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INTRODUZIONE 

Mario Baroni 

Dipartimento Musica e Spettacolo 
Universiti degli Studi di Bologna 

Per la prima volta nella sua storia onnai pih che ventennale il Colloquio di Informatica 
Musicale organizzato dall' AIM1 approda quest'anno a Bologna. La circostanza non 6 casuale e 
pub richiedere un breve cornmento, se non altro per ricordare che la citti non 6 mai stata un 
centro di produzione di musica informatica. Questo pub stupire in un contest0 cosi ricco d'ini- 
ziative musicali com'6 quello dei capoluogo emiliano dove fra I'altro esiste presso 1'Universiti 
un corso di laurea come il DAMS che 5 un po' un unicum in tutto il tenitorio nazionale e dove 
esiste presso il Conservatorio un corso di musica elettronica che 6 nato fra i primi in Italia. Direi 
perb che I'assenza del CIM da Bologna non deriva da una mancanza di interessi o di vocazioni, 
ma piunosto da un diverso accent0 che qui si 5 preferito pone sulla funzione dell'informatica 
come strumento di ricerca e di sperimentazione in campo musicale. 

L'informatica musicale ha infani molte anime, e fra queste c'6 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'5 
quella in cui viviamo, stanno cercando nuove organizzazioni concettuali in grado di spiegare le 
forme inedite assunte da tante musiche d'oggi. L'analisi del linguaggio musicale, l'analisi del 
suono, l'analisi dei meccanismi psicologici di produzione e di ascolto, I'analisi dei comporta- 
menti musicali, costituiscono il cuore di questa nuova concettualizzazione e corrispondono ad 
altrettanti settori d'interesse che stanno alla base del nuovo sapere (o teoria) musicale. E la 
tecnologia informatica 6 ormai diventata indispensabile corredo per l'acquisizione di queste 
conoscenze. 

Appunto a questo particolare versante dell'informatica musicale, che 6 certamente pih 
discreto e pih sotterraneo dell'altro al quale siamo abituati, ma che forse non 5 meno importante, 
6 idealmente dedicato il CIM di quest'anno. Un po' perch6 le realti istituzionali e le persone 
stesse che sono attive a Bologna hanno una particolare tradizione d'interessi e di realizzazioni in 
questo settore, un po' perch6 5 sembrato ormai opportune metterne in rilievo lapresenza e anche 
in un certo senso la maturith. 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 e 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- 
lith, ma di incoraggiamento: intende mettere in rilievo I'importanza della loro presenza. 

E' ovvio che tutto cib non pub 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 a1 
calcolatore e nelle novith 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 terni delle sedute pub dare un'idea della ricchezza e varieti d'interessi 
che percorrono oggi la disciplina. 

Fra i vari terni proposti non si pub fare a meno di notarne uno abbastanza inconsueto nel 
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nostri colloqui: quello del rapport0 fra l'informatica e la produzione radiofonica. I1 1995 B anche 
anno marconiano e soprattutto aBologna le celebreazioni del centenario si sono fatte sentire. La 
tavola rotonda inclusa nel nostro programma non solo vuol proporre un tema di riflessione 
tutt'altro che secondario per l'informatica musicale e per la stessa storia della tecnologia, ma 
vuole anche tener desta I'attenzione sul fatto che I'informatica musicale i: terra di confine, i: 
disciplina che sta fra le scienze naturali e le scienze umane, e in questo senso pub benissimo 
inglobare discorsi sulla sua propria storia e considerarli parte integrante del proprio programma 
scientifico. Insomma, il proposito di quest'anno B quello di un'apertura della tecnologia infor- 
matica ai temi musicologici, nelIa convinzione che questo orientamento sia ricco di futuro. 

Il programma di quest'anno i: nato anche da una collaborazione vivace e attiva fra il Con- 
servatorio e I'Universiti. Anche questa collaborazione non i: casuale, ma & fmtto di specific0 
lavoro: nel marzo del 1994 si B tenuto a Bologna, a cura della SIEM, un convegno nazionale 
sulle relazioni frail Conservatorio e I'Universiti, convegno dedicato a problemi politici e istitu- 
zionali di ampio respiro, ma anche a1 tentativo di configurare in sede locale qualche foma di 
collaborazione che potesse servire da esperienzaper rapporti futuri e forse anche da modello per 
altre realtii territoriali. L'XI CIM B anche fmtto di quel convegno, ed B comunque una prima 
esperienza di collaborazione nel nostro settore in attesa che fra le due istituzioni possano sorgere 
ulteriori occasioni di scambio e forse di pih stretta e 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' AIMl e che non era stato assente in nessuno dei precedenti appun- 
tamenti, non sari pih insieme a noi. Ci mancheranno certo il suo lucido apporto scientifico e la 
rete viva dei contatti che egli aveva saputo tenere in questi anni con i centri di produzione di 
tutto il mondo, dai piii presigiosi istituti europei al Massachussets Institute of Technology dov'egli 
era di casa. 

Ma ci mancheranno anche la suaindimenticabile simpatia, la sua luminosaparlata dialettale, 
la sua saggezza antica, i suoi scatti di umore; ci mancheri soprattutto il suo sorriso nel quale 
sembravano incarnarsi le dolcezze, le astuzie e le sofferenze di tutta la storia della citt5 di Napo- 
li. Alla sua memoria abbiamo voluto dedicare la manifestazione di quest'anno. 
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NetNeg: A Hybrid System Architecture for Composing 
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 dishibuted artificial intelligence approach has 
any advantages in the music domain. 
In this work, we present a new approach for composing and analyzing poliphonic music. A s a  case study, we began 
experimenting with first species two-pan counterpoint melodies. Our 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-pan 
melodies by negotiating over the possible combinations of notes suggested by the network. 

1 Introduction first species. W e  are currently implementing a neural 
network that learns how to produce each part of these 

Whenever we are involved in any musical activity we melodies. W e  then regard the different components of 
are faced with symbolic and sub-symbolic processes. the melodies as agents (in the DAI sense). These 
While listening, our  aesthetic judgment is not agents negotiate with one another to maximize the 
necessarily achieved by following explicit rules. global utility of the whole system, which for our 
Applying a learning mechanism has been shown to be purposes should be interpreted as the global quality of 
a convenient (and appropriate) way to overcome the the composition. 
explicit formulation of rules. Nevertheless, some of The main purpose of this work is to build a hybrid 
these aesthetic processes might have asymbol ic  system architecture for composing polyphonic music. 
representation and might b e  specified by a rule-based Composing such music is a human activity requiring 

system. intelligence, and thus an appropriate problem for A1 
In many musical styles, theromposer needs to create 
different sequences of notes that will be played 
simultaneously. Each sequence should follow some 
aesthetic criterion, and in-addition the sequences 
should sound appropriate when combined. This 
overall composition is the result of many interactions 
among its components. The musician achieves his 
overall result by compromising between the 
perfection of a single component and the combination 
of sequences as a whole. Thus, in this activity there is 
a constant tradeoff between the quality of a 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 

research. This system is also useful as an application 
for composition and analysis. 
We have decided to begin experimenting with two-pan 
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. W e  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 
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Usually, one part of the melody (cantus finnus) is all the notes among which he can choose. Were the 
given, and an upper or lower part is added to if. Both agent alone in the system, he would have chosen the 
parts consist of whole notes. Issues that have to he note that got the highest activation from the neural 
considered regard the beauty of the melody itself, and network. meaning that this note is the one most 
the beauty of the combination of both parts. The expected to be next in the melody. But, in order to 
second part should have the same aesthetic compose species, both agents will have to negotiate 
characteristics as the cantus firmus. In order to [Rosenschein and Zlotkin94]over all the other 
achieve this, the musician is involved in a cognitive possible combinations to obtain a globally superior 
process similar to a negotiation process. He 
compromise between the melodies notes by ch t can suggest any of the n 
from among the permitted notes those that are from the network. Not all of 
preferable. egal according to the rules of 

the species. Moreover, there are specific combinations 
2.2 The Computational Approach that are preferred over others for the current context. 
In our system, we create both counterpoint parts This idea is expressed in this module by computing a 
dynamically. Our program, 
two main sub-systems. 0 
implemented by a modified 
sequential neural network[Jord 
is a two-agent model based on 

