i

HX )

'functmn K def"ned as K(X)“w-——-l- IX b
<X>

m Lherms of the pnor observables

The nature of Lhe sequences of observable events,

. which comes from compositions supposed to be.
___'expenenced in a definite time orientation,

'.'_"'_'recommends a choice for symbol evolution criteria -
“that turns out convenient to limit the search space
o manageable size: AlephBeta considers prefix .

" coding sets only, to avoid parsing amblgumes and

appropnately 1mproved as far as is allowed by the =

data structures used.
To be more prec:se 1f A is its dlctmna:y of pnor

'observables. it first. adopts the most. general g
language, . the tbeory' of computauon ‘universal
- then it specm.hzes it. by'
evolvmg t.he pnor observable symbols to a new set e

language A* [5]. E:|

3 Expenmentatmn

backn'ackmg

discovering whether the analysis postulates that
AlephBeta uses are sufficient to discovering
established composition forms with no prior -
knowledge of the forms themselves. As a first step
towards verifying its functioning principles and
capabilities in musical analysis, we have
considered musical forms that show an evident
formal rhythmic structure., A few compositions
where given to the system in terms of notes
dumuons only agin the followmg table '

Note durations.

:_'-'n-m-'n-'-;-_-ﬂ-ﬂ-
ol il 1l B call el L

The set of rhythm pauems wn.h thelr relanve
occurrence probablhty that AlephBeta evolved
after 1ts computauon is g:ven m the followmg

i r'o437_:'fﬁ _Jda| 03w |
Lo oS VT T3 0272
Cide 0425 | VR e 013 |
P L R X S O IR O o - o
grirrd o006y | [os e Lo opds |
SRS 150 O L ) G N v B O » 5 AN

L TR 150,045 o

0045 | |



Polacca Musetia

AHFE | 025 J 3| 0285
T4 0.200 mn 0214
IRE 0.150 el 0.178
on &m | 0100 n i 0.107
Jidd 0.100 T 0.071
IR BRI | 0.050 g3 1 0.035
A JA a0l 0050 R 0.035
FH 14 | 0050 g1 0.035
774 0.050 A A 0.025
J I 0.015

Mazurka Valzer
344 0.200 d. 0.385
0 08| 01so J iy 0.217
J &3 03 | 0as0 4 J 0.114
I {31 43| 0150 $ oL 0.103
d. 0.150 i 0.068
o3 4} | 0100 8344 0.034
3 ] 01w dd 0.029
'lPrr 0.023
24 4| o0
d 43 0.011

Tango

aFR | a7

[Per 0.166

A F[ 0.125

I 0.114

yw| 0.083

oS | 0083

FT3_Fi3 | 0075

A Fridl 0.062

i 0.030

yFF 3| 0025

FT3_n0 | 0020

I d 0.010

1157 0.010

Similar results have been obtained with an
experimeniation on with a different choice of a
priori observables coding melodic interval
sequences. The patierns obtained could be used as a
priori observable for higher level structure
discovery.
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4 Conclusion and future work

If listen to a resynthesis obtained as a random
sequences with the distribution observed of the
patterns obtained with the analysis, we obtain
composition which show similarities with the form
analysed. The similarity is increased if higher level
structure is considered. We can conclude that
minimal description-length is cognitively relevant
to music semiology.

AlephBeta is a general purpose system, if
appropriately interfaced it can deal with any
sequence of symbols and can construct symbolic
representations. However, what is symbolic is
complelely arbitrary, it can be perception as well as
cognition: even though the examples that we
present only concem the symbolic level of music,
we expect this preliminary results to geide the
application of Alephbeta to the level of sound.
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Abstract

In this paper an attempt is made to formalise musical sirnilarity. A computational model is devised that
discovers all possible parallel melodic passages {(according to some musical parameter) by-passing traditional
‘well-formedness' demands and selects the most prominent patterns according to their length, frequency of
occurrence and degree of overlapping. The theory and results presented here are part of a more general research

project on musical similarity.

1 Introduction

Being able to understand and reason about an object
of our world means being able to see it in relation
to other similar objects and in opposition to other
objects of the world. This way an object may be
classified within a class represented abstractly in
the mind.

In music such classes are established primarily
through internal self-reference (music rarely has
direct external denotational associations). Structural
repetition and similarity are crucial devices in the
organisation of a musical piece. Similarity - for
different parameters and levels of abstraction -
allows musical objects to be defined and
interconnected in an intelligible way. Similarity
enables a musical surface to be segmented into
meaningful units (segmentation is actually one of
the weakest points of most of the existing musical
theories) and relationships to be established
between such units.

Despite this, even the most elaborate contemporary
musical theories neglect to tackle the problem of
parallelism in a systematic way (e.g. no detail is
given in the GTTM, Lerdhal & Jackendoff 1983).
Theories that attempt to formalise musical
similarity either restrict themselves to a very well
circumscribed and rather limited area of musical
knowledge - e.g. Ruwet's machine (Ruwet 1987),
similarity relations in pitch-class set theory (Forte
1973) - or allow a fair amount of musical intuition
to the analyst - e.g. traditional thematic analysis,
Reti's thematic processes (Reti 1951), paradigmatic
analysis (Nattiez 1982, 1987).

In this paper we will briefly explore the concept of
similarity and will attempt to create a formal
description of it. The proposed theoretical
framework will form the basis of a computational
model that can discover and label similar (parallel}
melodic passages occurring in a given melodic
surface. The material presented here is only part
of on-going research.
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2 Formalising Similarity

We will attempt to systematise musical similarity
by the use of the logical principle of identity.
Similarity is an obscure and much dreaded notion.
What are the conditions and limits under which two
entitics may be considered similar? Especially the
definition of limits is a difficult, if not impossible,
task. (It is like trying to define how many hairs
should be missing from a man's head before he
may be considered bald!)

We will consider two musical objects as being
similar if they have identical values for at least one
property pertinent to their description. The more
properties they have in common the stronger the
similarity is. If the two objects have identical
values for all the properties under consideration
they will be referred to as being identical. The
similarity relation is a. reflexive (A is similar to
itself) and b. symmetric (if A is similar to B, then
B is similar to A). It is non-transitive (if A is
similar to B and B is similar to C, then A is not
necessarily similar to C) (see Rahn, 1983:50).

Below is an attempt to formalise similarity into a
hierarchy of kinds and degrees of similarity based
solely on the principle of identity (figure 1).

REPETITION This is the strongest form of
similarity (actually identity, as defined above)
where two musical groups are identical in all
parametric levels (not start-times).

ORDERED-SET SIMILARITY (0OS5) Two
groups are similar when they are identical in at
least one parametric level. The more parametric
profiles the two groups are identical in, the
stronger the similarity is. For example, a
transposed retrograde-inversion of a pitch formation
that has identical rhythm pattern as well, is a
stronger OSS than two groups that are identical
only in respect to rhythm.




UNORDERED-SET SIMILARITY (USS) Two
‘groups: are similar if they contain” xdentxcalz_" o
- parametric values:in. at least. one parametric level .7

- where grouping ignores ordering of elements. One

example of thxs kind of snmlanty is pc—se: theory Py

0SS is con51dered stronger than USS and _wuhm
each kind of similarity there aré many degrees-Two. =
groups may be similar, making use of either or:.: .- : S -
A multzple-v:ewpafnr approach to analysis’
_(separate analyses for each structural and parametric

both kinds of similarities. For example, two

groups may have an identical rhythmic pattern. - ...

{088) and identical pc-set information (USS). In

both OSS and USS. we can also talk about weaker:.:: o
forms, of . s1mllar1ty in terms of subsets and-_-

suPersets R TN P

first pattern to each of the following.

@- REP: exact repetition . :
g O.SS:. pitch - scale intervs (inv.)
— - OSS: rhythm- exact durations

OSS: pch - exact intervals
088: 1hm - shorterllongerfequal

4
=
.'-“'US.S':'"peh samepnchset
e

. QSS; rhm - exact start-time int§ <

o ___.:Pch 9
%OSS: rhm -~ exact duranons (ret)

= [JS§: pch same pc-set [023578]
@: USS: rhm same duraoon set K
1 TR S

———— Uss:* pch same pe-set [023578] |
ﬁ? Q88 and U.SS for reduced surfaee_

Thls kmd of smulanty analys:s (parallehsm) can be _'
applied not only to foreground surfaces but to any =
reduced abstract lével. Such reduced striictures may

be created by estabhshmg preference ruies for the '

events that may be considered most prominent -

o (statlsncal prominence, 1mportance of position
i relatingeig: to; strong—beats or‘melodic peaks or.

.. boundaries. of groups . etc.). This' ' way
- ackriowledgement is made of the fact that some
" events are structurally more significant than others
" and: parallelism may thus penetrate deeper into. -
mus:cal strucrure ;

level) is essential. Separate analyses are performed.

-+ for the different parametric profiles: of ‘a: melody.

(pitch, rhythm," dynamics' etc) and: for different

... levels, of abstraction within each profile (e.g. for = .
- oo piteh: intervals: exact: mtervals. scale-steps,’
fi gure I Some sumlanty relatlons betwaen the

contour etc.). Apart from: the acfual- melody
similarity analyses may be performed on reduced

versions of it. The difficulty of such an approach is .
the interleaving of these different’ and often

“conflicting” v1ewpomts into "a “single " overall'_._'

analysis. This issue’ w:Il not be addreSSed in the
current paper -

3 Overlappmg of Patterns

Many contemporary theories - espec:ally theories
that have been influenced by linguistic theory -
make hypotheses about the way a musical surface
should be segmented that are too restricting and
limiting. = For example, . the GTTM
(Lerdahl&]ackendoff 1983) assumes two kmds of |
rules the first of which are referred to as well-:
farmedness rules. These rules allow grouping
interpretations of a piece that comply with a strict
tree-like hierarchic non-overlapping structure
(limited overlaps and elisions are considered to be
excepoons to these rules) -

In our view, such weIl formedness rules should be .
considered simply as preference rules in a theory

where the overlapping of patterns is the:norm.

Even in the classical tonal system it seems that the.
cases where such rules apply precisely is rather

limited.. Most ‘music . has:. a- fair. amount of |
ambxguous passages. where not only the different .
parametric profiles conflict with each other making
it impossible to find a well-formed description but
even within a smg]e profile a non well-formed
descnpuon may be the most appropnate (ﬁ gure 2)
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Our cognitive skiils attempt to impose a well-
formed interpretation on a musical surface which is
the preferred interpretation mainly for reasons of
cognitive parsimony. However this process often
fails leaving an unresolved ambiguity and
uncertainty which is central to musical meaning
and emotions. In music there are no absolute
‘parsing' rules to which an analysis should comply.
There are better or worse descriptions, more or less
econornic, closer or more remote to cognitive
models, preferred or avoided within a certain
context. In this sense, we consider closer to
musical understanding theories that are non-
exclusive i.e. 'theories which do not view new
pieces as being true or false, but rather regard all
representable musical surfaces as possible'
{Conklin, 1991:2).

4 A Method for Exhaﬁstive
and Efficient Pattern-Matching

The similarity mechanism is employed in a
bottom-up fashion i.e. starting from the smalilest
patterns and extending them to the maximum
length. The well-formedness demands posed by a
hierarchical structure of discrete levels with
approximately equal length non-cverlapping groups
is by-passed. Overlapping of patterns is allowed.

For a given viewpoint of a melody (e.g. scale-step
pitch intervals), the matching process starts with
the smallest pattern length (2 elements) and then
shifts stepwise through the entire array finding al}
identical patterns (original, retrograde, inversion and
retrograde inversion) that are repeated at least once.
Any interval that is not included in any matched
pattern is removed from the initial array and a
marker is placed in its position that doesn't allow
matching to override it. This way the initial array
is fragmented and shortened. As the matched
patterns grow in size, the search space is reduced.
When the last matching is found for the largest
possible pattern, the matching process ends.

The matching mechanism is exhaustive i.e. it
discovers all possible maichings and although it is
computationally expensive, it is as efficient as
possibie {through the reduction of the initial search
space). This procedure can become significantly
faster if the user inserts break markers in the initial
array for positions that are thought to be major
division points in the melody (e.g. marked in the
score by breath marks, large rests, slurs, fermatas
and so on). It is also possible to define externally a
range of pattern lengths for which the matching
mechanism should be employed.

For hierarchically ordered viewpoints, i.e. for
viewpoints that can receive structural descriptions
that are necessarily a subset (or superset) of the
descriptions produced by the same process on a
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different viewpoint (e.g. exact interval - scale step
interval viewpoints), the pattern matching process
can be applied first 10 a more general viewpoint and
the search may proceed within the patterns
previously discovered. There is no reason to
employ an exhaustive search to the more specific
viewpoint. This again reduces significantly the
search space and the computational time involved.

This whole similarity procedure is pursued for at
least the three most significant ordered parametric
properties of musical events i.e. pitch, duration
(and start-time intervals) and intensities (timbre is
currently not incorporated).

It is apparent that such a procedure for the discovery
of parallel melodic segments will produce a very
large number of possible patterns most of which
would be considered by a human musijcian-analyst
counter-intuitive and non-pertinent. How can the
most prominent patterns be selected and the
unimportant ones be filtered out? The next
paragraph addresses this issue and proposes a
possible solution.

5 Selection Mechanism

In an attempt to devise a procedure that can attach a
prominence value on each of the previously
discovered patterns we made a hypothesis in which
the importance of a given pattern relies on the
following three general principles:

- Prefer longer patterns
- Prefer most frequent patterns
- Avoid overlapping

Below is a function that calculates a numerical
value for a single pattern according to the above
principles:

F(PL.F,DOL)=Fa.pLb19c-DOL

where PL: pattern length i.e. number of elements
in pattern ‘

F: frequency of occurrence for one pattern

DOL.: degree of overlapping

a, b, c: constants that give different
weights to the importance of the above principles

For every pattern discovered by the matching
process a value is calculated by the use of this
function (the same constants should be used for all
the patterns). The patterns that score the highest
should be the most significant ones,

The system was tested, among other pieces, on
Niobe - a solo piece for oboe - by B. Britten (from
Six Metamorphoses after Ovid). The matching
procedure was applied on a scale-step pitch interval
profile of the monody and a total of 121 different
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Abstract

Whenever a musician needs to harmonize or analyze harmonization of a given melody, after establishing the
key, he/she tries to extract, for each measure, some harmonic hint from the melody in the form of key notes.
These key notes provide a sparse harmonic ontline that will be completed o a full harmony using constraints
derived from:the harmonic and the melodic contexts, the musical style and culture and the individual musical
taste. Based on this analysis, we propose a Jordan's sequential neural net the structure of which reflects the way
the human musician proceeds: it contains a sub-net that identifies key notes. The net is capable to learn simple
harmonized melodies and generalizing what it has learned by harmonizing melodies it has never seen.

1 Introduction

Suppose you have heard today a hit on the radio,
you can sing it with the singer and you almost
know all the words.-You wounld like to play it to
your friends at a party in the evening. You take the
guitar and try to find the right chords, but the
result is not convincing. It is really important to
you, 30 you meet with your guitar teacher who can
prabably help you to find the chords. You sing the
song and it takes only two minutes to your teacher
to find the guitar accompaniment! “Tell me how
you do it", you ask your teacher. But the teacher
says: "I think I can not give you the algorithm or
the exact rules for deing it, and moreover it
depends on my mood, and it took me some years
before I learned to do it well, so keep trying!”.
Harmonizing a melody is one of many musical
activities that is difficult to explain or teach. A lot
of people get frustrated when they are unable to
find sensible chords for a melody. This paper will
try to explain how musicians solve the problem of
harmonizing a simple melody and will present a
hierarchical neural network that effectively learns
this task. We have tested the ability of an artificial
neural petwork to learn the task of harmonizing
very simple songs. The class of the songs is
Western European, and the melodies and
harmonies are at the level of a child after two years
of playing the organ. There are two reasons for this
choice of melodies. First, we want to understand
the basic chord functions and how they are learned
by beginners. Second, the aesthetic judgment on
harmonizing simple melodies is probably less
controversial.

2 The Problem
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What gives an expert the ability to harmonize a
melody so easily and so well? What makes a child
after two years of playing the organ, able to cope
with the harmonization problem? We do not claim
we understand these processes fully, but we shall
describe the steps a musician may use, and based
on these steps, the architecture of the system that is
capable of learning how to perform the tagk.

2.1  The Human Musician's
Approach

Whenever a musician needs to analyze the
harmonization of a given melody or to.create an
harmonization for a melody, he/she examines the
notes of the melady in order to establish the key or
the tonal centers. Then, using the knowledge that
the harmonic rhythm is generally of the order of
magnitude of a measure, he/she considers the notes
in every measure, in order to extract some
harmonic hint: key notes that comprise a sparse
harmonic outline which will be filled and
completed using constraints derived from: the
harmonic and the melodic contexts, the regularities
of the chord progressions in the musical style and
culture, and the individual musical taste. Not all
experts agree on how one finds the key notes, or on
their exact relation with the chord finally chosen.

2.2 The Computational Approach

A neural net for harmonizing simple songs has
been built and tested. It is capable of learning
harmonized melodies, using a back propagation
algarithm, and generalizing what it has learned by




hannomzmw melodles 1t has never seen We av01d i

- the need to locate the key of the: song by :
i c0n51der1ng only songs written in Do major In o

. 'section 2.1 we described how a musu:lan tries to
extract a harmmuc hint for a measure by notes m SR .
-~ The output layer is fed back in the state units of the ~
i 5mput layer for the computanon of the next chord:

every measure. In our system, the task of fi ndmg
key notes is delegated to a sub-net that is trained
separately. These key notes are 2 function of the:
notes that appear in the measure only: no melodxc
context is taken into account. The full’ '

harmonization is produced by a Jordan's Sécjuential Tok
net [Jor86], described in Section 3. This net learns

the regularity. of the chord progressions in the e
musical style from examples. The harmonic
context is uised directly in this net; together w1tl_1

the key notes, to create a full.harmonization, i.e.;- &5

the chords. The melodic context is used only
indirectly by.the net; through the key notes .
produced by the sub-net

3 DES(‘IlpthD of the network

The architectire of the network is describedin
figure 1. The sub-net for key notes {earns to extract
key notes out of the melody. It learns from
examples: harmonized melodies. To define the key
notes for a measure, in our examples, we used the
intersection between the notes appearing in the
melody and the notes that build the chiords for the
measure. The sub-net is a 3-layer standard feed
forward network trained by back propagation.

The input layer represents the notes of one measure * -
of the melody and the output layer represents the .

key notes with twelve units for the chromatic scale.

Figure 1: The net architecture

The 4-Iayer sequenual net leams the sequencc of

%+ chords; with consideration to the key notes that are '
... propagated from the sub-net. The cutput units
' represent 14 chords 7 for the Do Major scale's-

'degrees and 7 more for thelr Dommant 7 chords.

" the value of a state unit at time ¢ is the sum of i 1ts

valug at time t-/ multiplied by some decay -

'parameter and the value of the correspondmg

output unit at time {-1.! The state units represent

the context of the current chord sequence, and the

- putput layer represents the prediction of the net for:'

; . the next chord: The net also includes two internal -
"~ hidden layers: Hidden dand HiddenDis: The '

. HiddenDis layer represents the chromatic scale:
-+ each of the twelve units represents a pitch. This®
- layer is only partially connected to the output layer

i (for example: units Do, Mi, Sol are connected to

the C unit in the outpit layer,2 but unit Do is not’
connected to the G unit). The output layer of the
key notes sub-net is fully connected to the:. :
HiddenDis layer, but some of the connections are
fixed and some are learnable, For example: Do in.
the key notes sub-net output layer excites Doi in.
HiddenDis layer, and therefore, indirectly, excites
the C unit of the output layer; it also inhibits Si in
HiddenDis and, indirectly, inhibits G in the output
layer. In this way, we impose soft constraints on

the way information is representecl in the
dedenDls layer. The plan units in the mput Iayer o
are used to label dlfferent sets of notes' sequences.
They have been used to harmomze in different .
styles, but this experiment will not be descnbed
here. : :

I These feadback conriection do not appear in the
ﬁgurc of the net architecture; =+

2 The bottom left side of the fig., that is denoted by o

kn, is descnbmg only the output layer of the sub~
net for ke}/ notes S
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To implement the system architecture we used the
PlaNet software[Miy91]. A full description of the

network and the results obtained may be found in

[Gan94].

4 Running the Net

4.1 The Learning Phase

For the learning phase, the net was given eighteen
simple melodies with chords, and learned to
reproduce these examples. We have tested the
performance of the network with several different
learning parameters (e.g., decay, number of hidden
units), The net was able to learn the task relatively
fast.?

4.2  The Generalization Phase

The network's generalization capability has been
tested by giving it new meledies to harmonize. The
results were compared to the original
harmonization of the source. A trained musician
has evaluated the resulting chords from the

. aesthetic and funcrional aspects. In the
generalization process the net was tesied by giving
it four new melodies, and evaluating the resulting
chords. These four new melodies were gradually
growing in complexity, with regard to the density
of the harmonic rhythm and the use of chord
substitution. The resulting harmonization was
found to be functionally appropriate by trained
musicians. For some songs, the result obtained was
almost identical with the harmonization proposed
by the source, a music study book for children.*
For the other songs,.the chords obtained were
surprisingly aesthetic, flexible and different from
the original. The chords resulting from the
harmenization for the song
"Supercalifragilisticexpialidocios” have been
functionally appropriate,3 mainly becanse, the
major functions in measures 4, 8, 12 and 16 are
identical with the harmonization proposed by the
source. The net, nevertheless, lacks consideration
of the traditional musical hierarchy. This is
revealed by the fact that the rhythm of harmonic
changes is not symmetric. In measure 15 the G7
chord that gives us the sense of ending is missing,
because the net lacks sense of the melody structure.
This is to be expected, due to the rules of the game
we have imposed on the net - it has information
about the melody, only one measure ahead. The

3 Fora decay parameter = (.3, 5 hidden units and 18 songs it took
50 epochs to leam to reproduce the songs with a very small error.
4 See the song: ““Lane in the Forest” in the Appendix. The upper

line of the chords describes the chords resulting from the net.
See this song in the Appendix.
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chords resulting from the harmonization for the
song "Soleado"® are functionally appropriate,
surprisingly aesthetic, flexible and different from
the original. This song is the most complex in the
set of the generalization learning examples, '
because of the density of the harmonic thythm and
the use of some chords substitutions.

5 Summary and
Acknowledgments

We achieved our goal of building a neural net for
harmonizing melodies, by dividing the task into
two sub-tasks. After achieving the first sub-task
(key notes), we try to achieve the second sub-task
(harmonization), under the influence of the first.
“This neural network approach uses a simple
representation and returns impressive results. It,
nevertheless, lacks consideration of the traditional
musical hierarchy. There is evidence that the
harmonization may be extended to include
individual and different musical tastes and styles.
In [Todd89], Todd suggested the use of
hierarchical sequential networks. This work is
evidence that such networks, the structure of which
reflects musical cognitive experience, are very
promising. At the methodological level, probably
the most important lesson of this work is, that one
may use musical knowledge to direct the choice of
the structure of the system.

Acknowledgments: the help of Naftali Wagner in
preparing this paper is gratefully acknowledged.
This work was partially supported by the Jean and
Helene Alfassa fund for research in AL
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1 Introduction

The Fast Fourier Transform (FFT} method is a very
powerful teol in the analysis of acoustic and musical
signals, leading to the decomposition of the signal into
its component frequencies and intensities. This task
can be routinely performed by means of modern and
efficient algorithms on powerful computers or worksta-
tions, with very good resolution in time and frequency.
An FFT spectrogram in the frequency - time represen-
tation gives, at every moment in time, the full spectral
information ( frequencies and intensities) contained in
the signal, and effectively constitutes a full description
of a musical event, from the full melodic phrase down
to a single musical tone, whose development and evo-
lution in time can be studied, deciphered, and inter-
preted. (limited only by the finite resolution). Musi-
cal tones, regardiess of their human origin and musical
purpose, are acoustic signals, and thus are physical en-
tities. After being recorded by a microphone, stored
on magnetic tape, compact disc, or computer mem-
ory, they can be subjected to physical measurements
or mathematical analysis - in our case digital signal
processing by FF'T. The resulis: acoustic signals anal-
ysed by the FFT, are again, experimentally observable
physical entities. The FFT spectrogram is a picture
obtained by "freezing” a temporal event ( an event
streaming or flowing in time), and thus is a visual pre-
sentation of an acoustic audio signal and the spectral
and temporal information contained in it. The human
ear is also a frequency analyser of high sensitivity, op-
erating on different principles. So we are concerned
here with two independent acoustic signal processing
systems, each with it’s merits and limitations. The hu-
man system is fully capable of extracting the emotional
messages from the signals, wheres in the FFT system
there is a code yet to be deciphered. In the present
study, vocal spectrograms of a large number of opera
arias and lieder, sung by famous artists, were studied
by FI'T analysis, with special attention to the evolu-
tion in time of single, individual vocal tones. Passage
from the physical-scientific realm of acoustic signals
and their decomposition into séructures and compo-
nents, to the realm of human feelings and emotions
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expressed by these acoustic signals as musical tones
in musical (melodic) phrases, is done in several steps:
(1) First, stil on the physical level: examination of
the results of the FFT analysis, and identification of
characteristic features, shapes, and structures occur-
ring in the vocal tones, and the physical and cther
information that can be extracted from them. Since
muslcal tones are time-evolving entities the structures
observed are, obviously, temparal structures, the term
to be used throughout this article. A tone with a defi-
nite characteristic structure, of musical and expressive
significance, will be called a singing mode, or (simply)
mode. (2) Seeking systematic trends and correlation
with the emotional contents of the music and the text,
by examining in what emotional context the various
modes appear. (3) Seeking interpretation by use of
general principles and music theory.

Resuits of our FFT analysis indeed revealed many
characterisric temporal structures (modes) in individ-
ual vocal tones, having the unique characteristics that
they consist of several initial stages, from the very
onset (attack) until the sustained stage. Multi-stage
structures are also observed in the decay stage. The
initial stages are very significant, and indeed, form
the basis for the classification and interpretation of
these modes and their role in emotional expression.
To date about forty such characteristic modes were
identified and characterized, and others are still await-
ing. These temporal structures were investigated in
detail by examining which of them appeared in an
aria or lied expressing a well-defined emation or mental
mood: excitemnent, tension, anxiety, rage, triumphant
joy, sorrow, sadness, prayer, mocking, frivolity, hap-
piness, love, etc., and a close correlation was found
between the type of mode and the emotion expressed
in the music and the text. Mustual exclusivity was
strictly observed: modes of contrary type do not oe-
cur in the same musical phrase expressing a certain
definite emotion, unless the two modes are intended
to express contrary emotions, such as a sudden anx-
iety in @ calm passage, or a release of tension in a
passage full of excitement. Four mechanisms, super-
posed on the basic phonation {voice production) mech-




anism, were identified as a straightforward deduction

from the mode shapes and structures.

They are: (1)

excitation of higher harmonic partials, especially those ..

in the singing formant, (2) vibrato; (3) transition and""

pitch changes. within - the vocal tone, particularly a -

gradual pitch i increase from the tone onset to the sus="
tained stage. (4) Sforzando - a sharp. and abrupt in-’

crease in pitch occurring right at the onset of the tone; -
lasting typically 50ms or less, then merging with vi-
brato. It appears in modes of highly excited nature'
and used as a special emphasis or accentuation’of the -

tone. Artists, intentionally but uﬁawaredly,'use_'these-
mechanisms, and the interplay among them, in cre-

ating and shaping a large variety of nuances of tem-:

poral structures. The types of such nuances and the
particular way in which they are used by the artist
constitute: the artist’s style and personal mterpret.a—
tion in expressing the emotlonal contents of the music
and the text. The various modes were classified into
seven categories: (1) Neutral-Soft (NS), (2) Calm (C)
with a subcategory Ca.Irn~Soft (CS),.(3). Transitional-

""Muitlstage (TM): with subcategory Glide (G), (4) S

termediate (1), (5 Short (Sh), (6) Virtuoso (Vr), and

(7) Excited (Ex), accordmg to their structure and the.

_c_o_r_respon_dmg type of emotion i_',h_a.t_ they express. As

a very close correspondence was indeed found between-

the expressed emotion and the singing mode, a hier-
archical scheme of classification of the various modes
was devised corresponding to a hierarchical classifi-
cation of emotions, from the calm and subdued to
the highly excited. This hierarchical scheme, and the
seven mode categories, were ariginally deduced on the
phenomenologmal level by. grouping together maodes
that have similar structures, and carry similar emo-
tional messages, and classxlfymg them accordlngly, and
according to the mechanisms that enter into operatlon,
their timing, and the sequence order. The results, the
categories of smgmg rnodes1 and the correlation with
emotional expression were recently described elsewere

(submltted to Journa.l of New Music Research) Here,_

a brief survey is presénted. The mode types and cate-
gories, ‘and the hierarchical schemé of classification are
presented here as derived theoretically from postulates
and general prmcxples, and havmg; experlmental veri-:

ﬁcatlon in singing modes that actually exist. Thus a.

very mterestlng bnk between emotlonal expression and
artistic mterpretatlon which are esthetic, subjectlve-

values, and the physu:el acoustlcai characteristu:s of
the 1nd1v1dual vocal tone on the micro level - scientific

measurable entxties is revealed and estabhshed in the
present study S : o

| 2 Examples of Temporal Struc-'_'._

tures (Smgmg Modes)

' Only representa.trve exarnples of the most 1mportant.‘-;_

" singing modes will be:presented: and: explained here.

These examples will help to ilustrate the structural-el- .

'ements composmg the modes and the operatlon of the'
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various mechanisms. In the figures: x-axis is time, full’ -
scale 1.9s, y-axis is frequency, full scale 6000Hz, each
line is a harmonic partial: -The acoustic waveform is-

stiown on the top of each figure. Fig.1 shows four tones
in Schubert ”Ave Maria”:

ginnings and ends are marked by the vertical markers,
and the beginning of -ri (C mode - in a legato connec-
tion to the Ma tone). As can be seen, the NS modes

hardly “contain- any outstaniding features, except for.
.. some jitter; and. therefore not much expressiveness (fo =
be further dlscussed in section 4, ) F1g 2 shows a typ-
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Ave Maria, sung by Felicity Lott, soprano.

o LRI L3 LN

Figure 1: Spectrogram of NS modes from Schubert
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Flgure 2 Spectrogram of‘a’ Calm mode, opennmg of
Schubert Ave Mana., sung by Fehc:ity Lott sopra.no

1cal example of a Calm mode, the A— operung of Ava )
Maria. The smger is Felicity Lott (II\f[lJ Classics PCD
1988}, In:Fig.2 the tone onset (marked by -
the left: marker) consists of only the fundamental'and -
‘the: second ‘harmonic (1n1tlal stage;: lastlng 0.6s), fol-

898, rec.

lowed by a'second stage (lastmg 0.2s) iti which higher
harmonics are excited: -

the end of A- with the vi- S
~ brato of the sustalned stage (C mode, it's initial stages = . -
_are shown in Fig.2), the ve, Ma (NS modes), whose be-. -

‘In’ the third stage, low am—._'-_. '
'phtude vibrata appears; lastmg two vibrato- perlods,'

(about (35s), and: finally in the fourth'stage full vi- |
brato is developed: The gradual evolution of a C miode -

is’ demonstrated: Fig 3. sliows a typical example of &



mode belonging to the Transitional Multistage cate-
gory, from Un Ballo in Maschera by Verdi, sung by
Luciano Pavarotti. (Decca 410210-2, rec. 1985},

o b \rul . gumu

P

Figure 3: Spectrogram of typlcal example of a mode
belonging to the Transitional Multistage category,
from Un Ballo in Maschera, sung by Pavarotti.

It is seen that the initial pitch is iower than the
pitch of the vibrato at the susiained stage, and a grad-
ual pitch transiton takes place during the initial stage
{lasting 0.3s). Fig.4 shows a spectrogram of four tones
of the excited mode sung by Pavarotti {"Figlio del
Cielo...” from Turandot by Puccini - Decca 414 274-2,
rec. 1972)
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Figure 4: Spectrogram of four tones of the Excited
mode, Pavarotti in Puccini’s Turandot.

3 Notation

The following notation is introduced: p,P - denote on-
set of phonation at low intensity, and full intensity,
respectively, (with respect to the intensity at the sus-
tained stage).

e, B - excitation of the higher harmonics (singing for-
mant), at low and full intensity, respectively.

v - onset of vibrate - low vibrato extent (amplitude),
and lower frequency (than the sustained stage’s val-
ues). V - onset of vibrato - the sustained stage value.
s - onset of "small” vibrato (CS modes). t,T - onset of
transition (small and large extent, respectively). The
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transition is always in the "upward” direction, towards
increasing frequency or pitch. Z, z sforzando, empha-
sis, strong and weak, respectively.{duration 50ms). j -
jit,ter (randormn fluctuations in pitch). J - excessive jit-
ter. {jitter occurs in any vocal tone). ; - This symbol,
following one of the above denoted symbols denotes
that the corresponding mechanism operated for some-
time and then stopped. A symbol appearing to the
right of the ”;” symbal means that the correspond-
ing mechanism starts after the previous one stopped.
Processes that take place simultanously are denoted by
their respective symbols appearing successively. Thus,
simultanous onset of phonation (p or P), and excita-
tion of the singing formant (e or E)} are denoted: pe,
ot PE (depending on the intensity), whereas if they
occur successively after a certain time lag, as a two-
stage process, they will be separated by a hyphen: p-e
or P-E. The symbol p-e-E denotes a three-step pro-
cess: onset of phonation - singeing formant excitation
at low intensity - and finally excitation of the singing
formant at full intensity. Similarly pev, p-e-v, PEV,
pe-v-EV, denote the three mechanisms entering into
operation in different ways, leading to different tem-
poral structures of the vocal tone. Arrival at the state
E automatically converts p into P. Once a mechanism
starts operating, it continues to the end of the tone.
Cessation of a mechanism is denoted by the symbol ”;”
following its symbol. Cessation of two mechanisms si-
multanously is denoted by enclosing their two symbols
in brackets, followed by the symbol *;”.

4 Postulates and General Prin-

ciples, and the Systematic
Derivation of Hierarchical
Scheme

With the help of the notation introduced in the pre-
vious section, one can counstruct the various singing
modes, as the singer does, by using the five mecha-
nisms (phonation + the other four). To this end, the
following postulates and principles are employed:

1. The zero of the hierarchy: a tone devoid of
any expression, or human emotion, is a mechanically-
produced tone - a violin played by a motor-driven bow,
a clarinet blown by a mechanical pump - leading to a
non-varying monotonous tone, 2. Expression is built
into the tone by introducing changes and complexity.

3. Musical tones are acoustic signals, and the emo-
tional expressions are encoded in them as frequency
and amplitude changes and modulations, periodic or
non-periadic, thus shaping the tone’s particular tem-
poral and spectral structure. Every feature is mean-
ingful, and nothing is haphazard.

4. All the acoustic information is contained in the
FFT spectrogram down to the most subtle detail.

5.The multistage temporal structures of vocal tones
is experimentally established. (Results of the present
study).




6 The various tempora.I structures and shapes of

the Vocal tones are the result, of the variou ways and
sequent‘.lal order t.hat the ﬁve mechamsms-. phona— :
tion,. v1brato excltatlon of hlger harmionics (smgmg -

g formanf;) transition, and sforzando (elumdated ini the:

present study) come. mto operatlon

e The umversal rules of. exc1tement and calmness .

in the 51mpie form, relatmg abruptness to excitement;

and gradual change to calmuess or relaxation, formi:'
t‘.he basis for the. classification’ of the singing; modes e

assot:latmg to them a degree of emotional excitement,

and determma.t!on of the hlerarchical scheme, n such.__
a way, that a tone structure of a more gradual char--
acter is assocmted with an emot:onal state of a more:

calm and subdued nature, whereas a tone of a mare

_}'category

brato | (in successxon);'

Modes: p_—:e_—s, pe-g; and pes'_.a.pp'ear. alongside the N§ =

modes, but are structurally: different; and are classi- :

fied as a'subcategory - Calm-Soft (CS), second An: the o

hierarchy, and shghtly more expre

“(5): Three mechamsm

Modes: p-e-v-EV ;pe—_.EV PE:v-V, P-E-V, pV— -

:’E, pev-EV: these modes are’ grouped’ together in the
- second,;: the Calm: (C). category.: - They: are. charac—'_
terised by a gradual evolution in several stages from

: low. phona.tlon to.a full operat.lc smgmg tone; The ex-.

abrupt structure is assoma.ted w1th an emotlon of a.

more excited nature. :

8.
should not occur in the same musical phrase express-
ing a certain deﬁmte emotlon unless intentionally, the
two 31gnals are meant, to. ‘express. contrary emotlons

e e Indeed this was conﬁrmed experimentally; -

9. The smeallest number of mechanisms operating
s:muitanously will correspond to the most calm, re-
laxed or mild mode, whereas stimultanous operation of
all the mechanisms will result in very excited modes.

10. Correspondence of the acoustic signals with the
musical structure of the melodic line.:.

We generate the various singing modes, and classify
them in hierarchical order, based on the number of
mechanisms that operate, as follows:

(1) Operation of only one mechanism: phonation.

The modes p or P are simply the unmterestmg, emo-
tionless zero mode. The human voice always contains
jitter; thus, modes pj or Pj appear as the initial stage
in more complex modes (NS, CS, C). . 5

(2) two mechanisms: phonation and vibrato.

Modes: pv or PV: These are meza-voce, sotto-voce.

and falsetto modes, characterized by their softness and
mildness, in the absence of high harmonics, or with the
latter suppressed to extremely low intensity.. -
(3) two mechanisms: phonation and excitation. .
Modes: pe,. PE pe-E, and. with jitter: pje, pje-E.
The NS modes shown in Fig.] are of PJE type..

Mutual Dxcluslv1ty - slgnals of contra.ry type_.

'_;__ampIe of Fig.2 is a p<e=v-VE mode:" Schubert: heder
Ave Mana Nacht and’ 'Iraurne, Ganyrned and many
“others are sung in the C'and the NS rnocles

' These
mades appear also in- opeara.tlc arias: _
(6) Four-mechanisms: phonation, exeitation; tra.n51- -

"tion; and vibrato, operating in succession.

Modes:- pet;EV, ‘peT-E(T;)V; 'or peT;EV, and
peT1;T2; IV, labelled T1, appear extensively in arias
sung by tenors, and render ‘timber ‘embellishment;’
vividness, openness, and brilliance to the tones, used
in expressing love in' Verdi Un Balls in Maschera
(Pavarotti), ahd happiness in Verdi La Traviata
(Pavarotti, Decca 410184; 1ec.1979; Alfredo Kraus,
EMI CDS7 47059 8, rec: 1982). Fig.3 shows a peT-
E(T;)-V mode. In a mode PE-T;V, the transition part
is usually very steep. this is 2 stronger mode, labelled
T2.

(7} The five mechanisms: phonation, sforzando, ex-
citation, transition; and vibrato; operating in succes-
sion. mode T3: PEZ;-T-V, appears in phrases of

'grea,ter excxtement and;’ mostly in'the _beginning of
‘a’phrase. of grea.t excxtemeut "The modes described

We coIIect the: modes.. from: the aforementioned
groups into the first, and softest category, and lowest .
in the hierarchy: Neutral- Soft (NS or N). Singers sing.

in these modes in arias and. lieder of very subdued na-
ture, expressing mostly sadness, such as Berlioz song

" Au Cimetiere” from Les Nuits D’ete, sung by Anne..
Sofie von Qtter, (DG 445823-2, rec. 1990-94) or Bar- .
barina’s aria 7" L’ho perduta” from Le Nozze di Figaro-
by Mozart, (sung by Yvonne Kenny, Decca. 410150 2,

rec. 1081)...
(4) .Three mechamsms
* brato (”sma.ll”) The. ”sma.ll” vibrato is a very weak vi-

phonatlon excxtatmn, vi-

| brato of amphtude (extent) of 20-30 cent, as comipared
*with: 60-70 ‘cent for the Calmn’ modes a.nd 100. cent.

" for the 'I‘ransltlonal Mu]tlstage and Exmted modes

in (6) and (7) are grouped together in the third, the

Transitin-Multistage (TM) category - higher in the hi-
erarchy than the previous ones.

Glide: modes (portamento) G1: PEVT,, and G2,
PEVT V are “nsed mostly by soprano singers as'a means
of timber embellishment and as an artistic means of
dramatic leap to climaxes, and are included as a sub-

‘category of the TM category. Strong G modes some-
_times start with sforzando:

PEZ; VT and appear in
singing expressmg great excitement.

(8) " Four  mechanisms operat;mg sunuita.nously
phonation, sforzando, exc:tatlon and vibrato.

This yields the strongest exc1tement as. expressed
in modes of the Excited (Ex) category: To this cate-’
gory belong the PZEV; (Exl mode) and PzEV; (BEx2.
moade) that’ appear in smgmg music and text of great'
exc1tement : _

(9) The three’ ca.tegorles ~ Short, Intermedla.te, a.l:ld_
V!rtuoso W!H not be descnbed for lack of space B
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Abstract

In additive synthesis sounds of pitched musical instruments are modeled as a sum of slowly
time varying partials. Besides these macroscopic variations of the spectral component there
are microscopic deviations of both frequency and amplitude that contribute to create the
timbre of sound; they are here called microvariations.

Practional ARIMA models, suited to stationary and non—stationary signals and pre-
senting both short and long time correlation, will be proposed in this work for modeling
microvariations. They fit particularly to sounds related to chaotic phenomena; their rela-
tions with the classical fractional Brownian motion, therefore with fractals, are shown and
discussed. New algorithms are proposed: the analysis gets a parameter related to the fractal
dimension; the synthesis is obtained using approximating lattice filters.

1 Microvariations

Additive synthesis models sound signals as

s(t) =) a:(t)sin ( jo t 2 fi(7)dr + ¢{) ,

a;{t) and F;(t) representing instantaneous ampli-
tude and frequency of the i—th partial (bold chas-
acters denote stochastic signals); they are the sum
of a slowly time varying (in case constant) part
and a microscopic deviation from this behaviour
that here is called microvariation.

The guestion that gave rise to this work was:
“is there a way to reproduce the character of mi-
crovariations in a pipe organ sound with little ef-
fort?” This paper is only trying to answer; anyway
I hope it could show some interesting way to in-
vestigate further.

2 Fractals

Mandelbrot [4] considers the fractal geometry as
the main way of studying nature; a typical case is
represented by chaotic phenomena strictly bound
to fractal objects. Sounds generated by wind
instruments could therefore present some kind of
fractal aspect due to air turbulence; we tried to
find it in microvariations.

Fractals may be deterministic or stochastic:
classical fractal examples {Koch-curve, Sierpin-

...why?
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skiy triangle) are deterministic; the one used to
simnulate landscapes [8] belong to the second type.
Being interested in stochastic models, only the lat-
ter will be considered.

The starting point is BROWNIAN MoTION:
B(0) = 0, E[B(t:) — B(ta)][B(ts) — B(t2)] = 0
VYV 0<tg <ty <tz <tz (E is mathematical expec-
tation: increments are statistically incorrelated)
and B(t;) — B(ts) is a zero—mean gausstan vari-
able with variance &1 — ;.

2.1

The main feature of a continuous time stochastic
fractal signal is statistical self-affinity: a signal is
statistically similar to a piece of itself.

The principal fractal signal is the FRACTIONAL
BROWNIAN MoTIoN By(f) so defined:

B2 3| [ (=t~ 1) aB(o

Continuous time fractal signals

(1) + /D - flddB(r)] ,

1

By®) 20, |df < 3, d = T(d+1)

thus FBM is the d'® stochastic fractional integral
of BM (it is easy to verify that Byp(t) is BM).!

YWhile ‘stochastic’ refers to the stochastic measure




Usmg = to denote equal probablht}' dxstrlbu~-

tlDllS FBM has sta.twua.ry 1ncrement5

Bd(at) = Bd(s + at) - Bd(s)
'and is statlstlcally self—aﬂine .

Bd(at) = ad+1/213d( )

'The derivative? of BM is the well—known 51g-'_; _' i
nal called WHITE Noisg: W (¢); snmlarly FRrAC-
TIONAL GAUSSIAN NoIsg, W 4(t), is the deriva-

.Bd(t) is WN ﬁltered by td/d' (whose Lapla.ce—_' i

[ transform is: 1/.9‘“’1) thus its derivative, equal to - :
'Wd(t) for (2), is W(t) ﬁltered by 1/.5' in the fre— :

----'f;'quency - domain:

©- To sum up: ‘the d_‘h fractlonal mtegral corﬂe--' .
sponds to the d*™® power of the integrative oper-

" Tator 1/s or to the —d‘h power of the derwa.twe

. opera.tor 5.

To change from contmuous to d1screte tlme sig-

N nals we must replace Laplace—transforms with Z—
. transforms and the derivative operator with the

tive of FBM or the 4% fractlonal integral of WN."

It can be shown that FGN is a stationary signal

with spectrum proportional to f=2¢. FBM, being-
its integral, s_h0u1d3 have spectrum proportional. - .
to f~2724 (this is the so-called 1/f* noise with . .

1 < @ < 3). Its fractal dimension (cfr. [8]) is
(5—-0:)/2--15——(1

22 Dlscrete tlme fractal SIgnaIs

Obvmusly self—aﬂimty is madmsmble for a dis-
crete time signal: however it is possible to find

a signal somehow equwa.lent to FBM.

- difference operator V £ 1 — z

—1. Therefore the '

fractional integrative operator for discrete time

© - signals will be V~¢ in the frequency domain.

A first way [3] is sampling FBM and consider- -

ing its increments:
wa(nT) £ By((n+1)T) -

This leads to a stationary signal, called DISCRETE
FRACTIONAL GAUSSIAN NOISE, with correlation
rw,,(kT) Elwa( (n + k)T)w,,,(kT ] such that

: 'rwd(kT) c:wckz":"'1 as k= oo.

Bu{nT}.

The spectrum mth an a.na]ytxcal form hard to
calculate and write, is still proportmnal to J""‘z"l
for low frequencies... : :

3 Fractional ARIMA models

The second way to obtain discrete time fractal sig-
nals consists in trenslating the idea of fractional
integral or derivative: in a very heuristic manner
it is not-so dlﬂicult to notme that puttmg

Bt el f (t— dW('r)d.’T

equatmn (1) may be rewntten as

(2) Bty - Bd( )_-' '

used, ‘fractional’ integral means that this is only a frac-
tion of integral: it will be explained in sectlun 3 that it is
eguivalent to the —dth: fractional derivative. .

Bd(f)_ =

- ?BM does not admit ordinary derivatives: Dn'ly a gener- - )

" alized derivative is possible; sa we obtain a genera.hzed (m_.

the sense of Schwartz's dlstrlbutmns) stochastic: process:

3U’n.fert'.ul::a.tely it is.not stationary; so its’'spectrum 1s i
not defined; a generahza.tmn, the ngner—Vlile spectrum,:. _

cnnﬁrms tl‘us sntu]tlve fact
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in a more compact way 1f A(z)

?JET‘S‘IDH

3.1 Notation for ARIMA models

Cbhmdermg ‘2" as a shift opefator' such that

(k) 2 z(kdn) itis p0551b1e to wnte a standard
' _“__:_dlﬁ'erence equatlon hke R :

3) Zahm(k h)

h=0

Z bha(k h)

Zg anz" and
B(z) = 32 byz" then (3) is equivalent to

(4)  A(z"Hax(k) = B(z"V)e(k).

A signal that may be well modeled choosing con-
venient coefficients a;, and by, is called AuTO RE-
GRESSIVE MOVING AVERAGE.

When e(k) is DISCRETE WHITE NOISE, i.e. a
stationary signal whose correlation is r.{0) = 1
and 7.(n) = 0 otherwise, then (4) defines a signal

m(k) having spect:rum4 _
o B(z‘l)B(z)
509 = 2 ae)”

Given a (rational) spectrum it is possible to
determine polynomials'A(z) and B(z) having ne
zeroes inside the unit circle {|z| < 1, z € C}. This
allows; from equation (4) aud tnverting B(z"")
{(or A(z71)), to express z(k) (or e(k)) as a lmear
combination of past values of e(k) (or z(k)).

A zero on |z| = 1 would still permit this in-
" but” would  introduce another probleém:
it is incompatible with the hypothesis, tacitly as-
sumed, that we work with finite variance signals.

In pa,rtlcular the difference operator V has a
zeroin z = 1 and if it is a factor of the polynomial

A(z). then the signal z(k). may have an infinite
variance. This model, called ARIMA, 5 was intro-
duged: by Box aud Jenkms to trea.t‘. nonusta.tlonary.
51gna.ls " - ; Lo

. 4The word ‘spectrum lndu:a.tes here, dependmg on' the

'contest both: the: Z—transfurm of the correlation and. its:

Founer—transform whlch is the prewuus evaluated at z .;
Egz-n' - ) e
5‘[’ méans INTEGR.ATED' 'd1fferencmg the output is the_.

same s mtegratmg ‘the’ mput L g :



3.2 Fractionally Differenced WIN

However, if V¥ appears on the left side of equa-
tion (4), =(k) still has finite variance if |d| < 1/2.
The simplest case is

Vieq(k) = e(k);

the signal e4(k) is called FRACTIONALLY DIFFER-
ENCED WHITE NoIsg. The input/output relation
in the frequency domain is V™%, the ‘translation’
of s7¢ that should characterize a fractal signal.

In order to strengthen the motivation to say
that FDWN is a fractal signal, it is easy to prove
that its correlation is

7o (k) o¢ B2 as k — o0

~ and the spectrum of FDWN is

1
) ~ (sin 27 f)2d
as for DFGN; furthermore DFGN and FDWN are
connected each other by a precise relation [2].
The way that leads to FDWN goes beyond: a
very simple but more flexible signal is the Frac-
TIONAL ARIMA

A(z"HYWee(k) = B(z"1)e(k)

Se., (ejz’ff) x f2as f—~ 0

or equivalently
(6) A(z"")a(k) = B(z")ealk).

It has still a long time correlation dependent on
the parameter d (or, it is the same, the particu-
lar behaviour (5) of the spectrum for low frequen-
cies), but its short time correlation (or its high
frequencies behaviour) may be controlled choosing
appropriate coefficients of the polynomials A(z)
and B(z).

Moreover d may assume any real value: e.g.
d > 1/2 can model the (non-stationary) discrete
time equivalent of FBM.

4 Algorithms

Locking at (6), the key for generating or identi-
fying fractional ARIMA signals is FDWN: once
we got a FDWN generator or we are able to find
out the parameter d, then standard methods for
ARMA models will do the rest.

4.1 Synthesis

An algorithm (explained in [3] for DFGN} whose
heart is Cholesky decompaosition of a square ma-
trix, permits to generate a piece of signal knowing
its correlation; it results computationally heavy.
I used Levinson algorithm: it allows to build
a filtering lattice structure (6] able to generate a
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signal whose spectrum approximates the ideal (5)
while its correlation is equal to the requested one
upon a value that must be chosen as higher [7] as
d approaches 1/2.

4.2 Analysis

There is a great variety of algorithms to get the
fractal dimension of a supposed fractal object.
One of these (based on morphological filtering [5])
I worked with earlier, will be used to compare re-
sults.

The new algorithm is based on a statistical
property of fractional ARIMA models [7]: if Z(k)
denotes the sample mean of n values of x(k):

n—1

1
EZm(k—f-h)

h=U

zn(k) =
then, if z(k) is ergodic, &,(k) — z 2 E[z()] as
n — oo; therefore the variance of its sample mean
goes to zero. More precisely:

n!~ ¥Rz, () — ] — C constant.

From the algorithmic point of view let x (k] be
the vector containing values for k = 0,..., N —1
of the {supposed zero-mean) signal. Then
1 k4n—1
-~ Z x[A]l for0<k <N -—n

h=k
and the approximation of the variance of its sam-
ple mean is

N—n
1
- =2 —~ t 2d—1
o= ] ,;_D Zi(k) = Cn .

This equation, together with (7), gives

1 N—n (ktn-1 2
T { 2 "“‘3} ;

=2
g, =

k=0 \ h=k
once we have calculated the sequence 72, from the
relation

(8)
we can easily deduce the searched value of d by
linear regression.

Another way, useful when N is too smal,
consists in considering the signal periodic, i.e.
x[k + iN])=x[k]; so we obtain another approx-

imation
| Nl (kno 2
nZN { Z x[h]}

k=Q h—k

logd? ~ (2d — 1) logn + log C

that can be rearranged in a simpler form: putting
¢n = n®Ng2 then:
N—1
b1 = 260 ~ Gno1 + 2 Z x[R1x[h +n].

h=0




5 Experlmental results

I syuthesmed and then zma.lvzed FDWN 51gnals d_ co
varying from —0.45 to 0.45 w1th step 0, 05 to test
Values found (420} are plotted
in fig. 1 versus requested ones;. the. da.shed lmef

" the algorrthms

represents a s1mxlar try reported in [5]

:_oﬁ B

Figure 1: Analysis of synthesized FDWN 'si.gna.ls

Apphed tu real mlcrovana.tmns the ana.lysm al-:

gorithm gave good results: in general microvari-
ations of different harmonics have the same be-
haviour; frequency microvariations are station-
ary while amplitude microvariations are non-
statxona.ry

~ Fig.' 2 repotts log &2 plotted versus logn (see
equation (B8)) for frequency microvariations of an
8 feet flute register, a very particular case,

At
-2t
23

.5

ikl

61
Al

Latd—

o5 15 5 25 3 35 4 45 5

Tigure 2: Frequency microvariations .

‘Here, after. a first transitory part, the second
and third harmonic differ from: the othets: they

seem to be ARIMA with d =~ '-0 41 while the four -
Cwith d ~ 0.

Temaining are sunple "ARMA ie.
" Also reed registers can be well modeled by ARMA

confirming results of previous ‘works [1] while other
registers show values of d less or eqial than zero
belonging to the set of values for which the pro- .

~05-04-O3 -02-01 O Ol 02 03 04 Q.5
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: the1r best

| 6 Conclusmn -

(3]

'posed analy51s a.nd syuthesm a,}gorlthms worlc at.

Thls paper shows a new Wa.y “for- modehng mi-

‘crovariations: traditional ARMA ‘models [1] may .

be msuﬂiment or lead to'an expeuswe pa.ra.meter-
zza.tmn, a smgle para.meter, d, representlng long—_
term corre]a.tmn permits to get a better modehng

with a smaller number of para.meters ailowmg to

handle even non—sta.tlona,ry signals., -

'However fractional ARIMA models a.nd the-
new algorithms proposed, although conceived for
the peculiar case of sound microvariations; could:
be useful in many other fields.. -
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Abstract

The Karplus and Strong (KS) algorithm plays a central role in the synthesis of string instruments
and percussions, making it possible to obtain excellent results at a reasonable computational cost.
Often it is desirable to extract the KS synthesis parameiers from natural sounds, However, the ac-
curate estimate of the synthesis parameters is still an open problem. In this paper we try to provi-
de new solutions by first introducing a closely related synthesis algorithm, the ICC technique, to-
gether with an analysis procedure, and then generalizing the ICC analysis method to the K8 al-

porithm.

1 Introduction

The interest in physical models for the
synthesis of musical signals has recently increased
due to both the availability of powerful hardware
and the naturalness of the sounds that can be ob-
tained. The Karplus and Strong (1983) algorithm,
together with its numerous variants and generali-
zations (Jaffe and Sniith 1983, Borin et al. 1992,
Paladin and Rocchesso 1992, Smith 1992, Van
Duyne and Smith 1994, ctc.), plays a central role
in the synthesis of string instruments and percus-
sions, making it possible 1o obtain excellent results
at a reasonable computational cost. In several re-
alizations, the KS algorithm constitutes a building
block on which more complex synthesis schemes
are based in order to lake into account 2 number of
factors such as the siring-bridge coupling, the
sympathetic vibrations of the other strings and so
on.

In the KS algorithm, a buffer containing
initial data is cyclically updated with filtered ver-
sions of itself, simulating a vibrating string and its
interactions with the boundaries and the environ-
ment, The algorithm is efficiently implemented by
means of a delay line and a suitable loop filter. The
sound evolution is completely determined by
specifying the filter impulse response and the ini-
tial data.

The accurate estimation of both these pa-
rameters is still an open problem and, in this pa-
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per, we try to provide a contribution in this direc-
tion.

2 Available Estimation Tech-
niques

In principle, the KS synthesis parameters
may be directly estimated by means of costly and
timme-consurning measurements of physical quanti-
ties associaled with the instrument. Alternately, it
may be possible to extract these parameters from
sampled sounds recorded from the instrument and
several techniques have been suggested in the lit-
erature {Smith 1983, Karjalainen et al. 1993). In
some of the estimation methods the KS algorithm
is regarded as the realization of a comb-like au-
toregressive filter whose parameters may be evalu-
ated by means of modified linear prediction (Smith
1982). It turns out that this technique does not al-
ways lead to stabie filters and that high frequencies
are nol faithfully represented in the synthesis.
Other methods rely upon the STFT, either extract-
ing the frequency response of the loop filter as the
arithmetic mean of the ratios of consecutive spec-
tral segrnents, or performing linear repression of
the partial amplitudes in a dB scale (Karjalainen et
al. 1993). The filter is designed by means of stan-
dard techniques with the objective of matching the
desired frequency response. The loop filter should
also contain an adjustable fractional delay element,
usually implemented in an all-pass filter, i.e. a




Blaschke product {(Van Duyne and Smith 1994}.
This filter is required in order to.compensate the - .
" phase delay and tune the tone: Orice the delay and”
~ . the loop filter become known, the’ excxtatmn —~or".
the initial data tontained in the buffer — may be .
obtained by means of inverse ﬁltenng However, - - .

" one is interésted in makmg the e%cxtatmn 51gnal of .

37 A Related Algonthm._ The.‘.-.-‘-'-_-”
Convolutlon_
Method e

short durauon

Iterated Circular

An mtumve but crude approxxmatmn to

the K3 synthesis algorithm is given by the circular

11 1s easy lo see that

convolution method. In this technique, a length P~

buffer is periodically updated by substituting its

content with the circular convolution of itself with” -':“'“-' St B
2 cychc 1mpulse response: g(p)- Therefore, the .~

sound is generated by means of iterated mrcular
cunvulunon as shown infig..1.: :

déta buffer
(one period)

¥

* s@)

fig. I: The lterated Circular Convolution algbé

rithm.

The frequency domain counterpart of this
algonlhm is glven in tenns of DFTs In fact, if
2rr 2rmp

X(ni)" zx(p)e o

is the DFT of the mm'é'i'buﬁer content and SRR R

. T 2x mp
-P—I - B

Y(m) Zy(p+np)e o

is me DFT of the n- th output pened we have

1m =Gy, 1(m) 1)

where Gﬁn) Is lhe cychc frequency response and

Y (m) X (m)

Y (m) G".(m)X (m)

| fi g 3 ]C'C andKS the d:ﬂérence between the twa |

]

to extract the loop filter frequency response.

0.04

0,02

o

i8]

-0.06
0 1000

2000 3000 4000

Jig. 2: ICC and KS : _lime domam di ﬂ'erence Sig-
“ nals were narmahzed to therr maximum
amphmde '

12

o 020406081 121416182 '
Freq (Hz) x10*

" dB spectra SRS

. Esu:nahon of Lhe ICC frequency response -
from sampled data may be ca.med out by mverung e

£q. (1) obtaimng the sequences

Y (m)

#(_m) (m)
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In sp:te of t.he numencal dlﬁ‘erences. R

o exxstmg betWeen the ongmal KS algonthm andthe:

- Tterated Circalar Convolution (ICC) technique (see -
fig. 2), the acoustical results are very similar, This = -

- can be explained by the fact that the frequency
.;spectra differ-little (see fig. 3). The ICC method. -
contains the intvitive principle that the frequency =

.. spectrum of the signal is obtained from an initially

.. rich spectrum by successive ﬁltenng, thus resulting
“in a bright to dark transition that is typical of vi-
braung strings: The KS algorithm approximately.
-works in the same way and the STFT based pa- .

:. rameler estimation exploits this property in order



which represent several possible estimates of Gfm).
In order to obtain a single estimate of the ICC fre-
quency response, one can perform a weighted
geometric mean of X estimates, according to the
following formula;

K+

Gmy = [T(G, (m)™"™ .

Weights W control the confidence, i.c.,

the contribution of the n-f# estimate to the global
estimate. If the weights are all set to be unitary, our
estimales reveris to the &4-f4 root of the ratio of the
DFTs of the K+/-st output period to the DFT of
the first pericd. However, in order to mask tran-
sient effects, it is ofien desirable and more accurate
to weight the estimates according 1o their reliabil-
ity. Weights may also be frequency dependent in
order to limit problems with high-frequency fast
decay. Typically, low frequencies are best esti-
mated far from the initial transient while high fre-
quencies arc best estimated near the transient. A
svitable weight normalization constraint is the
following:

£+

> W (m=K .

A=l

Once the ICC frequency response has been deter-
mined, one could invert eq. (1) again, for n=1, in
order to estimate the initial buffer, However, we
found it more convincing from an acoustical
standpoint to fill the initial buffer with the first
period of the original signal.

In our experiments, the estimated ICC
frequency response has a tendency to be all-pass.
This is explained by the fact that each period dif-
fers from its neighbors enly for a small amount.
Thus, the impulse response is roughly a Kronecker
delta pulse.

There are several drawbacks in using the
ICC method instead of the KS algorithm. A fun-
damental one is that the frequency response is
rarely portable 1o a different pitch, In fact it de-
pends on the pericd lenpth £, A second drawback
is that one can only generate sounds whose period
is an integer multiple of the sampling interval. In
the KS algorithm, non-integer periods are gener-
ated by adding a suilable phase factor to the loop
filter.

A useful generalization of the ICC algo-
rithm illustrated is to let the frequency response be
time-varying. We experimented that, by using just
four different frequency responses per tone, one
can dramatically improve the acoustical result.
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4 Proposed Estimation Tech-
niques and Experiments

The K$ algorithm is only capable of gen-
erating sounds whose partials decay exponentially.
Therefore it is sometimes difficult to estimate the
synthesis parameters from real-life sounds since
the KS model may be not sufficient by itself and
further processing is required. A good analysis al-
gorithm is required 10 at least provide exact esti-
mates when running on KS-generated synthetic
data.

It is well-known that the signal i) gen-
erated by means of the KS algorithm is given by
the following loop-filtering equation:

W) =x(m)+ S hyn-k-P), @

k=0
with transfer function:

1

Iz)=——7—,

) 1-z " H(z)
where A¢k) is the loop-filler impulse response of
degree L, P is the (integer) pilch parameter ~ not
necessarily the actual pitch, depending on the
group delay of H{z) — and x¢n) is the input se-
quence censisting of the initial buffer, padded with
zerps in order to achieve the required duration of
the outpnt. If we let n=p+rP in (2), where
p=01...P-1,and ris the integer period-count in-
dex, we obtain the following pitch-synchronous
form of the K§:

¥ (p)=x,(p)+ Zh(k)yf’_’,’ ®. @

where

yEp)=y(p-k+rP),

x (p)=x(p+rP).

and

By taking the DFT, with respect to the index p, of
both sides of eq. (3), we obtain:

YO my = X, (m)+ 2 h()YS (m)y. @)

k=0

Far from the initial transient we have
X,(m) =0 and, for any fixed r, (4) becomes a
system of algebraic linear equations in the L+1 un-
knowns Ak, with known term ¥'® (#7) and the P
by L+1 coefficient mairix Yr(f]) (m), m=0,1,....P-1,
k=0,1,....L. If, as in most practical cases, L<P, the



SRR rnay be found for Khe loop ﬁller 1rnpulse response s .:
L h(k) Further redundancy may be added by consid- -

ering eq. (4) for several values of the’ period-count .

‘index  and fi ndmg an gverall least squares solu-

‘tion of a 1arge system of- equa‘uons ‘Alternately, one - i

K 'may dwrde both srdes of eq (4) by the leﬁ-hand--. o

srde Y‘ ’(m) and defne the rahos sk

O
e’

: obtalmng the foIlowmg system L
" Zh(k)/R“"(m) =1 ®

(i’l( )

In order to reduce the size 'of the syslern_

- oerform the “available ' KS: parameter estimation .

. while still taking info. acconnt several penods of...

the signal, the ratios (5) may be substituted in (6)
by an estimate obtained by a methad similar to the
weighted geometric means illustrated in the previ-
ous section. Incidentally note, by comparing ¢q. (4)
with eq. (1), that the KS algorithms reveris to the
ICC in the very particular case that the outpat y
satisfies the followmg condmon
. k-

¥ (m) = r“”(m)e g

_ In order lo assess Lhe valldjty of lhe pro-
posed KS ana]ysm algonthm we. run some com-
parative tests on both synthetic and natural signals,
We compared our results with those obtained using
Modified Linear Prediction (MLP, system identifi-
cation method) and linear regression of the log
short-time spectrum (STFT method). On most real-
life signals all these algorithms have a tendency to
fail. This may be ascribed to the fact that the pure
KS synthesis algorithm is not per se sufficient to
accurately model sounds. Several physical phe-
nomena such as dispersion, string. stiffness and
sympathetic vibrations ‘may occur (Smith 1990).
On synthetic sounds, generated by means of the KS
technique using: various ~loop. filter responses,

which we pretend to ignore during analysis, we re- :
ported some differences. Both STFTand MLP do
not allow for phase retrieval: the estimated loop

filter may, at best, match only the magnitude fre-
quency response of the synthesis loop filter. On the

contrary, in our method, the estimated loop filier

matches both' the desired magnitude and’ phase,

i.e., it matches the impulse response of the syrrthe- '

sis loop-f' Iter with a striking: precrsron (max error- . '

less than 107 )% Furthermore in both. STFT:and

'MLP spociral matchmg is poor at high frequencres'- B
while this does not seem to happen ‘with our tech- -

' niqe;’ We would like to-point out that in ‘our

“method. even if the degree of the loop-f lter is un-:_.

known to the ana]ysrs procedure lhe esumaled un-_' L
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A Hammer-String Interaction Model for Physical Model Syntehesis
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A fast and accurate method for hammer-string interaction simulation in physical model synthesis
is proposed. This method is based on the solution of the nonliiear system of a linear ideal string
and a polynomial nonlinear mass-spring system constituting the hammer. The method allows to
tabulate values for nonlinear characteristic of the felt without forcing to recalculate the table for

system parameters variations.

1. Introduction

Physical model synthesis of piano tones requires a
good identification of the parameters when realistic
sound for musical purposes is required. As far as
piano is concerned, classical models of hammer,
based on a mass and a nonlinear spring which gives
account of felt force/deformation characteristics,
have been proposed, for example in [1], [2], [3],
{71, [8] and they are often based on the relation:

S =k(ay)* 1(Ay)

where f is compression force [N], Ay is the felt
compression [m], 1(.) is the Heaviside function
which implements the so called "contact condition”
and k [N/m®] and o« [adim] are suitable constants,

This class of models has been proved efficent and
satisfactory in a first order approximation by many
authors; however, in real time synthesis
applications, it suffers of some problems.

Main problem is that in a real piano k and « varies
in a rather unpredictable manner along the
keyboard. Hence, k and o extimation is possible
only if enough experimental data are available; if
not, a parametring trimming by trials must be done.
Furthermore, experimental evidence [3] shows that
o varies continuously between 1.5 and 5 from bass
to treble: this makes difficult to implement the felt
characteristic in a real time, fixed-point DSP
architecture.

We propose a model of piano hammer which offers
flexible parametrical control over the static
characteristic of the felt. The model is accurate and
efficient and it gives the possibility of varying the
caracteristic of the felt through two parameters,
which control, almost independently, the hardness
and the overall shape of the characteristic.
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Tests on real time DSP implementing a classical
hammer-string interaction model have shown a
remarkable influence over spectral properties of
sound produced in mid and high octaves, letting the
player comtrol pp and ff colors im a rather
independent manner, These tests, however, have
highlighted the instable bebavior of the approxi-
mate model described in [4]. Hence, a closed form
solution has been derived for felt in I and III order
nonlinearity and a general solution for p-th order
nonlinearity has been found. These solutions show
an important property: the parameters of the model
multiply dependent and independent variables of
the resulting solution curves; this allows to tabulate
one single curve of interaction in an adimensional
form for every possible choice of model
PATATNELErS.

2. Narrow and elastic hammer

In a perfecly elastic hammer, compression
characteristic of the felt can be obtained in a "quasi
stationary” way applying a known force and
measuring the compression caused by the former.
In this way, the experimental data obtained can be
fitted by a polinomial approximation [1]. However,
it has been show that a sirapler power law is often
adequate in characterizing felt property [2], [3].
Since we need a pgeperal form, capable of
simulating a continuous variation of o between 2
and 4 (at least) but we need a polinomial for ease in
calculus and, if possible, only ome control
parameter, we propose a polinomial model based on
linear interpolation of the II and IV order curves
through an adimensional coefficient varying from 0
to L.

ayY Ay Y
s y=in L) +ra-m22)




e compressmn n is the: _
' 1=0 the feit exhibits a IT order nonlmeanty when G
n= =1 it exhibits a IV order non}meanty In the [
intermediate cases we get an intermediate behavior. - . ' _
' : T v S Of course, the hlgher the samplmg frequeucy, the

In tIus modei k is a force measm‘ed at the Y
"shape coefficient™;

e

: Ay[mml B

Flg I. Statxc force-eompress:on charactenstlc of

the felt, Dashed lines refer to an exact ]II order
: characteristic,

3. Approximated hammer-string model
In a classical hammer-string interaction model, the
equations are:

(172

3 f(t) Ky (1)~ y(t))

with suitable boundary conditions. The discretized
form, based on the backward and central difference :

approx:matxon of derivatives, is:
S . .

f(n) ZZ(v(n) v(n)) o
‘f(n) k[y,,(n) TZvo)}

2

7 .
_Ly;,(n) Zy,z,(n 1) J’;,(n 2)—-.—f(n 1)

(see for exampie [5}, {6] for resonator equatlons)
This system is an implicit form in'the variables f(n)
and v(n): In the apprommated solution ‘method,
described in [5], ‘met velocity at the contact pomt 1s

extimated by the followmg formula

when-

N 3 v(n)..——f(n)+v (n)

f (ﬂ 1) + V; (")

more accurate the approxxmauon of actuai force -

- - with past force..

_-Approxnnated hammer—strmg model offers two

main - advantages: efficiency and. flexibility.
Efficiency comes from direct implementation of the:
equations, with no additional overhead in solving

- the nonlinear system Flexlblllty comes: from the

~fact: that~ almost: -

"every”: form of : compress:on
characteristic can be- directly implemented- in the

.- modef; for example, hysteretic models described in

: dlscrete sums usmg the trapezmds method we get. A

_ framework,

[8] can be du'ectly tested m:-- approximated
However, apptox:mated model shows serious
drawbacks: being based on an estimation of’
istantaneous  force, it suffers of instability
problems if’ samphng frequency is " not enough
high, if string is short, if 1mpaet velocity of
hammer is high or if hammer mass is too small,
model behawor exhibits a strong departure from
con'ect va]ues

4, Solutmn for nonlmeanty of p—th degree

In order to avoid instability problems we now
derive the dxgltal solution ~ of ' harmer-string
interaction system in case of arbitrary p-th order
nonlmeanty, where p is an integer equal or greater
than 2. The method is based on the separation of
known ‘terms, both istantaneous and "historical”,
from istantaneous and unknown terms. The latter
are then rewritten as functions of force variable; in
this way we get a p-th degree polinomial in f(n) and -
one of its zeroes represents the soluuon of the
system. : :

Equation for a p-th order nonlinear hammer—strmg._
mteractlon system are; : . Lo

| v(n)——f(n)+v (n)
f(n) k(y,,(n) y(n))"

where y() is: smug posmon at the ‘contact pomt
¥y(.) is hammer position and vi(.) is the meommg
strmg velomty at the contact point. - o E

Approxlmatmg continuous . time: mtegral w1th'

v,.(n)” _vh(n 1)-'—-(f(n)+f(n 1))

y,,(n> y;,(n 1)4—(v,,cn)+v,,(n 1)) |

9(.]%. .



and for the expression of v(n) as a function of f(n):
-5+ 35.7)

«§(+vi(n—l)+2—1£f(ﬂ—1))

If we define:
il T 1
b 25[2% ¥ 22)
Ay(n—1
()= ¥+V‘h(n— -
OSSR

the felt compression becomes:
Ay(n) =y, (m)— y(n) = T{x(m) —bf (m))

and so the force expression becomes:
f () = ax(n)~bf ()"

where a = kT*

We observe that in f expression, x(n) definition
collects all terms known at time n and the only term
which is unkmown is f(n) itself. We can now
rewrite the system:

[vr=35 s v
Lr o =alxm)-ar(m))’

It is possible to obtain closed form solutions for
nonlinearity of II, Il and IV order anmalitically
solving the equations above. The complexity of the
resulting expressions and the need of tabulating the
values of f as functions of x, however, make more
interesting the wuse of iterative methods in
calcuiating the zeroes of the resulting polynomials.

The tabular method, however, would be very
inefficient if re-calculations of the solutions of the
system were required for each variation of the
parameters. Fortunately, this can be avoided: in the
next paragraph we will derive a general
multiplicative parametric form, which, for sake of
brevity, will be called guasi-nonparametric form.

4.1 Quasi-nonparametric form
Let us consider the implicit expression of f as a
function of x. If we pose:

1

C'E(pab);——l
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X{(n) = Cx(n)

F(n)= Cbf (n)
substituting, we find:

PP (n)=(X(n)- F(n))”

One of the zeroes of the polinomial gives the values
of F(n) as functions of X{n), and so allows the
calculus of f(n) as a function of x(n). The reievant
zero is in O when x(n)=0.

F 05
045 /
0.4 /‘/ ) p:
7
0.35 // //
e
64 s Vs /
025 .
p=2 //
0.2 / p=3 -
0.15 / %:4
0.4
0.05
% 05 1 15

Fig 2, F=Cbf [adim] as a function of X=Cx
fadim] for nonlinearities of 2nd, 3rd and 4th
degree.

If we ipotize a model in which T, my, Z or k varies
in a continuous way at roughly the same time scale
of the audio signal, the multiplicative dependency
of the (X, F) curves partially looses its utility, since
we are forced to calculate C as p-1-th root of pab,
However, if p is left fixed, we can calculate C by
means of a lookup table and so the value of f(n)
with a double Jookup. The algorithm is:

1
1. find C =(pab) 7 in the first lookup table.
2. calculate X=Cx
3. find F=Cbf in the second lookup table using

index X.

4. calculate f = F/Cb.
Instead, if we ipotize a very slow variation of the
parameters or a "stepwise” variation amongst
interactions, since tumers usually change a
parameter and then listen to the results, we can
recalculate C and Cb offline and the calculus can be
done by the host processor of the DSP.

4.2 Contact condition
We can also give the hammer-string contact
condition as a function of the sign of x(n) or X(n).

As told in 1T order nonlinearity case, expression of
compression of the felt during contact is:




5‘?—*’3— () bf(n)

' Release cundmon can be then evaluated companng._
x(m)-bf(n) (or X(m)-F(n)) with ZET0. However we'-

note that for x near zero we have S

f()

3_- x--+0 x(n)

' Heuce, dne release COl:ld.lthl] for Ay near zero can
be given only as a function of x(n) or X(n). In-

other words, if x(n) is greater than zero, we are in
contact; when x{n) becomes Zero, contact ceases.

Wen there is no contact, f=0 for definition. Ay
expression becomes: '

A o ' :

M@y ynz0.
Hence when there is no contact x(n) is proportional
to Ay(n). It follows that also in this case the contact
condition can be given as a function of x(n) (or
X(n)). In other words, if x(n) is less than zero there
is no contact; when x(n) is zero, contact starts.

The union of the two cases studied allows us to
define a contact condition based on the sign of x(n).
Hence, x(m) can be regarded as a "pseudo-
compression variable. In summary, the recursive
expression which updates x(n) is sufficient both to

calculate the value of f(n) and to evaiuate the_;

coutact contmou

4.3 Interpolatmg solutlons o

It is still possible to mterpolate 2nd and 4d1 degree'

expressions in order to simulate a smooth variation

of o between 2 and 4. This can be done with the

followmg forrnula

f=ng (x(n>) (1 n)g4(X(n))

where. g,(.): and g4() are the ‘second” and fourth :

' degree solutions curves. Hence, varying 7 from 0

- An an‘angement of these solutlous alluws to use one:

single table of adimensional and’ nonparametric

‘value' for each degree of: nouhueanty required.

Furthermore contact condition can be given in a

. VEry' unexpemsive - form, - which preveuts the -

to | we obtain a linear interpolation’of the curves in -

the (x,f). plane, which corresponds
mterpoiauon of the curves in the (Ay,t) plane

s. Conclusrons L

A fast and’ accurate metlmd for hammer—smng

interaction simulation in “physical miodel synthesis
has been proposed. This method was based on the

1o . an..

solution of the nonlinear system of 4 linear jdeal”
string and - a - polynomial - nonlinear: mass-spring -+ -
system. consututmg the  hammer.  The technique: .. =

. ; _m a lookup table

s employed allows to’ precalculate tbe solutions of :
L hammer-stnug mteractum system and to put tbemf__ o

calculattou of the actual value of felt compressron

Linear mterpolatron between different degree of : -

nonlinearity allows to simulate in a rough but very:
efficient way the continuous variation of the
nonlinearity exponent reqmred by an accurate
model of the felt. S
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Abstract

Noms des airs, a musical composition by Salvatore Sciarrino, can exist only with the sounds produced by
another musical work., In the first performance, held at the Cantine del Redi in Montepulciano the 31st of July
1994, the sounds processed by Noms des airs where those of La Favola di Orfeo {(1932), an opera by Alfredo
Casella which lasted 40 minutes and was simultaneously performed in the Teatro Poliziano, located not far
away from the Cantine, The sounds of the Orfeo by Casella were picked up by microphones and carried over to
the Cantine on seperate channels to provide: a global stereo channel pick-up, the voice of Orfeo, the other
singers voices, the orchestra and some stage noises. An algorithm-based digital processing system was placed
in the Cantine. Such a systern was transforming in real time the sounds of Casella in the music of Sciarrino.
The public could listen to several sound transformations following a musical path which started from the exact
reproduction of Casella's music proceeding gradually towards the original sounds of the opera by Sciarrino. The
purpose of this presentation is 10 describe the main algorithms vsed providing sound examples, to analize the
design techniques of the performance environment and to discuss implementation and spatial sound

distribution issues.

Noms des airs di Salvatore

Sciarrino

La musica di Noms des airs di Salvatore Sciarrino
esiste solo grazie ai suoni di un'altra opera
musicale. Nella prima esecuzione che si & tenata il
31 Iuglio 1994 alle Cantine del Redi di
Montepulciano (1] i suoni elaborati da Noms des
airs erano quelli de La Favola di Orfeo (1932) [2],
un'opera lirica di Alfredo Casella della durata di
circa 40 m che veniva eseguita in simultanea nel
vicino Teatro Poliziano. I suoni dell'Orfeo di
Casella erano captati da microfoni e trasportati
nelle Cantine del Redi in modo da avere, su canali
separati, la ripresa globale stereofonica, la voce di
Oifeo, le voci di altri cantanti, Forchestra, e i
rumori di scena (fig. 1).

Tuni

Teatro Politiano Oiefen Canfine del Redi
La favola di Orfeo | Antec-OrindecRecconte... Noms des airs
(1932 Oxkch {1994)
di Alfredo Casetla Bumcri di Sulvatore Sciering
Fig. 1
Nelle cantine era istallato un sistema di

elaborazione digitale su base algoritmica che
trasformava in tempo reale i suoni dell'opera di
Casella nella musica di Sciarrino. Le varie
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trasformazioni venivano ascoltate dal pubblico
fungo un percorso che partiva dalla riproduzione
integrale dell'opera di Casella, diffusa nel cortile
soprastante le cantine del Redi, per arrivare in
modo graduale, scendendo una lunga scalinata, ai
suoni originali dell'opera di Sciarrino diffusi da un
sistema multiplo di altoparlanti (fig. 2).

Stradz B :A ]
In;m.:l.:_) Conils catrmo ok o F
E:,fqﬁu] ﬂv
N
>
i{P% Sala2 )
Saale Ejn k[]
EE-E-
=4 B
I |
ig,

La discesa nella musica di Sciarrino aveva come
cornice i1 fascino architetionico € storico delle
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Il Live Electronics in Canti d'inquietudine di Andrea
Molino

Alvise Yidolin
CSC - Centro di Sonologia Computazionale dell'Universith di Padova
Via 8. Francesco, 11 - 35121 Padova
Tel. ++39 49 8273757 - Fax ++39 42 659975
Email: vidolin@dei.unipd.it

Abstract

Canti d'inquietudine is a musical composition for ensemble and live electronics by Andrea Molino. The digital
signal processing of the acoustic sound is made by the Workstation MARS (fig. 2). The processing system is
done by six independent lines. Each line is a chain made by a pitch shifter, a delay with feedback, and a stereo
panning control {fig. 1}. The Max program are used for controlling the parameters both independently and
globally (fig. 3). The electronic score is set up in 23 parts. During the performance the electronic player select

the part by Max and play a bank of MIDI potentiometers.

The purpose of this presentation is to describe the main algorithms used providing sound examples, 10 analyse
the design techniques of the performance environment and to discuss implementation and spatial sound

distribution issues.

Introduzione

La caratteristica principale del Live Electronics &
data dal lavoro diretto che il campositore fa sul
suono anziché sul testo. Questo si pud spiegare
ricordando che wadizionalmente il compositore
scrive 1la musica nella partitura ed utilizza diverse
tecniche per lo sviluppo del discorso musicale
come ad esempio ripetizioni, variazioni, sviluppo,
contrappunto, armonia, figure, sfondi, ecc. Tali
lecniche sono appunto applicate nella fase di
scrittura della partitura. Con gli strumenti
elettronici, invece, & possibile organizzare il
discorsc musicale agendo direttamente sul suono,
come ad esempio ripetendo lo stesso evento sonoro,
variandolo mediante wna o pilt trasformazioni,
moltiplicandelo o creando eventi ibridi che
nascono dall'interazione elettronica fra due o pil
esecutori fradizionali. La musica che scaturisce dat
Live Electronics non & meno deterministica
dell'altra: & infatti possibile scrivere una "partitura”
altrettanto rigorosa con la differenza che viene
notato il processo di elaborazione che si deve
attnare sui suoni anzich€ il risultato acustico che si
deve ottenere [1].

Canti d'inquietudine

Questa premessa era necessaria per introduarre la
parte di Live Electronics che completa la partitura
di Canti d'inquietudine [2] e che riguarda i suoni
che non si Fovano esplicitat nello spartito ma che
nascono dal trattamento di alcune sezioni musicali
suonate dagli strumenti tradizionali. In questo caso
la parte elettronica non viene utilizzata per
generare suoni di sintesi, bensi per manipolare i
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suoni dell'ensemble e utilizza prevalentemente due
tecniche di elaborazione: la trasposizione di
altezza e la traslazione nel tempo.

Il sistena di Live Electronics progettatd per
quest'opera & costituito da sei linee di trattamento
indipendenti ciascuna delle quali & composta da un
traspositore, da una linea di ritardo con retroazione
e dal controllo stereofonico di uscita (fig. 1).

e A
"o
P — Pich
K
D —{ Deay — F
0
E 3
B Balance
Fig. 1

La linea di ritardo non & altro che un generatore di
echi con tempi di ritardo anche molto lunghi: nel
nostro caso la durata massima & di 13", Inoltre, &
possibile graduare il livello e la quantita di
ripetizioni dell'eco che al limite pud essere iteralo
all'infinito. Pertanto se i tempi di ritardo sono brevi




le scl linee di trattamento Slmulano i pnml echl

che in' natura si venficano nelle sale dovuti alle -
riflessioni dei " suoni- ‘sulle’ pareti. il nsultalo.'r.-;.'- g
acustico; qumdx & una sorla di riverberazione. Se
inivece i tempi di ritardo sono' superiori al decimo: =

- di secondo gli echi sono distinti e il risultato varia

molto in’dipendenza dal tipo di materiale SOnoro
"' impiegato:: se. i suofii'sono’ tenuti i ha an 7
prolungamento che pud ricordare per analogla"'f B
T'effetto del pedale di pianoforte; se i suoni sono: " - -
percussivi si oltiene una moltiplicazionie “degli "
eventi. La presenza delle trasposizioni in altezza, - -
poi, accentua maggiormente l'effetto moltiplicativo .

dilatando su vari registri i suoni ungman

Amblente esecutlvo

Per. ‘poter eseguxre dal vivo #i" dwers: pr d:-'j" :

trattamento - previsti: - dal * compositore’ & * stato
sviluppato ' presso: il Centro™ di-

un ambiente ~esecativo - basato™ sulla - Worksation

MARS  [3] dellRIS (Gruppo Bontempi-Farfisa) *
(fig:: 2) controllata in tempo reale da un software

originale sviluppato in ambicnte MAX {4, 5] su
Macintosh. o

In fig. 3 & riportato Falgoritmo di una linea di
elaborazione dei suoni che & stato poi replicato sei
volte per ottenere il sistema di trattamento voluto.
1e trasformazioni previste nel Live Electronics di
Canti - d'inquietudine, ~>non - sonp°  vincolate
all'utilizzazione della Workstation MARS, ma si
possong realizzare anche utilizzando un: sistema di

apparécchiature discrete’ facilmente - reperibili- in-
commercio. Tali-apparecchiature: 'sono un- Pitch

Hz 5.980

' _Gc.rmreconrrol ST T E

_ - Sonologia -
Compuitazionale: (CSC): dell'Universita- di-Padova -

Shzﬁer (detto anche Harmamzer) un Deiay con

. feedback e un regolatore automatico di livello. Tali -
'dispositivi devono essere controllabili via MIDI per:
_ utilizzare il sudde_tto saﬁw:_zrg realizzato con MAX. -

Cumpuld T Macintosh computer.
kcyboa:d . - MAX program "

Kaway M_M-lﬁ
i MIDI Mixer

MID! Interface

‘. . nﬁdfo L a

Audio signal ww——————3 Workstation MARS
E I audio R)
|.. Ateri camputer:
“ Edi20 program
g g i

La videata principale dell'ambiente esecutivo per il
Live Electronics di Canti d'inguietudine &
illustrata in fig. 4. Nella finestra Score vengono
fissati i valori dei singoli parametri che possono
essere memorizzati su file. Ciascun file pud.
contenere otto configurazioni diverse. La finestra
Results mostra i tempi di ritardo effettivi dedotti in
base alla azione- della - deviazione aleatorid. La
finestra Monitor mostra il valore dei parametri che
viene inviato via MIDI ai processon di trattamento.
im: - seguito: alIa azione-: ‘su polenz:ometn
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Significato dei potenziometri. I: Input generale; O:
Output generale; F: Feedback generale; Al-A6:
input singolo; O1-06: cutput singolo.

Tale ambiente consente di definire ¢ variare sia
alcuni parametri globali di tutto il sistema sia il
dettaglio di ciascuna linea di trasformazione, In
particolare i parametri di ciascuna linea sono:
ampiezza di ingresso e di uscita, fattore di
trasposizione, fattore di ritardo, guadagno di
retroazione per fissare I'ampiezza ¢ il numero delle
ripetizioni, bilanciamento stereofonico. [ parametri
globali sono I'ampiezza di ingresso e di uscita, il
tempo di ritardo e il fattore di deviazione aleatoria
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dei tempi di ritardo. Pertanto il tempo di ritardo di
ciascuna linea dipende da tre fattori: il valore
globale, il fattore moltiplicativo e il tasso di
deviazione aleatoria.

Partitura del live electronics

La partitura del Live Electronics di Canti

d'inguietudine & composta da  ventitre
configurazioni diverse dei parametri sopra
elencati, che corrispondono ad altrettante

manipolazioni dei suoni originali. L'ambiente
esecutivo & stato progettato € realizzato per
consentire il passaggio istantaneo da un




. -="conf gurazxone ad” un altra i modo da; poler

" soddisfare a qualsiasi esigenza d1 ca:nbmmento .8
. duranie le prove che nel corso della esecuzione.. _
" Inoltre alcuni parametri sono stati associati a-dei .. S ' CRRAEE
~* controlli ‘gestuali per consentire un'immediatezza - 5 Opcode Inc 1990 Max Documentanon Palo ;'- )

:':.Francxsco' Compuwr Mus:c Assoclalmn pp 420—
'-425 ' : - e :

: esecunva ‘¢ una taratura pid fine: de1 valori m “base i :: A][o Cahforma 0pcode, Inc.

. alla verifica d'ascolto,  Tali parametri * sono-
'lampxezza globale. di mgresso erdi uscita, il
B guadagno globale di' retroazione e i smgoh hvelh_ :

di ampiczza di mgresso [ d1 uscxta per ciascuna -

Linea.
Le diverse’ conﬁgurazmm hannu degh elemenu f

comuni che danno unitarieth ai differenti processi - -
di trasformazione e di fatto sono delle precise

* scelte compositive, Gli - element pig rilevanti

riguardano la struttura dei tempi di ritardo, che @ '_
segue la serie dei numeri primi (2, 3, 5,7, 11, 13); -
e la struttura della collocazione spaziale degli echi ..

" nel frofte stereofonico (75, 50, 100, 25, 127, 05~ ' -

~essendo Left=0'e ngth-127) La struttura defle

trasposleom pur avendo precisi 1egam1 armonici
con le alre parti dell'opera, varia continuamente

da una configurazione all‘altra come pure Ia
presenza o il valore di retroazione.’ RN
La sperimentazione e la taratura dex paramem del .
Live Electronics di Canti d'inquietidine sono siate
realizzate al Centro di Sonologia Computazionale
dell'Universith. di Padova  da. Andra  Moling, -
Alessandro Pianu e Alvise Vidolin utilizzando una ..
registrazione delle: parti’ ‘strurientali soggette al: .
trattamento effettuata dal Gruppo Musica Insieme

- di Cremona " diretto: dall'autore.: Per ciascuna - -

sezione si‘ & operato in” tempo reale come se si
stesse suonando dal vivo integrando lo schema con
alcune note verbali sutia pra551 eseculiva,
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Software per la definizione di strumenti nella musica
elettronica:analisi e realizzazione di Mikrophonie I e Solo di
Karlheinz Stockhausen

Simonetta Sargenti

MM& T, Musica Musicisti ¢ Tecnologie,via Aosta 2, Milano,tel
33602627 fax 33105679

Abstract

This article describes a new realisation of Solo
and Mikrophoniel by Karlheinz Stockhausen , with
the aid of the warkstation M.AR.S. An analysis
of the two pieces shows at first their main
structural and musical characters ,the points in
common and the differences between them.
Follows a reflection on the characteristics and the
functions of the electroacoustics media in the two
pieces joined together by practice of live
electronics and by a selection of alternative runs
to choice of the performers . The last point of this
paper explains our realisation of these
compositions with the aid of the workstation
MARS. using algonthms instead analog filters
and tapes and shows the capability of recreating
historic electroacoustic compositions with new
technological supports.

1 Struttura formale e procedimenti
compositivi

Milrophonie I e Solo furono composte da
Stockhausen tra il 1964 e il 1966 , anni nei quali
egli fu particolarmente coinvolio dalla ricerca sulle
possibilita di ottenere trasformazioni sonore dal
vivo,utilizzando strumenti elettroacustici. (1) 1 due
lavon hanno in comune, oltre all’ impiego delle
apparecchiature elettroacustiche per ottenere
trasformazioni timbriche ed effetti dal vivo, anche
alcune  importanti caratteristiche  formali e
strutturali .

1.1 Analisi di Mikrophonie I

L’analisi di Mikrophonie I & stata condotta sulla
traccia  delle dettagliate indicazioni fornite
dall’autore nelle pagine introduttive della partitura
e nei iesti esplicativi  da lui stesso raccolti e
pubblicati (v.note 1 e 2 ), ed in pane integrando
talt indicazioni con un metodo di tipo percettivo,
verificando se all’ascolto, le relazioni tra i vari
episodi di cui il brano si compone ed it carattere di
questi ultimi corrispondessero realmente alle
indicazioni date. Il pezzo si presenta infatti nello
stesso tempo come assai definito ed articolato nella
sua struttura formale e nel rapporti tra i van
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momenti di questa e come sistema “aperto” per
quanto si riferisce alla scelta dei parametri di cui
comunque il timbro appare essere [|’obiettivo
principale, insieme con la ricerca di unire la
possibilitd del rigore formale con la liberta delle
scelte esecutive.

Mitrophoniel, prevede un organico di due gruppi
di tre esecutori ciascuno:  un percussionista, un
esecutore al microfono ed un esecutore al filtro e
potenziometro. I  due gruppi  suonano
alternatamente ,tranne che in tre punti del brano,
nei quali si trovano insieme. 1l pezzo si articola in
33 episodi diversi , collegabili tra loro secondo una
successione scelta dagli esecutori stessi, tenendo
conto pero’  delle relazioni tra i vari episodi
indicate dall’autore che si riassumono in  tre
possibili rapporti: somiglianza, differenza ¢
contrasto. Questi si intendono riferiti al carattere
percettivo dell’intero frammento in relazione a
quello immediaiamente precedente e a guelio
successivo, in rapporto quindi a futti i parametri
musicali di altezza ,durata e timbro_nel loro
complesso. Tale aspetto del lavoro mette in
evidenza il problema della diversa percezione di
elementi isolati o inseriti in un contesto e della
differente percezione degli stessi in relazione a
contesti diversi. e si ricollega all'idea di originare
eventi sonori-oggetto all'interna dei quali & difficile
separare la percezione dei singoli parametri.

Se la possibilita di scegliere un percorso sempre
diverso in ogni nuova esecuzione, conferisce
carattere in parte aleatorio a questa compaosiziote,
d’alero canto, proprio la necessitd di determinare
delle scelte percettive da parte degli esecutor, crea
I'esigenza di  stabilire alcune regole di
concatenazione che I'autore indica in modo da
rendere comunque coerente la struttura formale del
pezzo . Egli propone uno schema di collegamento
tra i vari momenti della composizione da cui si
desumono con precisione le relazioni percettive
che devono derivare dall’'esecuzione.(2) I segni
posti inferiormente allo schema , definiscono le
relazioni fra le varie strutture, l'ultima delle quali
deve essere scelta come punto di partenza
dell’intera esecuzione.Si comprende quindi come il
risultate di quest’ultima possa variare in rapporto
alla scelta dell’episodio prescelto per I'inizio e per
la conclusione del brano. Le relazioni tra i
frammenti indicate nello schema ,vanno poi




: -"osservate obbl:gatonamente

 Allinterno di tale
“macrostruttura” rigidamente deﬁruta, gli esecutcn__:
operano liberamente alcune scelte:1) i tre momentl-_

“nei quali i due gruppi di esecutor si troveranno a’

'+ suonare insieme e poiché questi tre frammenti non- L

hanno indicazioni di rapporti con i precedentl e’

SLIGCESS!V! 5 pDSSOIlD essere inseriti in quaismsu

punto, sempre. ' in ‘modo:: da confenre equlhbno P

all’insieme del brano.

2) la determinazione della successione deile varie
entrate di ciascun gruppo; i possibili attacchi sono:

indicati in partitura da frecce: nel pumti in cui si

trovano le ﬁétce'é'pdsSibile per il gruppo che'in "
quel’ momento era in silenzio di atfadeare .Questo

‘¢ostitiisce  un 7 ulteriore e!emento' di
diversificazione ",

contesto “variera a seconda’del ‘punto’ in cui’ il

gruppo successivo interverra sul precedente ed in-
base alla possibiliti che ;mentre un gruppo attacca,
terminato il suo frammento, decida di’ términarlo
comunque o continui a sua volta a suonare ﬁno ad -

-~ quello - che “suonava“ in - precedénza - *

averlo terminato.”