2.2.1 The Connection 
Each part of the melody is pro 
a neural network. Todd [Todd891 has already 
suggested a sequennal neural network that can learn a 

We have implemented the Connectionist module in 

sequence of melody notes. Currently, our neural 
Planet F[iyata91]IWe built a three-layer sequential 

network is based on the same idea. 
net, that learns series of notes. Each series is a one 

The state units in the input layer and the units in the 
part melody (i.e., cantus fumus). Each sequence of 

output layer represent the pitch and the contour. The notes is labeled by a vector of plan units. The net is a 

state units represent the context of the melody, which version of a feedforward backpropagation net w ~ t h  

is composed of the notes produced so far. The output feedback loops from the output layer to the state 

unit activations vector represents the distribution of units. In the generalization phase, the net will be able 

the predictions for the next note in the melody for the to produce new cantus firmi 

given current context. The role of the plan units is to interpolating the values of the p 

label different sequences of notes. In the generalization The state units and the output I 

phase, we can interpolate and extrapolate the values of notes in different ways. In this implementation, we 

the plan units so as to yield new melodies. choose to represent the notes as a vector of 19 units. 
- The actual input to the network is given in the plan The first eight units encode the pitch. The next nine 

units. At each step, the net is fed with the variable units represent the intervals between the notes. The 

values in the state units together with the original last two units describe whether the movement of the 

plan units values. These values will cause the next melody is ascendent or descendent. Theintervals and 

element in the sequence to appear in the output layer the movement units describe the contour of the 

and it will be propagated as feedback into the state melody. These units together with the pitch units 

units. The current values of the state units are complement each other and result in a significant 
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 

We consider each part (i.e., voice) of the melody as an rules in order to locate the second part relative to the 
agent. Each agents goal is to compose his melody by first one. On the other hand, we are interested in two 
choosing the r ~ g h r  notes. On the one hand, he has to part melodies, in which the interval between any pair 
act according to the aesthetic criteria that exist for his of tones might he up to a tenth. In order to extract 
voice; at the same time, he has to compose the voice more information out of the output units activations, 
in a manner compatible with the other voice-agent 
such that hoth together will result in a two-part 

we want to combine the pitch activations with the 
interval activations. We have mapped the activations 

counterpoint. of the output units into a vector of thirteen 
At every time unit in our simulations, each agent 
receives from the network a vector of activations for activations corresponding 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 note and the note we are updating. 
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 completed. 
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 constraints 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 testbedlMontgomery et al.921. Both agents are 
involved in a dynamic process in order to create their 
correspondent melodies. At each time unit, each agent 
gets a vector of 13 activation values corresponding to 
the activations of the tones in more than an octave 
and a half. This vector 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  lega! according to the fust 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 
1s completed. 
We define the system utility function to express the 
rules given by Jeppesen in [Jeppesen92]. A pair of 
notes is considered legal according to the following 
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 fust or last place 
of the melodv. 

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) 
should be two. 

6 The interval between both tones cannot 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 one. 
10 We prefer not to have more than twd 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 according 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 output 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 f m u s ) .  

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-bared module 
with these inputs. The agents negotiate over the 
different pairs of possible combinations, computing 
for each the system 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 until the two part melodies are 
comoleted. Currently the lenpth of the melodies is 

A melody that resulted from an experiment we 
performed with two different plan vectors ((0.8 0 0.8 
0) and (0 1 0 1)) is given in Figure 
From Figure 1, we can observe tha gives 
aesthetic results, quite appropriate for thespecies style 
we have experimented with. Both melodies are 
consistent with the intervals constraints. 
Nevertheless, there is a contour problem as 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 Summary 
We have presented a novel computational approach for 
composing two-part counterpoint melodies. Our 
system design has been inspired by the cognitive 
process of a human musician, and the hybrid system 
1s intended 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 predicts 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. 
Our 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 developing more 
natural ways to combine both modules. In their 
negotiation, the agents follow the rules taken from 
Jeppesen[Jeppesen92]. The system utility function 
considers the activations of the current notes, whether 
this pair is legal or not and it prefers contrary motion. 

ed preliminary results of the system, 
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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 structure. 

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 develooment of such an 

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 

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, I 
attempt to explain the function of music which. I 
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 1995). 
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). I 
would suggest that the reinforcement of these 

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 
discontinuities around otherwise homogeneous 
regions in the visual field. This fact was 
demonstrated by Hubel 81 Wiesel (1962) who 
discovered neurons in the cat's brain which are 
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be perceived at a highe 
serve to separate groups 
figure 1). - - - 
This type of separation was observed by - - 
Gestalt theorists. Both of the above types 
perception can be seen to be evident in music. ..... 
example, the musical term "note" is useful . . . . . . . . 
precisely because it refers to an auditory stimulus. . . 

more often than not with a reasonably constant Figure 2(a): Joseph Haydn, Sonata In G Major 
amplitude, and almost invariably with a constant Hob. XVI:G, first movement, bars 1-4 and 8-1 I .  

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 occurred "close" to the beginning 
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 are 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 
perceived is compared 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 
future occasions to predict such differences given 
the context of the region in question (again, further 
discussion in Baddeley 1993). 
Forming relationships of [his kind are important 
since differences which deuend uuon uanicular . . 
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-learning structures in their entirety. 
Most music exhibits relationships of this kind. The 
context is of course in tbis case often temporal. 
The difference in context between two melodic 
sequences can be simply the fact that the second 

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 
reuospective 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 independent through use of memory much as 

on is naturally time inde 



in music; i.e. this kind of organisation in auditory 
stimuli is what makes the stimuli 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 composition 
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 implicit 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. 
I 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 from 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'. 
'b' takes the form of a number of symbols which 
represent the regions into which 'a' 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: 'Ex -> Ba Rb BC' 
which means that Ex will be transformed from a 
boundary region into two smaller boundary 
regions, Ba and Bc, 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 Rx will be transformed into 
Ra Bb Ra Bb R a  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+l 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 : = xl x2', where xl denotes 
the property, and x2 the value which the property 
will hold. 
Pitch relationships can be defined through a third 
type of rule; 'Ex + By := 2'. 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 -> B b  Rc Bd 
Bb -> Be Rf Bg 
Bd -> Be Rf Bg 
Be -> ah Ri Bj 
Bb Bg -> Bk R1 Bm 
ad Bg -> Bn Ro Bp 

Transformation Sequence:- 



k.1.m h.i. 