3) la-definizione delle durate la cui unitd d1 rrusura" '

una volta prescelta, nmane po: costante per tutta la
composizione, '

4) la scelta dei matenah per produrre xl suong. L’
unico strumento acustico previsto: dail’organico
del pezzo - & il tamtam, :messo in vibrazione con
materiali diversi. Indicazioni generali " sugli oggetti
da utilizzare sono date dal compositore in partitura

dove: viene segnato ~anche il°modo it cui tali-
oggetti vanno impiegati. Rimane tuttavia un’ambito -
di libertd interpretativa sugli oggetti da usare e"

quindi- Una ulteriore’ - possibilita "di intervento

creativo: da’ parte degli ‘esecutori; le indicazioni’
parlano di risuonatori piccoli o grandi ; di carta o di

vetro ,di corde o tubi etc. Nella nostra realizzazione
per esempio; abbiamo- proceduto stabilendo per

ogni’ sonoritd” richiesta” ina serie di-oggetti e di”
~per - ciascun’ effetto da produrre ed -
abbiamo poi rstretto il campo in base al risultato’

materiali:

percettivo fornito- da’ ciascun oggetto,arrivando a
scegliere - quello’"*che™ “sembtava -

cosi® utilizzati *cotne " risucnatori -

caffé’ e cosi® via:’ M:kraphamel ¢ quindi - anche ;
mdlpendentemente dalla - - parte”

infatti; il cui’ effetto viene*

“poi’;
propri “oggetti sonori

'pamtura, c_Iove parole quali -
5 “strombettare

crepxtare stndere

i “quanto:” la - percezione del -

~avvicinarsi
magglonnente al nsultato nchjesto Sono- stati
“recipienti di
coccio, insalatiere  di- plastica; barattoli di' varie
dimensioni, tubidi“carta, forchette, barattolidel -

“elettronica’
comunque mtegrante della’ composmone un lavoro™
che si- avvicina per - alcuni aspetti anche  ‘all’idea ™
della musica concreta:: L uso’ dei’ dwers: ‘materiali
esaltatn'}'

dall’intervento del rmcrofom da’ luogo ‘a veri'e
. Tale affermazione ¢ anchie
confermata dalle * mdlca:nom che “troviamo: nelld

gracxdare e
“etc. sono -
1mmag1m verbah di txmbn—oggetto ‘da’ pmdurre e’
5u1 quah gh esecuton devono trovare un accordo '

.2 Funznone dell’:
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. pefcettivo per: potei‘ sc'egli'ere” e definire i materiali_ B
e le modalita di esecuzione..Questa osservazione ci. . .
'nmanda alle diverse’ rnodahta di scrittura utilizzate .
dal comp051tore per  questa partltura a)-una -
_ le dinamiche e
"“la parte di percussioni ,b) indicazioni esecutive di

scritturd tradizionale per le durate |

movimenti :
microfonisti;’

,posizioni © ed  orientamenti- per i -
‘) una’ scrittura: per la gestione dei

il Ogmma delle tre parti ,della’ percussione,del - .
" microfono e del filtro,é suddivisa in tre ambiti di

altezze: grave,media e acuta,all’interno dei quali si
agisce nei modi indicati per produrre i leG!‘St:
effetti. T

1. 2 Al]allSl dl Solo R
Anche per Sa]o panahsx € stata svolta in gran parte,"'

sulle’ indicazioni del composxtore g si_ & potuto
rilevare che I’Obxemvo pnnclpa.le anche di’ questo__._ )

Javoro & dato dai rapporti complessivi fra -

parametri “scelti liberamente all’interno dl una .
struttura ngorosamente deﬁmta sl

Solo ha in comune con Mtkraphame 1 una
struttura fonnale in parte detemunata ed in parte
lasciata’ alla * discrezione "dell’ "unico esecutore
strumentale affiancato da tre assistenti per la
realizzazione elettronica e la regia del suono.
L’esecutore ha a sua chspos:zxone sei pagine di
musica da eseguire secondo un suo criterio , senza
I’ obbhgo di una successione predetenmnata Eg]l
puo’ persino ritagliarsi alcuni frammenti della paﬁe
e ridisporli a suo piacimento nspettando poi le .
indicazioni per le correlazioni ‘dei vari momenti
cosi’ ottenuti. Dopo aver scelto ed eventualmente
“ricomposto” la parte strumentale, egli deve fare
riferimento ad uno ‘dei sei schemi interpretativi
proposti - ‘per 1'esecuzione, " che" prevedoho i
parametri da rispettare; oltre ai criteri esecutm per.
gli mterpretl della parte elettronica. -
Anche in Solo ;come in Mikrophome I devono'
essere considerate lé* relazioni” di  somighanza, -
differenza, crescendo- o decrescendo di tensione -
esecutiva, con riferimento peér ogni frammento a
quello immediatamente precedente ¢ al successivo.. -
Queste relazioni sono appunto indicate in ciascuno -
schema al di sotto della parte esecutiva degli
assistenti alla’ regia . del’ suono.(3): In.-Sefo il -
problema della scrittura strumentale & risolto in
modo. tradizionale; con 'uso del pentagramma e si
abbina - allo. schema * operativo. prescelto . che..
contlene le lI'ldlCﬂZlOI‘l.l del ‘compositore: riguardo -
alle relazioni fra i momentl del pezzo ed un grafico:. -
che rappresenta la reahzzanone della parte 3
elemomca ) R : : ¥

elettromca nelle
composnzmm anallzzate '

Abblamo nlevato nell’ana_llsl delle pamture alcune B
caratteristiche strutturali di M_’rkrophqn;e_] ediSolo.



in comune ad entrambe le composiziont. Queste
non vanno ovviamente disgiunte dalla presenza
degli strumenti elettroacustici.. Si ¢ gia detto che
I’autore era interessato negli anni che videro
nascere  questi  pezzi, all’attuazione  di
trasformazioni  timbriche dal  wvivo. Con
Mikrophonie I egli attua un primo esperimento
utilizzando una delle apparecchiature
elettroacustiche piu’ semplici e di uso pin’
comune: i microfoni, che sono i protagonisti di
questo brano, come si puo’ dedurre dal titolo
stesso. In questa composizione,i microfoni non
vengone utilizzati per la sola amplificazione del
segnale ,come solitamente avviene , ma per
modificare sostanzialmente il carattere degli eventi
prodotti .creandg gli oggetti  sonori
precedentemente  citati nell’analisi  strutturale.
Essendo usati in modo particolare i microfonl non
sono posizionati in modo definitivo e in un punto
preciso deflo spazio , ma sono usati  dagli
esecutor: orientandoli dinamicamente secondo le
indicazioni della partitura ed in relazione alle scelte
timbriche concordate. Per elaborare ulteriormente
questo risultato, Stockhausen utilizza dei filtri
analogici regolati da potenziometri che producono
bande di larghezza diversa. In tal modo gli
esecutori ai microfoni e gli operatori ai filtri ,non si
limitano ad  agire  meccanicamente  sui
potenziometri,ma diventano veri ¢ propri interpreti
del brano interagendo tra loro e con i
percussionisti .L’elettronica dal vive & dunque
intesa in questo brano come trasformazione degli
eventi sonori e propone quindi una nuova figura di
tecnico-interprete-esecutore.

Anche Solo si inquadra in una ricerca nel campo
dell’elettronica dal vive che si rivolge ,piuttosto che
alla modificazione timbrica e alla creazione di
oggelti sonori, ad una stratificazione ottenuta
sovrapponendo  al suono prodotto dallo strumento
melodico effetti di ritardo e di feedback. Ogni
schema esecutive del pezzo, si compone di sei
sezioni ,a loro volta suddivise in piv’ parti di durata
diversa ,in ognuna delle quali € prevista una precisa
elaborazione dei suoni eseguiti rapportata alle
scelte del solista. Nella concezione originaria
dell'autore , il suono viene registrato da un
assistente addetto al controllo dei microfoni ,
inviato in un feedback da un secondo assistente ed
infine agli altoparlanti da un terzo assistente che
controlla le uscite. Le sei versioni prevedono un
diverso modo di gestire { tre controili e
conducono quindi a differenti risultati musicali. La
combinazione delle scelte del solista con le diverse
versioni della elaborazione elettronica danno cost’
luogo a una serie infinita di possibilita esecutive
assai diverse fra loro. Anche in questo caso,gli
assistenti sono veri e propri interpreti della parte
elettroacustica , dovendo accordarsi con il solista e
seguire ,insieme con le loro indicazioni | le scelte
musicali operate da quest’ultimo.
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3 Realizzazione dei brani con la
stazione di lavoro M.A.R.S.

3.1 Mikrophonie I

La reslizzazione elettronica originale di
Mikrophonie I ,prevede ’uso di due microfoni ,uno
per ciascun gruppo di tre esecutoni e similmente
di due filtri analogici regolati da potenziometri . 1
filtri sono fissati ad un valore minimo di 30 e ad
un massimo di 10000 Hz.

La banda cosi’ ottenuta & suddivisa dal
compositore in tre sezioni: grave ,media e acuta ,
seguende la tripartizione dell’'intero lavoro
Mikraphoniel e la sua ampiezza ¢ regolata via via
dal potenziometro anche in relazione all’ambiente
esecutivo.

Nella realizzazione proposta da MM&ET con
Vausilio della stazione di lavoro MLARS. si é
operata una scelta formale analoga a quella voluta
dall’autore, mantenendo lo schema di collegamento
da questi utilizzato per la prima esecuzione del
lavoro (Bruxelles ,dicembre 1964 ), si & poi
operato via software sulla pestione dei filtri
sostituendo i due filtri analogici con  altrettanti
filtri digitali .I due algoritmi identici tra loro,uno
per ciascun gruppo di esecutori, sono stati
realizzati con il software EDIT20 impiegato dalla
stazione di lavoro M.AR.S.: il segnale esterno
entra ne! filtro passabanda ed una volta filtrato,
viene inviato alle casse . Durante I"esecuzione i due
algoritmi nella modalitd orchestra sono controllati
via MIDI come seguecontrollo 1 , segnale
d’ingresso, controli 2 e 3 |, regolazione
dell’ampiezza di banda, controlli 4 e 5, uscita sulle
casse.(v. fig.1)(4)

3.2 Solo

Per la realizzazione di Solo & stato studiato un
algoritmp che riproduce un’ apparecchiatura
relativamente piu’ complessa di quella necessaria
all’esecuzione di Mikrophoniel,

Questa consiste in due microfoni ,uno per ciascun
canale e in un registratore a due canali e sei testine
stereo .Poiché ogni schema esecutivo prevede sei
sezioni di durata diversa, ognuna delie sei testine
di ripraduzione viene uwtilizzata per ciascuna
sezione; |'intervallo di tempo che intercorre tra la
testina di registrazione e quella di riproduzione
deve essere quello previsto dallo schema esecutivo
prescelto ed ¢ direttamente proporzionale alla
lunghezza del nastro La registrazione del segnale
¢ finalizzata all’idea di poter riascoltare dopo un
certo intervallo di tempo, quanto ¢é stato
precedentemente gia eseguito, ¢ dunque pensata
per ottenere effettt di ritardo e di feedback.
L'assistente che conirolla tale effetto, fa passare
il segnale , dove richiesto utilizzando dei
potendometri ,in modo che gquesto possa essere




rrascoltato dopo I mtervallo di tempo prewsto La
necessita di reglstrare il segnale e di caleolare la .
* lunghezza del nastro” in *funzione “del “tempo "di

ritardo desiderato ¢ stata risolta con lé potenzmhta

offerte dal software EDIT20.: La realizzazione di
schema
esecutivo. e sostituisce all’apparecchiatura descritta - *
piu’ sopra, - un-algoritmo: di ritardo con: feedback. -

MM&T ¢ basata sulla traccia del VI

- Le: durate;’ delle : sezioni del"VI' ‘schema’ : sono:

rispettivamente di: 14,2, di-19 ~di 45,6, di 34,2,

di 25,3'e di 10,6 secondl L’ algontmo base: capta ;.

il segnale esterno del microfono;inviandolo: su:due:

il segnale:
confeedback controllato dal:
- secondo” assistente: & viene = infine fatto ascoltare: "
sugli altoparlanti-,qualora lo-schema lo preveda, dal -
terzo- assistente.Nei punti in cui le casse deli’uno o
del’altro canale sono chiuse ,si ascolterd- solo.

canali-,controllati dal- -primo assistente: ;
entra’ nel ritardo’-

I'esecutore’ dal vivo;: mentre nei: punti:in cui Jo

schema prevede: a presenza sia.- del ritardo. che del: -
feedback - o di uno: solo- di“questi' effetti,essi si- -

sovrapporranno in uscits ,dando: luogo ad- una
maggiore ¢ minore densita: sonora,(v. fig: 2): -

S
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Pmche r algontmo é struttnra]rnente 1dentlco per

tutte le 'sei sezioni dell’esecumone ¢ sufficiente .
modificarne la’ moda}ita tone. comspondente al
valore ‘dei parametri di durata del ritardo. Nella
nostra realizzazione di- Solo sono stati custrum_.'.'
struttura ,due dei. .
quah possono essere utllazzatl nspettwamente per__ .

quattro algoritmi di_ uguale

'_'quanttta div’ memona .per la-quale:non & . _
possibile creare piu’ fones in un singolo a]gontmo e L

5 Conclusmm

I sezione A ed E con dﬁe tones differenti. Tl terzo”
ed_ il: quarto algorltmo .che hanno-.ritardi: della’. -

durata -di. 46 € di 38 seeondl nchledono Cunais

sono’ stati - dunque usati: due - distinti: algoritmi.
Questl 501'10 stati: -poi: ‘strutturati . nella: modalitd

orchestra e:: controllati ' durante: l’eseeuzlone via .

MIDI, come peerkrophame I 11 primo assistente.
ha a disposizionei. controlli per- I'apertura’ dei

microfoni, il secondo quelli- per la gestione del':
ritardo-’ eon feedbaek ed:il terzo assistente mﬁne i

controlli ;. per:- la gestlorle delie usclte sugll
altoparlantl Co i :

Dail’anahsl del Iavoro preéeniato "e’me’rfgono .
alcune- osservazioni - riguardo “al’"senso " di una

riproposta’di- opere storiche con P'utilizzo' di nuove -~~~ -

tecnologie’ nell’ambito della musica elettroacustica.
L’interesse di tali opere consiste nell’aver dato le
prime soluzioni a problemi compositivi ancora oggi: -
oggetto di ricerca. Il riproporle” si caratterizza poi -
in' modo nuovo; per Putilizzo di  meézz ' diversi e

assai piu’ agili al fine di ottenere gli stessi risultati.”
Si tratta percio’ di un lavoro che rimanda ad’ ‘una

sintesi tra recente passato e presente che da un late:
ci consente di- approfondire il passato e il modo in:
cui vennero per la prima volta ideate soluzioni"
allora del tutto’ nuove nel settore della musica™ =’

eiettroacusnea, dall’altro ¢i consentono’di’ studlare ’
1'uso’ di nuovi’ mezzi“che oltre a’ riprodurre ‘opere
gid trascorse, si presentano come  utili strumentl '
creativi per la musica di oggl : '
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K. Stockhausen ‘niella introduzione alla partitura
di Mikrophoniel, Wien, Universal Ed., 1974, sono
contenute l¢ indicazioni dettaghate per "esecuzione
e lo schema di’ eoIlegamento dei van momentl

proposto daJl’autore ' . :

K Stockhausen ', nella partltnra dl Sola Wlen
Universal Ed., 1969, come per Mrkraphomel :
trovano le mdxcazxom per l’esecuzmne ei p0551b111 .
schem: d& sceghere DN :

4) Nella ﬁgura I: 11 ﬁltro appare sehematxzzatc in .. :
realtd [clascun filtro passabasso ¢ ciascun filtro -

passaalto sono costituiti- non da un solo modulo - .
* ma'da due moduli” in cascata,uno per ciascun_iltro, o
per poter controllare rnegllo la pendenza dei ﬁItro .

stesso.
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Abstract

MediaSynth is a software sysiem which allows the user 1o synthesize MuitiMedia Scores (MMS) by means of
the implementation of a Pewri Net extension, cailed MultiMedia Petri Nets (MMPN). MediaSynth is an
evolution of the ScoreSynth program (MIDI Score Synthesizer) which could process and structure elementary
multimedia objects such as video sequences, digital audio, and MIDI sequences, according to the behaviour of
user defined MMPN models. :

‘Three user environments are available: an Editor of MMPN models, a Debugger of MMPN models (that executes
the PN model and synthesizes the final MMS), and a MediaPlayer for MMS playing.

MediaSynth has the following features: wide functionality and simplicity of the iconic user interface (hierarchical
decomposition, parallel processes structuration, synchronism, non-detérminism); synthesis of multimedia
processes {not only editing); generation of new MMS by means of minimum structural changes; composition
of complex wansformations by means of atomic instructions; possibility to export the MMS to other platforms.

1. Introduzione 2. Le reti di Petri Multimediali

Questo articolo mostra come sia possibile Le reti di Petri Multimediali (MMPN) ereditano
descrivere, elaborare e sintetizzare strutture in toto la ieoria delle MPN per la rappresentazione e
multimediali tramite un tipo di rappresentazione piil la sintesi di partiture MID] [Haus & Sametti, 1992].
flessibile rispetto ai modeili fomniti dai principali La metafora usata nella definizione di una
100l che combinano video, audio e alti media, MMPN & ancora quella che assegna ai posti della

L'obiettivo & quello di integrare le conoscenze rete il ruolo di risorse, i dati da elaborare, e alle
acquisite nel campo delle reli di Petri Musicali wransizioni i roolo di gestori delle risorse. Alle
(MPN) con le nuove ‘esigenze’ multimediali: il tipo MMPN si giunge, infatt, associando ai posti gli
di rappresentazione da noi proposto eredita il oggetti multimediali e alle ransizioni algoritmi di
modello simbolico-strutturale gia studiato per le trasformazione delle sequenze video, audic e MIDI,
MPN ¢ permette di descrivere ed elaborare La marcatura e gli attributi della rete definiscono lo
esplicitamente cid che noi chiamiamo oggetd stato del modello che, evolvendosi secondo le regole
multimediali (siano essi sequenze audio, video, note dalla teoria delle reti di Petri, genera una
MIDI o combinazione di questi) tramite algoritmi partitura multimediale (MMS), ciog uno strumento
basati su un linguaggio appositamente definito. che descrive e sincronizza processi multimediali.
L'esecuzione del modello permette 1z sintesi di una Dall'applicazicne delle MMPN emergono i
partitura multimediale (MMS), cio2 dello 'spartito’ seguenti vantaggi derivant dalla teoria delle MPN:
che integra i diversi media. - decomposizione gerarchica;

La nostra ricerca mira a confermare la validita del - Strutiturazione in processi paralleli;
modelio delle reti di Petri ampliandone il campo di - natura asincrona,
applicazione. - non-determinismo.
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3.
R '1 MedlaObJect

La def‘mzlone i oggetto multlmed:ale si

G!l oggettl multlmedlall';-_ e

' T e part:colarmente lungo e complesso & .
« .. salvare. lo- $tato’ attuale. per: poierne: nprcndere_'-
i‘esecuz:one in un secondo tempo ‘dalpunto Incuisi. -

basa sulla strttura di filmato’ dzgzrate (mowe) S

implementato’ da Quicktime, un'estensione di =~ -
sistema che rende possibile I'elaborazione e I'edmng_ S

di sequenze digitali dipendent: dal tempo.

Il movie & una struttura privata che conuene S

informazioni riguardanti I'archiviazione dei dati e i

riferimenti alle sequenze temporxzzate. Come ‘nei’

filmati cinematografici, un movie pud contérere pit =

tracce connotate da un tipo di dato ben preciso:’
video, audio, MIDI ed altri tipi. Tali media "

presentano caratteristiche diverse (real:smo'.:

cromatico, compressione, _campionamento, -..) cfie,

perd, non condizionano il processo di- sintesi nel
quale gli oggetti multimediali sono riconosciuti .

secondo una ‘interfaccia comune' data dal nome del
movie, la durara e 11 numero delle zracce

Doopooooo0oopouDon

P A i 1 e Lk
Ggrooooooooonpoooany:

F:g 1- Struttu:a d; un movxe _ .
La MMPN fa nfenmento alla struttura lagma del

movie, dove ciascuna traccia ha associato un unico: -
identficatore (tipo, indice) che ne indica la posizione:

nel filmato stesso. -

4. 'MediaSynfh

MediaSynth & un ambiente integrato per la’

progettazione di una rete di Petri Multimediale, la
sha messa a punio, la sua esecuzione, la generazione
di una partitura muliimediale e la sua riproduzione.
La filosofia di partenza & quella di ScoreSynth, un
modulo della Intelligent Music. Workstation, che
rappresenia I'ambiente d1 programmazione delle reti
d1 Petri Musicali.

Gli ambienti di Medanynth sono l'Edtzor ALl

Debugger eil MedzaPIayer

‘Nell'Editor. viene dlsegmita”la.rete in modahtﬁ_;'

graﬁca ed interattiva medaantc 1menu & una palelte
di strumenti per le operazmm piit frequenu. E'in
questo: ambiente che. si. inizializza il modello

definendo uno staro iniziale. dato dalla marcatura,

- informazioni riguardant le sequenze digitali, comela -

Nel caso dell‘esecuzmne d1 un’ modello_
possibile

al

era interrotto, senza dover ricominciare da capo (Save. :

' Model state (Load Model state). -

- I1 MediaPlayer & I'ambiente dbvc vengon()"

'v1sxonate e partiture multimediali (i filmati)

generati’ nel’ Debugger, E' possibile procedere,
attraverso i comandi tipici di un video-registratore
standard; alla: profezione’ del filmato oppure alla

“analisi: dello'spartito generato per controllame la
© . sincronizzazione delle tracce o procedere a]Ia.
: amvazmne/dlsamvazxonedx alcune. :

~L'utente pud reperire in questo émbleme le

i dimensione in byte, il campionamento, il tipo di

compreéssione, la durata, la’ qualitd, etc. e pud
scegliere fra pill soluzioni per una riproduzione "ad
hoe' delle tracce video o mlgllorare I equahzzazmne

i dclle tracce andio.

5,

dalla capacita dei posti e dalla molieplicith degli

archi.

In: segulto si; associano’ gli. oggetti.
multimediali ai postie gh algoritmi alle transizioni..

© Nel Debugger avviene. 1esecuzxone della: rete;
secondo la modalita prescc!ta' passo a. passo (S:ep) -
senza interruzioni (Executer), fino alla creazione dei . -
prossimo ‘oggetto (MOStep). oppure. fino ai-

breakpoint inseriti. dall'utente (Break). E poss:bﬂe‘ o

seguire l'évoluzione della’ rete (marcalura) mediante

finestre informative che vengono aggxornate m base L

allo stato d1 avanzamento. E

L'algebra multlmed:ale

“L'idea pnnmpalc é quel]a di poter t:asformare

' atfraverso algoritmi, i diversi media, variandone l¢

caratteristiche fisiche (campioni) o i parametn
(velocitd, etc.). Sark possibile, per esempio,
amplificare una traccia audio, cambiare il colore ad
un insieme di fotogrammi, invertire le note di una
sequenza MIDI o tagliare tutte Ie tracce di un movie.

- Le entith elementari coinvolte nef processo di
modifica sono: il frame per il v1deo il camp:one per

"l suono e la nota per il MIDL,

Gli intervalli temporali che spec;ficano il
dominio di applicazione degli algoritmi possono
essere espressi in una delle seguenti notazioni,
comunemente usate nell'editing digitale:

a) frame (standard SMPTE):  ore:min:secframe

b} millisecondi: . ... ore:min:sec.msec

_c) numero di campioni {(audio): intero positivo
. Tali notazioni possono. essere usate
mdlfferentemente all'interno degli operaton Nel caso
del MIDI esiste la possibilid d1 mdlcare anche
I'zndzce dellanota nella sequenza. =~

Gli aigar:rmx di MediaSynth rappresentano i
meccanismi di trasformazione degh oggetti della’
rete. Sono costituiti da una o pid funzioni, ognuna
delle quah presenta una serie di parametri tra’ cu1 '

- il'ripo di traccia: video, audio o MIDT; - _

.- Vindiceli dellale rracczafe selez:ona le tracce '
© " interessate;
= Toperatore: spemﬁca 11 npodn operamone
- < il nome del posto: che spemfica il posto da
""" eui bisogna es!rarreloggetto se presente a :
- cui applicare l'algoritmo, . .

Un algoritmo corretto’ v1ene esegulto con'
successo istanziando un oggetto mulemedlale ed
evolvendo lo stato della rete; nel caso di errori
sintattici’o_semantici, I'algoritmo” falhsce senza.- .
pero bloccare I'esecuzmne. dcﬂarete. IARER A SR
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Distinguiamo due classi di funzioni: funzioni
generiche, che agiscono sul movie e funzioni
specifiche, che agiscono su un Hpo particolare di
raccia e solo su quello.

5.1. Funzioni generiche

Hanno la seguente forma sintattica:

i1 < Operator_G >

L'operatore definito nel simbolo nonr terminale
ha effetto su tutto il movie, ciog su ciascun tipo di
traccia.

Sono operatori di questo tipo Kill (K), Save (8),
Multiply (M), Identity (I) e Stretching (T) che
facilmente eliminano sottointervalli temporali,
moltiplicano, ricopiano e allungano/contraggono
sequenze di dati. Sono gli operatori pit semplici e
quindi hanno tempi di elaborazione brevi.

Un esempio di funzione generica &;

187 posto_1 +0:00:02.000

che produce un oggetto composto dai primi 2

secondi del movie associato a posto 1.

5.2. Funzioni video, audio, MIDI

Seguono la forma sintattica:
< tipo > : [« tracce >»): < operatore »

Il simbolo non terminale tipo conterrh la lettera
che identifica il tipo di traccia da elaborare: V
{video}, A {andio) o M (MIDI).

11 simbolo tracce specifica l'indice della traccia
del tipo specificato, mentre operatore definisce,
oitre all’operazione, l'insieme dei parametri
necessari.

Facciamo una breve panoramica sulle categorie di
operatori.

Per quanto riguarda gli operatori sul video sono
stati implementati filtri sul colore (changeColour) ¢
sul campionamento dei pixel (Mosaic) che
modificano le caratteristiche cromatiche; funzioni di
ridimensionamento dell'immagine {(Resizing) ;
funzioni di sovrapposizione di due filmat in varie
modalita o di titolazioni (Overlay); assemblaggio di
due {(Picture In Picture) o pib tracce (Muliiscreen)
con la possibilith di stabilire le regioni di display di
ciascuna traccia. Particolare attenzione & stata
riservata allo studic della giunzione (videoJunction)
con cross-fade, cio& la possibilith di creare un effetto
di transizione tra un video-clip e un altro. Gli effett
implementati copiano, in gran parte, quelli tipici del
montaggio televisivo: dissolvenza lineare, sipario,
veneziana, zoom rettangolare e ovale, random e
linear block, tendina orizzontale, verticale o
diagonale.

La classe degli operatori sull'audio & costituita da
operatori che permettono di normalizzare un suono
(normalization), amplificarlo secondo un
coefficiente positivo oppure mediante un inviluppo
definito dall'utente (amplification), produrre un
effetto di eco (echo), fondere due o pif tracce in una
sola {mix), invertire 'ordine dei campioni di una
traccia (reverse), distorcere un segnale mediante un
altro in modo ciclico o non ciclico (distortion).

Anche nel caso dell'audio & stato definito un
operatore di giunzione (gudioJunction) con effetd di
fading; durante la costruzione del cross-fade, si pud
scegliere una funzione di fade lineare, quadratica,
cubica o logaritmica, definire ghi intervailli di
sovrapposizione o un intervallo pausa trai segnali.
Le operazioni possibili sul MIDI sono quelle
ereditate da ScoreSynth che permettono di
retrogradare o trasporre sequenze di note, di invertirne
l'ordine, di modificare I'altezza, l'intensitd e la durata.
Durante tali operazioni la traccia di comandi MIDI
viene vista come il pentagramma musicale.
6. L'esempio del 'canone'
applicato ai MediaObject

Forniamo un esempio per chiarire i concetti
rignardanti la temporizzazione degli oggeiti, il non-
determinismo, l'uso delle macro e 'applicazione di
operatori agli oggetti video, audio e MIDI.

Si parta dal seguente problema pratico.

Durante la fase di montaggio di un filmato si
deve decidere con quale modalith assemblare una
traccia video, una audio e una MIDI,

Si disegna un modello di rete in cui gli oggetti
vengeno istanziati con un ritardo, cio 'a canone', In
Fig. 2a abbiamo la rete Montasgio, che ricalea il
modello del canone gia studiato per le strutture
musicali ¢ la rete Tipo_oggetrte {Fig 2b).

Input tt

Tipo_Dggetto

Eounter Pausa

12
Fig. 2a - Rete Montaggio

Audio0h j

Mididbj

Fig. 2b - Sottorete Tipo Oggetto

Il posto Tipo_oOggetto & dettagliato dalla

- sottorete omonima, mMentre Input € Counter SONO
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posti che non hanno alcun oggetto associato. Il
posto Pausa ha associato un oggetto pausa di 2
secondi con l'attributo pLAY ed ha lo scopo di
generare il canone in partitura.

. Larete Tipo_Oggetto & la sottorete che viene
richiamata dalla rete Montaggio: in essa i post
hudioObj,VideoObj € MidiObj hanno associato




un ﬁ]mato monotraceia del tlpD zndxcato dal moviee

della durata nspemvamente di.6,3.¢ 8 secondi. -

- Per parametrizzare la sottorete; abblamo costrmto'z{
' una ‘macro.che definisce il tipo di operatore peri.-

c1ascuna delle !:ransmom (op1 op2; 0p3)

-{macm associata al posto Tlpo Oggetto s

- nellarete Montagglo}
'-_V;.deoObj:.- . notplay
TAudloObjr,Enotplay
M:Ldlobj : __notplay
CEnd: o play _ :
“opl: {V 1: CV' VldeoOb] 0 GG UD 00

0:00:06: 00, 'vellow,
{R:1:T; AudioObj *2}
{M l K: Mlleb] —O GU 02 0co}

. ‘bluel}
op2:
op3:’

Anahzzlamo i pass: dell'esecuzione. AI tempo 0,

dopo che sono scattate t1 e t 2, una marca & entrata.
in Pausa e un'altra in: Tipo_ Dggetto: tale evenlo ha:

attivato 1 processi: associati; cio2: di. scmtura in
partitura di una pausa ¢ di un oggetto (Fig: 3). -

terminato, la marca di guesto posto & disponibile:

viene abilitata Ia transizione c3 che istanzia, per la.

seconda volta, l'ogpetio associato a Tipo_Cggetto,
Al tempo 2, 1z marca rimasta in counter ha fatto
scattare t2, che inizia il processo associato a Pausa.

SHERNENRNAEEN
oz a4 §
Fig. 3 - Media Objectaltempoo

"_.__t_p s B T - |

tempo

La sequenza degli scatti si conclude con
V'abilitazione, per la terza volta del” processo
associato a Tipe_Oggetto e il risultato completo &
quello di un filmato di 3 tracce disposte 'a canone’,

o B O

: bt |

e Lttt i LIELEIE | P
0 2 Al e tampe -

F!g 4 Mecha Objf:ct xstanmau da &cntagglo

S1 non che nella sottorete T:Lpo Dggetto, le .

transizioni op1, cp2, op3 SO0 in alternativa e,

quindi, l'esecuzione del modello & non- determi--

nistica; cid mgmf ca che non possiamo fissare la

sequenza’degli scatti, ma I'esecuzione sceglie una -
transizione secondo ina chsmbuzmne pseudo-casuale e

e umforme dell'ordme

Quando. il pracesso associato-al posto. Pausa é'.

“su0 ruolo "storico” nel progetio ScoreSynth e perlo —

“Se’ sit viole’ escgmre determm:sncamente xl-- N
modelIo bisogna introdurre fiuovi posti nella rete -

(Fig. 5) che ehmmano Ia: carattenstlca del nan- .

dezermzmsm 3
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© Fig. 5- Modéll'o di rete d.efeﬁnin'i.s'n'co

La ﬂessab:ina di modelli basati su reu di Pctn
risiede, - oltre. che - nei costrum di base, nella
possﬂnhté di generare nuove partiture multimediali a
parure da quclle precedenwmente disegnate mediante ..
minimi cambiamenu delle. slmtture 0 degh attnbuu. .

Rzngrazzmnentz
Un nngraz:ameuto spec:ale ad AIberto Sametu per il

sviluppo del sottosistema MIDI in Media Synth

7. Concluswm

Appare evidente che un campa di applicazione di
MediaSynth & quello della produzione di filmati,
dove & possibile verificare il modello delle reti di
Petri rispetto al classico modo di: lavorare dei
sequencer multirnediali. :

. Dal confronto di sofware commercmlc per Io
sviluppo di opere multimediali- con MediaSynth.
emergono i seguenti vantaggi: maggiore potenza di
calcolo. nell'esécuzione di molte delle operazioni di
modifica degli oggetti; estesa funzionalita e
semplicita dell'approccio grafico delle PN sintesi di
processi inultimediali (non solo editing); generazio-
ne di nuove partiture mediante minimi cambiament
strutturali; composizione di trasformazioni com-
plesse mediante istruzioni elementari, poss1b111t21 di
esportazmne dl MMS su altre plattaforme :

leer:mentl blblmgrafu:l

[Bellem 94] T Bellem. Uu sistema per la
sintesi. di partiture multimediali mediante’ modellt-:
basati su Reti di Petri: il sotiosistema per | processi
audio; Tesi di' Laurea in Sc:enze. dell’ Informazrone
Universiti di Mﬂano, 1904 o S

- [Galizia, 94] G: Gahzm Un' sistema’ per la3
smtesz di’ partitire milliimediali mediante modelli-
basati su Reti di Petri: il sottosistema per i processi.
video, Tesi di Laurea in Scnenze dell‘Informazmne =
Umversm?. di Milano, 1994."

" [Haus - & Sametti;: 92} G Haus, A Samem-‘_--
"ScoreSynth a System for the Synthesis of Music

Scores based on Petri Nets and a Music' Algebra”, in-
Readmgs in Compiter Generated Music, D. ‘Baggi .

Ed., pp.53:78, IEEE Cornputer Saciety Press, 1992, -

- [Petri,-76] Ci"A. Petri: "General Net Theory", .

Praceedmgs of the Joint IBM & Newcasile: upon*".
Tyne Semmar on Computer System Des:gn, 1976
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Abstract
This article is related to the experiences of multimedia performances’ design realized at LIM , the laboratory of
musical informatics at the University of Milano. It discusses about the caracteristics of some works realized
and about some aesthetical and historical aspects . Some considerations are made about how to organize and about

how 1o project a multimedia product.

1. Considerazioni introduttive

1l seguente articolo riferisce "delle
esperienze di produzione di opere multimediali
presso il Laboratorio di Informatica Musicale
dell' Universita degli studi di Milano sotto la
direzione scientifica del Prof. Goffredo Haus e la
direzione artistica del M® Angelo Paccagnini, in
collaborazione con i compositori Giovanni
Cospito e Dante Tanzi e, per la computer grafica
e il trattamento digitale di immagini video,
Rosanna Guida.
Le produzioni hanno permesso di affrontare da
punti di vista diversi alcune problematiche legate
alla creazione di opere multimediali sia per
quanto riguarda le tecniche e le procedure di
produzione, sia per quel che rignarda la
delineazione di campi di indagine estetica. Il
prodotto multimediale non si presenta come un
genere rigidamente codificato, ma assume forme
molieplici in relazione ai media stessi che vanno
a combinarsi ed al modello di fruizione a cui si
riferisce,
Parlare di un prodotte multimediale tout court &
una generalizzazione riduttiva di un mondo di
prodotti che si differenziano in modo sostanziale
nella forma e nei contenuti. Questa prima fase di
prodotti sperimentali al LIM ha proprio messo in
evidenza un insieme ricco di tipologie di lavori
multimediali cosi come ha evidenziato un
possibile percorso di sistematizzazione delle
conoscenze e delle varie problematiche in questo
ambito Problematiche che vanno dalla
ricostruzione critica delle cose che storicamente
sono state fatte, alle mutazioni del quadro
tecnologico di riferimento, ai problemi della
progetiazione interdisciplinare, ai luoghi ed ai
modelli di fruizione ed, infine, ai vari tentativi d
definire tecrie estetiche che colgano il contributo
specifico di questi prodotti,

2. Le produzioni
I lavori prodotti e la loro possibile
classificazione per tipologie sono:

1. Video-Pittura e Musica:

XI Colloquie di Informatica Musicale - Bologna 1995

111

" l'Armonia invisibile é superiore alla visibile”
di R. Guida, D, Tanzi;

2. Video-Concerto: " Impercettibile il Tempo "
di R, Guida, D. Tanzi;

3. Performance Multimediale: "Cedici Sincretici”
di  G. Cospito, F. Durante, R. Guida,
M. Pennese;

4. Suoni ed immagini sintetiche: "Limite"
di G. Cospito, R.Guida, M. Viel;

3. Immagini live video trasposte:
"Ombre e riflessi”
di  G. Cospito, R.Guida.

Una Video-Pittura é una manipolazione video
digitale di un'immagine pittorica (in questo caso
si trattava di un quadro informale). Cid che ne
caratterizza la specificith rispetto ad altre forme di
manipolazione dell'immagine é I'aderenza ai temi
espressivi della pittura originaria trasposti in
chiave dinamica ed inseriti in uno sviluppo
temporale attraverso varie tecniche dell'image
processing.

Nel Video-Concerto cid che si osserva sullo
schermo viene considerata parte integrante del
concerto stesso: cosi come gli strumentisti
eseguono le parti musicali con il proprio
bagaglio di gesti e significati, il video esegue
una o pid parti di immagini volte a sottolineare
ed indicare un senso integrato con l'esecuzione
musicale,

Cid che caratterizza la performance €, in qualche
modo, la presenza nell'evento, di una azione
teatrale e quindi di uno spazio scenico opportuno.
Nel caso di "Codici Sincretici”, si tratta di uno
spazio scenico definito da una pittura-partitura, da
varie¢ postazioni in cui si muove una cantante-
mimo e dall'uso di effetti luci. La cantante, gli
strumentisti e la musica elettronica spazializzata
eseguono blocchi della pittura-partitura il cuoi
ordine pud essere deciso di volia in vola.




'SuIl'evemo viene cosn'ulto un video che nmane Y

I atlo medlale ed amsnco ulnmo dell evenm

L‘xmmagme sintetica apparnene al puro_:_rr_londq_'::_ Cd
_ il mondo. -
immaginato non & dJrettamente v1sxbxle sitrova ..

al di A dello schermo ¢ cerca, in vari modi, di - . = .
sfondare questa sottile pelhcola di cont‘me per:__-f_. S

dcll'zmmaglnano In; "Limite”,

appmdare a] reale: -

La video trasposmone di nmmaglm e snuazmm

... varie. Zone. dl una- c1tta .con: latuvazmne di
- mutamenti; di. colore: opportum in:‘modo da:

. simbolizzare  1'abolizione deile frontiere
- geografiche - a favore di un impegno sociale.

. globale della cittd. Un esémpio di titt'altra natura -
. e che estremizza l'uso: di: tecnologia avanzata.

visive che accadono dal vivo permette, attraverso” ... .

varie tecmche di dilatare Ia percezione dieventi ...
sia 'in senso spamale che temporale. Nel casodi ... = .

"Oimbre "¢ rifléssi™ & 1a microgestualita del

flautista ad essere dilatata pel tempo e nello

spazio. -

I lavori dcscrirﬁ' sono risuitati molto efficaci dal

punto di vista dell'impatto spettacolare € Sono:;

~ coinvolgendo la rete telematica ‘mondiale, é = -
_quello - di- Jean-Marc Philippe, 1a Roue Celeste,
- che. consiste nel circondare la Terra con una

corona di satelliti esistenti e orbitanti e nel
modificare la luminosita dei satelliti stessi in’
modo. da: fornire. un. punto dl vxsta metaf' smor i

. della visione dello spazio: - :
. Stiamo parlando di prodom arusuc: per i quah

..una testimonianza di quanto sia ricco il numero,....... ..

delle possibilita di coniare nuove forme di
spettacolo. Restano, per essere discussi, tutta una
serie di problemi. Per esempio:. riusciranno
queste forme ad evolversi distaccandosi dal puro
effetto tecnologico oppure si sta creando una

sorta di estetica del tecnologico avanzato fatta.

passare tanto necessaria quanto necessario ed
inevitabile viene fatto’ passare il progresso
tecnologico? Quali sono i luoghi, le modalita e

le condizioni pilt adatte per la loro fruizione?
Quanto I'idea di interattivita incidera sull'idea di .

artista e sul modo stesso di conceplre edi fare
arte?

3. leenmentl stonc: e problematlche:

estetiche '
Una breve anahsx

cui ambito si sono sviluppati i vari lavori, -

La Performance multimediale, che, si pub dire

esiste da sempre (gid nel teatro greco si faceva

uso contemporaneamente di macchine e risorse . .
umane) si & oggi arricchita di tutte le tecnologie -
offerte dall'uso dei computer, dando luogo anche. ..
a generi di produzmm dlver51 a seconda del upo'_ ;

di su'mnentazmne adottato.

Le produzioni multlmedlah” su., CD ROM:: -
inglobano_le. tecniche di. trattamento delle - :
immagini ¢ di elaborazione dei filmati, le . .

tecniche di animazione, le tecniche di

strutturazione di percorsi fra testi, immaginie, .. .
suoni, ma rimangono comunque molto diverse. ...
dalle opere che consentono, oltre ali'uuhzzo di .
queste tecniche, anche interazioni spaziali in Ioco___- SR
o distribuite per: 11 mondo attraverso le reu: s

zelematxchc. S

Un esempio di lavoro che. usa- soltanto le
. necessarie: alla__ S

tecnologie ‘multimediali

produzmne ‘di CD-ROM & ."City. Project”,

© un‘opera di Matt Mulllican, reglstrata su set CD-"_'- :
ROM e che consente la vxslta mteratuva delle. .

storlca delle_ :
produzmm ¢ delle performances multimediafi .
porta ‘ad individuare alcune categone tecniche nel. .
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esistono specificitid proprie nspetto ai prodotti-- .

multimediali- commerciali; oltre: ai contenuti, -
risultano chiaramente distinti anche i percorsi
costruttivi. Cid"che ¢ ritenuto un’ criterio di
qualitd ‘fondamentale: dal punto-'di vista .
commerciale, pud non essere affatto intéressante

dal punto di vista artistico oppuré pud essere ... ... ..

stravolto nelle sue caratteristicheé fondamentali,
Cid che guida - {'orientamento delle produzioni
artistiche sono le tendenze estetiche e poetiche in'

cui & immersa Yarte contemporanea. Purtuttavia, =

nel panorama delle teorie estetiche’
contemporanee esiste una certa separazione tra le.
idee che riguardano l'Arte che circola nelle
gallerie e nei luoghi tradizionalmente deputati ad
ospitare manifestazioni artistiche ¢ le idee che
supportano e leglmmano le forme espresswe '
legate all'uso di nuovi strumenti, '

Al di'la del'puro esibizionismo tecnaloglco, fra .

le teorie estetiche che vengono ‘in aiuto delle - :

nuove: realtd” artistiche, citiamo I'Estetica

Informazionale, introdotta da Abraham Moles 11 U
Procediiralismo edil Dataismio.

Nell'Estetica Informazienale il vanrc-__ .

dell'opera d'arte risiede nel contenuto informativo . :
dell'opera stessa. La quantith di informazione

fornita deve contenere una parte innovativa ed. -
una ‘parte ‘ridondante affinch® essa sia |’

comprensibile ¢ risulti interessante. L' ablhta di

un artista consiste appunto nel dosaré in ‘modo o

mteressante le quantxt%l ndondanu e Ie quanmé
innovative:: 5

L'Estetica Informazxonale é Ia pnma teoria che
lascia s spaz:o all'idea deIl'mfonnazmne anche se

per certi versi pud risultare limitante. -

Con il Procedurahsmo T'aspetto 1mportante-_ )
del processo artistico-creativo '€ nel modo di =~
procedere. L'opera ha valore se é prodotta tramite
comandi ¢ struttare di ‘controllo. L'intervento -
sulle 1 unmaglm  ad esempio, non ¢ diretto bensr-'-f o
avviene tramite la formulazione di comandi'che =
descrivono’ il comportamento d1 un modello

concettuale. . )
La teoria Dataista, comunque assorblbxle nel'-
Procéduralismo - si: fonda - soprattutto salla~”

possibilita "di’ riprodurré le: opere in copie’ " E
perfettamente uguali. Cid porta ad atmbmre il
- valorc dell operaeudau che ]a deSCnvono o



In un'altra direzione si muove invece l'estetica
Cyberpunk, erede della Psichedelia degli anni
'60, di cui uno dei pill interessanti esempi €
costituito dal Gruppo "La Fura dels Baus®.
Duranie le loro performances (multimediali
appunto) si mescolano primitivismo e
cibernetica, riti tribali & mondi ipermediali in un
connnubio stridente ma pieno di tensione e di
pathos.

Ed infine citiamo I'Estetica della New Age,
alla quale é possibile assimilare molte delle
praduzioni video musicali di questi ultimi anni,
il cui aspetto pilt evidente ¢é costituito
dall'immersione in ambienti psichici rilassanti,
ripetitivi, lenti, con immagini (video e
computergrafica) e suoni che invitano, atiraverso
tecniche che rasentano l'ipnosi, al distacco: una
sorta di estetica deil'evasione.

Relativamente alla forma della performance
multimediale possiamo brevemente rilevare
alcune differenzazioni fondamentali:

forme autonoeme non preesistenti,

forme invasive di tipologie di

perfarmance preesistenti,

forme chiuse,

forme aperte basate sull'interazione.
4. Organizzazione e problemi della
produzione multimediale

Una produzione multimediale richiede
due ordini di capacith progettuali; la prima &
legata alle specifiche competenze relative ad un
dato mediuvm {ad esempio la musica, la ripresa
video, etc..) 1a seconda, di ordine pill generale, é
legata alla costruzione specifica del prodotto o
evento multimediale che implica la definizione di
una logica di rapporto efficace fra i vari media.
L'organizzazione diventa particolarmente
articolata perch& ‘oltre a richiedere la
partecipazione di numerose competenze fra loro
diverse, richiede anche un lavoro di interazione da
cui risulti una coerenza intrinseca dell'opera nel
suo complesso; ad esempio, il design
dell'interfaccia grafica, i ritmi di scansione visiva
e le sequenze sonore NON poOSSONO essere
indifferenti fra loro. In questo ambito sono
richieste nuove figure professionali capaci di
progetiare e di articolare con efficacia
I'organizzazione della produzione di opere
multimediali. Anche in ambito tecnologico la
scelta é fra sistemi integrati o sistemi
specializzati. E' ovvio che gli apparati
tecnologici necessari si moltiplicano in
relazione al numero dei media usati per cui una
tendenza aila ottimizzazione ha portato sul
mercato Workstation dedicate al multimediale e
che possono esaurire in se stesse tutto il
processo di produzione. Resta comungque evidente
1l fatto che la qualita del risultato € proporzionale
al livello di competenze umane nei singoli
settori, per cui, ad esempio, € preferibile affidare
il lavoro sulle immagini ad un video maker cosi
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come quello sull'audio a fonici € musicisti che
lavorano in propri ambiti tecnologici e, di
conseguenza, cid pone il problema di come
strutturare una progettazione coliettiva del
lavoro.

Una classificazione delle tecnologie hardware e
software usate pud essere
tecnologie dell'acquisizione e del trattamento,
tecnologie della sintest,
tecnologie del montaggio e della
sincronizzaziane,
tecnologie dell'inierazione,
tecnologie di controllo live per performance
multimediali.
A proposito di ambienti dedicati al controllo di
performance multimediali, presso il LIM & stato
prodotto "Multimedia Performer” che & un
sistema per la performance muitimediale basato
su protocollo MIDI.
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Abstract
This paper describes an interactive system for the real time acquisition of human movement (e.g.,
dance), for the “intelligent”, high-level control of sound, music, visual media, and actuators in
general (e.g., mobile robots for on-stage applications like theatre, dance, museums, and
entertainment). The sensor system utilized is an evolution of the V-scope system, developed by Lip
Ltd. The supervision software is based on the HARP hybrid agent architecture.

1 Introduction
As a part of a general investigation on multimodal
interaction in multimedia systems in the framework
of the Esprit 8579 MIAMI Basic Research Project,
our research is mainly concerned in the study and
development of autoncmous, multimodal interactive
systems (MISs), i.e, systems characterized by
multimodal, real-time interaction with user(s),
" possibly in unstructured and evolving environments.
The goal of the reseach is to develop an integrated
systern driven/tuned by the movements of the actors
or dancers, using specific metaphors for reaching,
grasping, turning, pushing, navigating, playing,
communicating states or “emotions”, etc. The outputs
of such a systems can be sound, music, light, image,
speech, as well as movements of autonomous systems
capable of navigation on stage. Axel Mulder (1994)
gives an interesting survey and a classification of a
subset of such systems, that he calls virtual musical
instruments. Well-known examples in this tradition
are hyper-instruments (Machover and Chung 1989),
which, similarly to physical musical instruments,
allow performers to map gestures and continuous
movement into scunds (e.g., Sawada et al 1995;
Vertegaal and Ungvary 1995). Conducting is another
research field in which interesting results have been
reached (Morita and Otheru 1991). See (Winkler
1995) for another interesting survey and discussion.
In another metaphor, mudtimodal orchestras can be
applied to choreography, dance, music.

2 Approach

The approach we adopted in this project differs from
existing systems mainly for the fact that most of them
basically involve simple cause-effects mechanisms
between modalities: the metaphor usually adopted is
the musical instrument. In this case, a fixed, simple
mapping between human movement and sound
output is defined. In our approach, a greater
emphasis is given to the integration of both
hyperinstrument and orchestra behaviours in a
systemm able to detect and to track atomic, local
moverment features as well as to observe general body
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movement features, in a sort of Gestalt approach. In
other words, the metaphor is “z human observer” of
the dance, where the focus of attention changes
dynamically according to the evolution of the dance
itself and of the music produced. In our approach, the
HARP systen (Camurri et al 1991, 1995) is
delegated to model these more complex aspects.
Simple examples of general movement measures and
tracking are “the amount of volume the dancer
occupies in a time window”, “the ‘smoothness’ of the
movement”, the detection of repetitive patterns which
characterize a given context, in general qualitative
information integrated over time. Correspondingly,
the music needs to be represented and manipulated at
several levels of abstraction, from the atomic sound
parameters to the overall musical structure, the
orchestration,

3 System Architecture
Subsymbolic
Input Cognitive Output
Mepping FProcassing Mapping

L. L)
( ] 3 ¥ ]
L Symbolic Dalehase

. i

E d) é é ] Syrnboiicﬁeasonlnoi

Figure 1. HARP Hybrid Agent Architecture
Following the scheme depicted in figure 1, we can
individuate the following basic building blocks that
constitute the HARP architecture:

e Input Mapping: A group of agents able to receive
signals from sensors and map them into
perceptual spaces {(e.g., a sclf-organizing map
abie to classify input trajectories).

e  Owutput Mapping: A group of agents that manages
the results coming from the cognitive processing




agents typically hlgh level parameters (e B Cthe:.

space - of 7 the " ernotlonal” parameters
controlling the expressmn of an artificial face or
the high-level trmbral spaces of a sectton ofa
composrtton) -

° Cogmtrve Processmg
‘cooperate: . (i). Subsymbolic - agents.

subsymbolic : planmng and -feasoning; .