column of alphabetic symbols at each stage 
represents a region. Each bold symbol represents 
the surface for a region and the other symbols 
above them represent the ancestral record. At stage 
1, rule 1 transforms 'a' into 'b c d' (note the 
"~" ' s  and "~" ' s  have been removed for brevity). 
At stage 2 both 'b' and 'd* are transformed into 'a 
f g' by rules 2 and 3. Lastly, rules 5 and 6 
appeal to the context of once being 'b' or 'd' to 
transform 'g' into either 'k 1 m' or 'n o p'. 
Thus the "rule base" we have devised is essentially 
a hierarchically context sensitive grammar in the 
sense that the production rules and relationships 
depend not only on the region's cum 
also on where the region has come fro 

5 Analo -- 
Expression 
On the simplest level, the system invites 
comparison to a biological system from the way in 
which a work "grows" from a fundamental "cell" 
to a complete composition. The subdivision 
process is reminiscent of cell subdivision in an 
organism and, the complete rule base is accessible 
by all regions during generation, much as all cells 

"hieratchi%" context sensitive mammar, a - 
region's further development can depend heavily 
upon 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 organism 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 is shared by both hands since genetic 

mutations can result in the same defects 
in each han 

Ultimately, the theories' wo 
by the quality of the music they produce. The 
works produced to date have been subjectively 
judged by colleagues to be of reasonable quality 
and certainly musical. 
A more directed approach could allow the listener 
to choose one rule base from a number of 
mutations to be used in the next generation. This 
would constitute an evolutive s llow the 
user to converge on desired sty 

" 
Figure 3: A small melody composed by the 
algorithm. 
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Abstract 

This paper presents real-time musical applications using the JRCAM Signal Processing Workstation which 
make use of F F T m - b a s e d  resynthesis for timbral transformation in a musical context. The paper continues 
on the author's work, introduced at the X Colloquio di Informatics 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 fdtering applications, which permit the separation of noised and non-noised signal components, 
amplitude-independent de-noising, the use of dynamic range processing in noss-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, andlor 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 l~arning 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, mm. ISPW, Max, dynamic range processing, de- 
noising, granular syntheis (frequency domain) 

1. Introduction 

The Fast Fourier Transform 0 is a 
powerful general-purpose algorithm widely 
used in sienal analvsis. FFTs are useful 
when the information of a signal is 
needed, such as in pitch hacking or vocoding 
algorithms. The FFT can be combimed with 
the Inverse Fast Fourier Transform (IFFr) 
in order to resynthesize signals based on 
analyses. This application of the FITm 
is of particular interest in elechu-acoustic 
music because it allows for a high degree of 
conuol of a given signal's specVal 
information (an imp6nanl aspect of timbre) 
allowing for flexible, and efficient 
implementation of signal processing 
algorithms. 

This paper presents real-time musical 
applications using the IRCAM Signal 
Processing Workstation (ISPW) 
Lindemann, Starkier, and Decbelle 19911 
which make use of F F T m - b a s e d  
resynthesis for timbml transformation in a 
compositional context. Taking a pragmatic 
approach, the authors have developed a user 
interface in the Max programming 
environment [Puckene, 19881 for the 
prototyping and development of signal 
processing applications intended for use by 
musicians. Development in the Max 

programming environment [Puckene. 19911 
tends to be simple and quite rapid: digital 
signal processing (DSP) programming in 
Max requires no compilation; control and 
DSP obiects run on the same processor, and 
the DSP library provides a wde range of 
unit generators, including the FFT and 
modules. Techniques for filtering, aoss- 
synthesis, noise reduction, and dynamic 
specVal shaping have been explored, as well 
as control structures derived from real-timz 
signal analyses via pitch-hacking, envelope 
following, noise gating, and signal 
compression and expansionlLippe & 
Puckette 19911. These real-ume musical 
applications offer composers an intuitive 
approach to timbral transformation in 
electro-acoustic music, and new possibilities 
in the domain of live signal processing that 
promise to he of general interest to 
musicians. 

2. The FFT in Real Time 

Traditionally the F F T m  has been 
widely used outside of real-time for various 
signal analysislre-synthesis applications that 
modify the durations aod specaa of pre- 
recorded sound [Haddad & k n s  19911. 
With the ability to use the F F T m  in 
real-time, live signal-processing in the 
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soectral domain becomes 
&tive alternatives to s&dard time- 

- 
form the output signal. Audio 

domain signal processing techniques. ced by standard signal 
of these altcmatives offer a great deal odules such as frequency 
wwer. run-time economv, and flexi modulation (FM) are of particular interest 
kcompared with standak timedo for cmss synthesis because they can produce 
techniques [Gordon & Shawn 1987 rich, easily modified, smoothly and 
addition, the FFT offers both a high nonlinearly varying specha [Chowning 
of precision in tbe spectral domain, and 19731 which can yield complex time varying 
suaightfrnard means for exploitation of spectral envelopes. Other standard signal 
this information. Finallv, since real-time processing techniques, such as amplitude. 
use of the has been pro modulation  additive synthesis, or 
musicians in the past due to band-pass filtering offer rich varying spe 
limitations of computer music systems, this information using relatively simple means 
research offers some relatively new with few conml parameters. One of the 
wssibilities in the domain of real time. advantanes of using standard modules is that 

electronic musicia6s are 
and have a certain degree o 

hansformation of the input signals phase and amplitude information of signal B 
spectral domain using the FFT, (2) as weU as signal A) . In this case, the phase 

(frequency) and amplitude information from 
resynthesis of the modified spectra using the each ~ignal figures in the output signal. 
EFT. Operahons in the sp&tral domag 
OFT data in the form of rectangular 
wrdinates) include applying functions 
(often stored in tables), convolution 
(complex multiplication), addition, takmg 
the square root (used 
amplitude spectrum), 
bquency and ampli 
and expansion. Dierences in the choice 
spectral domain operations, kinds of input 
signals used, and signal muting 

3.2 Mapping qualities of one signal to 
another 
Musically, we have found tbat in some 
cases, the relationship between signal 4 and 
signal B can become much more unitied if 
certain parameters of signal A are used to 
conbrol signal B. In other words, real-time 
continuous control parameters can be derived 
from, for instance. signal A ,  and used to 
conbrol signal B. For example, the pitc 
signal A can be tracked and applied to si 
B (an FM pair) to conuol the two 
oscillators' frequencies. 
of signal A can yield ex 
which can be used to con 
6equenc 
B. 

filtering and subtractive synthesis differ only 
slightly in terms of their implemenlation.) 3.3 Frequency dependent 

fdtering application or in subtractive 
svntheis can be drawn bv hand or obtained 
through signal ana1ysis:ln cross synthesis a 
continuously changing (dynamic) filter can 
be created by doing analysis of a 
signal (signal B) and extract@ iu spectral 
envelnue, or amolitude soecmun. which 
descritk how dother s i ' d  ( s i d  A) will 
be filtered 
informatio 



3.4 Band-limited energy dependent 
noise-gating 
In the spectral domain, the energy of a given 
signal's frequency components can be 
independently modiiied Our noise reduction 
algorithm is based on a technique Floorer 
& Berger, 19841 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 f a  noise reduction, can be 
exaggerated in order to create unusual 
spectral transformations 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 Woorer 
& Berger, 19841 that allows independent 
amplitude gating threshold levels to be 
specBed for up to 5 12 frequency band- 
limited regions of a given signal. With a 
userdetined transfer function, the energy in 
a given frequency range can be altered based 
on its intensity and a user-specified 
threshold level. This technique, besides 
being potentially 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 imponant 
components to be emphasized and brought 
to the aural foreground. 