Two- kinds -of* activity g
“perform: -

Giy

Pl

: the llmtts 1mposed by the _V—scope acqu:smon IR
“hardware, V-scope works on a’stage that can vary .
‘from" 2 to. 5 meters in depth:: faster’ sampling

“:corresponds to a smaller area, due to the limitations

Symbolic reasoning, able to perform SYTﬂbohc' R

inference and planning in the symbohc KB.

. Symbolzc KB: htgh -level, symbohc representatton".;.'_.:
of the domam space (e g music composition and -

performance spaces movement gesture spaces)

- The partlcuIar HARP/Vscape
composed of four main subsystems: :

a) human movement acquisition agents based on

the V-scope sensor system, mcludtng data pre-
processmg ‘and ﬁltenng, et
b} _hurnan movement and ge'sture recogmtton agents
. lncludmg agents based on. the force field
. metaphor;
¢) (cognitive) syrnbohc agents for the representanon
~ and management of both musrc and movement
spaces; :
d) system output agents sound music, computer
' ammanon '

An excerpt of the symbohc KB is shown in ﬁgure 2,
and a correspondmg agents software architecture is
shown in figure 3. .. -

In ﬁgure 2, double arrows represent rnherttance (IS-
A) links,
aggregarwn_ (part-of) and. temporal - relations;
relations can be defined between concepts. (classes)
represented by ellipses. This language is derived by

KL-ONE (Woods. and Schmolze 1992). On the left
part of figure 2 the sitnations and the significant

parts of the body tracked in the experiment (hands

and torso} are repr_e_sented. _The_-_ sym_bolic: KB is
completed’ by the agents and icons linked to -
situations, actions, and their derived subclasses. In

the next secttons we analyse the network of agents

31 The V-scope interface-

The VScope agent is designed to acqmre information :
on the position of a number of V-scope markers .

typically piaced on the body of a user. It manages

. both low-level serial communication and the link .
.. a.. . wireless.

with .. client = modules. - V-scope..is . a ' w
infrared/ultrasound -sensoring -device developed by

single - arrows - are -relations- including

. applrcatxon is: =

Lip Ltd. for the real-time acqmsltlon of the posltton_- .

of up: to. erght markers placed on the’ human” body
" (e.g. on the artrculatory joints) or in" general” on

moving objects. (e.g. & video camera). Thie hardware _ .

is composed of the markers three- tx/rx towers: for
real-tnne detectlon of marker posmon ‘and. a: main
proccssmg ‘unit connected via a serial linkto a

computer. The. sampllng rate can: vary from.5 to -

several hundreds of nulllseconds per marker As for .

' of the ultrasound ' téchnology. _
- results: show . that:. 12-15ms "per’ marker is a good

Our experlmental' .

tradeoff betwecn speed (a satisfactory- value for-

" haman - ‘movement acqulsiuon) and stage size. We . -
~experimented a ‘measure “accuracy of the V-scope. - -

hardware in the range of H0.5cm, an acceptable_-
magmtude for our appllcanons

) pl'OCE:SSES

: - Figure 2

The symbohc knowledge related to the management
of the V-scope data is the left part of the KB in figure
2. The icon attached to vscope_siruation (the Shared
DLL dynamic link library in figure 3) makes the
filtered sensor system data available to agents. Both
low-level methods for V-scope hardware control and
hrgh -level commumcahon methods are encapsulated-
in “the Shared DLL  icon. The movement. data
preprocessmg agent ﬁlters the raw data from the V-
scope icon to ensure no spurious, data is present and
that valucs are within’ a meamngful range

3 2 Movement and Feature Extractlon'
Neural Agents and Force Field Metaphor

Gesture recognltlon “is delegated several
concurrcnt agents each dedicated to a dtfferent kind
of recognition task. The GesturefMovement agents
lmplemented in"the experlment here’ descrlbed
belong to' two diferent categorles “neural’ agents and .
force field agents An 1nterest1ng category of feature :
extraction agents is based on’ self»orgamsmg neural
networks: the ided is that the movernents of (parts of)
the body (typically arms and legs) in the sensortzed_
space can be observed and classified in’ the same
manner ‘as it.is- “done in: handwnttng recogmtlon E
Analogously : graphetnes ey
handwrmng prmutlves we tramed nets’ w1th sn‘nple

‘moverment | gesture: prmuttves (gestlers) In’ the
- current 1mp1ementat|on two neural agents have been - -
' developed for " hands traJectorres

‘classification: -

- Several different arm gestures can’ be’ recogmzed
"~ The concurrent- ralsmg and lowenng of both’ hands

s well'as symmetrles and rhythmlc patterns are '
© observed” by means of a eooperatron of both’ neural -

agents and symbohc agents, thus 1ntegrat1ng local

I16 -




sensors data (e.p., the distance between hands,
relative gesture speed), the output of the neural
agents, and the local context information in the
symbaolic database. Other body gestures (e.g., raising
and lowering the body) can be detected, inciuding leg
movements. Current experiments r1egard the
classification of full body movements with several
degrees of freedom in n-dimensional spaces.

PO BORTES € DeTwn it an !
E Pabmed WS 0y ) =

Figure 3

Another interesting category of agents for the
interpretation of movement data is based on the force
fleld metaphor: for example, we investigated the
mapping of (x,y) coordinates of the dancer into force
fields. The force field with three peaks corresponding
to areas in the sensorized stage can be seen in figure
4 in the video monitor in foreground. Each area is
characterized by a different behavior, i.e. different
mappings of movement/sound.

Another group of agents is delegated to extract
higher-level whole-body gestures, to model maore
complex music/movement correlations: examples are
“how fast the movement is”, “how in tempo the
dancer is moving”, “how he/she occupies the
volume”, “the smoothness of the movement”, etc.
This kind of information is obtained from integration
over time of sensor data. Two different time slice
ranges, approximately 0,5-1s and 3-5s, are used.
Time slices on which agents operate can vary
dynamically, e.g. on the basis of the amount of
“quality” of the recognition: for example, a decreased
quality in the movement recognition (e.g., different
agents return conflicting data) can cause the agents
to vary their time granularity and/or their time slice
on which they aperate.

3.3 Symbolic Agents

In the simplest case, the recognized features can
activate agents able to generate music events: often it
is useful to “reason” on the input flow, to keep into
accouni what is going on from the recent past in the
dance and the music structure, before considering
which is the most suitable system output. Symbolic
agents are delegated to this “intermediator” role: they
are internal reasoning modules, i.e., they operate on
the symbolic representations of the movement and
music spaces. They cannot directly access the
external world. Symbolic agents can be activated by
the instantiation of particular assertions of situations.
Situations are instanced in the symbolic knowledge
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base when something “significant” happens, e.g., a
particular gesture has occurred, a movement “style”
context is changing, etc,

Therefore, the flow of new instances in the
knowledge base can trigger symbolic agents which
can cause further modification in the knowledge
base, e.g., to force a change of the situation context
by changing the music compositional rules to be
applied, to modify the roles and the agents
parameters correspending to changes in the
sensitivity to movement patterns (a sort of guide
mechanism of the focus of attention). In our sample
application, symbolic agents implement composition
rules for determining the music structure produced
by the dancer {See the second demc application
described below).

3.4 Qutput agents

The system is presently designed to control sound
and music in real time and particular computer
animnation. Sound management agents have been
implemented. Further output agents regard the
control of computer animated human models: most of
them reside on a SGI Indigo workstation.

The MIDI sound output agent is a low-level icon
which manages the incoming messages (MIDI
sequences and other parameters) from other agents
through OLE links, and schedules the out queue.

4. System Applications

In the first application, we use three different hyper-
instruments, corresponding to different areas of the
senscrized stage: These areas/hyper-instruments are
mapped in the force field visible in the video monitor
in figure 4. Figure 4 shows HARP/V-scope at work
with a user moving in such three hyper-instrument
areas (the computer screen with the force field
window indicating the position of the user can be
seen). In this experiment we used three markers - one
for either hand and a third for generic body location.

Figure 4.
This last one is used to capture (i)} body position in
the force field map (x and y coords), and (i1) body
height position (z coord), e.g. it establishes whether
the dancer is standing or crouched. It is possible to




I reoogmze drfferent hand gestures for each dlfferent_-_

 tracked only if the user keeps the hands open Thxs is

" used to control. the. sound- output:.. starting - and_"_ .

'stoppmg sound outputs is perfonned respectively by:

opemng and closmg a hand. . When the. perforrner is
in. the . center of .an area, . we . obtain. maxlmumi: _
presence of that partlcular 1nstrument whlle the:'
. other. two are, absent As the, dancer. moves frorn one: i
' peak to - another, a- cross-fading effect from one: - §

Reoently, we:: used the system in: two concerts in

'Ventlrmgha (see figure 5) and Madrid: (organlzed by
CEMAT) -The ' system : controls’: live ' electronics =

) situations: and: the parameters ‘of a simulated: string
mstrument -More markers have been used; mcludmg _

ankles’ tracktng “The use-of the movement to control

. simulated . physu:a] ‘modes - demonstrated - to' be a

- promlsrng area of i rnvesn gatl

instrument to- the other is’ attarned in generai the: =

'output of the three instruments is rruxed according to

the . shape of the . force.. field.. Thanks to. simple

symbolic agents, the style. of the dancer changes:

dynarmcaily the reactivity and the behavior of the:
hyper—mstruments allowing 1nterest1ng dynamic:

integration of movement and sound: T
The three hyper-instruments - (sound synthesis
techmques) controlled m rea!-tnne 1n the startlng
upper left area, a bell toll’ synthes:s is used (EMU
Proteus); (ii} in the upper right area, a’ formants
vowel synthesis is used (IRIS MARS); (if) in the
central area; an orchestral strlng sound synthems is
performed (EMU Proteus) :

A second apphcatlon regards the comro! and
nav1gataon in composmon/performance spaces. In
this case, force field maps can assume coranetely
new meanings: they represent “composition /
performance spaces’” whlch can be na\ngated In the
apphcatlon we deve]oped ‘each’ area in the map is

associated  to’ cornpos:ttonal and performance rules

able to control the timbral, harmomc and rneIodxe
output.” Accordmg to the" movement “styie" of the
dancer, such  compositional, * cognitive space is
navigated. In simple words, the situation evo\ves as
follows: the three areas correspond to (i) a starting
area, characterized by snnple movementlsound

association in a hyper-instrument sty]e. which allows

the control of amplitude, pitch, and timbral density of

a “narf" crude’ sound (i) the second. area nnght be:
roughly” defined: as a rmnuetto"—style cornposmon'
area:: smooth syrnmetnc and. rhythmic. movement_
patterns ‘cause the navigation ‘toward: this area, ‘in-
which: the hyper~mstrument grad ally transformSe'
itself into. a- “hyper-composer” ..where ‘movement
contrrhutes to activate composrt:onal and generanve'
rules; reasomng aigonthms able to generate phrases -
and: conterpomt in’a: sort of rnrnuetto sty]e (idi); the-
thrrd area’ is" roughly deﬁned as a “dodecaphony -
style cornposmon area__thef'n 'wganon to this area'is
"dlfffer'ent set of rnovernent: _
patterns and gestures The nav1gatron from an area to
another causes: gradual ‘continuous: changes in the-:_ :

* driven by another,:

degree of mterventlon of the:rule contexts, based on

the shape of the map “in short; parucular nav1gatlon-
' percourses: covenng mtermedlate posmons between
. two areas can cause’ dlfferent rmxm of composmon
S /perfonnance mles SR -

Figure: 5. HARP/V-scope at’ work " i

‘theconcert’ “En
Voyage”; First' Intl. Theatre Festival "Al" Confirie™ (July
1995 Ventimiglia), misic by: G.Palmieri,- dancer N.Ragni,
fagorto R.Vernizzi; sax F.Aroni Vigone, bass S.Ferrari; The
system is here used in a live electronics situation: the dancer
intervenes- in real time on the output of the acoustic
instruments. A V—.rcope marker is visible on the right hand of
the dancer (photo M.M. Pasqualmr} :
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Abstract

Dance is now able (o interact with computer in many different ways: by software aimed at creating
and recording choreography, by datasuit to transfer movement from human body to screen, by
interface with video and stage décor, by sensors reacting to light and human movement in order to
generate sound, by interface with telephone lines to work on teledance, by CDrom, by Internet

connection.

1 Introduction

E' indubbio che nel rapporio tra le arti teatrali ¢ le
nuove tecnologic si pone opgi una evidente
ritrovata centralita del corpo, in senso fisico,
psicologico, creativo, estetico, filosofico.

Tra il corpo con i suoi cingue sensi e le macchine,
capaci di investirli quasi uuti - manca solo
I'odorato, perché ['elettronica non olel - con parole
scritte, immagini, parcle dette, suoni, rumori,
animazioni, c'¢ una relazione biunivoca
sirettissima; Paul Virilio, "dromologo”, teorico
della nuova civilth superveloce della comunicazione,
sostiene che sono le macchine a guardarci dai loro
schermi e che t nostri corpi sono ormai protesi delle
macchine, siano esse computer o robot.

Vuoi in questa configurazione estrema, di
rovesciamento in chiave cyborg della relazione
uwomo-mondo, tutta artificiale, tutta simulala, vooi
in termini meno apocalittict, si & rapidamente presa
coscienza del rapporto nuovo e diverso che ormai
sussiste tra movimenti, suoni, parole e immagini
dal vivo e schermi multipli che abitano la nostra
casa e le nostre giornate, non sollanto quelli ormai
abituali delia TV e del video, ma soprattutio quello
del computer, che interagisce con il video, che
interagisce con il telefono, collegandoci in rete con
altri computer senza confini di spazio e di tempo, e
che riassume quindi in s& tutti gli aliri schermi.
Circa le conseguenze di tutto questo sulla
concezione e sulle modalith di uso del corpo nella
vita e nel lavoro quatidiano, e tanto pil nella pratica
performativa, il dibattito, come si suole dire, & pill
che aperto. Come si posizionerd, in questo quadro la
danza? E in quali relazioni con la musica?

Gia il cinema e il video hanno profondamente
modificato la danza teatrale, dotandola di una
fortissima attenzione all'immagine e
all'inquadratura, ¢ di metodiche prese a prestilo con
profitto, dal ralenti al montaggio, scnza dire dell'uso
frequentatissimo di vere ¢ propric, composite,
colonne sonore.
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E prima ancora, in questo secolo segnato fin
dall'inizio dalla velocita delle comunicazioni e dalle
macchine, 1 Futuristi intuirono come la prima
rivoluzione tecnologica avrebbe ridisegnato il
mondo &, ir particolare, il mondo dell'arte, musica e
danza compresa; basta pensare a "Fey d'artifice” di
Igor Stravinsky, che Giacomo Balla rese come
caleidoscopio di forme e colori danzanti, al "Ballo
meccanico” di Ivo Pannaggi, ai progetti di danze
con ballerini-gas, alle acrodanze di Giannina Censi,
al balletto "Anihccam 3000" di Fortunato Depero,
oggi soggetto di un significativo remake di Lucia
Latour.

In quello stesso periodo cruciale, gli anni ‘20, Oskar
Schlemmer, ideatore del notissimo "Balletto
triadico" per la Bauhausbiihne, crea "La danza del
vetro”, "La danza del metallo”, "La danza dei fili",
lavorando per "astrarre” 1a forma umana.

Astrazioni di forme e colori che anche Alwin
Nikolais in America utilizzerd ampiamente in anni
piil vicini a noi come materiale dei suoi spetiacoli,
per cui sara autore anche della musica.

Quali saranno adesso, a fine secolo, in piena
rivoluzione elettronica, gli input sulla scena
danzata, gestuale e sonora, della realth virtnale e
delle reti telematiche planetarie come Internet, che
dislocano metaforicamente il corpo in tempo reale?
Essendo quello sopra delineato un terreno mobile,
in cui ogni giorne nuove esperienze € nuove
applicazioni entrano in campo, l'unica cosa
ragionevole che si pud tentare di proporre oggi & un
viaggio ragionato nel vasto territorio degli intensi
rapporti tra performing arts e nuovi strumenti
tecnologici, visti nelle diverse articolazioni che h
caratterizzano, senza aspettative esoterico-
millenaristiche - gia altri avevano ipotizzato
erroneamente la morte del teatro dopo l'avvento del
cinema e la morte di quest'ultimo dopo la diffusione
domestica della TV - ¢ senza timori panici, di tipo
orwelliano, di {ronte alla "disumanizzazione” della
cullura e dell'arte. Lasciando da parte, in questa sede,
le cruciali questioni della democrazia elettronica, qui
si cerchera qualche prima risposta alla domanda: in




| QUah dlrezmm gh 'attrezzi" elettronici, di cui.ci ../

serviamo: ormal comunemente; sono agenu din

~cambiamento a largo raggio rispetto aIIe aru vwc e

 alla percezione che ne abbiamo? - B
E ‘per parlare dell'oggi della’ danza in relazlone al

" computer, ecco alcuni degli ‘scenmari”in’ atto:
possibilith di scrivere una corcografia al compuler;

possibilita di far i 1nlcrag1re tramite computer corpo,' A
luce e suono, dal vivo o per simulazione in: -

ambiente virtuale; utilizzo di immagini elettroniche -
per fa videodanza ¢ per la scenograﬁa di danza;:

riproduzione del movimento umano in un simulacro.. .
. grafico tramite una tuta dotata di sensori, CDRom .. .

con contenuti legati al teatro di danza, teIedanza v1a'_ o

modem danza € danze m Imemet.

2 Presentatlon

Comiriceremo da "Life Forms ' solearé e'lﬁbo:rato.
da un gruppo di studiosi canadesi, dell'Universitd
tra cui Thecla:_____:.____

Simon Fraser di Vancouver

Iempo Mcrca Cunnmgham maesr.ro dcl postmodern
USA, gia pionicre del video con Nam June Paik.- :
+."Life. Forms". serve a. creare il: movimento, a
- memorizzarlo, a insegnarlo, visualizzndolo in 3D,
con: possibilita di giri, stop, accelerazioni e ralenti,
sulla base di una time line di 40 frame per secondo,
e non su base musicale. Il che corrisponde alla
strategia di lavoro condivisa con John Cage, suo
partner creativo d'elezione, di auionoma convwenza

tra musica e danza. . ...

. Nicole e - Norbert:. Corsmo notnssmn autori
‘marsigliesi di circumnavigazioni coreografico-
geografiche; - hanno- girato:."Totempol”, . che
incorpora: sequenze elaborate con questo- stesso
programma Life Forms, in parallelo ai mowmenu
urnani ripresi dalla telecamera:

Sempre per disegnare il movimento umano, dalie
produzioni presentate al Siggraph. USA,; arriva
"Dance interactif” della New. York University Media
Lab., con {'impiego di una figura umana "realistica”
di cui controllare !a velocné e le d:rezmm dl
movimento;: -
Michel Redolfi del Cu'm CenLro Internazmna]e di
‘Ricerca Musicale di Nizza, ha ideato e reali :nato con
-1a collaborazione di Luc Martinez "In. corpus” ‘ciod

un; concerto subacquatico”, come."cyber-spazio da
vivere"; i nuotatori,: nella. piscina: olimpica: di -

. Tolosa, munili di caffie da bagno colorate, seguite

da telecamere numenche comandano la parmura

audiovisiva, sempre variabile.

"The Trace, Remole: Insinuated Preéence" d1 Rafael -

Lozano Hemmer, artista clettromco madrileno,

. illusira: invece,: inserendolo: in amblenle virtuale;
auraverso due stazioni di:lavoro inferconnesse; il

‘rapporto u'a duc agenu elcltromc: a dxstanza !d lucc.'

e il suono:;

- Una prospemva chc potrcbbc somxglmrc a quetla de: =

‘videogiochi.:

. Anche: "Surface Tensmn" ancora dz Rafacl Loz,.mo_' -

- Hemmer; & un apphcazmnc delt'eletironica; alla

.'perfonnance dal vwc un DCChiO elcltromco scguc il

" storia’ ne. abblamo conoscmtt altri;

;'; mowmento d1 una danzamce reagendo ai suoi .'

spostamenti nelio spazio,.

. "Electro Clips” di Christian Mb]!er mostra come :
-*pud avvenire dal vivo un'interazione elettronica con '

uso della luce per manipolare il suono da parte del

" "danzatore Stephen Galloway, uno degli interpreti
~piti noti del Frankfurt Ballett di William Forsythe;

Galloway incontra luci passive, fisse e mobili, che.

" determinano il silenzio, oppure luci attive, che-
<t determinano il suono; il suono & generato da sensori

che reagiscono alla Iuce, ‘alla sua quantith e

. direzione, ed & trasmesso da altoparlanti.

Si. tratta, potremmo dire, di un’ solo. come nella
in cui il
perfonner creala propria musica, ma questa volta lo-

* fa"con Tintervento del compuler. Forsythe stesso,

che sta lavorando a un proprio CDRom ha chiesto -
ai suoi danzatori, per una sezione di
"Alie/NA{c)tion" del '93, di creare i propri
movimenti su una griglia di punti nello spazio e di

tempi in cui passare dal punto. prccedeme al___ o

successivo, elaborata al computer; .
Sul supporto CD Rom, che permette di

 immagazzinare suoni, scritti, immagini, video, e di

percorrere’i contenuti in'modo attivo si & esercitato
con un autentico’ prodotto d'autore Bob Wilson,
mettendo in gxoco le sue straordinarie”attitudini
pittoriche' ‘e "lé" sue doti” di* scrittura ' per
ideogrammi/fotogrammi; ne risulta’ un” album
personalissimo di appunti visuali; graf ci e sonori.

Un altro percorso per creare movimenti & possnbxlc
attraverso I'uso di tute eqmpagglate con sensori che
trasmetiono gesti € passi da un agente umano a una

- figura creaa al computer in 3D. E' il caso della

marionetta Computoon; del MediaLab di’ Parigi,
partner di Canal +; un’applicazione di una metodica
simile & stata utilizzata per la pubblicita della Shell,

-+ presentata a Imagina di Montecarlo, che fa danzare
‘auto e pompe di benzma ~con” esm mnlto

interessanti e divertenti.
Sul fronte della tele- danza g mleressante visionare

- qualche esempio delle sperimentazioni del gruppo
* canadese Very Vivid, che utallzza 1l Mandala Vlrtua]
“Reality System. .~

Si tratta di danza in ambiente virtuale; attraverso

“l'uso di una telecamera che riprende una persona in
__mowrnento Vincent John Vincent, performer,
“'davanti allo sfondo blu tipico anche del chroma-key -

TV; il che pennette di aggmngergh lo: sfondo’
desiderato; 5pesso registrato- da una seconda
Ielecamera' il witto prende laspetlo di un concerto
rock;, con una parte dal vivo e una di strumenti &

_:oggetu vnrluah con ‘cui interagire. 1k compuler,
infatti; riconasce i movimenti del performer e fa'in

modo chie "combacino” con gli oggetti che disegna,
accordandoh all'immagine digitalizzata del ballerino-

- stesso, che pare suonare gli strumenti mentre danza.
“A questo primo perl'onner se ne pub aggiungere un -
.~ secondo, presente dal vivo, magan dall'altra parte
~dell'oceano, con lo stesso sistema in uso perle . -
~“teleconferenze, trasmcttendone ciod l‘immagme via -
telefono” e rinviandola mdletro “compressa, -
accopp:ala con quella del parmer lalematlco.._.
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Esperimento effettuato all'ultima Biennale di
Charleroi, "Corpo e tecnologie”.

Propric da Charleroi, dalla compagnia residente
Plan K, provengone alcune immagini di "Ex
machina" di Fabrizio Plessi, artista video, e di
Fredric Flamand, corcografo; in questo caso & di
scenografia elettronica che si deve parlare. Plessi,
tra F'altro, & docente proprio di questa nuova materia
alla Kunsthochschule filr Medien di Colonia.
Infine, nello specifico danza, qualche esempio di
quanto si trova attualmente in rete, la rele per
eccellenza, cio® Internet, chiarisce la situazione; dai
frammenti video dell'americana Molissa Fenley e di
Amanda Miller, autiva a Francoforte, alle Dance
Pages enciclopediche sul server Web della lionese
Estelle Suche all'accesso agli archivi della Dance
Collection di New York al Dance Server inglese
alla www-directory Jahoo ai dialoghi tra utenti su
come organizzare una gara di balfo di sala.
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Un percorso tra musica elettroacustica e radio italiana:
47 anni di Prix ltalia

Francesco Giomi

Divisione Musicologica CNUCE-C.N.R.
Firenze - Italia

Abstract

The paper examines the relationships between the radio medium and electroacoustic music with a particular
attention to musical works expressly composed for radio broadcasting. In 1948 the RAI Italian broadcasting
company founded an international competition, called Prix ftalia, to promote experimental pieces produced
for radio communication, Some relevant historical and more recent winner pieces are described, together
with the main techniques of the radio studio used by composers to realize them.

La radio est pour ceux qui
ont des imnges pleine la 1ée
{Luc Ferrari)
1. Introduzione

1l legame tra la radio e la musica elettroacustica & sem-
pre stato una costante fin dai primi anni delle speri-
mentazioni musicali contemporanee. Basti ricordare
come gli studi di musica elettronica di Colonia e di Pa-
rigi siano nati proprio nell’ambito delle rispettive isti-
tuzioni radiofoniche nazionali.

Karlheinz Stockhausen esprimeva nel 1959 sulla rivista
Die Reihe le sue idee circa I'importanza della radio per
la musica elettronica ma & interessante notare come gia
nel 1944 Pierre Schaeffer conduceva le prime speri-
mentazioni elettroacustico-radiofoniche, componende il
plonieristico programma La Coguille & planétes e av-
viando tutta una serie di ricerche in questo senso. In
America poi, se pur con tagli estetici alquanto diversi, si
assiste alle esperienze di John Cage: ia sua compo-
sizione Imaginary Landscape n. 1 (1939), primo lavoro
da eseguire specificamente registrato o per radio ¢ il suo
testo del 1942 sugli auspici di una "musica radiofonica
sperimentale” apparso sulla rivista Modern Music. Non
solo dunque l'inserimento delio strumento radiofonico
all'interno delia composizione ma la radio come obiet-
tivo finale del brano musicale.

Gia prima degli anni cinquanta inizia a delinearsi una
traccia linguistica specifica che vede, e vedrd sempre
piit negli anni a seguire, la radio sia come mezzo pri-
mario per la diffusione della musica elettroacustica sia
come protagonista di un discorso compositivo au-
tonomo: essa diviene oggetto di interesse da parte del
compositore che ne sfrutta le tecniche e le specifiche
possibilitd espressive. Abbiamo oggi la possibilith di
mettere in rilievo un patrimonio in molti casi poco
conosciuto che trova proprio nella sua specificita radio-
fonica le ragioni per una sua guaiificazione sia in chiave
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storica sia in chiave estetica,
2. I Prix Italia

In Ttalia I'attivitd si concentra inizialmente intorno agli
studi della RAI-Radio Televisione Italiana: da un lato,
sin dal 1955, lo Studio di Fonologia di Milano si carat-
terizza come uno dei punti di riferimento della speri-
mentazione musicale europea; dall’altro, nel 1948
prende vita il Prix [talia, un’iniziativa il cui intento
originario risulta quello di premiare € promuovere opere
per la comunicazione radiofonica di alto valore poetico
ed estetica.

Il Prix Italia ha proseguito il suo percorso fino ad oggi
arricchendosi via via di nuove catogorie {tra cui, per es-
empio quella per programmi televisivi dal 1957), pro-
ponendo all'attenzione generale molte fra le migliori
opere radiofoniche sperimentali, e premiando lavori
originali di compositori come Berio, Henze, Maderna,
Pousseur, Penderecki, Sciarrino, Stockhausen e tanti al-
tri.

Attualmente, il Prix ltalia annovera come membri pid
di 60 organizzazioni radio-televisive internazionali di
circa 40 paesi.

L’attenzione per i programmi musicali & sempre stata
una costante della manifestazione fin dagli inizi, tanto
che dal 1953 la competizione & stata suddivisa in di-
verse categorie tra cui due specificamente musicali
(Prix Italia e Premio RAI) nell’ambito deile quali, fino
dalle primissime edizioni, sono state presentate opere
musicali in cui era presente una sempre maggiore inte-
razione del tradizionale bagaglio strumentzle con
I’elemento elettroacustico.

3. Tecniche elettroacustiche
per la radio

Un ascolto ed un esame delle note illustrative relative ai



primi brani elettroacustici premiati al Prix fralia aiutano’

a mettere in luce tutta una serie di strumenti e di te-

cniche impiegate per la loro realizzazione, tecniche e

mezzi che risultano prevalentemente quelli tipici dello” "
studio radiofonico e che diventano obiettivo ‘della” "~

progettazione compositiva dell’autore. Eccone alcuni
esempi: =

- giustapposizione dl nastri e/o di parti vocali

- manipolazione di nastri (vanazmnc della velocua
nproduzume al contrario, tagh ece. ' g

- uso attivo dei rmcrofom R

- riverberazione 7 B

- filtraggio :
- uso di oscillatori e generatori di rumore

Anche la stereofonia diventa agli inizi degli anni ses-
santa un parametro compositive di cui tenere conto; uno
dei primi esempi lo si trova nell’opéra Ondine del giap-
ponese Akira Miyoshi (premio nel 1960) in cui alle parti
orchestrali e per coro femminile si aggiungono una serie

di suoni elettronici registrati stereofonicamente. Un al-

' tro esempio- illustre ¢i arriva da Stockhausen che, da
. sempre sensibile al parametro spaziale in musica, pro-
pone per il concorso del 1977 il suo Sirius (per musica
elettronica, tromba;’ soprano; clarinetto basso e basso)
~fella cui descrizione il' compositore afferma: "I po-
" sizionamento’ delle fonti foniche nel panorama stereo-
fonico ha una’ straordinaria: importanza’ nella compo-
* sizione. La ' 'geografia® della- musica richiede,” per una
realizzazione veramente radiofonica, un nuovo'e diverso
impiego’ della’ stereofonia™: Molto ‘prima’ di ‘queste af-
fermazioni- nel 1962 - il Prix Ifalia aveva aggiunto una
specifica catégoria al'suo eleéneo, catégoria successiva-
- mente unificata con quella monofinica - nel 1971 < in
- conseguenza della grande diffusione di questa tecnica:
Le tecniche si"sono” ovviamente’ arricchite con il pro-
gredire del ‘percorso tecnologico-musicale &si- sono
graduaimente affrancate dallo stretto legame con lo stu-
dio di produzione radiofonica: L’elenco dei lavori pre-
“miati’ del- ‘1979 riporta; per- esempio,  Pianophonie di

Kazimiers Serocki il quale, descrivendo il suo lavoro

‘musicale aggiunge: "Per la prima volta nella musica ra-
“diofonica varie combinazioni'di apparecchiature elet-

troniche “sono sfate memorizzate grazie ad Gn pro-

‘gramma insefito in'un micro-elaboratore”. ‘Anche se i
computer venivano imipiegati in musica’ da pid di dieci
anni, si-tratta’comunque’ di un’ esempio interessante di
-applicazione: informatica- alla” musnca 11 pnmo ua i
“ vincitori del premio radmfomco-? o

4. Le opere

Per opere eletlroacusuche i mlendono, olire a qucile

totalmente realizzate con mezzi elettronici o con or-
‘ ganico misto (parte strufnentale’ e pante’elettronica), an-
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“(Studi della NRU di Hilversum, 1954), R

che quelle in cui i mezzi tecnici peculiari alla radio
siano stati impiegati per manipolare e rielaborare in

_SEnso Cl‘EﬂUVO pam strumentali o recitative.

L& composizioni che vengono qui citate non rappre-

““sentano una panoramica esauriente, costituiscono solo

una campionatura significativa dei lavori premiati nel
corso di quasi cinquant’anni e che, in molti casi, vedeno

- come fuogo di produzione studi radiofonici tra i piit

rappresentativi d’Europa. Un pnmo esempio di opera

: elettroacustlca secondo premio nel 1950 - & D'un dia-
" ble “de "briquet "del compositore belga Raymond
 Chevreuille; realizzata negli studi dell’Institut National
Fde Radlodlffusmn (INR) di Bmxeiles Si pud parlare in
7 questo caso - cosi come per Le joueur de fliite di Marius

Constant, premiata ex-aequo nel 1952 e prodotta a Pa-
rigi presso il Club d'Essai dell’RTF - di autentico pio-
nierismo del genere. Nel primo caso, il racconto sin-

- fonico da” Andersen per voce recitante, coro maschile e
* orchestra con manipolazioni su disco e nastro ma-

gnetico, la musica sottolinea il carattere novellistico del
racconto e I'autore gioca sia con la varietd e la novita
dei timbri sia con processi di acceieraznone e sovrappo-
sizione di medesime parti orchestrali. '

Ancora altri lavori elettroacustici vengono premxati ‘nel
corso degli anni’ cinquanta: Orestes di Henk Badings
Ruisselle di
Maurice Jarre (Studio pnvato d1 Parlgl, 1955). ﬁno ad

“arrivare 2 Henri Pousseur che riceve il premio nel 1960

per Electre, dove egli mtegra la I'lpBllZlOIlB di ‘masse
sonore vocali in un contesto elettroacustico, nell’ambito
delle sue espenenze di correlazione tra produzmne sin-

~ tetica dei stoni e SU‘HI[U[‘E.ZIOI‘IC senale

Se da un lato gli anni sessanta vedono una forte pré-

‘senza di autori glapponem dafl’altro compusnmn europei

dirilievo 1 propongono lavori di grande respiro miusicale:
basti pensare a Luciano Berio ed’ al suc Labaunntus i,
Premio Rai nel 1966. -

Nel 1972 Bruno Madera (che aveva iniziato propno

“con’ Berio 'esperienza elettroacushco—radxofomca nel
1954 con Ritratto di citta) compone ‘il suo quarto radio-
dramma, Ages, realizzato in collaborazione con Cnorgm

Pressburger presso lo Studio di Fonulogla della RAI di
Milano, I'opera comprcnde una forte componenle elet-

‘tronica dove canto, voci, strumenti,” cluster ed ‘eventi

sintetici sono fusi in una generosa miscela multifonica.
Sovrapposizione ‘di voci, modulazione, variazione "di

“velocitd, eco e nverbcraz:one sono’le tccmche con'cui i
“materiali orlgman ‘sono stati elaborati sit nastm ma-
‘gnetico. Ages vince il Prix Italia nello stesso anno.

In'tempy’ piv recenti'si Tiscontrano’ programml ‘musicali

 di* natura plu squnslstamente ‘elettroacustica: nel 1985

viene presentata ed ottlene una menzione Arlannde di
Michel-Georges Bregcnt opem che” riassume” molti
degli stilemi peculiari a tutta la fiorente scuola eleitroa- .



custica canadese, da sempre attiva sul versante della pid
radicale sperimentazione radiofonica. Diviso in sefte
sezioni, il poema raccoglie da un lato la suggestione
proposta dal titolo sul continente scomparso ma non
mancano, dall’altro, riferimenti ecologici e politici: tra
le varie sorgenti sonore sono inclusi eventi naturali e
metropolitani.

L’uso di materiali di varia e diversa provenienza & una
caratteristica peculiare anche al brano con cui la com-
positrice finlandese Kaija Saariaho ottiene il premio nel
1988: Stilleben. Provenienti dagli ambienti sonori pil
disparati, i suoni trasformati appaiono organizzati con-
temporaneamente ad un susseguirsi di interventi vocali
parlati e cantati in tre lingue diverse, a sottolineare le
grandi tematiche del lavero: il viaggio, la distanza, la
comunicazione. Completamente di impianto elettroa-
custico, il lavoro era stato commissionato dalla radio
finlandese per I'esplicita partecipazione alla manife-
stazione italiana, ma non sono mancati in seguito altri
importanti riconoscimenti internazionali.

Proseguiamo questa panoramica con un altro composi-
tore francese di rilievo: Luc Ferrari, attivo da anni a Pa-
rigi, merita due ravvicinati riconoscimenti per Er si
toute entiére maintenant nel 1987 ¢ La escalera de los
ciegos nel 1991, Nel secondo caso si tratta di una pro-
duzione spagnola dove Ferrari impiega anche materiale
di origine concreta (del resto egli & uno dei principali
artefici della musique concréte} mentre il riferimento
del titolo & ad un lvogo di Madrid chiamato "la scala dei
ciechi”.

Infine, segnaliamo wn recentissimo lavoro del compo-
sitore italiano Luca Francesconi: Ballata del rovescio
del mondo, realizzato a Milano presso il centro AGON e
vincitore nell’ultima edizione del premio. 11 radiofilm fa
parte di una sgrie di sedici "opere” di trenta minuti che
la RAI ha commissionato ad altrettanti compositori e
scrittori dell’ultima generazione. Questa operazione ha
rappresentato un’eccellente occasione di incontro sia tra
autori musicali e letterari che tra questi e alcuni impor-
tanti centri di produzione ed edizione musicali.

5. Conclusioni

In passato, il rapporto tra la radio e 1a musica eletiroa-
custica & stato assai fertile; la separazione spesso
avvenuta dopo gli anni sessanta tra studio radiofonico ¢
studio di produzione musicale ha inevitabiimente con-
tribuito a far perdere una certa consuetudine a comporre
per la radio. Cid nonostante molti compositori hanno
dimostrato non solo interesse per questo tipo di mezzo
di comunicazione ma anche grandi capacita nel saperlo
piegare ad eccellenti risultati estetici.

La radio si candida quindi, durante questa fase di rilan-
cio pill volte annunciata, a divenire uno dei canali pri-
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vilegiati non solo per la diffusione della musica elet-
troacustica ma sopratutto per la produzione di opere
artistiche innovative.
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. 1965-33'30" - Gk it S
/- Per'mimi, recitanti, insieme vocale orchest.ra da camera e i

- Elenco delle opere premiate citate -

D’un diable de briguet, R. Chevreuille (Andersen)
Institut National Belge de Radiodiffusion’ (INR) = Bru-
xelles .

1950 - 40~ monofonica: s o :

= Racconto- sinfonico: per: voce: recuante SOprano, coro
maschile e orchestra con mampolaznom su dlSCO € na-.
© stro magnetico::

. (Secnndo premio - categona umca 1950)

Orestes Henk Badmgs (J Starmk}

Nederlandsche Radio Unie (NRU) - Hllversum .
1954 - 54" - monofonica Rt
Opera radiofonica

(Prix Italia per programmi musicali 1954) -

Ruisselle, Maurice Jarre (R. Pillaudin)
Club  d’Essai, Radiodiffusion-Télévision Francaise
(RTF) - Parigi S R : :
1955 - 57°25" - monofonica

Poema radiofonico per voce, musica e microfoni

(Prix Italia per programmi musicaii 1955}

La grande tentanan de Samr—Anrome, Louls de Mees[er
- {M. de Ghelderode) - :
- Institut National Be]ge de Radlodlffusmn (INR) Bru-
xelles
1957 - 55’ - monofonica
Cantata satirica per solista, coro, 3 orchestre e nastro
magnetico :
(an Italla per programml musicali 1957)

Elecrre. I-Ierm Pousseur (P Rhailys) _ L
Studio de. Mu51que Electromque. de Bruxelles APELAC
- Bruxelles- o : _ .
1960 - 48’ - monofomca
Musica per il balletto omonimao sulla tragedra di Sofocle
.{Prémio RAI per programmi musicali 1960): &

Laborintus 11, Luciano Berio (E. Sanguineti)

- Office de Radmdnffusxon-Telewsmn Francalse (OR'FF) _
o= Parigi’ e
siereofomco

“e'nastra magnellco T s

1966)

Ages, Bruno MadernalGlorgm Prcssburger (Shake? '
speare}”.

Studio leonologsa RAI - Mllano _
' 1972 29’ - stereofomca
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(Premlo RAI "per compos:zxone musmale con. testo

T <art@mailserver.idg fl.onrits e

5 Invenzmne radiofonica: .

(Prix-Italia- per. progTamml dove la musu:a g la partc

: dommante)

P:anaphome, Kazmuers Serockj

Arbeitsgemeinschaft der: offenthch rechtilchen Rund-
funkanstalten der Bundesrepubhk Deutschland

=-1978:2 38"+ stereofonica: :

Per pianoforte, suoni elettronici & orcheslra

o an Itaha pcr la musica: 1979)

Arlanrtde Mlchel Geurges Bragcnt :
-Cité du Havre studlo of the Société Radlo Canada -
-Montréal :: SR ol i ; ;
1985:2:25? 4stereof0mca

Poema radiofonico’ per voci, dwer51 ensembles suoni

. elettroacustici e suoni ambientali -
: (menznone Prix Italia 1985)

Et i toute entiere maintenant, Luc Ferran (C Fellous)

Radio France - Parigi

1987 - 34" - stereofonica
Racconto sinfonico. -

(an Italla per la musica 1987)

: Snlleben Kaa;a Saanaho (Kafka ecc. )
:YLE Experimental Studio - Helsinki
- 1987/88-22°08" =

stereofonica - Lo
Composizione radiofonica per nastro magnetico - ' =
(Prix Italia per la musica 1988) '

-La escalera de los ciegos, Luc Ferrari - -

Radio Nacionai de Espana (RNE 2) Madnd e

- 1991 - 34" - stereofonica -
. Serie di racconti musicali radmfomcn
: (Premlo spec:lale per la musica 1991) s

) Ballata del rovescio del monda. Luca Francescom (U

Fiori} - . :

AGON Acusuca Informat:ca Mus:ca Mllano
1994 - 30" - stereofonica

Radioscena musicale : S
(Prix Italia per la musica 1994) . .

- Francesco Giomi: 50

Via G. Silvani, 180 .~ e
50125 Firenze (Italia) -~




La radio e la nascita della musica elettroacustica

Nicola Scaldaferri

Laboratorio di Informatica del Dipartimento di Musica e Spettacolo
Universita di Bologna

Abstract

Questo testo illustra 'importanza della radio per la nascita della musica elettroacustica. Vengono
osservau 1 contributi di tipo estetico e tecnologico che essa apporta; vengono poi osservate le
ragioni di un'autonomia della musica elettroacustica rispetto alla radio.

1 Introduzione

11 contributo della radio alla nascita della

musica elettroacustica & di importanza fondamen-
tale; esso interessa numerosi aspetti che vanno da
quello tecnologico a quello estetico. Negli studi ra-
diofonici i compositori iniziano a familiarizzare con
apparecchiature elettriche e a manipolare i supporti;
sard la radio a fornire il sostegno concreto per 11sti-
tuzione studi di musica elettroacustica; & nell'am-
bito deila ricerca della musica per la radio che ver-
ranno individuate Ie caratteristiche che saranno pro-
prie della musica elettroacustica.
Nella prima meté del nostro secolo la radio svelge
un ruolo assai importante nella promozione della
nuova musica; in questo ambito pasce un forte inte-
resse per la sperimentazione tecnico-musicale. Nei
primi decenni del secolo & soprattutto I'ambiente te-
desco a mostrarsi particolarmente attivo. Sorgona
numerase riviste (come la rivista Musik und
Maschine edita dalla Universal Edition) dedicate al
rapporto tra musica € tecnologia. A Berline vi & una
cattedra di radiofonia tenuta da Hindemith, autore
delle prime importanti composizioni per strumenti
quali il Travtonium e T'organo meccanico. Tra
Hindemith ¢ Friedrich Trautwein, costruttore del
Trautonium, si crea gii quel rapporto di collabora-
zione tra compositore e tecnico che costituira una
costante degii studi di musica elettroacustica. Ma
gli strumenti "protoelettronici” come le Onde
Martenot e il Trautonium, pur attirande molto inte-
resse, vengono impiegati quasi esclusivamente per
le loro singolari soluzioni timbriche, all'interno di
una concezione della composizione musicale di tipo
tradizionale. L'esigenza di una musica fondata su
principi completamente nuovi, sia dal punto di vi-
sta compositivo che recettivo, nascerd soprattutto
grazie alle trasmissioni radiofoniche.

2 Musica radiogenica e
musica radiofonica

Tra gli anni '20 e gli anni '30, da quando ia
radio diventa un apparecchio di uso comune, si svi-
luppa un forte dibattito sulla musica radiogenica che
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trova largo spazio anche sulla stampa dell'epoca. La
questione sorge soprattutto a causa del livello non
ottimale dej mezzi di riproduzione del suono, che
incidono in maniera negativa sulla qualita delle mu-
siche trasmesse. Si cerca dunque di individuare la
musica pidl adatta per la trasmissione per radio, sia
tra quella del passato che tra quella dell'epoca pre-
sente; i criteri di scelta consistono nella leggerezza e
linearita della scrittura, nella scelta di organici ri-
dotti e di timbri strumentali puri. Compositori
adatti alla tasmissione radiofonica sono Bach e
Mozart, poco adatto invece Wagner. Vengono inol-
tre promosse manifestazioni e selezioni di nuova
musica radiogenica. I compositori del tempo sono
consapevoli del condizionamento esercitato dalla ra-
dio sul proprio lavoro; questo emerge anche da
un'inchiesta del 1937 di Guido M. Gatti sulla
Rassegna Musicale realizzata per stabilire I'in-
fluenza della radio sulla produzione musicale. Va
segnalata in questo ambito la posizione di Casella
che, per quanto si riveli scettico sugli sviluppi au-
tonomi di una musica per la radio, ammette la
compatibilita tra le esigenze del mezzo radiofonico e
T'estetica musicale neoclassica: 1a "semplificazione"
richiesta dalla musica per la radic di fatto & coerente
con la semplificazione musicale che si verifica in
questi anni,

Si fa perd strada la consapevolezza che la radio non
costituisce un mezzo neutre di comunicazione ma
possiede caratteristiche tecniche che si riflettono sul
messaggio trasmesso. Si giungerd presto cosi a ri-
conoscere alla radio una duplicita di funzione: se da
un lato & un formidabile mezzo di diffusione, dall'al-
tro pub rappresentare un mezzo d'espressione in
grado di aprire la strada a nuove forme artistiche.
Arnheim, che riassume in maniera assai significa-
tiva il dibattito di quegli anni sulla radio, distingue
nettamente la funzione comunicativa da quella
espressiva del mezzo radiofonico e suggerisce le
prospettive artistiche che possono derivare dal suo
utilizzo come mezzo espressivo:

«La radio ha offerto un'esperienza nuova all'artista,
al dilettante d'arte e al teorico in quanto sfrutta per
la prima volta esclusivamente l'udibile senza far ri-
corso al visibile, all'immagine, a cui sempre & stato
associato, tanto nella natura quanto nell'arte [...]
Tutto cid che accade davanti al microfono deve ri-




spettare Ie rcgnlf: dell’ arte, udmva» (Amhexm 1987 i

p 8).

i tata alIa radm, per quanto dotata dei reqmsm radlo—

La radm nduce lespenenza di recezione al soio L

ascolto: il punto di partenza dellarte radiofonica’ -
deve consistere nello sfruttamento esclusivo dei va--
lori uditivi; I'arte radicfonica d._eve'dun'qiie presentarg %
quefla caratteristica che negli anni '50 Schaeffere

Poignot, mutuando un termine della scuola pitago-
rica, definiranno acusmatica, cioé significativa a
partire solo dalla sua dimensione acustica.

La forma artistica che per prima sfrutta questl prin-
cipi & il rad:odramma, che conosce dagh anni 30un

grande successo. Preoccupaznone pmncxpa]e degh au-

genici, presenta sempre un implicito riferimento al:

_.l'esecuzione concertistica che ne & alla base.
“L'ostacolo maggiore per la creazione di una musica
radiofonica mediante gli strumenti tradizionali &
“rappreséntato’ dalla riconoscibilita, all'ascolto, di’

tuttos ¢id: che rimanda all'esecuzione dal vivo.
Affinché la musica radiofonica possa superare tale

= Situazione sono necessarie perlomeno due cose: in

primo luogo che ricorra a suoni diversi da quelli

_prodotti su strumentali tradizionali;. in secondo

luogo che si avvalga di un lmguagg;o autoreferen-

* ziato, in_grado di esaurire le proprie pertmenze

tori di radiodrammi & quella di riuscire, tramite il

solo ascolto, a trasmettere la pienezza dell'azione,
rendendo percettibili fenomeni guali la caratterizza-
zione del perscnaggio e la drammatizzazione.