3.6 Band-limitedfrequency 
dependent noise-gate 
Similar to the noise-gate described above, 
this module functions independently of gain; 
its output depends on the stability of the 
bequency components of the input signal. 
Using a technique borrowed from phase- 
vocoding [Gordon & 19871, time-varying 
frequency differences of mponents  in a 
given band-limited region of the spechum 
are used to determine the stabiity of those 
components. Pitched components in the 
input signal tend to be stable and can thus 
be independently boosted or aaenuated. 

3.7 Improvements to frequency 
domain-bared time expansion and 
compression techniques 
Useful techniques for sound manipulation in 
the frequency domain are proposed by the 
phase vocoder Polson 1986; Nieberle & 
Warstat 19921. One particularly useful 
application of this technique, popularly 
referred to as time stretching, allows a 
sound's length to be modified independently 
of it's pitch (frequency content). However. 
this application bas two particular 
shortcomings which have been revealed in 
practice-especially when a sound's duration 
is lengthened. The fmt  problem is that 
transient components, normally quite brief, 
become "unusually long". The second 
problem is thar noise components tend lo 
become "less aeitated" since their rate of 
change is not p k r v e d  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 
"&-agitated"; s i b i i t  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 lime stretching, which acts 
only on non-uansient portions of the signal. 
2) A resynthesis stage that approximates the 
original rate of change (with respect to 
bquency) 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 
timdfrquency domain conversion (FET 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 fdter module described above 
may be easily connected to another module, 
pmviding the additional possibility of high 
resolution filtering. 



5. Input scaling and additional 
control oarameters for cross- 

W e n  two input signals of similar 
intensities and soectral distributions (ee.: 
two singers' voi&s) are convolved the- 

the square-root of the output signal, a give 
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 = 
sqrt(signai'signal) = signal 

dependent noise-gate mentioned earlier is 
applied to one oftbe two input signals 
before convolution. The choice o f  
compression/expansion functions determines 
the way the energy in the output signal will 
be scaled; certain choices (such as a square 
root function) help preserve the spectral 
disuibution of the input signals. Thus, two 
input signals of similar intensities and 
specval distributions will combine to form 
a spectnnn whose components' relative 
energies remain Lillie changed. By choosing 
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 be specii~ed. The compression or 
expansion ratio parameter (or intensity of 
compression or expansion) provides 
dynamic control over the "degree of specnal 
intersection" of the two input signals. This 
parameter is particularly useful when m s s -  
synthesizinp, dissimilar sounds such as voice 

envelope (formant structure) thus allow 
one to change the pitch of a 

between sounds. 

With the arrival of the real-time F F T m  
in flexible, relatively general, and easily 
programmable DSPIcontrol environmentr; 
such as Max, non-engineers may begin to 
explore new possibil~ties in signal 
processing. Though our work is still in its 
early stages, we have gained some valuable 
practical experience in manipulating sounds 
m the specaal domain. Real-time 
convolution can be quite straighttom 
and is a powerful tool for bansformin 
sounds. The flexibility with which spec 
transformations can be done is appealin 
Our DSP configuration is fairly simple 
changes to its topology and parameters 
be made quickly. Cone01 signals resul 
from detection and hacking 3f music 
patamem offer composers 
rich palette of possibilities 
themselves equally well to 
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 andlor 
specially designed for those compositions using two computer music systems. namely KYMA- 
C A P Y B . ~ ~  (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 technrcal details, 
the paper also shows the role of such strategies in the particular contest 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 E.ssoi du [Vide. 
Schn~eigen. In both cases I utilized timc-shifting of 
sound (altering the sound duration without - in 
principle - side-effects in the hcquency domain) by 
means of granular processing techniques. 

1.1 Granular time-shifting as a 
technique for microcomposition 

The pariicular time-shifting methods discussed 
here should be seen as instances of micro-time 
sonic design. or ~~ricrocortrpo.siti[~n (with a term of 
the electroacoustic music jargon). The common 
feature of the many different approaches of 
microcomposition lies in the possibility of 
manipulating microtemporal relations among 
myriads of minimal sonic quanta. For such a 
reason. these methods are ohen operated by means 
of compositional control struclures which 
instantiate global strategies of statistical nature. I 
assume. however. that any strategy of 
microcomposing deals with a spccific problem 
domain: in which way minimal. time-limited units 
should be corrrpo.sed in ordcr to giw rise to high- 
level structural properties. This is a problem of 
perception (Bregman. 1990. p. l I8 and pa.y.sinr) 
and. at the same dme. a problem of music theory - 
hence of computer music softwarc design - the 
discussion of which involves issues of relevance to 
.the aesthetic potential of electroacoustic and 
computer music @i Scipio. 1995: I YY4a). 

1.2 A notion of interactivity 
Another central point in this paper relates to the 
notion of inleractrvry. In principle interactive 
control structures embody kno\vlcdge about the 

continuing exchange between concept and percept 
in the course of composition andlor performance, 
kno\vlcdge about the way in which the 
composerlperformer adjusts hisiher own actions 
and goals during the creative process. Interactivity 
requires the possibili@ of exerting real-time 
controls over variorri porrs oJo pragranr such that 
both the sonic and syntactic levels can be accessed 
by the user in an attempt to establish a link 
benveen them. Hcnce "interactivitv" cannot 
simplistically mean "immediate audible ouput" - it 
also means that the uscr can address hislher action 
to different rates of chanee in the musical flow. - 
from audio-rate through event-rate and higher. 
We should make a distinction bctwecn interactive 
cor~rposirion systems and interactive perforrtrance 
nstcms. Secondly. behveen interactive programs 
and interactive pr~~grornrnin,q en~'ironments. 
Accordingly. there are 1 general classes of 
interactive music systems (for a more detailed 
taxonomy. see Rowc. 1993): 

program environment 
composition I 2 
pe6ormancc 3 4 

The distinction bctwccn program and environment 
is primarily a question of the particular 
computational paradigm at work. A classical 
notion of computer scicnce is that n program is a 
ttteor?. resulting in a procedural description 
leading to thc solution of a specific problem. The 
uscr uscs a theon put fonh (or relied upon) by the 
dcsigncr (Sinion & Ncwell. 1970). On the other 
hand on e ~ t i ~ i r r ~ ~ i ~ ~ r o ~ r  1s o rrreta-Illeon. a theory 
about how to instantiate and vcrifi either new or 
existing theories. In rcccnt years. this has oflen 
taken thc form of object-oriented representations. 
Thc follo~r,ing two sections describe my recent 
cspericnccs with granular processing using a 
programming environment for composition and 
live performance (cases 2 and 1. above) and with a 
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program for interactive composition (case 1). granulators is allpass filtered wth  an avarage delay 
These experiences revealed to me the relevance of time equal to half grainduration Intergram delay 
interactive controls for perspectives of micro-time and allpass delay are glven random values wlttun 
sonic design, a most peculiar and fertile 
electroacoustic composition p i  Scipio, 1 be seen as a form of "asynchronous" 

n. However, mcro-level time narameters 

2 Polyphonic time-shi ergrain delay, grain duration. onset delay) can 
made functions of the mtch of the lnnut sienal - 

Granular representations of sound (also wavelet (if any pitch is tracked) .and set in synchronous 
representations) lend themselves to techniques relatlon to the detected penodic15 
operatina in the frequenw- and the timedomain 
iidependently. van& auhors have demonstrat 2.2 Algorithmic control in Hybris 
theoretical and practical aspec 
shifting of sound (Jones & r the performance of Hvbrrs (g-flute. bassclannet 
various articles in De Poli et al d computer processing, 1994), 1 designed a 
IS not so much for the mere compression or control structure which activates the follow~ng the 
dilation of the duration of sound. Rather, it I put signal is continuously recorded into a 5" 

to devise nrocesses wssiblv functional t wavetable, wrapplng around 4 times. 4 different 
emergence bt' dynami& ge&es and polyphonic processes of granulanon and time-slufung start at 
textures within and throuah the sound of 5", lo", 15" and 20"; each process has its own low- 
instruments played live. Two Facets must be taken level parameters and time-shift ratio - respectively 
into account: (2.1) the real-time generation of 5, 4, 3, 2 times slower than real. The look-up is 
streams of mains caotured from the live sound. and driven by linear ramps (time direction preserved). 
(2 2) the -algorith;nic control structure which 
allows me to handle different streams of grains, 
each wth  its specific parameters. 

2.1 Granulation of live sound 

The input signal 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 looked-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 mimmum 
look-up sampling increment is prescribed whose 
durauon in samples equals the grain du ra t io~  here 
ranging from 10 to 70 msec. Hence the pointer to 
the input memory buffer proceeds linearly only 
wthin the grain-time (from the first to the last 
p n  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 duration can 
be shortened or lengthened. If you use, for 
example, a gaussian hc t ion ,  then lnitially the 
direction of time will be preserved with an s-shape 
like accelerando, then it will be reversed, with a 
reversed s-shape ritardando. There's no 
prescription as to how the look-up pointer should 
move through the input memory buffer. Hence not 
only dilation, but also compression of the sound 
duration can be achieved. 
Samples picked-up from the inputer buffer are 
enveloped with gaussian or trapezium curves. 
What I consider a "stream of grain" is actually 
made of two "granulators" (look-up + envelope + 
allpass filter), shifted by half grainduration with 
respect to one another. The signal of both 

real t ~ m c  5 "  10" IS" 20.l 30 ' 
Y."~z&I~ Lime 5" 1" 5.' 5,.  

nuances of tlmng, some Input matenal eventually 
will not be granulated; tlus happens when 
wavetable locations are not looked-up before new 
material comes in there (the case w t h  large shift 
ratios). Other material. however, may undergo 
more than one process of granulation and tlme- 
ship, this happens when locanons are looked-up by 
two or more granulators at the same time. A clear 
picture of the overall process can be drawn only by 
studying the phase relationship between the wnte 
and read pointing functions in relation to the 5" 
wavetable memory buffer. 



Rome, December 1994) the above method had been 
implemented using the K u ~ a Z . 0  software (under 
MS-Windows) controlling the CAPYBARA DSP 
system (Scaletti & Hebel. 1991); then it was ported 
to K w 4 . 0  for a recent performance (Montreal, 
ISEA95). A representation of the HYBRlSl 
algorithm is found below, with the KYMA objects 
(or Sound.), hierarchically ordered from top down. 

In this graph both the HYBRlSl 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. 
" s c r i p t  i n  H Y B R I S 1 "  
1 io: 4 do:  I :i I RTPTM start: I l i '301-301 
ssconds.1. 

" s c r i p t  i n  RTPTM" 
1 to: 4 do :  I : i  l i n s r r  start: l l i '51-51 
seconds g r a i n D u r 1 :  0 . 0 4  srretchPactor: 16- 
i 1 . i .  

A single granulator corresponds to the abstraction 
level of the INSTR Sound. A'er debugging and 
optimizing, 1 made one only object of the whole 
substructure of INSTR, a new Sound class 
aSarnple&ShiflWithAllPass, 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), HYBRISI could be re-shaped in a 
more compact and efficient representation. 

2.4 Some considerations 

A lwk at the parameters of this new prototype. 
would show that its functionality is primarily a 
question of time variables (indeed this is the case 

results include phase-related effects especially 
intersting when the live sounds exlend to 
breathing, hisses, whistles. noise bursts (e.g. 
tonguing), etc ... 

As a new class, aSarnple&ShiflWithAilPass 
features custom spatial trajectories which aid the 
perceptual segregation of grains in separate 
auditory sueams 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 hvo levels. 
In the compositional process. the KYMA user 
interface allowed me to search for the appropriate 
models of sound transformation. This is not just a 
matter of editing, testing and optimizing the 
algorithms in a straightfonvard deterministic 
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 auditory images of peculiar timbral 
properties. 
At another level, interactivity is paramount in the 
performance of Hybris. The sounding effects of the 
sound processing method is particularly sensitive 
to the details of the input signal: the performers 
cannot always predict the (sometimes dramatic) 
effects caused by the magnification of rather 
unperceptible differences in their performance. As 
helshe is urged 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 matter of reproducing witten 
symbols into audible sounds. hisher task is more 
one of self-regulating the whole "performance 
system" in order to avoid totally uncontrolled 
results as much as strictly periodic behaviors. 

3 Recursive processing 
~ ~~- ~ - - 

with Hybris' first section, but wouldn't be with 1 would like to conclude with a short description of 
sections 2 and 3. not described here). The sounding a particular extension of granular processing and 



time-shifing, that I found very rich in implications. 
I refer to it as recursive granular processing. To 
@ve the reader a concrete idea of its functionality, I 
describe how renusive granulation was used in the 
composihon of Essar du vrde. Schweigen. a solo 
tape work composed in 1993 while I was visiting 
composer at Simon Fraser University (Bumaby 
BC) Among the many programs of B.Truax' PODX 
set of programs for interactive composition and 
sound synthesa. the resource I uulized the most 
was GSAMX. wluch allows real-time granular 
processing of sound. I refer the r 

"ramped", aclueving a simple time-vary~ng 
automated control. All steps in the composihon 
involved grains shorter than 50 msec. The hme- 
shift ratio in fa was cyclically ramped. with an 
avarage shift of 30 times slower than real. The 

was a Poisson mstnbution. 