Parallelamente al radiodramma, in parte proprio gra®
zie ad esso, 'si verifica un ampliamento del paesag- -
gio sonoro; 'immissione di suoni non musicali al-
I'interno “delle trasmissioni radiofoniche va infatti -
acquistando unrilievo sempre maggiore; al punto da
uscire dall'ambito effettistico e costituire un feno-~
meno*a‘sé.” Arnheim’ segnala il"contributo che -
{'ampliamento’ del paesaggm sonoro, realizzato tra:
mite la’ radio, pud’ portare allo sv:luppo del’ 11n- o

guaggio musicale: -

«La riscoperta del .suono ne] rumore € nel Imguag— '

glo il collegamento tra musica, rumore e linguag-

2io in'un materiale sonoro unitario & uno dei grandl .
.] Diventa sempre piil’

compiti artistici della radio [
importante la ricerca di effetti di rumore [.2.] Mal

visti‘da parte della musica pura, trovano un ottimo’
impiego nella radio dove si tratta'di elevire conuna
rappresentazione stilizzata ad un livello irreale non’
solo il suono dél partare umano, ma anche i rumori
naturali: Quello che pili conta nello sviluppo della’

musica dal punto di vistd della radio & che la con-
quista di caratteri espressivi - sia essa stata favore-

vole o meno per la musica - ha creato dei buoni-
presupposti per tina cultura sonora unitaria che po-~
trebbeé permettere un adegnato sviluppe della nostra

sensibilitd verso la musicalith del linguaggio ¢ del -

sonoro in generale» (Arnheim 1987 p. 19-26).

Lariflessione di Arnheim prelude ad una musica che
considera la Tadio e Ja tecrologia comeé punto di par-*
tenza: per la sperimentazione di" nuovi orizzonti
espressivi - ricordiamo come da un'ipotesi in linea™

con le intuizioni‘di-Arnheim; quella del valore muo-

sicale del linguaggio,” partiranno Eco ¢ Berio nel

1958 per la realizzazione di Omajgio a Joycc

Nella ricerca della' musica per’la‘radio’ & posmbxlc’* -
dunque osservare due fasi distinté. La prima & quiella’

dellaricerca della'musica radiogenica, ciod una mu-"
sica di’ tipo’ tradizionale ‘con cCaratteristiche che la

rendono particolarmente adatta alla trasmissione per
radio; la seconda & quella della musica radiofonica, *
musica del tutto nuova che’si sappla basarc suIIe

pecullanta tecniche della radio."

La musica radiogenica poteva ancora avere come’-' 2
quadro di riferimento una musica di tipo strumentale

tradizionalé; per-ia‘ musica radiofonica questonon &
pidi‘possibile: |a musica tradizionale infatti, ascol- -

“‘esclusivamente all'interno della dimensione sonora.

La nascita della musica elettroacustica in Eumpa
sembra essere la risposta appropriata alla ricerca
della musica radiofonica, L.a recezione della nuova
musica sembra riguardare’ solamente’ il fenomeno
sonorg; il problema dell'interpretazione, il rituale
concertistico e tutto quanto nella musica tradizio-
nale: costituiva un: corallario inscindibile del dato:

sonoro e contribuiva-alla creazione dell'aura; sembra<--

essere scomparso. 1 complessi aspetti tecnici che -
stanno alla base non raggiungono {'ascoltatore; col-:-

pisce invece 1'aspetto "inaudito” di questa musica, -
che si tratti dei suoni sinusoidgli di Colonia o de:
suoni conereti mampolau di Parlgx. : S

3 Promozione e diffusione
della musica 'elettroacustica __

Le radio europee degh anni '50 si fanno

' pl‘ﬂmdﬁ'l(:l della ricerca tccnologlco—musmale Oitre -

alla pitl generale attenzione della radio verso le
nuove musiche e all'esigenza di una musica adatta ai. .
propri mezzi tecnici; vi sono aspettl contmgentx i

che glusuf cano questo interesse: da un lato a pre-

senza ai vertici dirigenti delle radio di personaggi.
che promuovono questa ricerca (Wladlmxr Porchéa .
Parigi; Alberto Mantelli e Gino Caste]nuovo a.
Milano), dall'altro la polmca di espansmne culturale. ..
perseguita dalla radio. In quegli anni si giunge in- .. -
fatti all'istituzione del terzo programma radiofonico,.
esplicitamente creato per trasmissioni di tipo cultu-. .
rale_¢ musicale. E' significativo_ricordare che .
A]bcrto Mantelli ¢. Luigi Rognoni, curatori del
terzo programma istituito dalla RAI nel 1950, sa-. .
ranno nel 1955 tra i fondatori. dello. Studio. di
Fonologla Musma!e della RAL .
Un 1mp0rtante incentivo in amblto radmfomco.._ _
verso la ricerca sonora spenmentale era venuto dalla ;
RAI nel 1948 con l'istituzione del Premio Italia per . -
le opere musicali radiofoniche. Nelle compc:smone '
presentate Premio Italia I'impiego della sonorizza-
Zlone si spinge giix alle soglie della musica elettro-
nica e concreta; scnve Mamelh a proposuo d; quesu
lavori: -

«[...] la musu:a smnlmente a quanto accade fel teas i

tro musicale, & I'elemento costitutivo dominante. E-
allora si verifica questo-fenomend che merita di es-

sere:tenuto: in. conto: I'intervento: registico gravita:}.:-

essenzialmente attorno:alla musica-e'si configura;,
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nei casi pii tipici e pill indicativi, come una esperta
e specializzata manipolazione dei sueni all'uscita del
microfono. Fino a giungere alle soglie di quei tenta-
tivi e di quelle realizzazioni che cominciano a profi-
larsi nel settore della musica concreta e musica elet-
tronica» (Mantelli 1956 p. 140).

Gli studi europei di musica elettronica costituiscono
quasi sempre delle dirette emanazioni delle strutture
radiofoniche, la cui attivith di promozione della
nuova musica si intensifica nell'ultimo dopoguerra.
I tre importanti studi di Parigi, Colonia ¢ Milano,
dove opereranno Schaeffer ¢ Henry, Eimert e
Stockhausen, Berio e Maderna, verranno ufficial-
menle istituiti presso le sedi radiofoniche delle tre
citta (RTF, WDR e RAI). 1l piccolo studio musi-
cale di Darmstadt, diretto da Hermann Heiss, & so-
stenuto anch'esso dalla radio di Colonia. Lo sindio
di Baden-Baden, creato nel 1957 in occasione della
visita in Europa di Wladimir Ussachewsky, & soste-
nuto dalla Siinwestfunk. Nel 1957 a Varsavia viene
istituito lo Studio Eksperymentalne grazie al soste-
gno offerto dalla radio polacca.

La fondazione degli studi per la composizione mu-
sicale elettroacustica costituisce il traguardo di
un'attivith di sperimentazione avviata, con mezzi ra-
diofonici spesso inadeguati, all'interno degli studi
radiofonici tradizionali. A Colonia la fondazione
dello studio avviene nel 1953, ma la sperimenta-
zione sonora inizia nel 1951 grazie soprattutto ad
Eimert che lavora presso la radio come curatore del
programma notturno. Schaeffer inizia le sue ricerche
sulla diffusione del suono presso la radio francese
nel 1942; nel 1948 fonda il Club d'Essai e solo nel
1951 il Groupe de recherche de musique concrate
(GRMC), che diventa un reparto stabile della RTF -
dal 1958 il GRMC prendera il nome di Groupe de
Recherches Musicales {(GRM), tuttora attivo. Anche
a Milano la fondazione nel 1955 dello Studio di
Fonologia Musicale corona un’attivita di ricerca gia
in atto: Maderna infatti si interessa dai 1952 di
composizione elettronica, mentre Berio collabora
alla sonorizzazione dei programmi della radio dal
1953,

La radio, oltre ad istituire gli studi (che di solito
hanno I'obbligo di produrre i materiali per la nor-
male attivita di sonorizzazione radiofonica), & anche
il principale committente delle opere elettroacusti-
che, delle quali cura anche la diffusione. Questo si
rivela di importanza vitale per i primi passi della
musica elettroacustica, che non dispone di spazi
propri per esecuzioni di tipo concertistico. Tra le
numerose trasmissioni radiofoniche dedicate alla
nuova musica, vanno ricordate quelle "storiche" del
20 giugno 1948 dalla RTF con la messa in onda
degli Etudes de bruits di Schaeffer che costituisce
I'atto di nascita della musica concreta, quella del 18
ottobre 1951 della WDR che vede ta partecipazione
di Eimert e Meyer-Eppler con l'ascolto dei primi
esperimenti elettronici. Inoltre & nelle manifesta-
zioni e nei festival di musica contemporanea,
spesso promossi dalle radio, che trovano ospitalita
le nuove opere elettroacustiche. Un caso significa-
tivo & rappresentato dalla stagione Musik der Zeit di
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Colonia, dove trovano spazio, in un concerto del 26
maggio 1953, i laveri eleuronici di Beyer e Eimert,
e dove dccanto ad opere come Gruppen, vengono
presentate in prima esecuzione opere come Gesang
der Jinglinge e Continuo, Anche la stagione degli
Incontri Musicali di Milano, istituiti da Berio in
seno all‘attivith musicale svolta presso la radio con
Maderna, diffonde, oltre ai lavori strumentali, le
opere dello Studio di Fonologia ¢ degli altri studi,

4 Convergenze e diversita

Negli scritti dei compositori di musica
elettroacustica degli anni 'S0 vengono ammessi i
debiti della nuova musica nei confronti della radio,
intesa come istituzione {Schaeffer dedica il libro A
la recherche d'une musique concréte alla RTF e a
Porché come segno di gratitudine per il sostegno ri-
cevuto) ma anche come laboratorio di un noovo
mede di far musica. All'atto della fondazione dello
Studio di Fonologia di Milano, Berio, nell'espri-
mere le intenzioni poetiche che lo animavano, sot-
tolinea gli elementi di continuita con la ricerca della
musica radiofonica:

«E' curioso notare come in questi ultimi trent'anni
le idee su un'arte e un'estetica radiofonica non ab-
biano ancora potuto fissarsi in termini precisi e
come I'esperienza passata non abbia fruttato che rare
¢ generiche conclusioni che potessero costituire la
base di un'eventuale grammatica radiofonica [...] Lo
Studio di Fonologia Musicale, mettendo 'insieme
di tali mezzi a disposizione di speciali produzioni
che tentino una ricerca espressiva, pud contribuire
ad un incontro durevole tra gli strumenti e le possi-
bili intuizioni di un attuale linguaggio radiofonico»
(Berio 1956 p. 108).

E' perd anche chiaro che il nuovo genere musicale
segna un salio di qualitd nell'ufilizzo musicale dej
mezzi tecnologici; la tecnologia non viene infatti
impiegata solo per la riproduzione del suono ma
soprattutto per ia sua produzione ex novo.

Adorno, mettendo in evidenza la relazione di conti-
guith tra esperienza radiofonica e musica elettroacu-
stica, vede in quest'ultima anche un momento di ri-
scatto della musica d'arte dal rischio di mercifica-
zione cui andava incontro a causa della riproducibi-
lith tecnica del suono:

«Dietro la musica elettronica, e dietro Pattrattiva
che se ne sprigiona, in definitiva sta oggettivamente
I'idea di liberare i mezzi tecnici dalla schiavith della
mera riproduzione della musica, la quale di per sé si
oppone a tale riproduzicne. L'onta della musica
meccanizzata, l'essere mero calco di un'altra cosa e
dunque inautentica, esige di essere cancellata.
Segretamente le speculazioni elettroniche mirano
all'ideale latente di una musica radiofonica che non
fosse pilt un semplice riempitivo della radio»
(Adormo 1969 p. 267),

Stockhausen, wel ribadire il salto di qualita che si
verifica con la musica elettronica nell'utilizzo dei
mezzi tecnologici, condivide con Adomo l'idea che
la musica elettronica costituisce un momento di ri-




scatto delIa musma d arte ciaI nschm dl mercxf ca-

zione:: TERRE
" «Che.cosa: hanno fatto ﬁnora i: produtton dlscogra-

fici e radiofonici? Hanno riprodotto;: hanno ripro-:... "~
dotto una Musica che.in passato era stata scritta per: . -

le sale da concerto € i teatri d'opera, come se'il film -

si fosse limitato a fotografare i vecchi pezzi teatrali.

E la radio cerca di perfezionare tecnicamente questi; ;-
reportage di concerti e di opere in modo che F'ascol-. -

tatore riesce sempre meno a distinguere la copia
dall'originale: I'iflusione deve essere totale {...] Ora,

sebbene la radio fosse gia diventata una tale fabbrica

di conserve, accadde qualcosa di inaspettato: fece la
propma appamzmne la musica elettronica; una mu-

sica nata in maniera del tutto funzzonale dal]e partl-_
colari, conchzmm della radio. Essa non viene regi-
strata con mlcrofom su un pOle € conservata per' '

con lamto della valvola elettromca esiste’ solo’ su: :

nastro € pud venire ascoltata solo con altoparlantl

f...] Si pud gmdlca:e la musica elettromca come si N

vuole: 1a sua necessitd risiede gid solo nel fatto d1 f' o

indicare alla produzmne radiofonica una via di svi-

luppo. La musica e]ettromca non utilizza nastro e’ .
altoparlante solo per riprodurre, ma per produrre :
Chi ascolta per mezzo di altoparlanti capira prima
0 poi ‘che ha molto pid senso se dall'altoparlante

esce una musica che non si pud ascoltare altrimenti
che con un altoparlante» (Stockhausen 1976 p. 50).

5 Superamento

zonte radmfomco

Ma la musica elettroacustwa & portatnce d1 B
molte novita che le impediscono di stare racchiusaa
lungo negli ambiti della radiofonia. Essa introduce; "

mediante' la posibilitd di°manipolazione' del sup-

porto, nuovi’ paradigmi compositivi che avtanno-
una forte influenza anche sulla musica strumentale -
tradizionale. Presenta poi alcuni aspetti che presto:
si nveleranno mcompat1b111 con la dxffusmne per; :

radio:

dell orlz-'_

Il piii 1mportante di questi- fenemem rlguarda la: i

nuova funzione ricoperta dallo’spazio. Dd hiogo di-
diffusioné del suono quale era nella musica strumen-
tale tradizionale, esso diventa; a tutti gli éffetti; un' o
parametro compositivo e come tale richiedera speci-
fici canali di diffusione. Questa nuova utilizzazione -
dello spazio, favorita dal potenz:amento dei mezzi di -
ripreduzione del suono, fa il suo ingresso ufficiale -
con Gesang der Iunglmge di’Stockhausen; esplici-

tamente composta per cmque gruppl di altoparlanti.
Da questo momento in poi la musica elettroacustica

richiedera dei criteri di diffusione del suono ben lon-*
tani da quelli che poteva offrire la radio; si‘fendera:
invece necessario il recupero delle sale da‘concerto,
' che'saranno dotate quam sempre di caratteristiche
* particolari - ricordiamo. ad’ esempio- la-sala sferica " -

. proposta da Stockhausen ¢ ripresa‘anche da Xenakis

Bay]e pressu xl GRM

o I'Acousmonium’ elaborato_r_\_el 1973 da Franq,ms'f:“ -

' Benjamm W.,
: nproduc;blllté tecmca, Tonno, Emaudl 1966

Un seconda: fattore. di: incompatibilita tra radio e
" musica elettoacustica riguarda. il recupero. della di= -
" ménsione concertistica: La nprodumblhta tecnica -
del suono; fondamento stesso della musica elettroa-;: :;
custica (con:la rinuncia al hic: et nunc dell'esecu=-:

zione come tmomento; di. ri-créazione: dell'opera).:

sembravand; in un primo momento mettere. in: crisi-
il carattere auratico dell'opera musicale; in reali con:- -

il "concerto” di musica elettronica si verifica-un re-.-
cupero- dell'aura; se:non addirittura un suo poten-:
ziamento; [l concerto tecnologico; con la presenza

del compositore, degli altoparlanti'e perfino dell'il-
luminazione appositamente creata; giungera ad avere: -

una valenza esoterica sconosciuta al concerto tradi- .-

zionale - Ebbeke notava ad esempio che opere come
Hymnen, - oltre a non: essere composizioni-"da ca-.:
mera", richiedono un ascolto di tipo collettivo:: =@ .-
1l terzo fattore di superamento dell'estetica radiofo- -
nica & rappresentato dall'avvento della musica mista,
che reintroduce [o strumento tradizionale nelia ple—. :

nezza delle sue funzioni timbriche € rituali: La mu-:...
sica eletiroacustica sembrava inizialmente voler ge- .-

gnare: un_punto di non ritorno nei confronti della
musica strumentale, ma subito si assiste alla rein-: -
tegrazione dell'elemento umano. accanto-alla mac-...
china;. i primi. esempi: di musica mista, quale-. .
Mausica su due dimensioni (1952) di Maderna, sono .
contemporanei ai primi lavori di musica elettronica.::
Contrariamente alle previsioni della prima ora, la ..
musica strumentale non verra soppiantata da quella
elettroacustica; proprio il rapporto dialettico tra le.
due dimensioni costituird invece uno degli aspetti -
pilt fecondi deila musica dei decenni successivi... 0 0
Non mancheranno opere elettroacustiche dall'espli-*
cita destinazione radiofonica - basti pensare gid a’
Visage. di Berio - ma saranno frutto di una precisa . -
volonta poetica. Cosi come la radio, da parte sua,.
pur ricorrendo sempre pil spesso alle risorse della
musica elettroacustica, prosegue per una prupna-
strada.: @0 i .
Radio e musica e]ettroacusm:a conunuano ad 1n£rec- T
ciarsi fino ai: giorni nostri (penstamo ad esempio:

alle diffusioni del Cycle Acousmatigue del GRM su’:

Radio France o all'utilizzo di effetti elettroacustici - ; _
nej radiodrammi), ma nella consapevo]ezza deile =
spethve autonomle R :
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Il progetto CRM per una drammaturgia deil’ascolto
radiofonico e del suo spazio virtuale

Michelangelo Lupone, Enrico Palandri, Laura Bianchini, Susanna Tamaro

CRM Centro Ricerche Musicali
Roma, Ttalia

Abstract

In this paper a description is given of the fundamental aspects of scientific research as developed at CRM by
composers Laura Bianchini and Michelangelo Lupone and related 1o the production of two “Radiofilm”
“Immobile e doppio™ and “In un grattacielo”, commissioned by Radiotre RAI (tails by Susanna Tamaro and
Enrico Palandri).

In the two pieces the following compositional and analytical criteria have been employed: 1) Narrative Scheme
and Acoustic Interlacing; 2) Sense and Sound of Speech; 3) Reference, Relations and Signal Processing of
voice and intruments sounds: 4) Sound Spatialization: 5) Earty Reflections and Wavegunide Models.

1. Introduzione 1. a) Narrazione corale multifonica e multilingue,

Il coro descrive e sottolinea la drammaticita
Tra le recent iniziative tese a sottolineare deil’azione o anticipa gli avvenimenti narrati
lutilizzo della radio come mezzo privilegiato dai protagonisti estraniando I'azione dal
dell’ascolto musicale e piii in generale come mezzo presente.

di  comunicazione. quelln dei Radiofilm

) ) ! b} Scomposizione del testo in fonemi. I fonemi
rappresenta la pil avanzata in senso estetico e

Vengono trattati come unith minime di senso

tecnologico, . _ musicale.

Il presupposto di fondere il testo letterario e la o ' L
musica in un'opera dove questi interagiscono €) Struttura a episodi. La narrazione di cinque
profondamente fino a tentare una diversa codifica storie & scandita da una cesura di riferimento.
linguistica, & stata vissu.ta‘dagli aatori da una parte 2. a) Narrazione in forma di brevi segmenti di
come sfida per la definizione di nuovi modelli informazione.

espressivi, dall’altra come reale incentivo o . .
all’incontro con i centri di ricerca e produzione b) Unitd di senso verbale e musicale. Il ritmo
musicale elettronica italiani. strumentale & sincrono alla frase e I'intonazione
In particolare Radiotre Ra! ha affidato ai Centri della frase & riprodotto dalle altezze e dal
Agon di Milano, CRM ed Edison di Roma e alle timbro degli sirumenti.

CZ\SE'. E(iiu'ici Edipan. RiCOrdi [+ Suvini-ZerbDni il c) Su-unum a tre ]jvelli contempomnei'
coordinamento e la gestione artistica, ponendo Sovrapposizione di testo comprensibile. testo
come vincolo o per meglio dire, incentivo, trasformato e tessitura sonora.

l'utilizzo di qualsiasi mezzo elettronico atto a
favarire I'ascolto radiofonico dell’opera.

3. Schema narrativo e intreccio sonoro

, .
2. I progetto drammaturgico Un particolare approccio allo schema narrativo del

testo & stato scelto in ambedue i opere: si &
sviluppato un sistema di relazioni sonore basate sul
timbro, il ritmo e le altezze della recitazione e dei
suoni strumentali ed elettronici.

Emerge in questo modo una fitta tessitura tra i
suoni verbali e non, che piit volte maschera le
parole per fasciare libero I'ascoltatore di ricostruire
il senso atraverso 1a sola EMErgenza sonora.

Nel caso di Bianchini-Tamaro il coro. realizzato
mediante I'elaborazione delle voci dell’attrice e
della vocalist. congiunge I'evento narrative a

I testi scelti per le opere prodotte presso il CRM
sono due racconti nati con intento letterario e, per
essere inwodotli nella diversa organizzazione
narrativa proposta dal Radiofilm, hanno subito una
VEra e propria riscrittum.

H lavoro di adatiamento & avvenuto separatamente
per le coppie di autori 1) Bianchini-Tamaro, 2)
Lupone-Palandri e i testi definitivi hanno
evidenziato le seguent soluzioni drammaturgiche:
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quello musicale auraverso Ia Lrasformazmne delle, ...

parole in suoni.

Nel caso di Lupone-PaIandn llmmagme del 10

“bancario” freddo, cinico,

insensibile ¢ astuto -

quanto ignorante e intelligente sono il perno di:un;

intreccio che transita dal reale all'immaginario, dal
passato al presente senza discontinuita. .

Nella scrittura musicale questo soggetto & stato"f_'
trattato con elementi sonori che enfatizzano-fa™ -~~~

dialettica grottesca tra la stupida formalith del
“bancario”
diavolo Barbariccia.

4 Senso e valenza sonora del testo

'Tmttm-e la pa:ola afﬁnche

possa dwentare

¢ lo scenario infernale, smodato del:i7

elemento sonoro che supera o integra il suo stesso: -
sensg, & statg il lavoro plu arduo e: mteressanrs N

affrontato dagli autori;

in particolare, - per rendere pxu evndente la- o

trasformazione, sono stati utilizzati
contemporaneamente accorgimenti di recitazione
ed elaborazione elettronica della voce recitante. -
Una sorta di geornema Iogma inscrive le parole in
base al ritmo, le assonanze, le rime e le formanti
timbriche che modellano artificialmente la vace.
In fig. 2 & mostrato il programma Polar Synthesis
basato su-filtri passa banda entro cui sono state
inserite le voci; I filtri; dinamicamente variati in
frequcnza centrale e larghezza di banda, hanno
“deformato”, . “trasformato’ . e congmnto
musicalmente anche e parole_ il cui suono e
mgmﬁcato s0n0 pmfondamente dwers;

5. Univocita, dlpendenza, mterazmne e
trnsformazmne : T

Le sn'ategle spenmentate per mtegrare il
linguaggio letterario a quello musicale, soprattutto
da parte degli autori degli anni anquanta—Sessanta
rappresentano. ancora oggl un valido ésempio di
statuto funzionale entro cui stabilire l¢ regole del
complesso rapporto fra tesio e musica.

La sfida posta dai Radiofilm doveva

inevitabilmente ritrovare i processi formativi delle

opere radiofoniche di quel periodo e tentare di

.approfondire e sviluppare;: con'il' contributo “di
mezzi tecnici mollo pilt evoludiy strategie: & regole:
di un metalinguaggio frutto della fusione di testo =
musica e soprattutto b&sato sul mezzo di dxffusmne'-

radiofonico.

11 lavoro di-ricerca € anal:51 svolto al CRM sulle-'
opere " di* teatro” musicale - di"“quel ‘periodo.’” ha
permesso. di: raccogliere’ e sviluppare un semplice!
ed efficace- sistema di- regole - funzionali* alla*

percezione.. poi- complessivamente applicaio - in
ambedue’

i’ Radiofilm,  anche "s¢ con moltee
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e trasformazmne*

- _1mporumu d&fercnze. mn panc dovu!e ai m:nendh '

sonori in parte duvute alle strategie narrative.

“ 11 sistema’‘si-basa“su quattro regole poste come

pnmmve pssia modelli di comportamento semplici

.- §u7 cui -sviluppare . i{ processi:.combinatori che

presmdono al rapporto fra testo € musica: .

&% umivocita: regola che riconosce alla parola oal

-+ suono la completa indipendenza

» dipendenza: sistema di regole che privilegia
uno dei due elementi per intrinseca necessith di
sviluppo narrative efo formale

_9::.._mterazmne- sisteni di regoie di dlpendenza.

: bmmvoca

regola che presxede _al
processo d1 mutazmne della parola in 'suono.. '

6. Pos:zuone, movnmento e velocxta del

segnali sonori

Uno degli aspetti progettuali e compositivi che pill
ha interessato gli autori, soprattutto per le
:mphcaznom di tdpo percemvo & stato il disegno di.
ung “spazio scemico virtuale™ "1'idea & stata’ ch
proporre attraverso il solo ascolto stereofonico, una’
immagine dell'ambiente in cui si sviluppa la
narrazione o il dialogo rendendo poi tum i suom
mobili in questo contesto.

L’approccm di molte” composxzmm radmfomche
tenta un npo di sxmulamone dello Spazm con I'uso.
di “‘rumori amblenta.h “che, attraverso. una
riconoscibile e semphﬁcata semantica, Costruisce
nell'immaginazione ~dell'ascoltatore, ‘il luogo
dell'azione. Diversamente, abbiamo tentato nelle
due opere di costruire uno spazio che st evolve in
ragione degli elementi sonori che vi sorio inseriti e
dei contenuti narrativi. Si & resa evidente cosi una
mutazione’ dell’ambiente che partecipa’ parimenti
alle regole di uasfonnazmne ed evoluzmne dei
materiali sonori.

Lo schema riassuntivo dello spazio enu'o cui sono
stati collocati e mossi i suoni delle due opere e.
rappresentato qui di seguito:

-Front
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La rraiettoria descritta dalle frecce, individua anche
I'ultima collocazione suono. Tale punto viene
raggiunio con velocith costante in quanto le prove
di accelerazione effettuate su diversi sistemi di
ascolto, presi come riferimento per I'emissione
radiofonica, non hanno dato risultati significativi,
Per costruire lo “spazio virtuale™ & stato realizzato
sul sistema Fiy30 I’algoritmo mostrato in fig. 1. 11
segnale sonoro & inserito in due bracci paralieli
dove due funzioni modellano ['escursione di
ampiezza relativaments ai canali sinistro e destro.
Il ritardo inserito tra le funmzioni di controllo
dell’ampiezza assume, in base ai valori temporali
assegnari, !1a duplice valenza di filtro passa basso
ed elaboratore di fase del segnale.

7. Suoni alla parete, suoni in guida
d’onda

Oltre al trattamento dell’energia, che ha permesso
di organizzare gli spostamenti del segnale sonoro,
per una piit efficace definizione percettiva dello
“spazio virtuale” le due opere hanno utilizzato
anche elaborazioni che possono trasformare lo
spettro del segnale in modo da rendere pid
sensibile percettivamente la collocazione e il
movimento del suono.

In particolare, 'opera di Lupene-Palandri utilizza
due sistemi di elaborazione basati su filiri digirali
le cui caratteristiche hanno permesso agli autori di
produrre suont pilt 0 meno vicini ali’ascoltatore e
suoni progressivamente direzionati da contenitor
tubiformi.

Il primo sistema di elaborazione & basato su 11
filgi Comb e simula il comportamento delle prime
riflessioni su una parete contro la quale vengono
inviati i suoni. La modifica dei parametri dei filtri
evidenzia gli spostament della sorgente lungo la
parete,

La seconda elaborazione & effettuata con il
programma “'Pipe Simulator™ (fig. 3} creato dal
CrM per 1o studio del modello fisico cilindrico.
Atraverso questo programma basato su  una
combinazione di filtri Allpass e FIR, il segnale
sonoro introdotto, subisce profonde trasformazioni
timbriche soprattutic quando le dimensioni del
cilindro e il comportamento riflettente delle pareti
assume valori estremi,
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138:



Acoustics and Psycoacoustics







Optimizing Self-Organizing Timbre Maps: The Effect of Auditory
Images and Distance Metrics

Petr1 Toiviainen

Department of Musicology, University of Jyviskyli
Jyviskyli, Finland

Abstract

The effect of using different auditory images (Al) and distance metrics (DM) on the final
configuration of a self-organized timbre map is examined by comparing distance matrices, obtained
from simulations, with & similarity rating matrix, obtained using the same set of stimuli as in the
simulations. Gradient images {GI), which are intended to represent idealizations of physiological
gradien: maps in the anditory pathway, are constructed. The optimal Al and DM, with respect to
the similarity rating data, are searched using the gradient method.

1 Introduction

There have been a number of stuedies aiming at
extracting the most salient acoustic attributes
affecting the perception of timbre (ses, e.g., Iverson
& Krumhansl, 1993}, A method widely used in
these studies is similarity rating (SR): subjects are
asked to rate, on a given scale, the sirnilarity of all
possible pairs in the set of stimuli. Mulii-
dimensional scaling (MDS) is then used to map the
tones into a low-dimensional timbre space. By
examining MDS maps it has been found that the
brightness of a tone is one of the main contributors
to the perception of timbre. Dynamic atwibutes,
mostly in the onset portion of a tone, have also
been shown to have a considerable influence on the
perception of timbre.

A timbre space can also be constructed from a set of
acoustical signals by means of connectionist
models; for this purpose, the Kohonen self-
organizing map (KSOM) (Kohonen, 1989) has been
used by a number of researchers (De Poli, Prandont,
& Tonella, 1993; Cosi, De Poli, & Lauzzana,
1994; Feiten & Giinzel, 1994; Toiviainen,
Kaipainen, & Louhivuori, in print).

There is evidence that the hnman auditory system
¢ncodes frequency transitions (Steiger & Bregman,
1981). In the cochlear nucleus, cells responsive to
onsets and offsets have been found (Pickles, 1982).
Shamma e1 al. (1992) found that the distribution of
responses encodes the locally averaged gradient of
the acoustic spectrum.

During the self-organizing process of the KSOM,
the input veclors are compared with the synaptic
vectors of the network using a DM, The prevalent
choice for DM in the KSOM simulations is the
Euclidean merric. It, however, does not necessarily
correspond to how the auditory system compares
stimuli.

The goals of the present study were (1) to examine
the effect of different Als and DMs on the final
configuration of a self-organized timbre map; and
(2) to explore whether the KSOM is able w project
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the used Als imto two dimensions while
maintaining the metrical relations between the
images. The main method was that of calculating
comrelation coefficient values between distance
matrices obtained from the simulations and a SR
matrix obtained using the same set of tones. The
overall aim was to find the Al and DM which
would yield the highest correlation with the SR
data. First, sets of Als were constructed by varying
the degree of emphasis on the onset of tones, and
combining specwral images (SI) and Gls, ie.,
images which were supposed to qualitatively
represent responses of FM- and AM-sensitive
neurons as well as neurons encoding the spectral
gradient. Second, matrices of inter-image distances
were calculated using various Minkowski metrics;
the obtained distance matrices were compared with
the SR matrix by calculating Pearson correlation
coefficients. Third, a series of KSOM simulations
was carried out with the obtained sets of Als.
Finally, matrices of response distances on the
K50M were calculated using two types of DMs;
these were then compared with the SR matrix by
means of the correlation coefficient.

2 Materials

The tone material consisted of 27 tones, produced
by additive synthesis. The synthesis algorithm was
controlled by six variable parameters: brightness,
attack time, attack asynchronity, sustain time,
decay time, and time scaling. The values of the
parameters were chosen so that they produced a wide
range of different tones,

3 SR Experiment

Nine subjects participated in the SR experiment.
All of them have at least moderate skill in some
musical instrument. During the experiment subiects
heard each possible pair of lones, presented in
random order. They were asked to rate the similarity




of each pair on a scale between zero and twelve T

this study, the SR matrix obtained by. averaglng the.'_ o i

SR matrices of each sub_]ect was used

4 Audltory Images

The timbre maps were constructed by a twe—stage o
process. First, the Als were computed using an

auditory model, Second, the obtained Als were fed

two-dimensional map.

To obtain'Als; the stimuli were preprocessed using g
the peripheral part of ‘an anditory model by Van- -

: ;The exponentxal pararieter k. deﬁnes the degree of -

emphasis on the onset; subsequently, it is referred -

‘to as the emphasis parameter. The onsebemphasrzed‘ o

': .S _E,,lsnowdeﬁned to be

Immerseel and:Martens (1992}, modified by Lemagn .=+
{(1994) for musical purposes: ‘The output of the™ .\

model is a 20-component vector, updated every 0.4
each component is supposed to represent the.. ..

ms;
probability of neural firing since the last update. -
The Minkowski distance of two real-valued vectors,

P=(§u §}and q= (T, ) lsdeﬁnedby

-l = [zle af ] 5

By varymg the value of the Mmkowskl exponent

A, a wide range of different metrics can be.

achieved. .

The S1 ef a tene, havmg a duranon T, can be'

expressed as a scalar-valued function on the subset
([0, f1%10,T] of the &equency-mne-plane R

) §: S(f:t): fE[fo-f:]v IE[O T] L (2)
Here f; and f; denote the minimum and maxjrnum
of the  frequencies- included- in  the image,

respectively; s(f.f) is “obtained ' by” ternporally':

mtegratmg the oulput of the audrtory medel
s(f0= Jp(f 3 )—e‘” .o
Here p( £ t) denotes the neural ﬁnng pmbabmty of

a neuron with a best frequency ', within' a tlme_'

interval [t— dt ST denotes the time constant.

The onset of the SI is emphasxzed by deﬁmng an
exponenhal mappmg of time (see Frg 1

t k=0
T ()= k>0
e [

and a mapping on the frequency—hme piane
o0, (/0= SO' % (t))

@

nnl'

sound signal -

sound sif

(3)_

1tnry1rnage

Frg 1 Emphasxzmg I.he onset- m “the AIs by':

means of an exponential mapping of time: ™

ad imry rmegc :

o denvanve. definedby

500 felf i e0T]. - ©

The. physiological. gradient maps are modelled by
. means of directional derivatives. For a given’
direction vector e = (ef,e ) on the frequency-time-

into a KSOM which then projected them onto a =~ .- plane, the rate of change of function o, along the

direction of e is expressed by us du-ectronal '

i @O

S 301 . a'az.:
=—= +
oy 'h gan e

T M

When e is parallel to the f-axis, the' value of the

_e VO',‘_e,

«..-corresponding directional’ derivative ‘yields the

frequency: derivative of the spectrum- at a given
point of the frequency-time plane; 7; can, thus, be
regarded to be an idealization of the physiclogical
spectral gradient map. When e is parallel to the t-
axis, y{ yields the temporal change of the image-
and can, thus, be seen.as an idealization. of
responses of AM-sensitive cochlear nucleus cells.
When e is paraliel to neither of the axes, the
correspending directional derivative can be seen to
represent the response of FM-sensitive neurons. . -
For a given e and K, the corresponchng GI I“,, \
now deﬁned tobe

I Tz(f 1), fe[fo-f;]: rE[O T]
An' lllustranon of GIs is presented in Figure 2

@

Fig.2: - An. illustration-
of a-gpectral- image: (S).:
and: its- gradient images:+
The arrows stiow the di-
rection’ vectors of the’
respective’ gradient 1m—'5'
ages e

For a set {e,.e,, ,€: } of direction vectors on the

frequency-nrne plane; ‘a: cemposrte AT ‘can’ be -
constmcted asd vector-valued functmn ‘definied by
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©: (S, 1) = (e, 0, (f 1), 0,77 (f s s, 74 (21D,
felfo. i) t€{0.T]. @

The o's are the weighting factors of the

corresponding images.

The Minkowski distance of two (vector-valued) Als,

®, and ,, is defined, analogously to Eq. (1), by

1A

[0, - @], =[[fle. 7.0~ o200 o ]
(0
where [, (f.0)— @,(f.7)], is the Minkowski

norm of vector @ (f.0)-@,(f.t), and the
integration is carried out over [f,, f;1%[0.T1.

5 Metrics on the KSOM

To obtain distance matrices from the KSOM
simulations, two different DMs were used. In the
response focus metric (RFM), the locus of response
to each input vector is defined to be the position of
the neuron whose weight vector is closest to the
input vector in question. In the centroid-of-
activation metric (CAM), the locus of response is
defined to be the centroid of the activation pattern.
The distance between two responses is then defined
as being the Euclidean distance between the loci of
response. — The distance metric between the Als
will subsequently be referred to as the ATM.

6 Results

6.1. Auditory images

To begin with, the correlation between the SR and
the Al distance matrix, denoted by corr(D,S), was
calculated using the Sls only, with parameter values
A =2 (Euclidean metric), £ =0 (no emphasizing
of onsets). This yielded the correlation value
corr(D,8) = 0.677.

Next, A and k were varied between 1< A <10 and
05k <0.48, with steps of 1 and 0.02, respec-
ively. The value of corr(D,S) as a function of 4
and k£ is presented in Figure 3. The maximum
correlation value, obtained with A =1 and
k=0.20, was corr(D,5)=0.868.

The significance of Gls in timbre perception was
studied by constructing combined Als using the SI
and the four GIs presented in figure 2 (referred to as
the f-, cl-, t, and c2-gradients, from the top
clockwise). The gradient ascent method was used to
find the combination of parameter values
p =(1k"\a;,a;,0;,05,0,) which would
yield the maximum value of corr(D,S). Since in
the calculation of Pearson correlation coefficient the
variances of the two variables are normalized,
multiplying the ¢¢'s with a constant does not alter
the correlation. Therefore, o, was fixed to value 1.
The search for the maximum was started with zero
values for the other ¢¢'s. In a series of calculations,
the initial values for A and k& were chosen from
the neighbourhood of the point 4 =1, k=0.20,
i.e., the point of maximum correlation in Figure 3.
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The maximum value achieved was
corr(D,S)=0.882; this was obtained with the
parameter values & =0.690, k=0.21,
a,=1510, @,=0.010, a,=0.262, and
o, =0.000. As a result of adding GIs and
allowing the Minkowski exponent to change
continuously, a slight increase in comelation was
thus achieved, the main contributors to this being
parameters 4 and a,.

25

i

Fig.3. The value of corr(D,S), using the SIs
only, as a function of A and k.

6.2. KSOM simulations

Using various sets of Als as input, a series of
KSOM simulations was carried out; the dimension
of the input vectors was 400 (20x20), unless
otherwise indicated. During the training procedure,
the Minkowski metric was used. In each
simulation, a 12 x 12 Kohonen network was trained
for 50000 cycles, using a constant learning rate of
0.05. In the beginning, the radius of the topological
necighbourhood was 6, and it was lincarly decreased
after every cycle so as to reach zero at the end of the
training. From the obtained timbre maps, distance
matrices were calcnlated using both the RFM and
the CAM. These matrices were then compared with
the SR data by calculating the Pearson correlation,
First, the KSOM was trained with Als which did
not include any Gls. The correlation values obtained
from simulations with two different sets of Als are
presented in Fig, 4, bars a-b. In both simulations,
the AIM correlation was the highest, followed by
the CAM and RFM correlations, in that order, That
might indicate that it is not possible to reduce
timbre to two dimensions without compromising
the metrical relationships between the input
stimuli. Second, the post-Kohonen correlation
values are high when the AIM-correlation is high,
and vice versa; this shows that the chosen
preprocessing strategy is an essential factor in this
kind of modelling. Last, the CAM correlations are
regularly higher than the respective RFM
correlations; taking into account the whole
activation patterns of the KSOM seems, thus, to




the umt thh me hlghest response

T

Flg 4. AIM, CAM and RFM corre.lauons
obtained from four simulations. (a} /'L 2, k=0,
no GIs; (b) A=1, k=0.20, no GIs; (c)SIandf-'
GI, one net; (d) SI and {-GI; three nets.

At the next stage, the KSOM was tramed w1th sets
of Als which included the ST and the f-GI of each
tone. The values of the parameters were 4 =1,

k=021, a,=1510, and @, =0,=0,= 0.
The last three GIs were ignored to reduce
computational lead. Two different network
architectures were used (see Fig. 5). First, a single
KSOM was trained with Als consisting of a_SI and
an. f-GI; . the components. of . the. latter were
mulnplled by.1.510..In the second approach, two
KSOMs were first trained, one with the STs and the
other with the f-GIs. For each input stimulus, the
coordinates of the centroids of activation on these
maps, thus forming a 4- dxmensmnal vector, were

used as mput ioa lhlrd KSOM _
(‘>0M_ S KSOM

INNAN]

3..

T
1
¥

Fig.5. Twonetwork ~ ~ B
“architectures used :
:wnh combined AIs
.(a) one KSOM:; .
(b} three KSOMS

FUSL T RGE
The CAM and REM correlanon values, obtmned:
using these combined audnory images, are presented
in Figure 4, bars c-d. Also in these simulations the
CAM and RFM' correlations’ were' lower than the
respective’ AIM corrélations. High ATM correlations
tended to imply high CAM and RFM correlations,

' yleld a ben:er meiric than paymg a:tcnuon only to'. g

and vice versa. Usmg the. onc-network archltecture o

| (Fig.5.a) yielded the highest CAM correlation
" value, 0.768; the highest RFM correfation value, . -
0.709, ‘was obtained usmg the three—network_ SR

architecmre (Pig 3. b)
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Timbre Characterization with Mel-Cepstrum:
a Multivariate Analysis
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Abstract

In this paper, 21 musical sounds are coded as a series of Mel-Frequency Cepstral Coeffi-
cients. By regarding the coefficients as dimensions, a Principal Components Analysis of the
data extracts three factors which together account for about 80% of the total variance The
interpretation of these factors contributes to a better understanding of the main variables

which shape the quality of a sound.

1 Introduction

Timbre is a multidimensional feature which de-
scribes the guality of the sound when other factors
such as pitch and loudness are kept constant. A
classical method has been employed several times
in the past to build a timbre space: similarity rat-
ings provided by a group of listeners are organized
by means of & Multidimensional Scaling analysis;
the empirical interpretation of the dimensions of
the resulting timbre space leads to insightful hy-
potheses on the major features of musical timbres.
A correlation procedure usually follows, in which
these features are tentatively paired with physi-
cal quantities underlying the sound. These stud-
ies provided a first general understanding of the
major variables which define the musical timbre
as a sound feature; on the other hand, a clear
methodology has not yet been proposed to ex-
tract some “timbral coordinates” from a given,
arbitrary sound.

More recent researches attempted to analyze
musical timbre starting directly from the acous-
tic signal. More or Jess simplified ear models are
the tools employed to extract perceptual param-
eters from the waveform. These parameters are
subsequently mapped onto a timbre space, often
exploiting the self-organizing capabilities of artifi-
cial neural networks.

‘Ihe representational capabilities of percep-
tua! gualities offered by the Mel-Frequency Cep-
stral Coefficients (MFCC) are widely employed in
speech recognition systems. In [3] we have veri-
fied that these capabilities are extremely effective
even when applied to the analysis of sound qual-
ity. Sounds which appear timbrically close to the
listener lead to representations which are topolog-
ically close in the MFCC domain. Moreover, the
overall topological organization in the coefficients’
space of the MFCC representation of sounds ap-
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pears to be in general agreement with the usual
organization of timbre spaces defined by previous
psychoacoustical researches.

In this work we try to extend these results by
applying a multivariate analysis to several proto-
typical sets of MFCC-coded musical sounds. The
interpretation of the principal components in the
resulting space is the starting point for a better
understanding of the main variables which shape
the quality of a sound.

2 Parametrization

The Mel Frequency Cepstral Coefficients (MFCC)
were first introduced by Davis e Mermelstein in
a comparative study of different speech coding
techniques [1]. In the method, filterbank analy-
sis and cepstral analysis are combined: the short-
term log-energy output of a mel-spaced filterbank
is mapped by a DCT onto the set of the MFCC co-
efficients. The filterbank is constituted by 27 par-
tially overlapping triangular filters, equally spaced
on a mel-frequency scale. The mel scale itself is
defined as

f
mel(f) = { 2595 logyo (1~ 7i5)

As opposed to the speech analysis case, the im-
portance of higher frequency components in the
perception of musical sounds leads to a version of
the filterbank which extends up to 8 KBz, The co-
efficients are computed using a 23.2 ms Hamming
window with a 4 ms time-shift.

An inverse DCT over the coefficients ¢; leads
back to the spectral envelope, C{u), which is ex-
pressed in dB and warped along the frequency axis
according to the Hz-mel mapping above. As is
usual in cepstral techniques, dropping the higher
order coefficients (lifiering) prior to computing the

F<1kHz
F>1kH:z




inverse transform leads to a smoothed version of

the spectral envelope, C(x), which is very often .
more useful in the subsequent analyses.” The first
coefficient; cg, is also dropped.. This coefficients: " =
is indeed proportional to the energy of the input,
so that, by its removal, an amplitude normalized -
representa.tlon of the signal is easﬂy accomplished. -
This is going to be extremely useful when com-
parisons between different signals are going to be

taken into account.

This cepstral analysis mvolves a cosine trans-
form, which is an orthogonal transforrn the “nat-
ural® chmce for a distance metric in the MFCC L
It can be____' N

space is thus the Euclidean distance. .
shown that the Fuclidean distance between MFCC
sets is equivalent to the distance between (possibly
smoothed) spectra in the mel-frequency domain;
this seems to be a reasonable measure of the sim-
11ar1t1es between sounds. .

Whﬂe not a. cepstral eﬁctra.ctxon in the usual :

sense the effectiveness of the MI'CC 15 mamly due
to the mel-based filter spacing and to the dyna.rmc
range compression in the log filter outputs. Both
these fea.tures mimic the physmlogrca.l processes of
the inner ear, .

3 Experimental'_results .

Several sets of different musical sounds have been

used, all of which led to similar final results. In.

this paper we will Teport the analysis of the same

set of musical sounds as used by Carol Krumhansl
in [2], where muelcaI timbre is studied by means .
of listeners’ responses. The actual sound samples

have been obtained by FM sound synthesis on a
Yamaha Tx802 synthesxzer (Tab. 3). Each of the

21 tones has the same pitch (Eb 4, freq 311. 1 Hz) :

and was sampled at 44.1 kHz

Horn . Trumpet
"Trombone Harp

‘Trumpar Obuoleste

Vibraphone Striano -

'Sampled Piano | Harpsichord
Tenor Oboe "~ * | Oboe™ "

Bassoon Clarinet
Vibrone: =+ Obochord:
-} Bowed Piano: - |: Guitar:: i | ¢
- String-+ o vio | Plane:o
__Guita.rnet_ R Bl

Ta.ble 1; Musrca.l Instruments (Yamaha Tx802
eynthesmer)

' In the present study the quasr steady~state.

portlou of the tone is taken into, account, .The
sound 51gna.1 is shced mt.o overlappmg frames

" each frame is converted to a MFCC represehta.- :

tion, namely a vector of MFCC coefficients which

“can be regarded as'a point in ‘a multidimensional = -

MFCC space: Experimental evidence shows that -
the points stemming from the analysis of a sin-
gle mstrument are tightly clustered together As
a consequence, the centroid of the cluster is cho-

" sen” as the prototypical MFCC coordinate of the
_ instrument. This does not lead to misrepresenta-

tions as the tight clusters originated by the differ-
ent instruments map into Well separated regions

. of the MFCC space.

The, advantages of this T representa.tron appear

'cIearly from the analysrs of the variance distribu-

tion of the data a]ong the drfferent steps of the
coding process. Fig. 1 displays the variance - (indi-
vidual and cumulative) of the instrumental data
as appears at the output of the filierbank; this
is almost uniformly distributed along the.entire -

spectrum, that is; along the axes of the associated -

space.. In other. words, in this frequency space
there are no predominating axes. In the MFCC
space, on the other hand, the variance is primar-
ily. distributed across the first coefficients, as ap- .
pears in fig. 2. By selecting these coefficients as
the dominant geometrical coordinates, a MFCC
subspace is obtained which adequately represents.
the data. The first seven coefficients prove to be
sufficient to this aim.
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I‘lgure 1: Percent of the total variance assomated
to the ﬁlterbank cha.rmels
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F:gure 2 Percent of the total vanance assoc1ated
to’ t.he MFCC coefﬁcxents ' '
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Figure 3: Percent of the total variance associated
to the Principal Components

to find an optimal result in the definition of a
minirnal subspace in the MFCC space which pre-
serves the relevant information in the signals. The
Principal Component Analysis (PCA) is a mul-
tivariate statistical tool whose formulation relies
on the properties of the orthogonal Linear frans-
forms. Given a p-dimensional data set, by means
of scaling and rotations the principal information
is moved onto a reduced set of variables. By care-
fully chosing the transformation matrix, the new
get of variables proves to be uncorreiated: the in-
formation pertaining to each of the variables can
thus be analyzed in an independent fashion. The
two major objectives of a PCA analysis are then
the compression of the data, and the optimal in-
terpretation of the data. These goals are achieved
if in the original data set the variance in the infor-
mation is paturally associated to a few principal
components, so that the representational loss as-
sociated with the dropping of some of the compo-
nenis : relatively small. Geometrically, the PCA
defi+ . get rotated of coordinates in the space in
which the new axes coincide with the directions of
maximum variance.