I could ekplore the audiblc effects of micro-lcvel 
modulauons with interesting nud~ton. properiics 
due to the changing relauon&up of phase among 
overlapping grains, and shape extended structures 
includng both continuous textures of sound and 
more dynmcal  gestures, also featunng silent 
pauses (the magrufied effect of the short pause in 

3.1 Details of Essai du vide Schwei~en the source matt&). The iterated transformatrons - v 

I devised a strategy of e granulation in two 
steps: I )  a sampled sound is subnutted to granular 
ume-shifting and the result is recorded on hard 
&sk: 2) the time-shifted 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 1 and ume-shifted then again 
randomly accessed, and so on.. . In other words, the 
strategy involved a nonlinear transformation 
comparable to the iterated application of two 

metaphor It 1s a method for subtrachng energy 
from the sounQ in opposition to methods of 
granular synthesis in the former case one puts 
"quanta of silence into the sound. in the latter 
"puts quanta of sound in the othenwse silent flow 
of time". In this way the sense of vo~d. internal 
s~lence and solitude which is behind the true. nas 

transfer functions to an imtial datum: eiven both an actual sieruficance and I think. a 

"n+l = fb(fa(xn)) 

~0 : original sourc 
after the n-th iteration: 
random access rule 

Similar strategies I 
(tape music, 1992) and Karros (soprano sax and 
tape, 1992) (Tisato & Di Scipio, 1993; Di Sc~pio 
1994b). In such works they were to transform 
synthetic sounds. while in Essar du vrde, instead, 
the original source was "concrete" in nature, the 
sound of scratching with m l s  and jazz brushes 
agarnst the lower strings of a harp, foll 
short pause. 
Currently a real-time implementation of r 
granulation is in the course of realization for two 
new work; (Lrchlung. Varrarranr sul rrmto del 

vrde were: average grain duration, duration range, 
average intergrain delay (or density, i e. number of 
grandsecond), intergrain delay range and time- 
shift ratio Interactive conuol in took dace via a 
single line on the screen of the P D ~  Micro11 
computer controlling the DMX-1000 DSP. The 
control variables could be accessed one at a time 
during the synthesis process. They could also be 

- 
etely conveyed 
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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(q; al. ..., am), starting with a given xo 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 utilization 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 harmonic 
spectra too. 

1 Introduzione 

Ogni tecnica di sintesi non-standard porta a 
una rappresentazione minostrutturale del 
suono nel dominio del tempo disneto (si 
COnside~0, ad esempio, le tecniche di sintesi 
granulare). Ci si chiede allora se sia possibile 
fare emergere propriea manosmtturali 
particolari operando a livello minosmuurale. 
cio? legare il momento d e b  sintesi del suono 
alle idee compositive su larga scala (nel 
dominio del tempo). Dalla teoria dei sistemi 
dinamici discreti non lineari e dipendenti da 
un parametro emergono interessanti proprieta 
di universalita: una vasta classe di tali sistemi 
mostran0 camponamenti complessi 
qualitativamente simili, al variare del 
parametro, indipendentemente dalla forma 
particolare dei sistemi stessi. 
E' naturaie lasciarsi a t m e  da queste semplici 
considerazioni e tentare di applicarle ai nostri 
modelli di sintesi (si veda, ad esempio, I'uso 
d e b  "mappa logistics" nell'organizzazione 
dei grani in tecniche di sintesi granulare). Nel 
caso qui descritto si ? cercato di sfruttare i 

sistemi diiamici disneti come fonte diretta per 
la sintesi sonora: I'evoluzione del suono ? 
legata, campione per campione, all'evoluzione 
del sistema al variare dei parametri. 

2 Descrizione generale 
della iecnica di sintesi 

Un sistema dinamico discreto non lineare ? 
dato da una funzione che mappa, in modo non 
lineare, un intervallo della retta in se stesso 
(che nelle nostre applicazioni dovd coincidere 
can I'insieme dei valori dei campioni del 
segnale audio). La sua evoluzione consiste 
nell'applicazione reiterata d e b  mappa a un 
dato punto dell'intervallo, indicato come dato 
iniziale. Scelto un tempo t, si pub studiare 
I'effeuo di una pertubazione del parametro o 
del &to iniziale sullo stato corrispondente del 
sistema. Per sistemi non lineari I'effeuo pub 
essere notevole e aumentare molt0 
all'aumentare del tempo b, ci& del numero di 
iterazioni della mappa. A tempi grandi la 
permbazione del dato iniziale pub risultare in 
una variazione grande o nulla a seconda anche 
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stato del sistema (fissato il te 
continuo del parametro e del 

rrasfonnato in segnale audio. 

Xn.,+1 ~,+1(Xo.,+O = 
- 

2.1 Formalismo matematico - 
f,+l(f,+l( ... (f,+l(xa,,+l) ) ... 1) 

o ora in termini 
. Consideriamo i seguen 

A c W l'insieme dei &ti iniziali, 
G c Wm l'isieme dei parametxi deUa 

mappa 
B c W I'insieme dei campioni del 

segnale audio che sara generato 
Come prima applicazione di questo metodo si 

e il prodotto cartesiano dei primi & scelta la seguente funzione dipendente da un 
due; 

A x G c W x W m .  

Sia F uua funzione definita come 

F :  A x G  + B 

(x. {ail) + F(x: {ail) 
(I%)= al.a2 ...., a,,,) 

che pub essere considerata come una funzione 
f dipendente da parametri che mappa A in B 
con gli ai come parametxi. Fissando un 
insieme di rn parametri (un punto di G), 
a b b i o :  

parametro (&I), cbe v e d  c h h a t a  "mappa 
seno": 

F : [-d2.d2] X [0,4] + (-1.1) 
(x, r) --f sin(m) 

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

Per r 
mappato dalla funzione sin(rx) in hltto 
I'intervallo [-1.11, dove viene contimato il 
sistema dinamico corrispondente dopo la 
prima iterazione. Sarebbe quindi inutile 
scegliere un intervallo 'A' pid ampio, data 
anche 1aperiodiciIA deUa funzione seno. Per r 

[-1,1] & mappato in tutto se 



figura 1 

E' interessante osservare I'andamento 
dell'iterara n-esi~na al crescere di r per xo 
fissato. In figura 2, in alto, sono graticate la 5'. 
la 6% la 7' iterata per r che va da 2 a 4; in 
basso sono graficate la 8', la 9' e la 10' iterata. 
I1 dato iniziale & fissato a xo= 0.1. 
All'aumentare dei numero di iterate 
l'evoluzione del segnale cost coshuito si fa 
via via piu complessa 

I- 

figura 2 

Quando il numero di iterazioni 6 molto 
elevato il dato iniziale viene "diienticato" e la 
sua pertubazione non produce effetti, il sistema 
"cade" sull'eventuale attrattore e 
all'aumentare di r I'izeram n-esima traccia in 
realti3 il diagramma di biforcazione che si 
onerrebbe graticando I'evoluzione del sistema 
dimamico all'aumentare "lento" del parametro. 
In Figura 3 k gdicata la 100n iterata di xo= 
0 .1pe r rchevada2a4 .  

figura 3 

4 Traiettorie nello "spazio 
delle fasi" della "mappa seno" 

Dal diagramma di biiorcazione della mappa si 
vede che all'aumentare di r il sistema diventa 
sempre piu wmplesso esibendo dapprima solo 
attrattori periodici, p i  amattori pib 
complicati, infine attrattori caotici con 
numerose e impmvvise transizioni tra attratori 
di t i p  diverso. Osservando lo spazio delle fasi, 
per un determinate numero di iterate, si 
capisce che i segnali generati dalle traiettorie 
in esso dipendono fortemente dalla regione di 
piano visitala e dal numero di iterate scelto. 
Nei due grafici 3-D d e b  figura 4 sono 
rappresentate le supefiici dello stam del 
sistema, d o p  5 e 6 iterazioni rispettivamente, 
in hnzione delle wordinate nel piano delle 
fasi. La regione deUo spazio deUe fasi mostrata 
nei due grafici k [3, 3.5]x[.2, .4]. 

xa:[.2..4] 
r: [3.5,3] .in=: W1 
ikr: 6 

figura 4 

Ogni traiettoria neUo spazio delle fasi genera 
un segnale secando il metodo desaitto. 



Maggiore B il numero deUe iterazioni, tanto 
piir "attivo" b il risultato sonoro. Aumenrando 
aoppo n, non ne risulterh un segnale pi8 
interessante, a causa dell'eccessiva complessiti 
g i i  raggiunta. bensi aumented notevolmente il 
tempo di calcolo! 
E' bene esaminare brevemente tre tmiettorie 
particolari. 
- fssando xo e variando r si potranno ottenere 
eventi sonori con rapidi cambiamenti 
struttumli a larga scala (nel tempo): 

- fssando r e variando xo sa13 possibile 
ottenere numerosi segnali diversi esibenti le 
medesime proprieta macrostrutturali; 
- nei due casi desnitti, facendo compiere 
oscillazioni con frequenze audio alla 

iterazione fuozionale s& caratterizzato da 
fasi di diversa complessita con imprevedibili e 
impmvvise transizioni tfa esse. non 
escludendo casi limite come suoni dotati di 
spettri armonici e il rumore. 

5 Conclusioni 

Le proprieta descritte per la "mappa seno" 
sono candivise da una larga classe di sistemi 
non lineari. La teoria dei sistemi dinamici non 
lineari e del caos dowebbe guidare neUa scelta 
delle mappe da utilizzare e delle regioni dello 
spazio delle fasi da visitare, supportando cost 
I'indagine empirica comunque irrinunciabile. 
Solo attraverso quest'ultima il compositore 
pub prendere confidenza con il modello non 
deterministic0 e pensare una strategia propria 
per inkragire con il materiale sonoro. 
L'interesse principale neUo studio dei sistemi 
discreti non lineari, quindi nei pmessi di 
iterazione Funzionale, come gih sottolineato. 
sta nel tentative di far cadere la distinzione tra 
suono e sttuttura, permettendo al compositore 
di generare estese trame sonore che sarebbe 
innaturale considerare e quindi utilizzare e 
percepire come componenti individuali di 
strutture musicali a pi8 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 hammer. The proposed mesh is compared to the traditional rectangular mesh and 
it shows a better numerical behavior. Particularly efficient 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 approximation. 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 lossless junctions are used to 
connect the waveguide branches. 

The mesh made of 4po r t  junctions has been 
studied [5] and applied to the synthesis of per- 
cussion instruments. 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 commu- 
nication) and seems to provide a better numerical 
behavior. 

In this paper, we introduce a mesh made of 
Bport 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 arid less pr* 
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 solution of the 
wave equation. 

The performance of the proposed mesh can be 
improved by eliminating multipliers 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 6-port lossless 
waveguide junction. The branches between two 
nodes are unit delays, corresponding to a physical 
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Figure 3: Distribution of resonances 

d = c  (I) 3 Interpretation as a Finite- 
travelled by velocity wave Difference Scheme 
In equation (I), F, = 1/T is the sampling rate, 
c  = m, where T and a are respectively the The equivalence between the rectangular mesh and 
tension and the surface density. a finite-difference scheme for numerical integration 

Three axes of symmetry are drawn in fig. 1, of the wave equation has already been shown [ 5 ] .  
and are called z, I ,  and m. The operations per- Here we show the equivalence of the triangular 
formed for the it* branch of the waveguide junc- mesh to another finite difference scheme working 
tion located at position z, I,  m are: on the same equation. 

The wave eauation for the ideal membrane is 

The mesh behaves well in both the time do- 
main and the frequency domain. The response 
to an initial stroke is plotted in fig. 2. This plot 
shows that the wave-front shape is well preserved 
along all directions, thus indicating that the d i e  
persion error is uniform and low (see section 4). 
Fig. 3 shows a comparison between the theoret- 

where z and y are the two orthogonal axes of fig. 1. 
The wave eouation 13) can be ex~ressed in the 

By noticing that the sum of the inputs to a junction 
equals the sum of the outputs, 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 rearrange equation (2) as follows: 



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 f,, 5, the spatial frequencies along 
the normal axes, and d, and dy the unit lengths 
along the axes such that d, = d, = cT, we have 
found the following formula for the equivalent nor- 
malized speed of propagation c(<=, cy)/c : 

JZ +cF 
arctan - 

b (6) 

where 

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

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 

any spatial frequency, and the Courant-Friedrichs- 
Lewy 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 
waveguide 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: 

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

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

where o is usually set to the value 2/T . 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 R h ,  which is set to 
the value 

mhkha  
R h  = 

mhaz + k h  (11) 

where mh and kh are respectively the mass and 
stiffness 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 bam- 
mer model are time-varying, and therefore we can 



ot do much to reduce the elementary operations 
involved with the wave scattering. On the con- 
trary, when the junction do not interact with th 
exciter, there exists a theoretical possi 
rid of the multiplications. Rewriting part of equa- 

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

[5] S.A. Van Duyne, and J.O. Smith. 
Physical Modeling wrth the 2-D D ~ g ~ t a l  Wave- 

conditions RI = 2"'Ro and RI = Zn2Ro - 6Ro, 
with nl and nz positive integers; this only happens 
for the couple (nl, na) = (1,3), which implies the 
solution Ro = R,/2. This theoretical possibility Workshop on Applications of Signal Processing 
may be practical if physical conditions guarantee to Audio and Acoustics, Mohonk, New York, 
this solution, that is, recalling (10) : 1993. 

m= 1/2(p + a m  + kla) (13) [71 
S.A. Van Duyne, J.R. Pierce and J.O. Smith. 

Another theoretical possibility is to consider 7hvel:ng Wove Implementot~on of a Lossless 
even Ro as a nominal impedance, regardless of Mode-Couplmg Frlter and the Wave Dzgrtal 
physical implications. Hammer, Proc. Intern. Comp. Music Conf., 

In practice, the junction computation may be Aarhus, Denmark, 1994. 
performed with no multiplies inserting a non- 
physical unit delay in the air-load loop, and as S.A. Van D"yne. aco- 

suming that the variables are slowly varying. In tron,1995. 

this way, the reference impedance RI is set to half 
the membrane impedance Ro, so that all multi- 
plications can be replaced by shifts in fixed-point 
arithmetic. 

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 
is a feasible solution for many physical-modeling 
ao~lications. since it is much more accurate than .* 
the rectanguiar mesh, and it can be quite efficient 
when certain (weak) conditions are met. 

Our ongoing research is trying to apply the tri- 
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Abstract 

This paper proposes some rellectioils about the nnalysis and study of electroacoustic music, sommarizing 
the author's eperience in tlus field. It is observed that methods ol'historical and hermeneutic analysis are 
far behind Ule Uleoretical and aesthetic reaches of much electroacoustic music. For renewed and specific 
analyiical perspectives to hc taken, the musicological observetion should address ~tsell'towards two specific 
problem domains: 1) the process md role ol' r q y  in the artisus work - the world of techniques, 
technologies, mental reprcsentelions, conventions, practical tools which ceptures the orlist's rulation to the 
materials and forms of hisher art. thereby enabling us lo recognize the musicol work as rwvqpa. i.e. 
humanly devised nrtifact. 21 the complex relation of so~rnd tojorn, - i.c, Ute prohlcm domain ol.tin,bre. 