A PC analysis performed on the MFCC-coded
instrumental set reveals that the 80% of the vari-
ance is copcentrated in the first three compo-
nents 3. A three-dimensional space is thus able
to provide a “correct” topological organization
within the limits of the retained information.

Several interpretations can be carried out on
the space thus obtained. The origin represents
the average spectral envelope of all the timbres in
the data set. Fig. 4 clearly shows the typical low-
pass shape which characterizes almost all musical
mmstruments. In fig. 5, 6 and 7 the three direction
cosines related to the PCA spatial transformation
are shown. Each one represents the spectral con-
tribution of the correspondent spatial dimension
of the timbre space.

To better evaluate the global features of the
timbre organization thus obtained, it is useful to
represent the smoothed spectral envelopes at the
extremes of the axes as the sum of the average
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Frrauscy (HE)

Figure 4: QOverall average apectral shape

spectral envelope (the origin) with the eigenvalue-
weighted contributions {positive on the right side,
negative on the left one) of each of the direction
cosines. In this new representation, the distribu-
tion of the speciral energy along the axes of the
new PCA space appears more clearly (fig. 8, §
and 10).

4 Discussion and results

The analysis of the plots shown eo far leads to sev-
eral conclusions. Clearly, the first axis is related
to the spectral energy distribution, called bright-
ness. The spectral envelope associated to the first
principal component (fig. 5) shows a boosting of
the low frequencies for positive values of the co-
ordinate, whereas negative values are linked to
frequency values above 1.5 kHz. These interpre-
tations are confirmed by the spectral envelopes
shown in fig. 8. Along this dimension, bright-
sounding instruments such as the oboe, the bas-
soon, and the horn are at a maximum of the ge-
ometric distance and of the perceptual distance
from the darker-sounding instruments such as the
vibraphone, the guilar, and the piano.

The second dimension is correlated to the en-
ergy values in a broad frequency range which en-
compasses the whole band for musical sounds,
0.6+6 KHz. From the plots of fig. 6 it could be as-
sumed that the fundarmental characteristics be an
apparent spectral irregularity. Fig. 9 shows how

e Wecwor }

Figure 5: Spectral envelope (1st direction cosine)
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Figure 7: Spectral envelope (3rd direction cosine)

at one end of the axis there is an a.mbliﬁcatiou in.
the region corresponding to the knee of the spec-..
tral envelope, whereas at the other extreme there.

is a smoothing in the slope discontinuity in the
spectral envelope, which. changes into an almost

monotonic curve: At one end we have.trombone, :
horn, vibrione; at the other we have the guslar. ::
The third dimension seems to be associated to.

subtler aspects of the spectral characteristic; it is

correlated to the energy content of a narrow region.

of t_lié. sp_ectrum centered around 700 Hz. This set

of frequencies has an extremely important role in..
acoustic percept.ion, and is a commonly used pa- .-

rameter in audio equalization. A possible hypoth-

esis would be that this frequency region under- ..
lies a differentiation criterion which is similar, al--
beit finer, to the general distinction between low-: -
-At; the positive end -
we have the clarinet and at. the negative end the

and high-pass instruments. -
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5 Conclusmns

Other experunents with different sound géts ‘con~
firmed the fact that the first-two. dimensions ei- "
tracted by the PCA control the overall spectral -
shape,. the “cutoff” frequency, and the spectral -
slope; the third dimension is always related to the’
energy content. of a spectral region bounded be--:
tween 700 and 900 Hz. We are led to conclude that
this feature is a differentiating factor in the qual-
ity of musical timbre which acts in an independent
fashion from the quality called brightness.: - '

References .

f1] Da.vw SB, and Mermelstem, P Cam-.
: parison of Parametnc Represeniaimns for .
_Monosyl!ab:c Word recognition in Continu-

“ously Spoken Sentences IEDE Trans ASSP,
., vol. 28(4), pp. 367-366, 1980. . .. .. - .
[2]-:Kmmhahsl C.L. Wky is :ﬁms.:'c'dl timbre 50
. hard 10-undersiand?; in 8. Nielzen, O. Ols-

: son(ed:); Structure and perception of elec- =~

-'troacoustu: gound " and’ muslc, Elsewer, p.:'__" i
43 53, 1989 e

[3} 'Com P G De Poh P Prandom, T:m- .
. :bre chamctenzatwrx thh Me!~Cepstmm and. ..
e neuml nets, Proc 1994 ICMC pp. 42-45...



A Numerical Investigation of the Representation of Room
Transfer Functions for Artificial Reverberation.

Davide Rocchesso
Centro di Sonologiza Computazionale
Dipartimento di Elettronica & Informatica
Universitd degl Studi di Padova
Email: roc@csc.unipd.it

William Putnam
Center for Computer Research
in Music and Acoustics
Stanford University
Email: putnam®@ccrma.stanford.edu

Abstract

In this paper we try to establish the system order for the correct representation of a set of
room transfer functions (RTF), in order to partition memory between the commor recursive
part and the non-recursive part specialized for each RTF. To this end, we apply a few
system theory concepts on a set of simulated rectangular rooms, whose impulse responses
were generated using the image method [1]. A further validation of our results is provided

by an analysis of the frequency density of a comb-filter modeling of the recursive part.

1 Introduction

Several models have been proposed in the literat-
ure for the representation of room transfer func-
tions. FIR filters have been used for echo can-
cellation, especially using adaptive filtering tech-
niques [2].

Recursive filters are often used for artificial re-
verberation. These usually take the form of comb
and allpass filters, and are often cascaded with
tapped delay lines [9, 6, 4, 8].

More recently, it has been proposed to model
the RTFs of a given room by a set of common
poles, provided by an IIR filter, and an FIR part
which varies according to source and receiver po-
sitions within the room [3]. A similar approach
is taken in [8] for building artificial reverberators,
where the recursive part is implemented by means
of a feedback delay network (FDN), and the FIR
part is a tapped delay line. In this latter model,
the FIR part can be associated with the early re-
flections of the room, while the IIR part can be
interpreted as a representation of normal modes
and diffusion. This physical correspondence al-
lows one to control the filter parameters in a nat-

concepts on a set of simulations we have conduc-
ted using the image method [1]. Since the image
method can be shown to converge to a correct rep-
resentation of normal modes [1], we believe that
it constitutes a useful tool for studying the room
response, even in the steady state. This is an ap-
proach which guarantees a large and controllable
dynamic range. This allows for a straightforward
and repeatable construction of reference rooms, as
opposed to actual measurements in actual rooms.
In another project, we used the same set of sim-
ulations for determining numerical conditions for
invertibility of RTFs [7].

2 Methodology

In this section we briefly introduce the system the-
ory background which is needed for our investig-
ation. A thorough treatment of this material can
be fourd in [5].

The Hankel matrix of & single-input-single-
output system can be constructed from m samples
of a simulated impulse response &(-):

m
ural way, and physical consistency is antomatically i((}) h(1) h(:%“ —1)
achieved. _ (1) h(2) h(?)
An open question that we address in this pa- S : :
per is that of the memory requirements necessary h(Z —1) A(Z) h{m — 1)

for the correct representation of a set of RTFs of a
room. Furthermore, we address the issue of parti-
tioning this memory between the common recurs-
ive part and the non-recursive part, which is spe-
cialized for each RTF.

In our investigation, we apply system theoretic
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(1

Given a linear system in its matrix representation

|

(2)

A B
C D




H, is the product of the Observabilitjr and Reach-

ability matrices, [5].

Thus, a singular value de— S
composition’ (SVD) of H gnres information about

the dimensionality of a minimal realization of T,/

which is equivalent to its reachable and observable
part, i.e., it gives the memory. requirement of the
system. In particular, the matnx S of the singular
values has’ aform FE R

e | .G_' o e .-
0. sy 00
S=|: : (3)
0 5, 0 i
_o-.. 0. _0. : -n-_

able part, i.e. of the minimal realization.
In practice, using measured or sunulated im-

pulse responses, the singular values s; will never .

go exactly to zero, corresponding to the fact that
an infinite state space would be necessary to rep-
resent three-dimensional wave propagation in dis-
crete time. Nevertheless, we can plot the singular
values on a log scale (see fig. 1) a.nd consider n
to be the abscissa corresponding to a reduction of,
say, 60dB in the smgula.r values.

3 The Experlment

‘In ﬁgure :1' wé have deplcted the smgular values
‘of a'simulated impulse response for a room with
“edges 8m x 10m x6m, with a sample rate of 1K Hz.
A line has been drawn to interpolate the data from
the sample 20 to 480. We cut the spike in very-
low frequency, since we believe it is due to the fact
that the simulated impulse response has a strong
DC component. We see that the singular values
go down with a slope of about 0.26dB/semple,
thus indicating that about 231 memory cells are
peeded to represent, the RTF with an “accuracy of
GOdB” aud 369 memory cells are needed for 96dB
of a,ccuracy
. It has to be noticed that, throughout our dlS—
cussu:m the. accuracy of representation is meas-
ured directly: in the space of singular values of the
impulse response to be modeled, rather than ac-
tually’ modeling the room and measuring a signal-

to-noise ratio. For instance, on the basua of the:

example of fig. 1, we can say that, in principle,
there exists a discret_e—time linear systern having
369 state variables, which can reproduce the im-
pulse response h(-) within the 16 bits of accuracy.

sihguiarvalves 11n—1 Gt

g F]gure 1: Singular va]ues for 1 mput and 1 output

“Now’ let’s consider more than one impulse re-
sponse simultaneously, namely a system with r= -
iniputs and one output. The product of the con-
trollability and rea.cha.blhty matrices now takes the

where nis the order of the reachable and observ-'- _.form Df a blOCk Haﬂkﬁl ma.tnx

'mpllt a.nd one °Utput e

T
Hpy = :3(- )():(2)
B(Z-1) B(Z) ... hm-1)
(4)
where any k{-) is a 1 X r vector. We can still

perform a SVD on this matrix and compute the
memory requirements for a correct simultaneous
representation of the different RTFs.

. When a second input is added. to the prevxous
one—mput-one—output unpulse response, we notice
that the slope of the singular values reduces. to
about 0.2dB/sample (fig. 1), thus indicating that
about 300 memory cells. are needed to represent

_the RT¥Fs with an “accuracy of 60dB8”, and about

480 memory cells are needed for 96d B of accuracy.

sngilarvalves 20 - 100
r

"bc“_ e VOO

_.Figure 2 S.ingu.la.r vaIues for 2 iﬂputs an d'.i':oﬁt p ut

Gwen an a.ccura.cy of GOdB we have for one '

Ml _ 231 o (5) |

and, for two mputs and one output o
' My = 300 - (6)
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Let us assume that there is a common recursive
part M,.. Let’s also assume that the non-recursive
parts are totally independent for different inputs
or outputs. This meaps that, if in the one-input-
one-output case we have a non-recursive memory
requirement My, in the two-input-one-output case
the non-recursive memory requirement has to be
2M;.

We come up with the equations

M, = My + M, = 231

My = 9M; + M, = 300 (M

The system (7) can be solved and it provides
M; =69

M, =162 (8)

In other words, in a single RTTF representation,
about 70% of the memory should be put on the
recursive part.

This simple memory allocation has been done
on the basis of 2 somewhat arbitrary assumption.
The same assumption has been taken in the past
with no formal justification. We now try to justify
the presence of’'a commen IIR part and of inde-
pendent FIR sections by considering a third RTF.
‘When taking an additional input and computing
the SVD on the respective Hankel matrix, we get
a slope of 0.17dB/sample in the singular values
(fig. 3), thus indicating that about 352 memory
cells are needed to represent the RTFs with an
“accuracy of 60dB”, and about 564 memory cells
are needed for 96dB of accuracy.

singuler valyes: 3in - 1 Qut

3

T T

Figure 3: Singular values for 3 inputs and 1 output

If our model is correct, the system

My = My + M, =231 @)
M; = 3M; + M, = 352

shouldn’t give a solution very different from (8).
In fact, we get

M; =61

M, = 170 (10)

so that about 73% of the memory should be put on
the recursive part. This is different from the pre-
vious 70%, but the difference is compatible with
the tolerance of the line fitting and with the some-
how arbitrary choice of the lower and higher cutoff
frequencies for the linear interpolation.

QOur calculations are very sensitive to the ac-
tual placement of sources and receiver. In par-
ticular, symmetric positions should be avoided,
since they break the assumption of independent
non-recursive transfer functions.

4 Physical considerations

The experimental evidence fits well with the
memory splitting as determined by strictly phys-
ical considerations of the model [8].

In the cited model, the digital representation
of the recursive part of a RTF is essentially a su-
perimposition of recursive comb filters. If g is the
attenuation coeflicient in the feedback loop of a
comb filter, then the approximate bandwidth of one
of the resonances is

(1 ___g]./n) Fs

Af=
f 2r

(11)
where F, is the sampling rate. The coefficient g
is related with the reflectivity of the walls. Each
comb filter in the model is associated with a har-
monic series of normal modes, and with a direc-
tion in space. Progressively shorter delay lines are
used for representing higher order modes so that,
asuming that the reflectivity is kept constant, the
bandwidth (11) also increases.

The richness of the model increases as long
as an increasing number of directions in space
is considered. It is easy to compute the number
of memory cells needed for the case at hand, for
an increasing number of space directions (fig. 4).
It makes sense to stop the increase in the pum-
ber of directions when the bandwith of a reson-
ance exceeds the mean disiance among two ad-
jacent resonances, It is well known that in an
actual three-dimensional enclosure, this distance
decreases quadratically with frequency in a rect-
angular environment, hence at some point it will
be less than Af. From a simulation perspeciive,
it makes sense to try to reproduce the resonances
which are clearly separable, thus limiting the num-
ber of comb filters to be used. As stated in [8], this
corresponds to finding a limit to the number of dir-
ections in space where we are considering plane-
wave propagation.

If we approximate our room by sampling 8 dir-
ections in space, we find that the mean number of
resonances per Hz {i.e. the frequency density) is
about

fa=10.27 (12)




Flgure 4: Memury requirement for an 1ncreasmg
numnber of: sa.mpled dlrectmns :

o The i resona.nce bandw1dth in low frequency rauges
from 1.8Hz to 4.3Hz. These va.lues are very close
t.o the reclproca.l of the frequency density (i.e. the
mea.u peak-to-peak d]sta.nce) which is 3.7Hz. .
.The concIuslon ‘we can draw from these spect-
lations is that 8 is a ‘good choice for the number of
sample directions, and that it is not worth going
much higher, since the resonance peaks would not
be resolvable. Now, from fig. 4 we can deduce the
mermory occupation of these 8 comb filters, _which

is 270" memory. cells.. Somewhat surprisingly, this

number is close to the memory reqmrement for the

recursive part, as computed by means of the sin-

gula.r va.iue decompomtlon of the Hankel matnx
5 Conclusmn

We have outlined two criteria for estimating the
memory requirements for a’ discrete-time model-
ing of room transfer functions: The first method
is'based on the singular ‘value decomposition of
Hanke! and block Hankel  matrices, - while the

second method relies on the discrimination of res-
onance - peaks: in the frequency’ domain. - Even

though these two criteria do not show an evident
relationship; we found that they provide similar ez~

timates in a practical case. This'result is a clear
evidence: of the: fact that any RTF can be split in

an: FIR part and-an ITR part, and. that: this latter
"part is mdependent on the source or receiver po--
sition, being given by the common résonances of
the room - While this split of RTFs was assurmed

in-previous works; this investigation shows that it
is justified by numerical results’and: it’ indicates a

couple of ways of setting the system dimensions;
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Abstract

Current composing technelogy, by using a mouse pointer to select notation items on a palette, does not allow a
fast and efficient input on the screen. Differently, Pen-based computers can recognize hand written musical score
and position the notation items on the staves according to algebraic rules just after each single stroke (a stroke is
a xy coordinate array, equally spaced in time, from the last pen-down to the last pen-up). Furthermore, the
editing process of already written scores is greatly enhanced by the pen-screen interaction. Apple Newton has
been used as a starting platform for this project. Despite of the reduced screen area, the high pixel resolution (320
x 240) and the associated RISC processor allow a rather natural handwriting and a fast recognition (future
versions will include wider screens). The recognition algorithm and all the managing software has been
programmed by using the object-oriented language for Newton named Newton ToolKit,

1.

I sisterni per 'edizione elettronica di testi musicali
sono generalmente basati sulla selezions mediante
mouse di simboli precostituiti e organizzati in fon
efo di primitive grafiche per il disegno di simbotli di
forma e dimensione variabile (legature, barrette,
forcelle, parentesi, etc.).

La scrittura mediante penna consente
potenzialmente tanto una maggiore flessibilitd nel
repertorio di simboli quanto un'introduzione pif
efficiente e intuitiva. I pen-computer & lo
strumentc che pud consentire di trasferire la
scrittura tradizionale a mano su computer.

Caratteristiche generali

La tecnologia software necessaria & in parte affine a
quella dei sistemi per la lettura automatica di
partiture (OMR) [Selfridge-Field, 1994]. Si diffe-
renzia principalmente poiché in guesto caso si tratta
di riconoscere il movimento dei punti (la traccia
della penna) con relativi parametri (pressione, tipo
di pennino, velocit, etc.) piuttosto che i punti della
bitmap di una partitura digitalizzata.

In questo ambito si collocano alcuni progetti di
ricerca, come quello in corso presso 'universitd di

X1 Colleguio di Informatica Musicale - Bologna 1993
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Berkeley [Garrett, 1994] e naturalmente anche il
presente progetto.

Newion MusicKit & infatti stato concepilo come
una applicazione di utilitd per il compositore che
vuole scrivere mediante penna la sua partitura
direttamente sullo schermo del computer. Sia perché
il progetto & nella sua prima fase di attnazione, che
per motivi di potenza di calcolo insufficiente del
modello di pen-computer attualmente disponibile, il
prototipe da noi realizzato costituisce wn primo
passo nella realizzazione della tecnologia software
necessaria per la scrittura musicale al computer
mediante penna. | limiti del prototipo attuale sono
quindi da intendere come 'espressione dei vincoli
qui citati.

Funzionalitd e modalita
operative dell'applicazione

2.

L’inserimento degli oggetti & determinato dal
movimento della penna sullo schermo di Newton.
In particolare 1'algoritmo di riconoscimento &
attivaio quando la penna & sollevata dalio schermo.
Durante 1'inserimento di un simbolo & quindi




necessario non distaccare la penna dallo schermo a0

pressione di Newton fino a che non sia stata =

ultimata la scriftora del ¢imbolo in questione, Da
un’inchiesta, precedente il lavoro, effettuata su .
musicisti compositori di professione, 'imposizione.

non & parsa di eccessivo rilievo, ed alcuni di loro " -
utilizzano questa tecnica per scrivére velocemente. -

Nel manuale d'utilizzo verranno dati consigli su

come tracciare i simboli pill complessi, come 11 B

diesis ed il bequadro, nel modo sopracc:t.am_ f

Per il riconoscimento di alcuni oggetu é necessano ;

tracciare solo una parte di essi affinché questi
vengang riconosciuti correttamente, . Questa

convenzione & utilizzata per la maggior parte dei

tratti che dovranno essere riconosciuti come HD[.G

Fig. 1 - Tracciato di un sunboIo
nconoscmto come quano

Le note con la testa piena compaionio sempre con il

gambo, rivolto verso il basso o verso 1'alto a
seconda dell’aliezza in cui-sono -posizionati nel

pentagramma. Per individuare una nota con queste
caratteristiche & sufficiente tracciare una piccola

spirale all'altezza desiderata sul pentagramma che

compare sulle schermo di Newton,

La stessa convenzione & stata unhzzam per le note
con la testa vuota. In questo caso si potrebbe
verificare un equivoco tra la nota con valore di un
intero che non richiede nessuna gamba verticale ¢ la
nota con valore di una meta, Il problema & stato

risolto riconoscendo la nota di un intero solamente_ ..

se all'interno della battuta. non. compaiono altri

simboli ¢ se i tracciato & posto VErso 11 centro della -

battuta

Queslo g siato posmbﬂc perche 1a durata massima dl_ _

una batmta non pud superare il valore di un intero.

Per ragioni di dimensioni dello schermo del
dispositivo su cui si & lavorato, si 2 Ilmltato_.
Iintervallo dei lempl ‘che posSsSOno. assumere i valon: N

ral ottavo e la nota ch un mtﬂro, B

Le note di:un otiavo vengono ottenute dopo il

' riconoscimento della nota di un quarto racciando Ia .

curva che le caratterizza (0 pilt semphcemente con
un Tap) a fianco della stanghetta. Nel caso ci siano
pill note di un ottavo successive queste verranno
legate automaticamente da una sbarra orizzontale -

i' che segue’ l'andamento dei simboli. La direzione

della stanghetia dell'ultima nota inserita, verso il
basso o verso l'alto, viene assegnata

' 3_au£omatit:ameﬁte"a' seconda delle note che la
- precedono. T gruppl sono forman al massimo da
~ qhatro note.

. Per ottcnere_.'un_accbrdo, possibile solamente con

_note dello stesso valore, si utilizzano Ie tecniche
_sopraccitate posizionando il tracciato sopra o sotto
"la nota riconosciuta. L'unica imposizione & quella di-

scrivere la nota che dovra comporre 1'accordo dalla
parte opposta alia stanghetta della nota esistente. In

. caso di diversa necessitd & comunque possibile

‘ruotare la nota per variare la posizione della

. stanghetta. _

~E' possﬁnle aumentare Ia durata della nota con 11' :
. punto.che dev'essere tracciato come una spirale di
-+ dimensione minore rispetto a quelle delle niote, nelle -

vzcmanze che seguono la nota nconoscmla

Altri sxmboh come le altcrazmm ele pause devono

invece essere tracciati nella loro completezza.

Fig. 2 - Gruppo. di quattro hb!ﬁdl unottavo, -

s

‘Fig. 3~ Alterazione.

Le alterazioni devono essere tracciate dopo che la
nota a cui sono riferite & stata riconosciuta nelle
vicinanze che 1a precedono. Dopo essere’ stata
riconosciuta I'alterazione verrd pomzmna{a':_
automaticamente a fianco della: nota e: fara™
logicamenie parte integrante di essa. 1 tipi di
alterazione possibili sono il bequadro il diesised it ..
bemolle. . . e e .

Per- evitare’ I uullzzo dl menu ‘per effettuare'_ o
operazioni pamco]an come la cancellaz:one. ola’
selezione di uno’ o pill simboli, si sono introdotte
delle convenzioni che consistono nell’utilizzo di
alcuni’ tracciati’ predefmm
cancellazione diun quastes: oggetto che compare
sul pentagramma & necessario tracciare su di esso. ..
una X, mentre per sélezionare uno o piit sxmboh & .
necessano lraccmre un cerchlo mtorno ad essi.. :

Sono state utilizzaté voci di ment che nguardano la*

gestione dei file e la‘modifica di alcuni paramerri di =

funzionamento della macchina, come lo spessore del: -
tratto, laddove & necessano uuhzzare chxamate d1
s:stema ' -

156

Per effettuare la . .




Inolme per agevolare I'utente e velocizzare il lavoro
si & costruita una finestra di strumenti di lavoro
dalla quale, selezionando una delle azioni indicate
(che sono accuratamente descritte nel manuale
d'utilizzo}, si possono variare o modificare i
parametri, di uno o pili simboli selezionati, come la
durata o l'aliezza, o eseguire operazioni come la
cancellazione di un gruppo di oggetti o il "Play"
della selezione,

Per quanto riguarda il “Play” della selezione la
qualith ottenuta & quella dello speaker di Newton e
quindi di bassa qualitd, ma utile per verificare la
correttezza dei dati musicali inserili. La possibilith
di emissione di suono & fornita anche all'interno del
menit "Option”; selezionando "Sound On" &
possibile ascoltare il suone relativo all'altezza della

nota riconosciota.

ez f gols commmm

o2 | /2 |=3/2
T3 ()
>IALE

Fig. 4 - Finestra tool a
disposizione nel programma.

qp

LY ‘;;,ﬁ,__e;@i&k:»
S

N
(

Fig. 5 - Schema di posizionamento
delle note nel pentagramma
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3. Posizionamento e gestione

delle note

Considerando tanto elementi di teoria musicale che
le caratteristiche del software esistente per l'editing
di partiture, il posizionamento dei simboli sul
pentagramma avviene secondo lo schema indicato in
figura.

Ogni simbolo occupa una posizione ben precisa, a
seconda del tempo selezionato, ed & distanziato dagli
aliri simboli di una quantita di spazio proporzionale
alia durata del simbolo che lo precede.

Durante I’inserimento dei simboli vengono
effettuati controlli per verificare che non si ecceda
il valore possibile all’interno della battuta. In caso
si verificasse un errore di questo tipo, I'operazione
di riconoscimento & annullata,

In corrispondenza di un pallino pieno tracciato in
ultima posizione in una battuta dove manca solo un
ottavo per essere completa, viene assegnato
automaticamente questo valore e corrispondente
figurazione alla nota riconosciuta,

Interessanti sono le funzioni di editing messe a
disposizione dal programma sul set di simboli
riconosciuti.

Innanzi tutto & da segnalare la possibilith di
effettnare lo scroll dei pentagrammi quando quelli
rappresentati sullo schermo di Newton all'atto
dell'avvio del software MusicKit sano completi.
Questa operazione & effettnabile utilizzando e frecce
poste sul display standard di Newton. E' inolae
possibile, utilizzando il comando "Go To" nel
meni "Option”, raggiungere direttamente una
battuta specificata evitando lo scroll delle batiute
intermedie.

La modificazione dei parametri di un simbolo
riconosciuto si pud ottenere in alcuni casi agendo
direttamente sull'oggetto in questione, oppure
facendo riferimento alla finestra di tool
precedentemente descritia,

Per quanto riguarda le note & possibile modificarne
il nome andando a variare la posizione verticale nel
pentagramma. Per effettuare questa operazione &
necessario puntare la testa della nota con la penna
per poi trascinarla in verticale sul pentagramma.
L'operazione & possibile solo all'interno del
pentagramma relativo ad una chiave mausicale. E'
possibile variare I'altezza di una o pid note di un
semitono utilizzando e frecce verso l'alto o verso il
basso messe a disposizione nella finestra dei tool.

Sono possibili operazioni su parametri ritmici,
come la possibilitd di raddoppiare o dimezzare la
durata di una nota. Questo tipo di operazione &
effettnabile dalla finestra dei 100l ed  applicabile ad
un singolo oggetto. E' da notare che ogni volta che
si compie una medifica ritmica della battuta, anche
a seguito della cancellazione di uno o pil oggett, si
verificherd un riordinamento della stessa con la




rigenerazione di tutti i simboli. Quindi:la battuta 7

risulterd sempre ordinata secondo lo schema -

precedema

" E'infine’ poss:b:le I'msenmento di lif: oggetto in

una: posizione diversa’ da: quella: finate.. Anchié-in
questo: caso il simbolo verrd: ‘collocato - nella™:
posizione cormretta con il consegnente riordinamento
Questa operazione risulia .
difficile ‘da effettuare tra’ note con'fa’ durata dx un

degli altri simboli.

ottavo pe,r qucshom d1 spazm

Nelle funzmm d1 edmng

}egature olu'e ad accenu e s:m‘oolo d1 mtava.

J
Y
Z

- Fig. 6- Accenti e simbolo di ottava..

Per i simboli di accento e ottava & necessario

utilizzare: la finestra dei tool a disposizione del::.
programma: Queslo tipo di operazione & apphcabﬂe v

anche ad una se!ezxone mul upla dx s:mboh

Le legamre mvece ‘vanno tracciate dzrettameme B
sopra le note interessate cercando di tenere come : .
punti di riferimento di panenza edi fme del trallo i

centri delie note stesse.

)i lavoro pub mfme essere salvato all‘mtemo d1 - .
file e recuperato successivamente per essere.
completato o rivisto. 1 files memorizzati possono ...
anche essere eliminati da programma utxhzzando la

voce "Remove” dal meni ﬁle

Dufante ie operanom che nchledono un certo
tempo, come. la. rigenerazione. di. una battuta_._:
complessa o il salvataggio e recupero di un file,.. -
compare 0 1a figura di un cronometro nel CEntro-

dello schermo che indica l'attesa, oppure.. una_;- :
finestra con la descrizione dell operazmne in corso, . . .

4, Consnderazmm fmall _

| pnmo prolonpo d1 Newmn Musch;l mcoraggxa-’-’- o
ad *ipotizzare: sv1Iupp1 futurive: potenz:ahj
applicazioni di* questo’ mezzo' di- composizione -
musicale. Le: limitazioni~oggi imposte’da’ uno
schermo: verticale: di’ piccole dimensioni; ossia= 2 :
battute: per pagina‘ e 'la- massima’ risoluzione * -
temporale confinata all'ottavo; saranno superate con

da segnalare la-:'-
possibilita di aggxungere segni dinamici qual_1

" Tarrivo di nuovi modelli di: Apple Messége?ad.‘ Las

version¢ : finale; - inoltre; potra . utilizzare:: la =
comunicazione: seriale. o' all'infrarosso..per::
trasmettere, con- protocollo; LocalTalk; gruppi dit;

battute in formato Standard MIDI File (o General -

MIDI}. a- un: desktop compute.r' per. il: successivo.
inserimento in: spa:mx plu complesm o per gsserg
esegmle LT EEOTE

Quando i dlSpOSlllVl . di’ pen-computing
includeranno un’ acqmsnore/produttore sonoro di
adeguata qualita, sara ‘possibile non solo eseguire la*
partitura’in"situ(accordi compresi),’ ma anche '

. progettare un modulo d1 nconoscunento della nota'

da un mput acusuco

Lattuale stato d1 avanzamento nello svﬂuppo d1
MusicKit preclude un uso professionalea:breve
termine, 2 meno che il compositore lo impieghi -
come block notes portatile per-idee musicali.
L'applicazione pill immediata tiguarda invece la

. didattica musicale. L'intuitivith deil‘intcrfaccia. U

.....

poter stampare ed eseguire semphm sequenze
monodiche consente allo studente di’ verificare in
tempo reale il risultato di cambiament d'aliezza e di
durata delle note. Inoltre, sfruftando le capacita di
interconnessione offerte dali’hardware (Apple
MessagePad pud essere connesso in rete LocalTalk
con computer ed altri MessagePad) si pud realizzare
un'aula per I'educazione musicale dove l'insegnante
si colleghi con ogni studente per verificare e
supportare l'apprendnnento .

La stessa struttura software opportunamente
modificata, potrebbe servire a creare una raccolta di
esercizi basati sul meccanismo guiz/gicco volta a

.. sviluppare I'attitudine musicale. Anche in questo -

esempio l'inserimento delle risposte tramite penna

- digitale (insieme al feedback acustico in {empo :
: rea]e) tendono lesercuazwne pit mtumva. SRR

' ngrazmmenn '

' Si ringraziano 1.T. Software s.r.l. di Milano per il * -

supporto tecnico-logistico, ed Apple Computer
Italid SpA per aver messo a disposizione un pen--

. computer Newton (MessagePad 110), un computﬁr
Macmlosh 840 AV ed 11 software dx sv11uppo

] leerlmentl blbhograf‘ cn

{Selfndgc-Fleld 1994] E SeIfndge~F:eld "Opﬂcal -Z' 3

' Recognition of Musical Notation: a Survey of =
" Current Work", in Computing in Muszcology wsi
t Vol 9, CCARH Slanford Umvcrsuy. 1994 pp =
' 109 145 :

[Garrett, 1994] G E Garrett: "'I’he. Acumy of
CNMAT at Berkeley" ‘Computer Generated Music
Newsletter - Vol. 2, N, 2, TEEE Computer Society
Press, Washington, 1994, pp. 5-8.

158



A Gesture Interface
Controlled by the Vocal Tract
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Abstract

The interaction between musicians and electronic instruments, by now, is not deep like with
traditional acoustic instruments. We can recovery from this situation increasing the amount
of information the musicians gives to the synthesis algorithm. In our work we realize a new
gesture interface which can be used while playing a typical MIDI instrument: a keyboard or a
guitar. Control is obtained with postures of the vocal tract, so the user have only to change
the shape of his mouth. With two wave guides the interface puts and picks up a signal in the
vocal tract, waveguides are very little troublesome for the musician: they reach the mouth just
like a clarinet mouthpiece. Analysing the signal a software routine estimates the oral cavity
filter parameters and extracts the needed information about the posture musician is assuming.
We use the Linear Prediction Method to make that analysis. Then, using the Main
Component Method, we map the user's vocal tract postures in three-four dimensional
orthogonal space; this method needs a short training in which the musician assumes all the
postures he/she can or he/she wants to use for controlling, The array describing the position
of a particular posture in this space it's used for the control. It can be used to modify in real
time, the interface gives a new output every 0.1 seconds, a synthesis algorithm or musical
effects. It's also possibly use the interface in other field, for example a mouse for disabled, an

help in logopedia or in phonetics.

1 Introduction

It's a common opinion that playing an electronic
music instrument gives artistic results not
comparable with those obtained with acoustic
instruments.

We think that this gap is pot due to a less
potentiality of the new instruments but to the Jower
control the musician has on them: there is still a
low interaction between musicians and electronic
instruments and so there is a low amount of
information the wmusician can give to the sound
synthesis algorithm.

To recovery from this sitnation, we propose a new
gesture interface. We want this new interface to
have some peculiar features. First of all that it
could be used while playing a common MIDI
instrument (a keyboard or a guitar), so it should
not collide with movements and postures necessary
to play. Another important feature is the control
dimensionality, which has to be at least 2;
otherwise all the work will be upnecessary because
there are many one-dimension controllers. Then it
should be also fast in response, easy to use and, if
possible, cheap to build.

X1 Colloguio di Informatica Musicale - Bologna 1995
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2 The EK Controller

The gesture interface we projected is controlied by
musician’s mouth: particularly with postures of the
vacal tract. We cheose the mouth because, to play
normally, the musician has to be free hand, and
also because in general we have a greater control
on our mouth shapes than other body parts like feet
or neck and so on. We are interested in postures
and not in movements because we think that, from
one side, controlling will be easier and, on the
other, the musical interpretation is more related
with positions than with speed and direction (note
that the wmusician is already playing with
movements, on which speed and direction depends
volume and pitch).

The musician also does not have to make
something distracting like speaking, making
sounds or simply blowing like with the breath
controller: he/she has only to change the inside
geometry of his vocal tract.

From an aesthetical point of view the controller
remembers the kazoo: so we called it EK
Controller (Electronic Kazoo).



White Noise

IN Waveguids  F——

: OUT Wavegulde

_“‘9 Linear Prediction Alg. Main Componants Alg, _ ™ Control Array

The EK Conuroller ModeL. -

3 Man-machme Interface

As we _;ust say, we- are’ mterested on’ vocal tract:' L

postures. These are estimated considering the vocal

_ an_all-pole: filter.  Estimating filter “parameters “
means to have the necessary mfommtnoo on the_' '

shape of musician's mouth. -

To evaluate: these parameters we need to analyse
how a known signal is modified by the filter. To
make this we use two waveguides; they are enough

small to be very little: troubling for the user: they

reach the mouth like,; for example; a clarinet reed.

The first waveguide, which on its outside end has a

loudspeaker,. put a signal inside the mouth; the
second one picks:up the ﬁ]tered sngnal and records '

it with a microphone.. -

At the moment the swnal is a whate noise, -
generated by & software routine, sampled at 22

KHz. But we tried also with other kind of signals:
square and triangle wave, ramps and pulse train.

We found that best results in terms of control are.
obtained, apart from the white noise, with the -
pulse train; this is interesting because in this way
it's possible to use a very simple hardware signal
generator instead of the software routme, rehevmg :

computer work,

The: signal: recorded by the microphoné is “then

sampled with an AD converter at a sampling rate

of 8 KHz (the - standard- rate - for “speech-like ~

signals). We are forced t6 choose this rate, and also

the one for the noise; by the characteristic of the
computer we used. I fact we develop the interface
on a-NeXT computer; which" has; boilt-in, a
microphonic input sampler” at’ 8 KHz and’ two'__ -

audlo outputs at 22 KHz and 44 KHz

4 Detectmg Mouth Shape

Once we have the sampled sngnal we have o
analyse: it. There are-many’ algorithms’ developed -
for sound, and especially speech;”analysis.” We +
imposed.: the following ~characteristics:  stability,
good results “with low samphng rale and few3

samples, real time working. -

" 'Weé choose the well-known Linear Prediction

Method (LPC) developed by Markel and Gray

' (Markel et al., 1976). We use a model simpler than
LPC; in fact only vocal tract characteristics are

: _ idering the voc involved, and so we do not need. to consider lips
tract like a filter; in particular it can be considered -~ =

“~“and glottis. This leads to a model which is nearer
" “tothe ideal condition of an all-pole filter than ..

" LPC. This choice explains also why we use a white
" noise signal to excite the system, in LPC model the
" vocal cords signal is approximated with a noise;

but a good approximation of that signal is also the
pulse train, and this explmus the results we
explained before.

The LPC method can ealculate two sets of filter
parameters: the polynomial coefficients of the

" transfér function and the reflection coefficients.
' We use the second set; it gives the reflection

‘coefficients of the vocal tract thought like a

resonance tube, and it's an array which values goes
from -1 to +1. It's possible to choose the array
dimension in a small range of values that are
related to the sampling rate: we decided to start
with a dimeasion of 12; we tried also with bigger.
dimensions but results were similar

5 Obtammg Effectlve Control
For having a real, effecnve control we can t use the .

reflection coefficients. In fact there is a.deep..
correlatxon among the elements of that. array, for._
of the first one And xts hard to mmgme how Ao
man_ succeed in’ movmg the mouth in. 12
incorrelated directions. .
So we need to extract the real mformataon that the
reflection coefficients artay is carrying. . L
The problem can be subdivided as follows. - .
8) . What's "the effecuve dimensmn of the

mfonnat:on camed from an array.. of correlated e

elements? _
b) Is it poss:ble havmg in mput an amly of -
correlated elemenis, obtaining asecond array, with.. . :

a smaller dimension, and. with lndependent g

elements Wthh cames Lhe same mformzmon of ..
the ﬁrst one’? """ - :
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Finding the solution of this two points means
obtaining a map of the vocal tract postures; and so
we can use this map to have a control array the

elements of which can be used to modify some _

parameters of a sound synthesis algorithm

We find the solution looking how were treated
similar problems. In particular this kind of
dimensionality problems are found in statistics. In
that case the tag is how to describe a population
who has some measurable characteristics with the
minimum amount of data.

Usually they start with a number of sampling of
the population, then they study the cross-
- correlation among elements trying to find what are
the most important combinations.

Similarities with our problems are evident so we
tried with an algorithm used in statistics, the Main
Component Method (Johnston, 1987): after
evaluating the dimension of the information
carried by the sampled arrays, it calculates a
matrix. This is the projection matrix from the high
dimension space of correlated elements to the
smaller one with independent ones.

To woik correctly this algorithm needs, as we said,
a pumber of sampling of the population. So we
provide for a short training period: the user has to
assume all the postures he/she can (or he/she wants
. to use for the control), and these are used to
evaluate the control dimensionality and the
transform matrix.,

After this, all we have to do is to premoltiplicate
the matrix with the reflection coefficients array,
and we obtain our control array.

This training is useful also because it permits that
each new user customises the interface, so to reach
all the combinations of the control array.

6 Results.

We built a prototype of the gesture interface and
we started to analyse the outputs.

Firstly we wanted to known if the system worked
correctly, So we directed the reflection coefficients
array to the computer screen, just to see if to a
particular posture always corresponds the same
output configuration. This was verified, apart from
a small oscillation of the values around an average
value, This oscillations may be explained
considering ~ small erors  in  numeric
approximation, and involuntary micro movements
of the mouth.

A simple way to avoid this is to make a weighted
average with the cumrent output value and some
previous values. This also gives a small hysteresis
to the EK Controller when vocal tract postures
change fast but we do not considered it a problem,
Then we started to study the outputs of the Main
Component Method. Afier some training of about
500 different samples, we saw that the control

dimensionality was from 3 to 4. Especially when
the user becomes more familiar with the interface,
control dimensionality is always 4.

In our opinion this is a very important result,
because other gesture interface controller does not
reach a dimensionality so high without using
hands or, in general, hindering common
movements done during play. Instead, with our
controller, we can easily play a keyboard or a
guitar to give to the synthesiser information about
pitch, timing and volume and add more
information about timbre or effects parameters
(like reverber, tremolo, chorus and so on) with the
EK Controller.

Finally we studied how the control output changes
when the user varies gradually his/her mouth
shape from one phonemon to another. In the
graphics plotted (Fig. 2) the user is changing his
vocal tract postures from phonemon "u" to
phonemon "g".
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Fig. 2
In the praphs are ploticd the 3 control outpats valuss when the user
is changing mouth shape from phonemon "™ o "e”,



We studled many of these trends to see: how the
outputs: changes. in: correspondence with particular-
postures like the ones used:for vowels.:As:it can be:

seen on: this; graphics,: the. output: varies - without

many oscillations: and:. we can recogmse ar srmple:-a-

path in the control space.:

By now the gesture mterfaee EK Controller gwes an
new. output every. 0.1 seconds; but it's: possrble to:
increase: the speed.. Considering the: use in-music
live. performance, we: thmk that an htgher speed'- :

was unnecessary

7 Usmg the EK Controller

The next step was o see how long lt takes to leam' =
to correctly use the EK Controller. We have to note -
that the use of the interface is not immediate. This--
because. the map. of vocal tract _postures is - made. ..

algorithmically without considering - particular...

‘postures that may be natural for the user.

So the musician has to learn to use the interface:
just Iike a musician in general has to leamn to use a
new instroment. We measured approximately the
time a new user spend to learn (times reported are
not referred to a continuos use). To make this we.
tried to control only one output, then two and so
on, Outputs were associated to sliders posrtron on
the screen,

The mene-dimensional control is quite immediate,
After few minutes the user learns how to move the
slider up and down;:and after some times succeeds
in moving it to absolute posmons‘

Also two-dimensional control is easy In less than
half an hour it's possibly to control the relative
position of the sliders. It is harder to succeed in
changing only one output value: it takes another
hour,

Even more difficult is to control three and four
dimensions, it will takes some days. A time
however shorter than the ume necessary to learn
an acoustic music instrument.

8 Applications

The main application for this gesture interface is in
controlling an algorithm synthesis during a live
performance: So, for example, we can transmit the

output values through a MIDI channel hke control- 2

change commands. -
But the fact that the mouth gives the control makes

interface may b-e ar aid in phonetrcs studtes ancl in
learmng languaoe for deaf subjects = AT

' Further lmprovements of the EK Controller nre::

possible. TEED i
Firstof all it is possrble to bmld the EK Controller £
on'a stand-alone board using‘a DSP: in’this way'
the: use will’ be 'more practlcal for- musrclans who' -
do not have a portable PC. " : i
It is* also possible to - analyse’ the trammg penod“
results of many users (hundreds) to see’ ifitis
possible to subdivide' the projection matrix into‘a™
small nurnber of families. So, after this, new users
could pass over the training period, they have only
to choose the family in'which they are, ~ 77 0
But' the’ much interesting - rmprovernent is about -
something to- obtain an’ easier control. We ‘are
already studying how recognise- some particular

paths in:the control space and to convert them in

simple “output  configurations, ‘for- example the

changmg of only one element of the control array
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Abstract

The realization of the Stockholm KTH musical performance niles with fuzzy technique is thereby
explained. The technique allows the formulation of rules in an evocative manner because it uses

words rather than mathematics.

1 Introduction

Computer musical performance has always had the
shortcoming of being excessively dull, that is to say
of not introducing those microvariations which
give musicality to the performance of & musician,
To overcome this shoricoming Sundberg and his
colleagues of the Royal Institute of Technology
(KTH) of Stockhelm have proposed performance
rules [5.8], which allow a better performance than
that obtained without the interpretation of the
score. These rules introduce  certain
microvariations in the duration (DR), in the
intensity level (L) of the tone, and in the duration
of rest between notes (DRO). Microvariations are
generally given in terms of functions and always in
mathematical terms. Performance rules follow an
additive formulation, i.e. microvariations proposed
by the rules are added to one another. = Almost
each rule has a multiplying cosfficient (£) defined
as emphasis parameter. This parameter allows the
amplification or attenuation of the effect of the
corresponding rule.

The use of fuzzy sets as a way to express
uncertainty in a structured manner is now
spreading in engineerings [6.,7]. Specific
adjectives are associated to fuzzy sets so that
linguistic deduction rules are obtained to establish
adequate output values {(from the fuzzy point of
view). Numeric results can be obtained from these
values so that a fuzzy controller can be build.
Fuzzy methods aliow the relatively easy
implementation of communication aspects, typical
of human reasoning where qualitative variables,
unspecified concepts and subjective considerations
play a fundamental role. Thus fuzzy logic leads to
the creation of a controller able to “explain™ its
behaviour.

At Padua University we studied different
approaches [1,24) to model performance rules.
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based on neural networks and many-sorted-logic.
Supposedly a lingunistic approach rather than a
mathematical one enables to obtain a more
effective model for the concepts at the basis of
musical performance. From this point of view a
fuzzy controller could be particularly useful for the
expert in the field of musical interpretation who
deals with the problems of computer musical
performance. To test the opportunities given by
the fuzzy approach we developed a fuzzy controller
based on KTH rules. This reformulation has to be
taken into account not only as way to establish the
rules according to the fuzzy technique but also as a
starting point towards a further development of the
Sundberg rules which are at the basis of this work.

2 Fuzzy Rules

The KTH rules have been reformulated keeping the
criginal additional aspect. First of all a choice has
been made to eliminate the rules whose
formulation was not apt to a fuzzy realization. In
particular, the rules with costant or [inear
deviations have not been considered because their
fuzzy realization is possible but it is not
interesting, Table I shows the rules that have been
realized. The descripition of fuzzy reasoning
ought not to be too complex in order to obtain a
better interpretation. It is advisable that input and
output variables should not be divided into a too
farge Bumber of membership functions and the
number of inference rules must be as limited as
possible.

DDC1: DPC 1B: | GMA 2A: | GMI 1A": GMI 1B:

Durational | High Hermonic Lesp Tone

Conlrast Loud Charge Articulation | Duration
Table 1

The aim is to obtain a controller consistent with
the lingmistic aspect of its behaviour, therefore a




Figure 1 .

careful assessment uf t.he adjecuves to assocmte to--. o

membership functions is required so that

meaningful inference rules can be achieved., It . -

" 'must be noted that to this aim the division into

membership functions (and consequently the verbal

characterization of an input set) must be identical.

for the same variables even though they are used in .

different rules.  Although the fo:mulatmn is still
additional, the implementation of a rule is mo

longer indipendent from that of the others, In fact,.

implementing 4 rule with fuzzy method means
choosing ‘membership functions adequately and
this choice will influence all the miles which use
the same ' variable.

greater ‘in “this ‘case it is better to thicken
membership functions. In order to modify the

controller behaviour, it is also possible to change:

membership functions shape, Figure 1 shows how

we build fuzzy roles: from the central value of the

The initial  choice . of
membership functions has béen made empmeally. :
to ‘obtain ‘the final formulation & try and . error.
proceduxe has been mecessary, as it is for all fuzzy
controllers. When building membership functions ..
, it is better to analyse where output sensibility is -

input membership function we calculate the cutput

value given by the KTH rules. The consequent of -
the: fuzzy rule becomes- the membership function

“pearer”to this value. In order not to’ render the

controller *“excessively - complicated,  with  the -
introduction of & large mumber of membershxp".
functlons 1t 1s poss1b1e to use the followmg type cf

rules

13 ( DURATION IE “Iang )

T]IEN(DROIB verysharl"ORDROlE“shorr") G i

'these rules allow to obtmn an mtermedmte result:*
without introducing another membership function

so that the interpretation of the controller is easier:

From & log:ca] point of view these rules imply that
for & given input there. are several eorrect ouqmt.-'_.. |

values ( fuzzy values are meant ‘here ).

We' must’ remember  that fuzzy rules have 0 be o
sxgnzﬁcant, ie. they should have a linguistic

meaning. So we must choice. accuratly - our

adjective. The infereice method known as MAX:
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- MIN resslied the most suited for our fuzzy “
"~ controller. The evaluation of the defuzzied value is -

Dbta.med thmugh the Center of Area miethod.

3 A Global Fuzzy Controller

Aty -Unnl now we' descnbed a fuzzy controller that
© .-: considers rules one by one: final deviations are

obtained adding deviations of each rule. Qur
previous experience with neural nets [2] showed

- that, using one global function of all the inputs

instead that an additive formulation, a better
model could be obtained. As showed in [3], it is

' _"p0551b1e to represent the KTH ru]es system with
* the following equatmn - i

Zk. f(x

im]

where the meaning of each pa.rameter"is- the
following:

Yn . .. deviation of time or of loudness T
fi(). . fonction that represat the i-th K’I’H rule'-
determined in an heuristic way -

X represent the vector of the pa:a'meters
used by the KTH rules applied at the n-th note
ki constant “ used to emphasize  the
deviation due toeach i-thrule .0 . -

l:. . Rule

, L : e

1 f L

’ e g T -

INFUT D + :

L .y _OUTPUT - -

l——-._..]_ Raole ] L sl

KT Fofimiation. B

Figure!

The CSC model could be wntteu m the
foliowmg form & o
i e net(k x )

| where the meanmg of each pa:ameter is’ the

fullnrmng .

Yo deviations of ume or of loudness

net( ) Neural - Net,” non' lingar- funchon that
“-computes the deviations* e



X,  is the same of equation
k vector of constant or of variables which
evolve very slow in time

DDC | “Durational Contrast”

DPC 2A “Melodic Charge”

GMI 4° “Arnticulation of Repetition™

GMI 1B “Leap Tone Duration™

GMI 1A* "Leap Artictlation”

DPC 1 “High Loud”

GMA | “Phrage™

Table 2

As a result of these considerations we developed
a new fuzzy formulation of the model of CSC.
The result is a fuzzy global controller (FGO).

In the previuos paragraphs we choose rules that
contain some uncertainty (i.e. rules that are
good for fuzzy realization); so we avoid linear
or deterministic rules. For the GFC point of
view, however, we choose also linear or
deterministic rules if their output is very
meaningful. For the choice criteria we referred
to [2]1.Table 2 shows the rules taken into
account,

From Table 2 is possible to observe that we need
also information about the structure of the piece
of music. For this reason, the FGC must also
decide when a rule is to be applied. This task
was not performed by the controller described in
the previous paragraphs. Figure 2 shows the
difference between the KTH model and the
GFC. Each ontput variable is described by a
non-linear function:

DRO  =fpro(DR, AN, PR, AR)
ADR = fApr(DR. AN, PR, MC)
AL =fAL (DR.N.MC)

where the mesaning of each parameter is the
following:

DR duration in ms

AN leap interval in semitones

PR end of phrase flag

AR articulation of repetition flag

N pumber of semitone (N=60 for C4)
MC melodic charge

To obtain these functions we used the standard
value of KTH rules, i.e. we used rules with k=1.
These functicns are not obtained by adding rules
of Tahle 2 because some saturation are inserted.
Figures 3. 4 and 5 show a comparison between

deviations obtained by applying KTH rules and
those obtained with the GFC. The score is
Sonata K284 of W.AMozart. Generally,
deviations given by the GEC follow correctly the
deviations proposed by the KTH rules; the error
obtained from the difference between the two
performance is generally under the JND.

It should be noticed that GFC would require
others input valne to manage the quantity factor.
This will increase the complexity of the
controller as previous discussed. For the GFC
there are two way to insert quantity factor. The
simpler is to multiply final value, in this case all
effects that affect the same output are amplifyed
at the same manner. i we don't want this we
must insert gquantity factor ‘“inside” the
controller.

Another choice is to not insert any guantity
factor. In this case when we want apply the GFC
to a piece with other values of k parameter. we
must rebuild the coniroller (like neural nets
where we must train another-time the net). This
method take a lot of time but in this case the
controller is simpler.

Also the tempo parameter affect the quality of
performance. When tempo is very fast or very
slow using, like us, absolute output value could
determine some mistakes. For a further develope
is possible to consider variables with their
relative valve instead with the absolute one. In
this case we avoid the necessity of rebuild rules
when we want to perform scores with different
tempo but is more difficult to consider rules
(like Phrase) where deviations depending only
by structure of score,

4 Conclusion

It has been shown that a fuzzy controller can quite
accuratly aproximate the KTH performance rules
both with the additive formulation then the global
formulation,

By examining (we could also say “reading™) the
controller it is possible to quickly understand its
functioning together with the reasons for the
control action. In this sense furzy realization can
be considered as & linguistic reformulation of the
musical performance rules. However what is all the
more useful is that it is possible to associate an
algorithm that can be

used on computer, The most important aspect of a
linguistic formulation is that it is comprehensible
to everyone, it will be particularly useful as the
basis for the cooperation with music expert in order
to integrate or revise KTH rules.
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Abstract

The aim of this project is to build a system which automatically transforms printed music scores
into machine-readable format. in this paper, we outline a phased approach that disassembles
complex interconpected musical symbols into low level praphical primitives before
classification. After this, a reassembly process reconstructs the music score. This approach
simplifies the task of recopnition and provides an intermediate stage where musical syntax can
be applied to refine recognition. A post-processing method that uses high-level musical
knowledge to enhance recognition is presented, in which global information such as the time
and key signatures are automatically estimated. With this information, earlier recognition can

be reconfirmed and corrected if necessary.

1 Introduction

With the advance of electronic music, computer
technology has  increasingly become an
indispensable tool in music. Notation, sequencing
and sound synthesis programs have been
developed and are widely used. Complicated and
repetitive processes, for example transposition and
part extraction, can be automated with the help of
computers if the scores are represented in a
machine readable format. Current general input
methods, such as using an electronic keyboard, are
lime consuming and require human intervention.
Optical Music Recognition (OMR), is an
interesting and efficient input method for musical
software (Carter 1088, Selfridge-Field 1994),
Trained musicians can sight-read musical scores at
speed and with confidence; often the condition of
these scores is not perfect however. Printing and
scanning faults which are normally tolerable to the
human brain can often complicate the recognition
process, Examples include: broken symbols;
broken and bowed stave lines; incompletely filled
solid note heads; and flooding near junctions
(Clarke 1990, Carter 1994).
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2 Approach

To automate the process of music score
recognition, we propose a phased approach in
which features essential to an interpretation of the
score are sought first, and verified by their mutual
coherence, thereby allowing an intelligent search
for more ambipuous feamres to be undertaken.
The system takes a digitised music-score grey
irmage as input, and antomatically processes it and
outputs 4 machine readable formar of the score,
such as a MIDI file.

21  Pre-processing

Firstly, an iterative thresholding process {Mardia
1986; Venkaweswarlu) is used to find a threshold
value and the image is binarised. The binary
(black and white) image is then used to detect the
skew. The original image is deskewed by rotation
and the result is binarised with the threshold
computed earlier (Ng and Boyle 1992) (see Figure
1).

The de-skewing is important because the break-
points used by the sub-segmentation process {see
Section 2.2) that disassembles complex musical
features relies on correct vertical orientation of
these features.



_ 'ub-segmentatlon and
Recngmtlon

--_Musu:al :notation . is hlghly mterconnected and

there are many variations in shapes and sizes .

_When symbols are gronped with one another. For
“example;” consider the difference between the

shape of a quaver and the shape of a beamed two-

w0 quaver group, We approach’ this problem with a

Figure 1. An exatnnlé mput grcy nnagé. (nppéf) |

and the de-skewed and binarised version (lower).

Using the de-skewed image, individual stave lines
are searched for’ and recorded to build the score ..
layout. Musical symbols are generally wrxtten on.
five equally spaced lines that act as a ‘kind of grid

- process of sub-segmentation in which compound

symbols are broken into groups of lower-level
musical primitives such as note heads, vertical
lines, horizontal lines (including slanted lines) and

"curves, before recognition. As an illustration, a

beamed group of four semiquavers is sub-

- sépmented into two horizontal lines (beams), four

vertical lines (stems) and four note heads. The
system can pick out curves (slurs, ties or phrase

- marks) which are overlaid or mterconnected with

* other symbols.

system, and hence the average height of a stave o

line and the average distance between two stave |
lines can be used as l:wo 1mp0rta.nt basu: va}ues for
many subsequent processes. The sum of the
average stave-line height and average ‘inter-stave
line distance form the fundamental unit (a) used
by a classification process.

After stave detection, an initial segmentatmn
using an image-iabelling method (Sonka, Hlavac
and Boyle 1993) is performed. Figure 2 shows an
example output where stave plxels are. markcd
with grey, and each Ob]BCt is dlsplayed with its
boundmg box to show the result of the Iabellmg

process.

Fxgure 2 An example output after staves detecuou
and mmal segmentauon fr ol SRS

After. segmentation; a rule-based: classifier (Ng
and Boyle) recognises primitive musical symbols -

that; are’ not connected; or;: symbols that ~are: -

normally located at certain position: with respect to' :
their - staff. For: example;’ clef signs: often appear
near the ‘begmmng ofastaffiv gt

. The best break-point of 2 symbol is taken from the
. ahsolute . second differential - of: the vertical

prolecnon hxstogra.m of the symbols (Ng and
Boyle 1992).

Afiter. each sub-segrnentanon process possxble
primitives are passed to a nearest-neighbour-
classifier; some are then recognised with strong

' confidence and others with ambiguity. The two

feature-vectors used by the classifier are the width
and height (in o units) of the possible primitives,
The process of  sub-segmentation .. and
classification is iterated until the featre is
recognised or the termination criteria are satisfied.
Termination:: criteria - for' the sub-sepmentation-
process: include the'size and the density of the
symbonis. If the density of a symbot is bigh (e.g. >
75%), it is nearly-solid and therefore not likely to
decompose: further.- An’ example " of a’ size-"
constraint is "less than 2o by 20" because in this-
size range the symbol is- llkely to be a pmnmve or _'
unknown '

Figul'e 3; SUb“SCBm..Bntation_ i e e

Figure '3 'shows an example result’ of sub- "
segmentation. Sub-segmented - primitives “are
relocated to illustrate the break-points, and traced -
primitives such as beams are greyed. '
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The primitives are then reassembled into the
original score using basic musical notation syntax.
Since many musical primitives complement each
other, musical knowledge can be employed (o
enhance the recognition. For instance, an
accidental is likely to appear before a note-head or
another accidental, a solid note head should have
its stem either at its lower left or higher right,
beams must pass through stems. At this stage,
symbols that carry multiple meanings, such as
dots, can be clarified. If a dot is above a note
head, the dot is an articulation sign, and if it is
after a note head, it extends the duration of the
note.

3 High-level
Knowledge Enhancement

The process of OMR can produce ambiguities and
omissions in its output, which require higher-level
musical knowledpe to correct, These may be due
to the vaparies of typesetting in which symbols
are connected with no clear break-points. Problem
areas include the absence or incompleteness of
key and time signatures, accidentals, irrational
groupings, and broken symbols.

We have supgested a series of low-level
alporithms which rely on basic musical syntax 1o
determine primitives that have not been correctly
recognised. The corrected primitives are
reconstructed as musical symbols which can then
be parsed using a high-level knowledge-base for
more global information such as metre and
grouping. As well as the total duration
accumulated  between two bar lines, other
information tracked earlier, such as beam
grouping, is used to identify the time-signature.
The intermediate results are parsed using a list of
common rhythmical patterns.

3.1  Key Signature

As reported in Ng, Boyle and Cooper (1995), key
signatures may be automatically detected by using
note distributicn with a rle-based system, It was
found that the Tonic and Dominant of a key are
typically the most sounded notes for music written
in the period of common-practice tonality, or
governed by a single key centre defined as the
tonic key.

For OMR, we can use the isolated accidentals
recognised during the initial classification to assist
the key signature detection. These accidentals can
be used to assist the correction of the key
signature, either directly or by implication. For
exampie, a natural in a bar may suggest a sharp or
flat in the key signature, or another note with the
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same accidental sign before this particular note.
The order of accidentals in the depiction of a key
(i.e. B, C#, Gi#t, D#, A#, E#, B# for sharp keys
and B, Eb, Ab, Db, Gb, Ch, F, for flat keys) is a
musical conveation that can be use to interpolate
accidental symbols that have not appeared or were
mis-recopnised. For example, if we find a C# in
the key signature, one must assume that there is an
Fi#t before it. Courtesy accidentals (accidentals
within brackets) may alse be used as contextual
clues.

3.2  Time Signature

For time-signature detection, assuming one time
signature in the section under consideration, we
take a semiguaver count of bars that have been
recognised fully, and take the mean (Ng and
Boyle). Table 1 shows the time signature and the
number of semiquavers per bar. Semiquaver
counts of 24, 16, 12, 8 and 6 cannot immediately
identify time signatures, and further contextual
information is required.

Number of Time Signature
semiguaver

48 6/2, 12/4

36 0/4

32 412

24 3/2, 6/4, 12/8

18 9/8

16 272, 4/4

12 34, 6/8, 12/16

9 9/16

8 2/4, 4/8

6 3/8, 6/16

4 2/8

Table 1. Number of semiquaver and the time
signature.

In the case of semiquaver counts of 16 and 8§,
resolution of the two possible time signatures is
difficult, indeed some composers may use the two
options fairly indiscriminately, though we might
expect, for example, the minim to be a more
dominant musical feature of 2/2 than 4/4,
Beaming information provides clues to the
resolution of some of the other ambipuities,

If we consider semiquaver counts of 6, 12, 24, and
48, similar rules for beaming of groups within
bars apply. In the case of compound-guadruple
times (12/4, 12/8 and 12/16) beaming will tend to
isolate four distinct groups, whereas compound-
duple metres (6/2, 6/4, 6/8) will tend to promote
two groups. Clearly in the cases of metres with



crotchets or minims (e.g: 12/4; 6/2) as. their base -

units, some difficulties may-arise. when attempting '
to' determine the time Signatire: However, quavers .
tend to: be’ regular: features.-in such. metres, and::
their:beaming can help: in: the' resolution process.
The: resolution’ of metres with alteérnate: simple or:::
compound readings (e.g::3/4 and-6/8) can. usually::
be: simply: determined : by a:: combination: of::

beaming, : and : relative - incidence " of” particular '

rhythmic: patterns.: Many::compound - metres.- are::-
associated with specific dance forms which have:

their own characteristic rhythmic patterns (for

instance, the gigue); some of these characteristic
patterns remain as resrdual features of more recent

works using the same time signature. A common

example. is the dotted quaver - semrquaver -___'

quaver pattern

Some. note types are exl:remeiy unl:kely to appear '

wrthln bars govemed by certain time signatures.

- For example the minim is, seldom found in music: . -

in 6/8. Caution must be used wnh such henrlsnr:S, .

however, because some composers . flout
conventions in the area of rhythmre notation.

33 Enhancements o
Automated time- and key-signatiire deduction is
important because the information supplied
provides many useful constraiats, and can help
determine specific features of the music.

Once the time and key signatres have  been
resolved, - earlier - low-level - processes: can- be
repeated- to- correct. further remarnmg ambrgun:y
with greater confidence. :

An unclear note duration may be clanﬁed by the
difference of the total duration of a bar and that
indicated by the prevailing time signature., With a
known key signature, we can check all isolated
accidental signs logically. For instance, a natural

sign should only appear if there was an accidental”

sign before it, or if it is a sharp or flat of the key
signature. There is a musical tendency to use the
same type of accidental as that found within the
key signature:

and many examptes of: flat accidentaIS' within:
shaxp keys (ancl v:ce versa) may be foonci

4 Conclusron

In thls paper we outlme our pre—processmg and .
recogmtron methods and concentrate on the issue

of hlgh-]eve] musrca.l knowledge enhancement, .
pamcularly our strategies to deduce time and key
signatures autornancally, and the use of this

information to correct and reconﬁrm recogmnon
Wnth the feedback and conﬁrmanon from high-
level ‘musical knowledge ‘we hope to recognise

sharp keys : tend::to" use " sharp:
accidentals: and:: flat- keys: tend:toiiuse:: flat:
accidentals. However this is merely- a tendency,
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complex  music: scores. We. believe that musical
-and.:: -

knowledge - enhancement: - is: - important - _
provides: the: way: forward: when: dealing - with

complicated: scores,: and: especially hand-written... -

manuscripts in:which symbols: are often: confused:.
by:. ambiguities:: due
meomplenon beyond |solated recogmnon
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Simulation of Listening to Bach’s Wohtemperiertes Klavier

Marc Leman
IPEM, University of Ghent

Abstract

In this paper, the basic assumptions of a schema
theory of music cognition are tested for the first
time in a realistic environment, using a powerful
parallel computer. The model takes Book 1 of
Bach’s Wohltemperiertes Klavier as input and de-
velops a schema for tone center perception. The
sampled sounds are processed for pitch extraction
by an auditory model which produces Images that
are self-organized on a neural map. The results con-
firm the assumptions that have been obtained in
previous studies with reduced datasets. A schema
for tone center perception was produced with topo-
logical properties that reflect the circle of fifths
and & close match with the results of psychologi-
cal tests was obtained. In order to make this large
scale simulation feasible, the use of supercomputing
equipment was required. The model can be used
to study music coguition in other realistic environ-
ments, such as music from other cultures or sounds
for timbre studies.

1 Introduction

Recent developments in neurology, psychology, cog-
nitive sciences, brain research and artificial intel-
ligence have stimulated new directions of investi-
gation in cognitive science in which music has be-
come an important domain of application. Within
this framework, a schema theory of music cogni-
tion has been developed and a computer model has
been designed to test basic assumptions in the do-
main of tone center perception [8]. Thus far, how-
ever, the simulations have been based on limited
data-sets such as a set of chords, a series of ca-
dences, or a short piece of music. This paper dis-
cusses the results of testing the model within a large
and realistic musical environment, using Book 1 of
Bach’s Wohitemperiertes Klavier in a recording by
K. Gilbert (CD ARCHIV 413439-2),

2 Simulation and Realistic
Environments

Research in cognitive science is indeed often based
on a small-scale artificial world. When models are

X! Colioguio di Informatica Musicale - Bologna 1995

Francesco Carreras

CNUCE/CNR, Pisa

tested in a more realistic environment, the amount
of the data involved is huge and the computational
efficiency of the model and the computing facilities
become a critical factor in research. The aim of this
research is therefore twofold:

e totest the model under realistic conditions, us-
ing music as the input environment

o to exploit parallelism as a possible way to man-
age real-world simulations of cognitive models.

3 Overview of the Model

The perception module consists of an acousti-
cal front end based on an auditory model [13]
and a pitch extraction part based on a pe
riodicity analysis of neural discharge patterns
in the auditory channels of that model [8].

tone perception schema

data-driven
perceptual learning

J

L ¥
auditory images

pitch extraction

gy

acoustical signal

[

Fig. 1. Overview of the model

The cognitive model accounts for data-driven
perceptual learning. This learning by seli-
organization is realized at long-term, it yields a
schema of tone center perception. After learning,
th2e model can be used for tone center recognition.
Figure 1 gives an overview of the model.

As in previous simulations, the algorithm is based
on the Self-Organizing Map (SOM}-architecture [5].
The SOM maps the N-dimensional auditory images
onto a two-dimensional grid but it keeps the topo-
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logicéi order of the implied relations that are imbed-
ded in the auditory images..
In.a number of pilot. studles using reduced data

sets it was shown that, in response to a set of musi-~

cal chords, the SOM develops a siructure which (in
music theory) is known as the circle of fifths. The
response structure of the map furthermiore shows
high correlations with data of mental representa-
tions obtained from psychological research [6, 8]..

4 Slmulatlon and Computa—
tmnal leltatlons -

Usmg Book 1 of the Wohltempenertes Elawer by
J.S. Bach in an interpretation of K. Gilbert {clavi-
chord) as the training environment, the auditory
model generates a data set of 649264 images. Each

image; called a tone context image contains 56 data - -

points: The images, taken at a sampling rate of 100
sa/s, are the (leaky) integrated result of a summary-
autocorrelation analysis of of neural firing patterns

(in frames of 30.ms). More' details are in {8} or {7].

Running this data set during several epochs, the

esteemned computing time required on a PC; work-

station or even the parallel nCUBE systern that was
used for a previous experiment with a reduced data
set, is beyond any reasonable limit for productive
work in cognitive science. A complete revision of
the original computer program [9] was started in
order to

» optimize the time consuming parts of the code,

o reduce the impact of interprocessor communi-
cation,

¢ limit disk I/ o} act1v1t;y by using large black op-
erations..

5 An Ifﬁpléfnéntation of

SOM on the IBM SP2

The IBM S5P2 system at CNUCE/CNR has eight
processors, each with 64 Mbytes of memory, based
on the POWER2 microprocessor technology and is
provided with High Performance Switch: Adapters
that allow direct connection of each node to all the
others: The SOM: algorithm requires that for each
input vector the most respondent one is found:in the
neuronal-grid’ (which' is actually a torus surface).

Synaptic ‘adjustment is" then ‘performed: withini- a
given radius”arcund’ the most- respondent. neuron.

In the parallel implemeritation; the neuronal grid is
divided into subgrids of equal size that are assigned
to each processor’ node.  The size of the subgrid de-
‘pends’ on’ the: number-of 'processor: nodes’ that: are
used. ‘In the present simulation; the size of the grid

i fixed to 20 x 20 neurons and a conﬁgu'ration' of 4

processor nodes is employed. The SP2 implementa-

. tionr makes use of global communication operatlons

The partial' information- computed in each node is
collected and the concatenated data is sent to all -
the nodes :

Starting from the assumption that there is a rea-
sonable amount of redundant information in Bach'’s
Wohltemperiertes Klavier, we decided to rin two
times through all the data. In the algorithm, the
data (1298528 vectors):"are moved' in advance to
each processor node temporary disk area to speed
up the disk I/O operations: They are divided into:
blocks” of ‘40579 vectors. Each block: is'read and
processed by all processor nodes:” At the end of &
block processing; each node writes to disk its as-
signed part of the computed neural grid-and-a new-
TN i5 started wlth the subsequent block of data. -

i Learmng Bach s Wohltemperlertes Klawer
0.024 — T T T

0.022 ... 40579 veclors --e-.-'.- '
0025, R
TooiB ks

' .OQ- PR . - _

_0.016 v

0.014 %G% : . A

0.012°

001 |
0.008 A 1 1
1

Mean Error -
LSRN B! MR
1

906-0006000.:: .

B 909000 LU o
8 16 24
Leaming Curve

32

Flg 2. Learmng curve of Book 1 ofJ S Bach 5 Wohl’tem-
penerccs Klav:er o

The number of vectors that have to be processed
within the different radiuses, according to SOM, are
defined at the start. The values of the current block
number, the absolute vector count; the: number of
vectors already processed with the current radins,;
are’ maintained: and- written to disk at the end of
a block processing. . This procedure allows to stop
and restart- the run-at any point, and so it realizes
an’ indirect: form of checkpointing: that: was useful
for running the simulations.: We selected. 8 radius
values and the distribution: of the vectors over each
radius was calculated according to an inversed expo-
nential. We adopted the constraint that about one
fourth of all vectors has to be processed with radius

‘zero. The ‘speedup of the parallel implementation

with 4 processors, was with.a factor 3.08.. Other .
simulations, using 8 processors, showed a speedup
of 5.37.- More details on. the para.llel xmplementatlon
are in’ [2]
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6 Simulation results

The learning curve of the simulation is shown in Fig.
2. It shows the mean error evolution {calculated as
the distance between the images and their represen-
tations on the neural grid) during the processing of
32 datablocks of 40579 vectors each. Thus far, the
schema obtained by data-driven learning of Bach’s
Wohltemperiertes Klavier has only been tested with
Shepard-prototype patterns. These test patterns,
also used in previous simulations (8, 7], are based
on Shepard-chords and they have a very different
timbre from the clavichord sounds that were used
in the training set. (Fig. 3). The neural grid of
Fig. 3 shows a well-defined topological order, and
the ouiput confirms the earlier pilot studies that
used limited data-sets. A correlation with the psy-
chological data [6] is shown in Fig. da-b.

7 Discussion

Although a more detailed analysis of the cluster-
ing needs to be done, we may conclude that this
simulation, using a realistic musical environment as
input, confirms the assumptions of ihe schema the-
ory. The self-organization principles, simulated by
means of artificial neural network, can be regarded
as & model of the self-organization capabilities of
the human brain.

Fig. 3. Topological Map obtained by training of Book 1 of
Bach's Wohitemperiertes Klavier. This is a 20 x 20 neurons
network on a torus surface, The test patterns are images of
Shepard-cadences that stand for tone centers {labeled C, T},
D ..., bb, b). Although the test patterns are quite different
from the training data, it is possible to map out the global
ordering in terms of circles of fifths.

In that sense, the simulation is not just a test of a
computer model, but it generates some hypothesis
about human knowledge acquisition and ultimately
also about the human brain. Two hypotheses are
based on this finding;:

1. that the schema (including its topological fea-
tures) has a physiological basis in the sense
that somewhere in the cortex, an area is as-
sumed where neurons show that behaviour.

2. that the sense for tone center is a cultural
(emic} phenomenon, mediated by auditory
(etic) principies.

% S S (N TS VN N NS S VOt SN IS T OO I Sy SN S
c

CADERE FFYOADABEB cof debe f ff gab e bhb

I W S T N S I

| S I S N I T N SN VO N S T W N
CCHDELE FFIGA ABE B ccfdedbe [ ffgobobeb

-D.8

Fig. 4. Network response structure compared with psycho-
logical data. The dotted curve shows the correlation coeffi-
cients of the network response to the Shepard-test patterns
that stand for tone center images. The full curve shows the
correlation of psychological data. {a) Correlations with re.
spect to the C-major tone center. (b} Correlations with re-
spect ta the C-minor tone center. The correlation of the
dotted and full curves gives a value of 0.915 and 0.947 for

major and minor tone centers, respectively.

If other musical instruments (e.g. with an inhar-
monic overtone structure) or other melodic and har-
monic scales would have been used, then the sense
for tone center would show a different picture. The
approach therefore suggests a number of new direc-
tions of investigation:

¢ Does the modelling environment provide a suit-
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.ab]e' coinputafional tool to étudy historical de-
- velopments; such- as:the development of tonai_
mnusic (See eg 4 ])'? b

... ies or in general, studies which: assume: differ-

- ent-sound environments, be developed: within
the Hmited constraints of the present research
pa_radlgrn‘? -

Can the hypothesis about the physiological ba-
sis of tone center perception be falsified or cor-
‘roborated by neurophysiological research (e.g.
! _usmg brain i 1magmg techmques)

In addltion to the epxstemologlcal and methodolog—
ical aspects of this study, there is a practical ap-
plication of the obtained results in interactive com-
puter music systems. The data-driven perceptual
learning yields stable auditory images that can be
used for recognition of tone centers or (by exten-
sion) chords. It may be useful to train such images
taking as input realistic environments (e.g. noisy
environments) that are going to be used in the in-
teractive application [1].

8 Conclusion

The modelling environment developed in this study
is not limited to tone perception studies. SOM is
indeed a general purpose model of self-organization
and it has already been used in studies of timbre
[8, 11, 10, 12]. The present parallel implementation
allows the use of much larger tra.lnmg sets and more
realistic environments.’ :

We finally believe that the appllcatxon of cogm—
tive modelling to real musical environments is a
novel step towards in the emancipation of music
research as a fully independent and advanced dis-
cipline. Qur study shows that the computational
cost for simulation of cognitive processes in a (rel-

atively small) realistic environment is high. Flexi-

ble working at present still requlres access to super—
computer systems. ' : ;
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Abstract
Given the ever increasing necessity, in the professional field as much as in not strictly musical field, of a
multimedia tool able to describe information in several forms in order to make more easily apprehensible the
comunication and exchange of ideas, we have designed and implemented a prototype able to give us more insight
of a sequence of musical sounds. _
Such a tool could be a viry useful in those experimental performances where the multimedia has a strong
influence.
In fact the description of the audio is done in real time and it could be used to control one or more devices to
process images, audio, mechanic motion, text, movies.
The basis for this work are the fast Fourier transform and the relative sound description in therms of frequencies,
the Motorola DSP56000 for real time processing, some immagination and love for sound.
Volume, complex pitch, amplitude envelope (attack, sustain, decay and release) and spectral density for fourths of
octave are extracted and displayed on the monitor, allowing a wide pictorial rapresentation of sound evolution.

1 Introduzione complessa risparmiando il 25% di tempo e memoria
Che bello sarebbe avere una precisa percezione del calcolatore rispetto agli ordinari algoritmi per il
visiva dell'audio. Uno strumento in grado di computo della DFT.

descrivere anche questo & quella che vogliamo Ottenute le informazioni in frequenza si passa al
raggiengere: per il momento ci siamo dedicati alla calcolo della densita spettrale a quarti d'ottava e al
estrazione di valori descriventi il pid precisamente caleolo del pitch complesso determinando quali
possibile l'audio. somno le frequenze fondamentali che compongono i
Premettiamo che il prototipo finora ottenuto lavora segnale.

correttamente se il segnale ha una composizione Pitch e densith spettrale vengono calcolati sulla
frequenziale superiore ai 370Hz poiché ci siamo base di informazioni ricavate in frequenza per avere
dedicati pid alla stesura di algoritmi validi per il dati pil precisi, sui quali & possibile fare maggiore
calcolo del pitch e dell'inviluppo lasciando per affidamento che non la caratterizzazione del pitch
ultimo il problema della compatibilita del prototipo nel tempo.

su tutta la banda udibile: 'espansione a tutta la

banda & di facile implementazione. 2 Inviluppo e volume

Eptrando nel tecnico: il segnale passando 1 parametri estratti per l'inviluppo sono attacco,
dallingresso analogico della scheda audio viene sostegno, decadimento e rilascio. I valori che
campionato € subisce una prima analisi per il possono assumere variano da 0 a 15; un limite
calcolo dell'inviluppo e del volume. Entrambi i massimo per il sostegno per ovvi motivi di
valori vengono calcolati nel dominio del tempo non elaborazione.

richiedendo quindi una grosso sforzo Il calcolo del volume si basa su una media dei
computazionale. picchi pid altt individuati nel segnale.

Da quesia pima fase di elaborazione escono cinque Il volume pone un punto di riferimento per
“valori descrittivi: un valore (variabiie da 0 a 15) P'algoritmo di calcolo dell'inviluppo che si avvale di
rappresentante il volume, ed altr quattro (anch'essi quatiro soglie: soglia del silenzio (SIL_SOGLIA),
varabili da 0 a 15) descriventi l'inviluppo con soglia del rilascio (RIL._SOGLIA), soglia inferiore
attacco, sostegno, decadimento e rilascio. del sostegno (INF_SGLIA:=VOLUME-GAP) e
La fase successiva di elaborazione cui il segnale soglia superiore del sostegno
campionato & sottoposto & la FFT di 2048 (SUP_SOGLIA:=VOLUME+GAP).

campioni la volta utilizzando una FFT a 1024
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o yi SUP_SOGLIA
—/ |
o4 INF_SOGLIA
o / RIL_SOGLIA
L / SIL_SOGLIA
y,

"4 -

?sosv?niac: - ?mx;

figural: I'mv:luppo e

La figura' 1 mostra 1a funz:one d1 ogm soglla n-
segnale viene letto campione per campmne esi

considera la sua presenza solo se il campione supera
la soglia del silenzio che & variabile dalla finestadei

controlli dell apphcanone a seconda dei gusti
descrittivi che si vogliono imporre al software: Non

appena si il segnale supera SIL_SOGLIA si fissa’
un marker (INI) in questo punto chc scrvxré per 11

calcolo finale:

Consegucntemente si’ procede col calcolo_:
dell'attacco che coprende il tempo a pamre dal -
marker INI a quando il segnale non supera la soglia ™

denominata INF_SOGLIA, calcolata sottraendo al
valore del” volume conosciuto’ ﬁnora un valore

GAP “variabile” dalla’ firiestra " di ‘controllo”

dell'applicazione. Tale variabilita & stata introdotta

per’ poter considerare eventuali ﬂutmazlom del
segnale in fase di sostegno dovuti a vibrati piti o
meno rapidi e profondi. Ovviamente il valore GAP,
influisce anche superiormente al volume calcolando

la SUP_SOGLIA chie serve per verificare se siamo

effettivamente in fase di sostegno o ancora in fase i

attacco: cid lmphca il fatto che le due soglie per il

sostegno vVengano ‘ricalcolate ogmqua]volta 1l_

segnale supera SUP_SOGLIA.

Ritornando al discorso dei marker: si era fi s§ato ll:_:
primo marker INI ‘appena 'si- superava la’
SIL: SOGLIA, ora si deve {issare il secondo markcr: '

ATT non appena si va oltre la INF_SOGLIA:

A ‘questo punto 'si ‘prosegue con' il calcolo- del
sostegno’ fintantoché il segnale non scende al di
sotto di’ INF_SOGLIA, creando la necessita di-
posizionare un terzo marker SOS definendo il punto -
di termine di fine del sostegno ¢ ‘di-inizio del -

decadimento.

1a sogha del rilascio RIL._ SOGLIA viene calcolato |

pari alla meta del volume ed il gioco & lo stesso:

non appena il segnale scende al di sotto di.

RIL_SOGLIA si fissa un quarto marker denominato
DEC, che determina anche l'inizio del rilascioT
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“Per finire, al momcnto in cm T'audio scende alla

soglia del silenzio si fissa l'ulmnc_) marker RIL che

definisce la fine dellinvilupgo.

11 calcolo finale dei” quattro’ valon descriventi
Fnviluppo richiede delle semphcn sotirazioni:

attacco = ATT-IND

“sostegne = SOS-ATT
dawdnncnto = DEC- SOS
" rilascio o * RIL-DEC.

Ovviamente i precedenu calcoli vengono effettuati’
su 2048 campioni la volta ncluededo qumdx ina
memoria della storia passata nel "cacolo
dell'inviluppo almeno fintantoché non si conclnde
la descnzmnedl un mvﬂuppo mtem _' S

3” " Pitch e densita spettrale

La parte pill interessante e descrittiva nguarda
appunto il pitch complessu e Ia densna spetirale a
quarti d'ottava,

Questi valori si ottengonu cffetmando una FFI‘ su '
gruppi da 2048 campioni la volta, determinando in
modo molto semplice la densiti’ spettrale che ci
viene direttamente fornita dalla trasformata di
Fourier, mentre il calcolo del’ ‘pitch’ richiede un’
algoritmo un po' plu complesso e messo a punto al.
LIM. di Milano.” '
Suddividiamo la banda dell'udlbxle in 126 mlervalll y
teorici centrati ggnuno su]la frequenza fondamentale
di ogni nota (appunto 126), sapendo che la relazione
tra le frequerize fondamentali di due uote successwe _
& pari alla radice dodicesima di 2,
Ogni nota ¢ formata dalla frequenza fondamentale e

dalle armoniche successive, date dalla fondamentale o

moluplwata per 3,4, 5, etc. fino ad un massimo ;
pratico di 10. La nota sard quindi formata dalla”
fondamentale sommata alla seconda armonica che
dista dalla prima esattamente 1 oltava, ovverosia 12
intervallini di cui abbiamo appena parlato; la
frequenza della terza anmonica sard inclusa nel 19-
esimo intervallino dalla fondamentale, ovvero 7 -



intervalli dopo la seconda armomnica. Via via
possiamo constatare che le distanze tra armoniche
successive misurate in intervallini dara il seguente
vettore delle armoniche:
1275433222
Supponiamo ora che in un qualche modo riusciamo
ad ottenere una serie di intervallini, contenenti le
frequenze del segnale che stiamo analizzando, dal
risultato della FFT, ad esempio:
49, 53, 56, 61, 72,77, 80, 81, 87, 89, 90, 94, 96.
che altro non sono che alcuni dei 126 intervalli nei
quali sono stati intercettati presenze di segnale.
Ad ogouno di questi valori assegnamo ora un peso
per determinare da quante note & effettivamente
composto il segnale audio che stiamo analizzando.
H eriterio di assegnamento dei pesi fa nso del
vettore delle armoniche:
a) partendo dall'intervallo 49, gli sommiamo 12
ottenendo 61 che possiamo vedere all'interno della
serie di intervalli (peso=2);
b) sommiamo poi il valore 7 ottenedo 49+12+7=68
che non troviamo nella serie;
¢} continuando a questo modo otterremo per
lintervallo 49 la seguente sequeza
+12 +7 +5 + #3343 42 42 42
49 61 68 73 77 8 8 85 87 89
6 dei quali li nitroviamo all'inierno della serie degli
intervalli fornitaci dall'analisi del segnale tramite ia
FET: il peso per l'intervallo 49 sara allora 6;
d) procedendo allo stesso modo per tutti i 13
intervalli delia serie oftcniamo la seguente sequenza
dei pesi dei rispettivi intervali:
6666323111111
e¢) la determinazione del numero delle note
componenti il pitch si effettua sommando i pesi
delle note a partire dai pidt "pesanti" fintantoché la
somma & inferiore al numero degli intervalli che

VOLUHE PITCH
14 6163 6567 68

compongono la serie. Nel nostro caso il segnale &
compost da 3 note (49 53 56) poiché 6+6+6=18>13

4 FFT reale ridotta

Data la necessita di avere una elaborazione in tempo
reale abbiamo dedicato tempo per la stesura di un
codice assembler DSP per il calcolo di una FFT
reale ridotta in grado di farci risparmiare il 25% di
tempo di computazione ¢ di memoria. L'algoritmo
di base & stato tratto dal testo di R.A Roberis e
C.T Muilis: Digital Signal Processor, nel quale
viene suggerito il calcolo di una DFT reale come se
fosse una trasformata complessa. In altre parole,
consideriamo N campioni: quelli in posizione pari
come parte reale e quelli in posizione dispari come
paric immaginaria di un nuovo segnate, al quale
applichiamo un normalissimo codice per if calcolo
di voa FFT, ma su un numero di punti pari alla
meth (N/2). Poi con un semplice calcolo di
integrazione riusciamo a risalire ai coefficienti come
se avessimo eseguito nna FET su N punti.

Non diamo qui la spiegaziome matematica
dell'algoritmo per ovvi motivi di spazio.

5 Accorde politimbrico

1 due accordi in questione sono un DO maggiore
suonato con un organo a canne ed un intervallo di
terza maggiore composto da RE5 e FA#5 prodotto
con una chitarra elettrica. La Fig.2 riporta
l'immagine durante Ia fase di sostegno. Il pitch &
chiaramente visibile nell'apposito riquadro col quale
possiamo vedere nella raffigurazione dello spetiro Ia
distribuzione del segnale o meglio delle armoniche
fondamentali, che vengono tutte descritte attraverso
i primi tre segmenti.

Sustain SHence
Gap Thrashold

ENVELOPE

—

SPECTRE

figura 2: organo e chitarra

Le fondamentali delle note 61 e 63 (DO5 e RE5) le
possiamo vedere sommate nella prima linea dello
spettro; la seconda rappresenta solamente il 65
{ovvero il MIg); mentre le armoniche fondamentali
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di 67 e 68 (FA#5 e SOL.5) sono contenute nella
terza linca come somma algebrica.

Durante I'uso dell'applicazione abbiamo accertato
che nel momento in cui alcuni strumenti, presi




smgoiarmente, vemvano descntu correttamente:.---."

dall’ apphcazmne, ‘§& accoppiati* tra rdiv loro-_..;_ o
producevano ui timbro descrivibile dal prototipo. * .

' Risulta évidente il fatto che sé cercando di descrivere
- un”§egnale: complesso, composto  dalla: somma:
timbrica di: due strumenti,:manténessimo’ una:-:
differenza in intensiti” molto: alta, ovverosia:il:
volume' in'ingresso: all'applicazione: di:'uno.
strumento- fosse: molto: pift: alto: dell'altro; non.
riusciremmo a descrivere:ld: somma timbrica ma .
solamente quelia dommante quella dello strumento :

con intensith maggiore.:

Viceversa se il volume di‘uno slrumento preso :
singolarmente’ risultaessere-talmente: alto. da--
produrre- distorsione: & ovvio. che la descnzmue- .

diventercbbe alquanto impossibile.

Si & accertato che la differenza trale due mtensna &
la'cosa importanté;, anche se entrambi: gli strumenti -
hanno un buon grado di libert nel variare il proprio -
volume; & necessario comungue che entrambi siano -
ad un vojume intérpretato simile:"ad orecchio”. v -

' IEEE tragisactions: on ngnal Processmg Vol 41» .

Num:3;:1993- : el
L.R: Rabmer,M J Chnng,A E.Rosenberg,
C.A McGonegal -~

A Comparative | Perforﬁl&nce Study of Sew:ral Pitcb -

Questo:discorso fa capire quanto-il-prototipo non- - -

sia costretto dalle caratteristiche delle sorgente:

sonora, che potrebbero altrimenti limitare le

capaciti descritte fino! a renderio’ praticamente -

inutilizzabile: : -
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audio analogici in processi MIDI:
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Abstract

Syrinx can be considered as a first step towards the formalization and the recognition of music interpretative
structures. MIDI parameters depending on pitch, intensity, and duration, are detected within andio files and
Standard MIDI Files are then generated. Couples of different executions of a music score can be visualized by
means of a grid-like representation on the screen and compared one each other. Also, the original score from the
composer can be compared with any particular execution of the score itself.

1. Introduzione

Un interprete, posto di fronte ad una partitura
musicale, molwo difficilmente (potremmo dire
forse mai) produrrad una esecuzione corrisporn-
dente in modo assoluto a quanto scritto sulla
carta. Di fronte a due esecuozioni del medesimo
brano da parte di due diversi stumentisti si & in
grado (perlomeno chi ha |’orecchio pii
allenato) di distinguere un musicisia dall’aliro e
senza dubbio si trova molto pitt gradevole una
esecuzione che si discosti leggermente da
quanto scritto piuttosto che una esecuzione
“meccanica”. Il lavoro svolto in questo
progetto rappresenta un primo passo verso il
riconoscimento e la formalizzazione della
interpretazione musicale. Per la prima fase
sperimentale si & scelto di lavorare su file audio
ricavati dalla digitalizzazione di registrazioni di
brani per fianto solo; in una seconda fase
saranno considerati anche brani polifonici, e
infine, politimbrici. Con tecniche di
elaborazione del segnale digitale vengono
estratti dai file andio i seguenti parametri per
ciascuna nota [Moorer, 75]:

che vengono poi tradotti in accordo con il
protocollo MIDI (Musical Instruments Digital
Interface) [Anderson, B6], scelto in guanto
rappresenta sicuramente il linguaggio di
comunicazione musicale di maggior diffusione.
A causa delle limitazioni intrinseche del MIDI
[Loy, 85] [Moore, BE] si & deciso di produrre
anche una rappresenrazione grafica di guanto
analizzato, utilizzando un sistema a griglia
simile a quello di molti sequencer commerciali
e, per motivi di pure spazio fisico disponibile
su un monitor di un calcoiatore, ci si & limitad
al confronto di due sole esecuzioni alla volta.

2. L’applicazione Syrinx

L’applicazione Syrinx pud essere considerata
una sorta di traduttore da file audio a Standard
MIDI File. I due file audio in ingresso devono
essere nel formato Sound Designer II,
campionati con una frequenza di 44100 Hz, a
16 bit e possono essere sia monofonici sia
stereofonici (i file stereo vengono ridotii a
mono dalla applicazione mediante una semplice

- altezza, semisomma dei due campioni contemporanei),
- durata, L’elaborazione del segnale audio digitalizzato
- intensiti, viene effettvata senza uscire dal dominio del
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tempo attraverso I'applicazione della funzione oo

di aumcorrelamone [Rabmer 77]
-~ gy(m) = (I/N) Seeo, N-L [x(n+1)w(n)1
'con_' OsmSMo-'_l

che, apb!icaté' ad una finestra ampia 10

millisecondi (441 campioni nel nostro caso) .
della forma d’onda analizzata, presenta’il:

massimo assoluto all’inizio ed il primo
massimo  relativo

fondamentale presente nella finestra. Prima:,

perd di essere passato alla funzione di

autocorrelazione il segnale viene pretrattato.

attraverso le funzioni non lineari:

y(m) =cle[x(n)] =

sex(n)2Cp: [x(n)-Cr 1
se x(n)l < Cp: 0
sex(n)<Cp [x{m)+Cr 1
y(r) =clp{x(n)] = e
. -sex(my2Cpi D {i:) JOERES
seix(mMl<Cproo .
csex(n)sCro SEES {{1V IS
y(n) = sgn[x(n)}=
sex(n) = CL: 1
selx(m)l « Cy: 0
sex(n)sCr: -1

dove la soglia viene posta ugnale al 68 % del

pidl piccolo dei massimi assoluti del segnale: - -
nel primo e nell'ultimo terzo della finestra di -
analisi. Utilizzando gli output di queste e
funzioni e il segnale originale, si hanno quindi- - - -
dieci diverse. combinazioni: possibili. per: .

calcolare Ia funzione di autocorrelazione' :

T oxm e x(m)

2 sclelx(@m)) oo clc[x(n)]

3 clpfx(@)] - - clpEX(n)]

4 x(m).. oo . sgn[x@]

5  clex@m) . osgafx(@m] e
6 clplx(m)] - - sgnx(m)] -

7 x(n) cle[x(n)]

8 x(n): ciplx@® .
9 clpfx(m)]:: ¢ clelx(m)}: o
10 sgn[x(n)] sgn[x(n)]

Sper:menta!mente 8

cambiare questa scelta.:

Una volta ottenuto: un véttore dciie altezzc e's :
dell’energia, i dati ottenuti vengono organjzzati: ...
in una struttura.a 11sta in cm ciascun elememo o

& costituito da otto campiz - oo
- un pumamre atl! elememo successivo della

[x(n+l+m)(wn+m)]

2 v:slo che la.. o
combinazione numero. 10 & quella che fornisce i
migliori risultati e viene quindi utilizzata per:......
defanlt, ma I’utente volendo ha la possnbﬂnﬁ d1 o

T hsta ' _
T an puntatorealle]ememo precedenle delia

L r listag

. - ' l'altezza délla nota,

' 1a durata della nota (in millisecondi);
©irddiPmomento di inizio'della nota;

- il momento della fine della nota;
- un puntatore ad una lista con l'andamento’
_ deli'energia lungo ia durata della nota;

. un puntatore ad una lista con I'andamento

ad una . distanza. .. ...
corrispondente al periodo della frequenza:

delle deviazioni dalla frequenza base
.. lungo la durata della nota.

._ LB mformazmm CDSI orgamzzate VENgono

_ visualizzate sullo schermo attraverso due
griglie che possono rappresentare le altezze, il
volume oppure le deviazioni dalle altezze

" teoriche (Figura 1). Ciascuna griglia ha la

possibilita di scorrere e di essere
dilatata/contratta indipendentemente dafl'altra in
mode da facilitere il confronto fra le due

i esecuzioni. .

Scandendo Ia lista precedentememe costruita

* vengono anche generau gli Standard MIDI File '

- “delle dué esecuzioni analizzate. Viene qu1nd1

' _ prodotto un messaggm di Note On ogni volta

_che si passa ad un nuovo elemento della listaed '
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il valore di velocity associato al Note On viens
calcolato in base all'energia presente nel
segnale dopo la fase transitoria dell'attacco.
Poichg si & visto sperimentalmente che moduli
sonori diversi. presentano diverse funzioni
dell'energia in funzione del valore di key
velocity e che queste funzioni seguono
andamenti che non si possono- “definire’ né
lineari né esponenziali, si & scelto di mappare i

valori di energia e di key velocity in modo
lineare lasciando poi all'eventuale sintetizzatore
utilizzato per la riproduzione del MIDI file il.- - -

compito di interpretare secondo la sua logica
questi valori.. A questo: punto: & sorto i
problema che per: il flauto; come per tutti ghi

strumenti a fiato, il valore di velocity all'inizio ...
non & assolutamnente sufficiente per descrivere .
la dinamica della nota in. guanto ['interprete,: -
aumentando o dimi-noendo. la pressione del: . ...
fiato, pud aumentare o diminuire Uintensita:
all'interno.di- una singola nota.; Il protocollo -+

MIDI] fornisce, oltre al valore di key. velocity,:

solamente un- controller. che: va: ad agire sul
volume generale dello strumento (limitazione : i+
dovuta evidentiemente al fatto che il linguaggio. .
MIDI - & nato prevalentemente:.per: far . ..

comunicare tra loro strumenti a tastiera) per cui

si & deciso di-usare:uno: fra i-controller non::o0;
definiti "immagaz-zinande" l'informazione.

ottenuta: in: attesa: che. sia .possibile in futuro--

tradurla pit efficace-mente.- Per tappresentare e :.w0
deviazioni dalla frequenza: base:della nota & s
invece presente il controller del pitch-bend il -
cui valore viene quindi modificato con la:u:

risoluzione temporale decisa dall'utente.
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3.

Un esempio

Come esempio di applicazione di Syrinx si &
scelto di mostrare il confronto fra una
esecuzione meccanica di un brano e l'esecuzione
da parte di un interprete. I brano scelo & la
Allemande della "Suite per flauto solo” dello
autore francese del "200 Jean Francaix, e
precisamente le battute dalla numero 35 alla
numero 40 (Figura 2). L'interprete del brano &
la flautista austriaca Manuela Wiesler mentre
I'esecuzione meccanica & stata ottenuta
sfroiiando i due software commerciali Finale
2.6.1 e Performer 3.6.1 che hanno pilotato un
modulo scnoro YAMAHA TXB1Z di cui &
stata sfruttata {a voce preimpostata di flauto.
Finale, pur essendo un ottimo programma per
l'editoria musicale, non offre molte funzioni
per il controllo dei parametri MIDI per cui
traduce con valori di key velocity diversi i
segni di espressione 1ipo p, mp, ff, ecc. mentre
ignora le variazioni di tempo e lascia all'utente
il compito di definire come interpretare le
forcelle.

Non volendo introdurre decisiont arbitrarie si &
deciso di non definire questi valori rendendo
cosi l'esecuzione ancora piil meccanica. Le
batiute analizzate, seppur esigue come quantit,
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presentano variazioni sia di tempo sia di
dinamica a causa della presenza di un poco
accelerando alla battuta 35, di un poco poco al
tempo alla fine della battuta 38 e di variazioni
dinamiche che vanno dal piano deli'inizio della
battuta 35 e della fine della battuta 40 al forte
posto alla fine delfa battuta 37.

Sia dalla rappresentazione grafica (Figura 2) sia
dail'analisi dei MIDI file prodotti si pud notare
innanzi-tutto che I'esecuzigne umana risuita pid
lunga di circa un secondo e questo nonostante
la presenza dell'accelerando. Si deduce che il
tempo tenuto & pil lento di quello indicato
sullo spartito, ma quelle che pil sorprende ¢
pit appare evidente & la grande disparita di
durata fra note che teoricamente dovrebbero
essere identiche.

Per esempio la nota di un ottavo, che dalla
esecuzione meccanica risulta avere una durata
fissa di 435 millisecondi, pud anche durare 600
millisecondi come il 1a nelle battuta numero 35
oppure raggiungere una durata minima di 250
millisecondi come il re posto alla fine della
stessa battuta 35 che subisce quindi un deciso
accorciamento dovuto al protrarsi alirettanto
deciso della nota precedente La battuta numero




408 quella che dal punto di vista delle durate della durata di 1,65 secondi, il do naturale della -

presenta =il ‘comportamento pit distante i duraty di 90 millisecondiz et il do-diesis della oz '

© durata’ di 1,20 secondi. ‘Inoltre il passagglo dal
~-8i bemolle:: al ‘do. naturale ‘non’ avviene
= bmscamente ma attraverso un ponamemo ‘che
.- fa" apparire ‘ad un’‘certo punto frequenzc .
- comSpondenu al si nawrale :

dall'esecuzione meccanica: . Per effetto sia della -
scritta poco. paca al tempo sia della’ fine. della :
frase musicale, i temp1 SublSCOUO urn fiotevo
allungamento: per: cui si-incontrano il mi
bemolle deIIa du:ata di’l secondo, 11151_ bemo]le-

baccelerando . T
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Dat punlo d1 vnsta della dmamxca sinota - - dell'informazione: musicale simbolica pii..
immediatamente come nell'esecuzione. umana - completo del protocollo MIDI, che permettano - &
Ppill che in quella meccanica vengano utilizzati 1a completa wraduzione di tutte le informazioni
tutti i valori. dii key velocity. disponibili.... - . ricavate dall'analisi del segnale audm :
Mentre la macchina fa corrispondere al piano.. -
dell'inizio della battuta 35 il valore di.27; al. Blbhografla
forte della battuta 37 il valore di 60 ed al piano - - .. .
della battuta 40 il valore 27, 'esecuzione della . - [Andcrson 86} C Anderson MIDI far.- -
flautista presenta valori minimi di key velocity:. .-+ Musicians, AMSCO Pubhcauons 1986. - .
panaIS e.valori massimi pari a.110 ottenendo Sl [Loy,: 85]. G.. Loy: "Musicians Make a ...
un'escursione ben magglore. ok i Standard: The MIDI Phenomenon", Compurer: L
: ERIER T et o R S ER S Music Journal, Vol. 9, N. 4, 1985, .. . - EERTEn
sl b [Moore, 88] F. R. Moore: "The Dysfuncuons---

4. Svnluppi futurl ' of MIDI", Computer Muszc Joumal Vol 12, 0

' ' S N. 1, 1988... 5
Come gla accennato l‘anahs: pub essere estesa [Moorer,: ‘75] I A Moorer On h
da strumenti> monofonici - a:: strumenti o Segmentation. and. Analysis: of - Conrmuaus o
polifonici;. e-quindi: a: organici: strumentali, Musical Sound by Digital Camputer. Stanford - -
costringendo perd. all'utilizzo: di lecrniche: per:: oo University, 1975.
I'elaborazione del segnale digitale pii raffinate «+ [Rabiner; 77]- L. R. Rabmer “On the Use of-
della funzione di: autocorrelazione: utilizzata = Autocorrelation Analysis for Pitch Detection”, - -
finora. - Sicuri: miglioramenti:: potranno. poi:- ..o IEEE Transactions on Acoustics, Speech, and
venire dall'adozione di un.formato di codifica. - Signal Processing, Vol.25, N. 1, 1977 oo v
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Abstract

The problem of rhythm tapping, as location of musical bar limits, is very difficult because parameters can
change a lot and they can assume a very large number of combinations. We tried to solve the problem by
realizing a system which combines a sophisticated use of neural networks with usual numerical algorithms.
Neural networks have been used as elements of an array, called neural map. Using only the most important
parameters of @ note, this map suggests if a certain note Is at the beginning of a bar. It is interesting the fact
that neural map behaviour accords well to main results in psycho-cognitive studies about rhythm
understanding. The flow of input data (pitch and duration of each note) and of the outputs of the neural map
are processed by a sub-system that gets the absolute position of a past bar (phase) and its duration (period);
these informarions are enough 1o forecast if the note that is going to begin will be the first of a new bar.

1 Introduction
From the beginning, one of the main problems in
computer music has been, the right recognition of
musical scores from live performances. The
problem is very difficult because parameters can
change a lot and they can assume a very large
number of combinations. In many works researchers
tried to solve the problem in a simplified way. In all
of these works the two main challeges are:

e transformation of durations of performed notes in
musical durations (duration guantization); in this
case you have either to provide song tempo or to
extract it from the performance;

e Jocation of starting points and length of bars; this
implies the skill of recognizing musical accents
and, as a consequence, the recognition of the
rhythm.

The challenge of bar recognition has been faced by

numerous authors that vsed songs either transcribed

from the score or from performance (performance
could be quantized or not quantized). Longuet-

Higgins and Lee [1] and Povel and Essens [2] use

data from score. The main idea of Longuet-Higgins

and Lee's model is that listeners try to recognize the
thythm in order to minimize the nuomber of
syncopations, idea confirmed by various
experiments. Instead Povel and Essens affirm that
rhythmical analysis is belped by an internal clock,
and their model, realized by a compuler program,
calculates the clock period that is best induced by
input data. In Chung's model [3] there is not an
intermediate phase in which data are quantized; the

model proceeds directly from performance data to a

notation that is similar to standard musical notation,

and works in a strictly temporal way, so that it can

be a model of the process used by human listeners 1o

X1 Collaquio di Informatica Musicale - Bologna 1993
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find the rhythm. Rhythm perception is divided in
two processes. The first one assignes to each note an
importance parameter that resumes the properties of
a note (loudness, pitch, expressive timings, etc.),
influencing its interpretation as strong beat. The list
of importance parameters is passed to the metrical
hierarchization process that analyzes it in order to
build the rhythmical sequence. Other systems that
work directly from performances are described by
Katayose et al. [4], and by Allen and Dannenberg
[5]. Recently Rosenthal [6] published one of his
works that is realized as a program. This program
collects temporal positions of note attacks coming
from the performance; then it looks for series of
attacks equally spaced (potential rhythmic levels)
and ranks each one according to rules that
correspond to how human listeners choose rhythmic
interpretations. Top ranked interpretation is taken
as the right one. In this work we consider the
following requirements:

s real-time rhythm recognition in performances;

© score generation;

e use of neural networks,

The necessity of real-time working influenced
structure and code of algorithms. For score
generation we needed a quantization of input data.
Newral networks have already been used for note
quantization [7] but they have been mainly applied
in the field of topal harmony.

We noted that we do not need vsing those systems
for quantization, because we can put together
traditional algorithms with goed performances. On
the contrary we must find out starting points of
bars, which comresponds to particular musical
accents, and we implemented it with neural
networks. Our choice was justified by the wide data
range angd by the numerous non-linear relationship




among data. !ufact typlcal charactenstlcs of neural ¢ ¢

networks are robustess, flexibility, and ability to.
learn non-linear relationship. As durations, we use’:
temporal distances between two successive attacks.
(MIDI command: Note On) in hundredths of second -

because in our conception of rhythm only’ attack

times are important, we do not consider notes with

legato or followed by a pause (Johson-Laird [8]). As
loudness we use  the: Key: Velocity . (3 MIDI:: 7

parameter) that comes with note attack. Durations: :

are then quantized and stored also as durations in

32th which will be called QD (Quantized
Durations). Loudnesses and durations are processed *
~ and proposed to the neural map together with QD of -~

last: but one note.: The map- output represents the -
possibility that the present-note is the first one of a - ©

bar;- concept: similar to’ that' one: of salience . [6]:

Salience values, supported by other data structures,

allow anothermodule (Phapér:: phase:and period:
finder) to compute: the: absolute’ position of a whole +

bar(phase), ‘and' the: bar length (period). that best: -

approximates collected : data.: After: that- we can
forecast if the next uote will bc the ﬁrst one of the
next bar

2 The Neural Map

The starting idea to build this modu!e was Chung 5
work [3]. In his model Chung assignes to each note
a parameter resuming the chamctenstlcs that make
the note sounding as a strong beat. This parameter

is computed ina heunstlc way from loudness, pitch,
expressive tumngs etc. We substituted heuristic
computation with a ncural network because the first
ori¢ seemed 100 much pecul:ar Infact the main

characteristic of supervised neural networks (used

here) is to fit also complex non-linear relationship

by only presentmg a series of exampies Shaffer et
al. [9] say that, since metrical sequénces are directly

determined, they are better predictors than melodic
rhythm in synchromzmg dance, clapping or other_
musicians' performance, because they can be
extracted from the superficial rhythm - of “the

execution. On the other hand Clarke [10] concludes
that effects deriving from ‘melodic changes in tonal
melodies are marginal in comparison ‘with those

produced by the metric change: So, from ‘these

indications::and - from personal experiments; we
decided not to take pitch into account because it has

only:a little influence; Analysis of piano executions;
revealed that events in strong: metrical positions can -
be emphasized by playing the first event in each bar:..
louder, longer, and more legato: (Drake and:Palmer:-
[11])::In theory,: to: understand : metrical: structure,
note” durations should:-be - enough; . in:the: reality;
there are: manyambiguous::situations;:: Numerous:
studies about rhythm perception found-that loudness::
differences suggest beat positions: reliably: (Sloboda:

[12], Hande! [13], Nomis and Rosenthal [14]), while::

MIDI data from piano:executions:don't: show: that

strong beats' are: reliably - played' louder. " So,  as

_ Rosehthal Suggests [6], infomiationé about loudness .

should not be ignored, but used judiciously. We will

“ consider only duration'and. Toudness of notes. From
‘examined studies we understood that it is not

important the absolute value of a parameter, but its

- value in relation with temporally near ones, that is-
the previous note and the next one. So we need a

situation with a present note (N0), a future one (FN)
and a past one' (PN1): Sirice our system has to work

-in: real-time, we only have temporally past notes.

Therefore we consider the last but one note as
present note, the Jast one as future and the others as

past ones. In this way the neural map will give a
* result about the last but one input note. In order o~
‘reduce; the  chance: of: - egual inputs- and -improve

network’ training, we ‘considered also another past -

" note (PN2); the one before PN1. The map has been-*

built with':
Perceptron;-

‘neural - networks - as -
trained

multi-layer.
using-*:- Back-Prapagation-

-algorithm. As we said before; we do not consider
- absolute- values of parameters;: but their values in-
*+ comparison with the center note (NO). So we used:

ratios of each parameter with its correspondent of
NO, resulting in 3 values for duration and 3 for
loudoess. One of the most difficult problem in using -
this kind of networks is the normalization of input
values; because- their range is’ often very farge. We
did not find any peneric approach io this problem
and so one of the authors designed method that gave
very good results: the MFMS (More Frequent More
Sensitive) coding: This coding has more precision
where data’ are ‘more frequent: In this way we can '
better distinguish: data - éxactly - where they - are
concentrated-and - avoid - ambiguous situations.: As -
examples we-'chose 11 songs transcribed: from the
corresponding ‘score: but- with loudnesses coming
from real performances. Songs have been chosen so
that they are various for age and mausical style and
they offer a large outline. We obtained over 1200
examples and they caused numerous problems. A
first problem was the input congruency. . This
concept means that a neural netwark, as a function,
given. a_certain :input,. can. have only: one output.
configuration; The problem has been solved with a -
specific. program  which,. among . examples - with-.
equal inputs: and different outputs, keeps: only that:
one with the more. frequent. output pattern.. After ..
this:. first. processing . the. number of . examples
remained over one thousand. At the beginning we
tried generic networks with 6 inputs, 1 output and 1.
or. 2 hidden layers, but.we noticed a considerable -
computational .charge: and - the . impossibility . to.
converge .of the. networks.. We : thought. that. this..
behaviour: derved: from: the. fact: that inputs. are..-
ratios: which do not take into account the absolute . :
values:: the. same - ratio: situation . is. not the same.
thing; when NO.is. a quaver or a- dcmlscnuquaver
This gave: the. idea to apply the “divide et impera”. .
technique;: well known -in. signal. processing - field - .
(FFT). So the. training examples. have been divided . -
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PN2
Fig. 1 Topology of used neural nerworks.

PN1

according to the NO duration expressed in 32th: we
found 9 groups of durations (1, 2, 3, 4, 6, 8, 16, 32).
Since each group consisted of no more then 378
examples, we were able to use smaller networks. In
order to further reduce the computatonal charge,
we used a specific network topology (see fig. 1): not
anymore 6 contemporary inputs, but only the 4 ones
concerning past notes (PN1, PN2) are pre-processed
by a set of neurons (semilayer) which are at the
same level of inputs regarding future notes. The real
map is composed by a vector of elements (one for
each 32 durations) which can be:
e a neural network {durations 1, 2, 3, 4, 6, &, 12,
16);
¢ a fixed value (duration 32 with value 0.9);
 an interpoled value (other durations).
From a mathematical point of view the map can be
considered a function from a subset of R®
(0.1,0.91° to the interval [0.0,1.0]; this function is
clearly not linear and therefore an analytical
description is nearly impossible . In these cases
people often use a look-up table and find the data
not in the table with an interpolation algorithm. If
we keep present that the map has a correctmess of
97.97 %, comparing it with a normal look-up table
we can draw two great advantages:
o a data compression of about 26 times;
¢ "autornatic” interpolation of input data not present
in examples,
In order to do subsequent experiments we chose
other 10 “"check” songs among classical, and
popular musics.

3 The Duration Quantizer

Score performance is never the simple mechanical
translation of symbols into sounds with a certain
pitch duration and loudness. Even agogique
indications (allargando, riterendo, accelerando,
etc.), dynamical symbols (ppp. mp, fif, etc.) and
expression symbols (legature, staccato, poriato, etc.)
coded in the musical grammar do not give a precise
indication about how to generate those effects. If
you add unavoidable microvariations of duration
and loudness from nominal values, that are typical
of personal performance style, you can understand
how much a performance can deviate from its score.
A determinant step toward note  duration
quantization is getting the right song speed. Speed
could be inserted in beats per minute (bpm), but it

Brano % ON | % OFF | % TOT
Musical moment (Schubert) 16.67 85.96 69.33
Minueno from "Orfeo” 50.00 100.00 85.96
Waltz from "Der Freischutz" 61.11 98.67 91.40
Sad sonp (Caijkovskji) 33.33 950.91 75.96
Reverie (Schumann) 0.00 85.39 69.72
Toast from "La Traviata” 23.33 92.31 67.07
Funicul? funicula (Denza) 7059  63.16] 6593
(Casta diva from "Norma"™ 57.14 90.98 87.50
Prima carczza (De Crescenzo) | 100.00|  96.40 96.92
La Palomz (de Yradier) 42,31 82.06 75,56

Tab, 1 System performance with check songs. Percents of
correciness in forecasting.!

% ON  notes starting bars,

% OFF  notes not starting bars;

% TOT  all the notes.

would be restrictive for executors. We tried to find
out a methed as automatic as possible. In fact, our
algorithm asks, at the beginning of a performance,
to choose among three metronome ranges.
Furthermore the algorithm uses a moving average
mechanism which let the system follows also little
speed variations.

4 Phase and Period Search

The modules previously described give the flow of
possible accents with a one-note delay. In this
subsystem we took our ideas from works by Chafe t
al. [15], and Rosenthal [6]. In their work, Chafe et
al, introduced the concept of anchorage: the
metrical structure of a song is anchored, and
determined by accents in it. Theoretically this lets
you find perfectly metrical structure, but in the
reality, or better in computer music, accents can be
found only within a certain approximation. In our
work we consider as anchorage a temporal position
corresponding to a high output of the neural map.

- As a consequence we have three kinds of
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anchorage:
e true anchorage: given anchorage comesponds to
an accent;
o false anchorage: anchorage does not correspond io
an accent;
¢ ghost anchorage: anchorage has not been found
but there is an accent.
So we need algorithms that eliminate false
anchorages and interpolate the ghost omes. We
define also IAI (Inter Anchorage Interval) as the
time interval between two subsequent anchorages.
In this work we are intefested in finding phase and
period of a song. With phase we mean the instant
when a whole bar starts; period is the duration of &
generic bar, that is the bar time. During an
execution, from the list of pointed out anchorages
we can extract hypothesis (phase, period)
representing  possible  interpretations.  These
interpretations are ranked as in Rosenthal [6], but
here ranking is based on a "score™ computed from
frequencies of coincidence of anchorages with the
current hypothesis. The interpretation with higher
score or, with same scores, with longer period is



chosen ‘as current mterpretatron Accordmg to_ L
Palmer and Krumhausl [16]; :"in “order that'a.’ .
metrical level (or a. temporal- penodrcrty among:_--.‘ :
events with same accent strength) 1s recogmzed ina :_?' :
musical composition, it is necessary that a sufficient .~
number of subsequent (adjacent) beats are played at i
that ‘level". So it is. oot enough a period: repeated
many times in‘a song, but it is also necessary to - .

have subsequeut repetitions.

We: developed a

mechanism with two hypothiesis (phase. period): the

- current 'one, used for predrchon, and the substitution
one, changing continuously in. time. For each :

hypothesis, if the map confirms the forecasted beata *

posteriori, then a counter is increased by the relative -

period, otherwise is decreased by the.same valve. ..
When the two counters show that current hypothesis. .

is not valid anymore and that the substitution one.:

behaves better, substltuhon hypothesas becomes: the .

current one,:. Usmg a. COU[ltBl'

a . hypothesis. -

conﬁnned for enouuh trme remams va]rd evenifit..
is ‘denied for a short time. With. the :above- ..

mentioned algorithm it is possible to have phase
and period evaluations updated to. the last but one

note and therefore valid for’ future forecastmg In

fact, from those valués and an elapsed time counter,

itis srmple to forecast rf next note wrll be accented

5 Algorrthm Apphcatron o

Concepts expressed in previous chap'ters have been_ |

implemented in_ suitable libraries and they have

been. used to create. two. versions. of a_graphical.

prograru called. TAPPER The ﬁrst version . of the ...
program (GTAP) get data from a file, and allowed ..

algorithm ehecldng and parameters tuning. ‘With.

songs used in neural network . training, the neural . -
map obviously behaves nearly perfectly (98%) and

the whole system recognizes phase and period

correctly. With "check” songs (see tab. 1), wrth half

of them we obtain good percent of correctness (2:

50%) on every kind of notes, but bar recognition is

not so satisfactory. These “not ‘good perforrnances
can be attribute to the following facts:

a) examples for neural networks tramrng should be'
expectally about o

chosen more carefully,
srtuatrons contzunecl in them;"

b)

sometimes in‘a song the prooram does not find

enough elements to drstmuursh amcng muluple

values of the bar length;

¢) bar begmnmgs fallmg dunng a note are not

revealed

On the contrary the second version of the progrnm_'_ i
(MTAP) has been conceived for real-time analysis
through a MIDI mterface MTAP gets MIDI data
from a group of input channels and, after decoding
them, applres ‘them o algonthms. forecasted’ bar_ o
startings are ‘sent in output to a MIDI channel a5
rhythmical sequence. The use of events scheduling
allowed parucularly to eliminate the behaviour seen”
in the previous c)’ pomt and therefore to rmprove o

system performances '

6 Conclusrons - :
The problem of real-ume rhythm recogrutron is.
complex but, with other authors' suggestions and
the original idea of the neural map, we succeeded in
building a system that tries to solve it in the best’
way possible. In fact we tried to use neural networks .

where they are really nseful, that is to simulate the

complex: mechanism  of ' rhythmical accents

recognition Numerical algorithms" succeeded well

in the other tasks. During the creation of each
system block we kept in mind numerous results of
cognitive: psychology researches and, “as "a
consequence, we note’ that “our system behaves )
sumlarly to human mechamsms, and we can take it
as an approximated model of those behaviours. In
particular ‘it is interesting. to notice that from
copnitive psychology we drew only startmg ideas -
and not psychoﬁsrologrcal mechamsrns that allow
the " recognition " of * rhythmical ‘accents.” These

mechanisms have been "extracted" automatrcally by

neural networks during their training “and “using o
only duratlon and loudness of each musncal note ’
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Abstract

The object of this description are the development and implementation of a model based on an architecture able o
imitate the processes performed in the human auditory system in order to recognize and classify sounds.

This paper is intended 1o revise a system presented at the X ¢, the approach of which proved to be inadequate to reach
the biological capability of distinguishing a sound source (typically a musical instrument) from noisy backgrounds
which can not be defined in terms of quantities typical of the signal theory (frequency, amplitude, correlation...),

Most models developed in literature
properties of synthesis of tone completion

treat either the anal

ytical properties of peripheral auditory system or the
processes. Such processes have rarely been integrated. The SOUL (Self
Organizing Universal Listener) system, instead, emnploys neural nets whose input data

are high-level features extracted

from devices modelling the human ear. Such devices employ output information produced by an algorithm (proposed

by E. Terhardt) which simulates the tone completion processes. This information

is used to perform an adaptive

filtering by making recourse to a bank of variable central frequency filters, the form of which derived from L. Van

Immerseel e ].P Marteens’s studies.

1. Introduzione

I problemi principali da risolvere progettando sistemni di ricono-
scimento riguardanoc di solito lo sviluppo di algoritmi in grado di
estrarre caratteristiche “ad alto livello” dall'input, nel nostro
€aso consistente in suoni rappresentati da sequenze di campioni
binari a 16 bit. §i & in particolare dovuto affrontare il problema
di formalizzare dei concetti di “timbro” e “pitch”,

Come & nolo il timbro pud essere descritto matematicamente
da un vettore contenente le ampiezze delle varie armoniche, Da
un punlo di vista pisicoacustico, & invece quella proprieta di un
suono che determina nell'ascoltatore una data sensazione di
qualiia (“colore™),

E risaputo che tali due definizioni sono #n contrasto tra loro,
in quanto fimbri che dal punto di vista psicoacustico pos-
Sono essere considerali identici sono assolutamente diversi
JSisicamente. Ciononostante, il sistema uditivo & in grado con
apparente facilii di trovare nei suoni provenienti dallo stesso
tipo di strumento delle caratteristiche comuni che sembrano
sfupgire ad un'analisi matematica.

Molto & stato scritto in letteratura su come l'informazione
proveniente dall'inviluppo possa alutare: ho eseguito per verifica
un esperimento facendo ascoltare a persone dotate di orecchio
non allenato solo la fase di “sustain” di tre strumenti: pianoforte
Steinway, pianoforte Bechstein, tromba. Ebbene: 13 totaliti dei
sogpetti ba suddiviso corretiamente i suoni in due dassi {a
classe “pianoforte” e la classe “tromba™), sebbene, salvo
qualche eccezione, non sia riuscita a stabilire di quali
sirumenti si irafiasse.

Sembra dunque che I'assenza d'inviluppo ostacoli solamente la
connessione tra percezione e base di conoscenza acquisita, ma
che non ostacoli Il processo di raggruppamento e classificazione
di un dato insieme di timbri.

Appare quindi chiaro che I chiave di soluzione del problema
risieda nella deterrninazione di quelle proprieti dei timbri che
sfuggono a un'analisi raternatica, ma che sono molto ben indi-
viduate dal sistema uditivo. Per rendere un caleolatore in grado
di eseguire una siffatta classificazione occorreri un approccio
non tanto matematico quanto il pilt possibile antropomorfo.

Il primo problema & stato rendere la risposta del sistena
Invariante rispetto alla nota eseguita dallo strumento,
nonostarite il contenuto armonico cambi in funzione di essa.
Tale processo consiste nella formalizzazione del concetto di
“pitch” e nella sua determinazione. Dal punto di visia psico-
acustico, il “pitch” non & altro che la sensazione di “altezza” che
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un dato suono armonico genera nel nostro apparato uditivo, [
misurato in “uniti di pitch” e definito come 1l valore numerico
delta frequenza di una sinusoide pura avente intensita pari ad
un livello di pressione sonora di 40 dB.

A causa di questa definizione si tende spesso a confondere il
concetto di “pitch” associato ad un dato suono con guello di
“irequenza del suono”. Cié non & corretto, in guanto;

1. Non ha senso associare una frequenza ad un suono non
sinusoidale, composto dunque da pils frequenze.

2. Non ha neppure senso considerare il pitch come Ia
frequenza piu bassa tra quelle che compongono il suono
in questione, dal momento che 1l nostro orecchio pud fornire
sensazioni di pilch che in certi casi (pitch “virtuale”, o rico-
struzione della fondamentale mancants) non corrispondono
ad alcuna frequenza fisicamente presente nel suono
percepito, come & stato dimostrato dagii studi di E. Terhardt.

3. Una stessa sinusoide pura pud evocare sensazioni di pitch
different! secondo il suo livello d'intensit sonora ed a
seconda che siano presenti o meno altri stimoli sonori
strultanei (“masking”).

Dal punto di vista matematico, cid che si awicina di pilr al
concetlo di pitch & l'inverso del periodo di una forma d'enda.
Questa definizione non & tuitavia applicabile &l caso pratieo, in
quanto un suono reale & una forma d'onda continuamente
affetta da svariate imprecisioni rispetto alla formulazione teorica,
che non permettono 'utilizzo di un approccio matematico, Tra
le plli rilevanti possono essere citate:

¥ Micro-variazioni nel periodo della forrna d'onda che, non
essendo percepibili dal sistema uditivo umano, non
influenzano la sensazione di pitch prodotta dal suono.

v Armoniche I cui frequenza non coincide esatiarnente con
un multiplo della fondamentale, ma se ne discosta di
minime quantiti, :

Vi & infine un ultimo fattore da considerare: essendo il pitch un
prodotio del sistema uditivo, questo pud essere percepito solo
quando il suo valore rientra nel range di udibilita
defl'orecchio. 1 risultato di cid & che una serie di sinusoidi, pur
aventi frequenze comprese nel range 2020000 Hz, potrebbe
essere lale da formare un'onda sonora #f cui periodo & molto pitle
lungo di 1/20 Hz. In 1al caso Fascoliatore, pur udendo i suano,
non riuscird ad associargll alcuna intonazione. Si parla in 1a]
caso di “residui anarmonici”,




2. Ii sistema SOUL

Nell'elenico seguente sono ﬁssale a]cune del!e imee gunda c.he sigl

cereato di seguire durante o sviluppo del sisterna. Esse sono:

tive a suoni emessi dz strumenti diversi, messedeveessem E

tutta Finformazione necessariaad effettiiare la distinzione.

informazione (da una FFT infatti si pud sempre riottenere il

suono originario mediante antitrasformazione), per cui do-o

spettro di un suono contiene tutta I'nformazione originaria.

3. Lo spettro d’un suono contiene molta piit informazione dl:. .
quanta .ne occorre (né esisté, d'allrd parte, un_ computer .

o Lo s!udm accurato delle: pmb!ermnche che stanno dietro a Lah
. puntl. ha condotto. ad. sistema. strutturato come in fig. 1. Esso
“pud suddividersi essenzialmente in tre moduli principali: -

1. Poiché una persaria distingue tra sequenze di campiont re]a- o :_.1. Prq)mcesmng, che acquisisce 1l suorio reale mediante cam-

* pionamento, normalizzazione ed analisi in frequenza. In

.. uscita fornisce un, vettore rappresentante il modulo dello -

o spettro d'ampiezza del suono normalizzato 2l valore max.

2. l'analisi in ﬁ'eqUEﬂ?B non di luDED ad aleuna’ pEfd“ﬂ dl'. i 2 tn TﬂOdEHO dEH'Ol'ECd'llO che simuka il COmPOﬂﬂﬂﬂEﬂ[O dE]

sisterna uditivo periferico (orecchio esterno, medio e intermo). -

"3, Una rete neurake, che simula il comportanento dei[a parie.

* centrale del smtema udluvo (curteccm uditwa)

Tl Cﬁpllﬂll seguentl wnlengono l¢ descrizioni del ﬁmzmnamemo e

abbastanza polente da poter ricevere come input di una rete .
neurale & migliaia di eampioni che costituiscono una FFT):.. ...

occorre pertanto riuscire ad estrarre solo | dati “rilevanti”. .

che awiene nell'orecchio umano. :

5. 1 sistemna finale deve poter “riconoscere” strurnéfiti musicali

suonanti’ niote singole ossla’ deve éssere’ in' grado di rag-
gruppare in un'tnica classe note diverse suonate dallo stesso =

strumento o da strumenti differenti ma dello stesso tipo.

6. 1 riconoscimento dovrebbe prefenbllmeme awenire anche in

condizioni “rumorose”, ossia quando il sueno emesso dallo

strumento da classiﬂcare & mescolato con alfri suoni 0'

rumon qualsiasi che nmsdlmno pmialrmnte il segnale

Delerminazions spetiro §
[+ ampaezza medianta |
gantmo di F.F.T::

‘Estraziona del piich

Modeikl i

dell orecchio Eslrazions faatires

Connscem.a : o
mequisita . . o o -

' Arandjmmtn .:':

Fig. 1: Slruttura a blocchl dal slslema SDUL

del}e problemanche relative ad ogni smgo[o blocco. .

s 2. 1 Acqu:snzmne dei segnah
4, Thlepmcessodlestramnedaemﬂfcmmﬂplu possihzlea Cido e

Si & optato-in. SOUL per una rappresenlzzlone a 16 hn per
limitare al massimo la distorsione da errore di quantizzazione.

o Per quanto riguarda il campionamento; 3 soluzione ideale sa-

rebbe stata usare la frequenza standard di 44100 Hz utilizzata
nei CD audio; che garantisce la ricostruzione di tutte lé cornpo-
nenti del segnale percepibili dal sistema uditivo umano: Tale so-

luzione si 2 rivelata perd troppo onerosa, sia per l'occupazione di . -

spazio su disco dei file contenenti | campioni sia per 'aumento
eccessivo del dati da trattare (specialmente nella FET). 8i &
d'alira parte constatato che apparecchi per la riproduzione del
suono non ‘ad “alta fedeltd” (radioline AM, telefoni, ecc. ), pur
avendo bande passanti molto limitate, non ostamlano significati-
vamente il riconoscimento di uno strufmento musicale da parte
del sisternia uditivo. * Si & allora concluso che un'esiesa banda
passante non fosse fondamentale per, un buon cumportamemo _
del sistema in fase di riconoscimento, per cui si € scelto di
ulilizzare una frequema di camplonanmto pan a 22050 Hz.

2.3 ' Scelta del 'Ik'ammg Set -

11 problermia da risolvere & stato dmmvm'e esaunentememe ogni
classe ‘con un numero- di- esempl limitato: Pocciipazione di
spazio disco e il tempo materiale pér éseguire l’acquisizmne :
sconsigliavano Puso di un Training Set costituito da pidl di un
centinalo di suoni. Gl expander a disposizione (Roland U-220;
E-MU Proteus; Akai S900). contenevane inolire’ un ristretio
nurmero di suoni diversi per ciascun tipo-di strumento musicale, -
per cui il camplonario disponibile era piuttosto limitato. .
Tenuto conto di <id, si & deciso d'utllizzare un Training Set com-
posto da esempi di cinque ciassi di strumenti ben dlslinguihﬂl

1. Bassi elettricl ed acustici plmcaﬁ (18 esempi)
2. Piarofort {15 esemnpi} ©
3, Strurmenti ad arco (9 esempl)
4. Sassofoni @mnpi)
5. Ottont (27 esampi) . _
Ogni strumento & staio ar,qutsito tre volie, nellatio di Suonare -
rispettivamente le note: Dol Fal e Sil. Sono statl aequisiti. -
inoltre alcuni suoni di test, emessi da strument] appartenenti ad -
una delle classi sopra cifate, “sporcatt” con rumpri di sottofondo -
(altri strument!, percussioni, ecc.). Per Facquisizione ¢l si 8.
serviti di una scheda sonora Sound Blaster AWE: 32, stahilendo..
che ogni file sonoro dovesse rispetiare Je seguentl specifictie: .. -
¥ 11 suono va registrato al massimo volurme possibile senza che
. insorgano_fenomeni. di-“clipping”, cosi: da sfruttare tutta:
informazione disponibile nella dinamica 2 16 bit: 0
v |f stiono deve essere. complelo: devono; cioé essere’ presenti::
tutte. fe fast dellinviluppo; dall'attack:al release.1a fase di -
anack deve esaurirst entro'il campione:N° 5000 e quella di o
sustaln deve avere durata minima di 16384 carnpioni. =7
v La lisnghezza“del file” deve ‘essere sfruttata al massimo, per -
- otienere il miglior rapporto’ possibile' tra mole di dati da~
elaharise ed informaziode eﬂ'etﬂvamente pmc&;sa!a R
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2.3 Analisi in frequenza

Lalgoritmo di FFT é stato implementato con particolart accorgi-
menti che hanno permesso di minimizzare i tempi di calcok.
La forma della finestra temporake adottaia & quella di Hanning,
poiché & risultata la pid efficiente nell'evidenziare 1 picchi dovuti
alle componenti armeniche del segnale.

2.4 Filtraggio
Seguendo le indicazioni di Van Immerseel, i3 trasmissione
sonora di un segnale attraverso la catena esterna e media
dell'orecchio & stata modellata con un filtro passa basso del
secondo ordine avente una frequenza di risonanza di 4 kHz.
La coclea & Invece modellata essenzialmente da un banco di
filtri passa banda, le cui frequenze centrali non sono perd
spaziate in maniera equidistante. Si & ritenuto allora utile
definire una unitd di misura, detta unita di banda critica,
(Terhardt 1980) rispetto alla quale le frequenze centrali dei filtri
fossero distribuite in maniera equidistante. 1l range di
frequenze per le quall un dato filtro viene eccitato prende il
nome di banda critica relativa 2! filtro in questione. 11 mapping
tra frequenze f (in kHz) e unitd di banda critica # risulia, da
dati sperimentali, essere ben approssimato dalla funzione:
) {11.823m[g(1.21f) S £15kHz
1 =

SIn(f /15)+1261 S >15kHz

Tale formula permette di calcolare quale filtro andri a risuonare
sotto lo stimolo di una data frequenza f.

Per essere in accordo con i datl psicofisici sperimentali, 1 filiri
passa banda hanno le seguenti caratteristiche;

¥" una risposta compresa tra +0dB + -3dB nel range di
frequenze in eut il filtro & quelko che risuona ptil forte.

v una pendenza di circa 10 dB/unitd di banda critica dal lato
delle basse frequenze e di circa 20 dB/unit3 di banda eritica
dal lato delle alte frequenze,

Linnovativita del sisterna consta futtavia ne! fatio che nom tutti i
filiri si attivano contemperaneamente in presenza del
segnale in ingresso: si & infatti ipotizzata la possibiliti che
processt conascitivi derivanti da fenomeni d’apprendimento
possano influenzare {a risposta dei singeli filiri del banco
cocleare. In particolare, ad es., ka continua esperienza uditiva
di suoni di tipo armonico potrebbe generare nell'ascoltatore
un meccanismo che, non appena venga individuato il pilch
del suono percepito, predisponga il sistema z *udire”
usando in particolar modo, tra tutti i filtri disponibili nellz
coclea, quelli la cui distanza in frequenza corrisponde z
quella presente tra le componenti di una serie armonica.

Cid che si & fatto in SOUL & proprio il simulare V'attivazione solo
di quei filtri che si trovano esattamente in corrispon-
denza dei punti dove dovrebbero trovarsi la fondamen-
tale del suono e le sue armoniche. Per fare cfd occorre
ovwidmenle conoscere preventivamente quale sia il “pitch™ del
suono in input: a questo provvede I modulo deseritto di seguit,

2.5 Estrazione del pitch

La procedura & basata sulla teoria del piich virtuale (Terhardt,
1974), ed in particokare sul principio che la percezione del pich
dipende sia da un ascolio analitico (generante un pitch spettrals)
che da uno a pit alto livello (generante un plich virtuale),

La pil o meno ambigua percezione def plich governata da questi
due tipi di ascolto & descritta da due corrispondenti piteh pat-
tern; spettrale e virtuale, consistenti ognuno in 8 valori di pitch,
cul sono associati B pest corrispondent], tenent! conto della
relativa “predominanza” di ctascuno degli 8 pitch. 11 patiern di
pltch spettrali & determinalo medtante un'analisi spettrale, una
estrazione delle component! tonall, una valutazione di effen! di
mmutuo mascheramenio e un agpiustamento def pesi In accordo
col principio della dominanza spettrale, mentre il pattern dej
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pitch virtuali & ottenuto da quello dei pitch spettrali mediante un
algoritmo di stima della coincidenza dei subarmonici. Al
termine di questo calcolo, il pitch (spettrale o virtuale) avente il
peso pill elevalo sard assunto essere “i” pitch del sueno in
ingresso. Lalgoritrno & descritto in (Terhardt et al., 1982).

2.6 La rete neurale auto-organizzante

[l banco di filtrl adattivi, opportunamente pilotati dal medulo di

determinazione del pitch, estraggono dungue ke feature ad alto

livello, rappresentate nefla fattispecie dalle potenze in uscita dai
dieci filtri che si trovano in corrispondenza delle diect prime
armoniche del suono in input.

Poiché non & noto a priori come elaborare certe informazioni, e

st vuole in un cerio senso che la rete “scopra” da sola concetti

interessantl in una popolazione di dati non strutturati, si & opta-

1o per l'utilizzo di una rete “auto organizzante”, facente dunque

uso di un algoritmo di learning di tipo nen supervisionato,

E stato scelto I'algoritmo di Kohonen, sia per Ia sua semplicitd,

sia per la possibilitd che offriva di testare immediatamente,

senza sviluppare algoritird complessi di cui non era dimostrata

Vefficacia, la bonta del modello dell’orecchio implementato.

In 8OUL si & optato, in mancarza d'indizi specifici riguardanti

la dimensionaliti dello spazio dei timbri, per una rete bidimen-

sioniale, Sono state effettuate in particolare le seguenti seelte:

1. 1l criterio di vicinanza topologica per la definizione della bolla
di attivazione & di tipo euclideo e Ia bolla & di forma sferica.

2. Sono definiti due valori max e min sia per il tasso di appren-
dimento ¢t che per Il raggio delta bolla di attivazione r ed i
valori di o (?) e di r(#) vengono fatti diminuire
linezrmente tra max e min durante il ciclo di learning.

3. 1valori di min e di max per o sono stati fissati 2 0.2 e 0.8,
mentre quelli per il raggio della bolla sono stati fissati rispel-
tivarnente a 0 e alla ptd grande tra le dimensioni della rete.

3. Risultati ottenuti

Nella fig. 2 & riportato un esempio di mapping. Ogni cellz
rappresenta un nieurone della rete. Le sigle nelle caselle
corrispondono & nomi dei file “wav” contenenti i suoni
utilizzati nel training set. E utilizzata Ia seguente convenzione:

=+ Le prime tre iettere indicano il tipo di strumento, e sono:
“bas” — basso; “str” — strumento ad arco
“trp™ — tromba “pno”~+ pianoforte;
“sax” —+ sassofono “trb™ — 1rombone

=+ la quarta lettera indica il sintstizzatore da cui & stato
effettualo il campionamento:
“p" — E-MU Proteus “u™ — Roland U-110

= e due cifre successive indicano il preset interno ai moduli
di sintesi sonora da cul & stato effettuato if campionamento.

= Le ultime letiere indicano la nota esegufta dallo strumento.

Come si pud notare, la clusterizzazione ottenuta nello spazio di
uscita & soddisfacente, eccetto per due soli campiont, une di sax
e uno di violoncello, i quali vanno a mapparsi in zone
“estranee” al loro gruppo di appartenenza. In conseguenza di
tale clusterizzazione, Ia percentuale di riconoscimento & molto
buona. Tutl 1 campioni del training set sono naturalmente
riconosciutl. Per ottenere unz stima delle prestazioni del
sisterna, sono statl condotti 1 seguenti esperimenti:

1. E stata ripetuta piil volte la fase di apprendimento usando
ogni volta un training set in cui era escluso, a turno,
ciascuno dei 78 campioni utllizzatl. Tale campione era poi
presentato alla rete come suono incognilo da classificare,
Cosi facendo st sono oftenute 71 classificazioni corrette e 7
errate. Due di quesie ultime si riferiscono ai due campioni
sopra citai (STRUG7sI e saxP11651), mentre i rimanent! si
riferiscono tutti a campiond che in fig. 2 si trovano in zone
“di confine™ (PNOPO3SE, PNOUOTEA, PNOPO4EA & TRBP23SL).




2 Sono stall utlizati 15 campioni incognit, tre per ogntina 4 Osservazlom € commentl zu rzsultatl

* delle cinque classi;’ acquisiti dalfAkai: 5-900: {il training set:. .
. provierie-tutio dal Roland U-110-e. dallE-Mu-Proteus). - 11 .l. Dalla’ distribizicne’ dei’ tiriibri nello spazio di uscita sinota

; mﬁar&uﬁwnglﬁﬂﬁ:g;{m@w 13 carnplonl e basst; mentre I cluster relativo al pianoforte si presenta

: “ spesso - di: forma allungatd; a*volie addirittiira: divisa in-dug:
3. 951;0:;.;5}1 c&]ﬂéﬂlg:il ;u_d% i as,longgr]l[go gt)spesollm stallé E “softocluster”, a conferma della complessita armonica di

to tipo di strumento.
... u, colpo di pMeunaccordodl dlltan-aelenncaperogni;_ ques : .
. campione). Dei 30 campioni cosi ottenuti, il sistema 3 Smj 2. Chiaramenta i problemi di riconosctmento si: hannn sopral—-

i in grado di nconosceme 24 &llendo in 5 casi o  tutto nelle regioni di transizione tra una classe ed un'altra.
Un interessante- risultato. consiste comunque nel. fatto- che m'- + Linfluenza: delle: zone “perime m!!"' & piutiosto. marcaa a:
tutti i cast, anche quelli in cui la classificazione & stata errata, il - causa del limitato numero di campioni del training set.- Si &

dovuto tenere limitato tale numero per i motivi esposti in-

sisterna & stato in grado di riconoscere correttamente quale fosse - precedenza, ma & indubbio che aumentandolo ta percemuale

1a nota suonata dalle strumento In esame, 3 nprwa dell’ollimo:

fungionamento del moduo diestrazone de pich. ceize Ol ervore dorebhe diminuire serihilmente -7 ¢ .
3B sialo- notao che gli- errori m?lmn; sopratluno in
" corrispondenza delle iote piti acute (Fa-8i). Cid pud essere”
3 1 Premoni del S'Stema e .p_OSSlblllta dl S davuto al]'aumentare dell'errore di‘ campionamento, tutiavia’ -
- ‘wtilizzo in tempo reale: : * tale problématica andrebbe approfondita”

Al fire di valutare Je possibili di utilizzo §

10 18 ; 4. 1a disposiziorie finale del cluster cambia al
tempo rezle di SOUL, sono stale eseguite 'Mw}' _ variare def valori random iniziall dei pesi dati.

delle misurazioni sui “templ di risposta” di. lngnlsiﬁm 0 ‘neuroni, I sistena & tutiavia consistente,
ogni moduko del sisterna,  eseguite su due. |TEL . : 89 | 03] " “in'quanto mantiene le caratteristiche di base
calcolaiori "differenti, uno basaio su” un [mmm MIII 5 |ifmbam]  riguardanti la-posizione relativa dei campioni
processore i80486 dx funzionante ad un Teteralaime ply tatmen]lsmtmegl - del training set, indipendentemente dalla loro

clock di 33 MHz ed uno basalo su un : sizione assoluta Ad es. certe coppie di cam-
Mz of uno basilo St U0 g i IRETT P
fbr?ﬁsf ;:6 Mhz. ug:mo stanzscrcla!atriii segue?]ll]l (wgrglug rete {000, 10 pasel | 1'30° | 7 pioni sl trovano sempre vicine tra loro, bassi e

calcolator perché rappresentano rispettiva- - iy ret 1505, 0my | ¥ | 10 m:o a[ll [;g ﬁgrmgihmﬁﬁuilﬁlﬁﬁ
mente il sistema base, al di sotio del quale' ||ty rea 2605, 00l 180" | 48" | 4i%j 2 tromba e pianoforte; Anche in questo éa-
non &' consigliato scendere per - poter | emssingli 25275 |istwtmua|iswken|. .. o sarebbe interessante determinare il rapporto
ulilizzare SOUL, ed Il sstem dalle massime. oy o iy |ttt i causa-efftoall bas i tale i disposzone.

prestaziont in queslo momento disponible. 5 Il sisterna sembra infine essere. invariante
La durala dell'acquisizione & fissa; poiche corrisponde alla rlspelm a!!a particolare niota suonata: - A riprova di cid
durata del suono stesso. La duraia della fase d{_lgaming_ dipen- eseguendo tre fast di apprendimento separate per ogm notz;
de linearmente dal n° di passi. Per “islantaneo” si intende di (unz con i 26 campioni che suonano il Do, una con i 26 che:
_ durata cosi breve da non essere misurablle manualtente:: Q. _suonano il Fa ed una con | 26 che stionano i §13; non si nota

. aloun miglioramento nella’ clusterizzazione, segno.
_ che la nota differente non_disturba in maniera_
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Abstract

This paper presenis a model of hybrid system for the analysis of musical signals, based on both symbolic and
subsymbolic representations. Our work starts from TCAD - Tone Center Attractor Dynamics (Leman 1595), a
subsymbolic model of schema-based tone centers and chords recognition of musical signals, and the HARP system
{Camurri et al. 1993). The HARP meodel is here used to integrate the knowledge of the two different domains of
TCAD, the former extracting the tonality out of a music signal and the latter extracting the chords. HARP operates
at two levels: a symbolic one, where concepts, their taxonomic relationships, production rules and high-level
temnpaoral knowledge are represented, and a subsymbolic one, where agents operating on music signals and auditory
images are hooked to concepts and dynamically connected according to the relations defined in the symbolic level
among concept instances. We have developed a HARP model as an evolution of the one described in (Camurri and
Leman 1992) which embeds agents implementing TCAD, and we compieted it with further symbolic agents in
order to improve the analysis capabilities. Results of the current implementation are described in the paper. Further
research regards the analysis of the functionality of a musical piece.

. different formalisms, where it is possible to make a
1 Introduction distinction between:

al A Long Term Memory (LTM), containing two
knowledge-bases: one is symbolic and it is based
on a semantic network language of the family of
K1.-ONE (Woods and Schmolze 1992), a simple
temporal logic language and production rules.
The other is subsymbolic, based on a library of
“behaviors”, and can be learned by the system by
means of self-organisation;

A Short Term Memory (STM), which is a
working memery representing a single context.
The STM is formed by a symbolic component to
represent individual entities, based on a sub-set of
first-order logic, and a subsymbolic component,
which can be related to the signal or to the
acoustic and perceptual levels,

Al-systems for musical signal applications that allow
muitiple representation levels (including symbolic
and subsymbolic) are here called kybrid systems. As
stated elsewhere (Camurri et al 1994), with the term
“symbolic™ we refer to representation systems whose
“atomic” constituents are in turn representations.
Such systerns have a syntax (which defines well-
formed expressions), and a semantics (which defines
what the symbol represents and how the logical b)
relationships between them should interpreted). A
“subsymbolic” representation is made of constituent

entities that are iconic representation, e.g., signals,

sound samples, auditory images. The main property

of iconic representations is that the form is identical

to the content.

2 The HARP Hybr]_d Sy St_em The symbolic and subsymbolic entities defined in the
HARP (Camurri et al 1595) is a hybrid system for the STM have a one-to-one correspondance. The
representation and real-time processing of music and subsyrabolic part of the STM consists of a network of
multimedia, which allows the specification of one-to- subsymbolic agents based on reasoning by metaphors
one connections between symbolic and subsymbolic and dynamic systems. The symbolic STM basically
agents in a hybrid architecture, Subsymbolic agents works as an interface between the LTM gymbolic
typically operate on auditory images and acoustical component and the subsymbolic STM: it is the core
signals. Symbolic agents are here delegated to the of the “fluent” connection between the representation
raanipulation of higher level entities emerged from levels.

TCAD subsymbolic agents (e.g., chord instances). The symbolic components are characterized by the
From the point of view of the representation and classification and recognition