1. Introduzione 

A n d i m r e  una composizionc musicale. o un 
repertorio di composizioui omogenee. implica 
sempre volgere la nostra attcnzione di ossen2atori 
verso un quadro di riferimento teorico dal quale 
deriviamo una metodologia. dei modelli e delle 
strategic operative. 11 problcma sostanziale. a mio 
awiso ancora inisolto, poslo dalla musica 
elenroacustica e informatica all'osservazione 
analitica si puo riassumere nella domanda: 
abbiamo una 1eorIo d~.lla ~frvsica (o almeno 
elementi teorici di base) a1k1 quale (ai qudi) 
volgerci per rendere conto delle condizioni 
espressive e tecnichc propric di qucsla musica e 
delle sue esperienze crcativc. interpretative e 
ascoltative? 
In queste brevi riflessioni vorrci fermarmi su una 
convinzione personale: le c:ttcgoric tcorichc e i 
metodi di analisi della musicologia di stampo 
storiografico e di stanlpo ermeneutico promuovono 
approcci analitici chc non sono sempre in. grado di 
caratterizzare in modo approfondito i fenomeni c le 
esperienze della musica clcltroacustica e 
informatica. Facendo riferimento a concrete 
esperienze di analisi vorrei mcttcre in rilievo 
dcuni nodi teorici. principalmente di carattcrc 
cognitive ed epislemologico. chc occorre afirontare 
se si mira ad un approccio analitico piu spccifico. 

vcrbalizzazione e sistematiz;razione da pane 
dell'osservatore-analista. Si tratta di un'attivita che 
potrcmnlo dire di "modellizzazionc del proprio 
ascolto" (su base per lo piu intuitiva) c di 
"modellizzazione dclle fonti storiche" (su basi 
ccrtamente piu rigorose. derivate dalla 
storiograia). In alcuni casi. come nella teoria della 
ricr:Ione in ambito di critica letteraria. si mira alla 
ricostruzione di discorsi c tcstimonianze - di artisti, 
critici. pubblico. ecc ... - riguardanti I'opera studiata 
o il lavoro di un artisla o gruppo di artisti (E~orio & 
Garda. 1989). 
Alla pralica della "modelliz7azionc dcll'ascolto" da 
qualche tempo si sono prestate basi piu rigorose 
derivate dallo studio dei processi cognitivi e 
percctlivi dcll'ascollo musicalc. In generale, cio t. 
stato determinantc per lo sviluppo della 
n~~rsicolr~gia copni/iva. Troppo spesso. pero. tali 
ricerchc manifestano I'acquisizionc tacita c acritica 
di un paradigma epistemologico che privilegia un 
unico punto di osscnzazionc: quello di un 
asc~ltolore idtale. Questa 6 la prospettiva 
affermatasi in campo scientific0 con la 
pubblicazionc del vollume .-I Ge~icroth:c Theoy of 
7'0,fal ;~JII.YIC. di F.Lerdahl e R.Jackendoff (1983). 
(Lerdahl ha applicato lc prospettive delineate in 
qucl \zolume anche all'analisi di musica atonale, 
con csiti. a mio awiso. del tutto arbitrarii: cfr. 
Lerdahl. 1988. dovc vicnc analizzato Lr illorteou 
sofi.v ,l/oitre di Boulcz). 

2. Aspetti problematici nelle Questa impostazionc C sembrala particolarmente 
penincnte all'analisi di musica clcttroacustica 

principali prospettive attuali (Dclalandc. 1986: Camillcri. 1991; Doati. 1991), 
ooichd infatti oermcltc di rcndcrc semcntabile il - 

I1 discorso della musicolog~:~ crmeneutica si basa flusso dcllc sonoritd c quindi di riscrivere una 
ampiamente sulle capacith dl ascolto. 
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evitabilmente con 

trascurabili aspetti conceltuali c 
una riduzione alla sola "musica 

rattenzzare il progetto estetico della 

XVIU sec.) cioi la teoria di come l'uomo Quanta strada I'accademia musicologica non abbia 
fatto nonostante qucllc (e moltc altre) indicazioni 

"percezione" - del mondo. 11 propno senlr lnlzlali lo SI puo evincere dal modo del tutto vago e 
superficlale con cul sono state trattate ancora oggi 
le oroduzioni elettroacustiche di alcuru mandi del 

queio della rrc~smrrone di testimonianze e noitro tempo. come Xenakis e Nono (si vedano, ad 
discorsi a orooosito di altre testimonianze e esemoio. i oochissimi sounti cotenuti nelle raccolte 
discorsi - nkm'possono essere dcltneat~ qui in curatk da ~ . ~ e s t a g n o .  i987: 1988). 
dettaglio. Vale la pena ricordare. pero. che il 
programma scienufico proposto da Lcrdahl e 3.1 T E X V ~  come dominio di analisi 
Jackendoff, pur rappresentando un modello 
importante per la pslcolog~a della musica. Le rappresentaz~oni mentall, le conoscenze relative 
recentemente 6 stato piu volte messo in discussione al matenale e alle forme della propria arte, alla 
(c6. Laske, 1993: Smoliar. 1995) E che. da canto relazlone tra azlone e pcrcezlone - questo ed altro e 
suo, la storiograf~a musicale, nei nsultati che riesce quanto viene catturato nelle procedure tecniche, 
a proporre quando tratta di musica eleltroacustica. nelie attreilzature tecnologiche. nelle strategic 
non offre prospemve di reale interesse: Emmerson operative attraverso le quali I'idea viene 
(1986) nota che perfino la distinzione tra musique attualiaata e rcsa tang~bilc - ascoltabile. Come +, 
concrkte e elektronrsche Afusrk h stata possibile prescindere da una conoscenza degli 
profondamente banalimta in ricerche di stampo strumenti attraverso i quali un'art~sta media tra il 
prettamente stnrico. suo mondo interiorc c qucllo circostante? II 
Lungi dall'essere solo ques t io~  di metodologia. problema (che altrove hn definito rnancanza dr 
questi problemi tradiscono la mancawa di un plu con.~opevolez;.a e~nomusrcologrca - cfr. Di Scipio, 
adeguato tentative di lnterpretavone teoretica, 1993) e chc per giudicare 1 risultatl quali percepiti 

- la muslca come r~ggello prodotlo - occorre avere 
nozioni precise su come tali risultati sono ottenuti - 
sulla musica comeprocesscJ. azrone. II perche - con 
quali finallta. con quale progetto di interpretazione 
del mondo - un lawro e cosi come appare viene 
testimoniato ("registrato". dice Laske. 1977) nel 
modo in cui i meui  dell'azione vengono adoperati. 
I1 doppio problema tecnologico - il problema della 
tecnologra che rntenlrenc riel processo creatrvo e 
quell0 della relnzrone fro nrle e raondo della 
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inoltre esso non puo che far tesoro anche delle Duchez, M.E. "L'bolution scientifique de la notion Ule 
legittime osservazio~ critiche che pub sollevate. matkinu musical." In J.B.Baniere (a cum di) 
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Abstract 

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. 
At a first investigation level the mainly used sound 
typology is represented the white filtered sound 
that, in accordance with the major or the minor 
spectrum range appears or 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 transformations that stress that 
inner "turbolence". 
To these two sound figures dialectic process other 
events are added to which can be linked (as for 
example, the impulsive-percussion sound that 
introduces a complex sound object again, above 
mentioned, at 3'38") 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 (cum) 
E-helYlie 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 stluchue, 
pointing out that to the major mass thickness 
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 @ut with a 
different dynamic). 
The fact that just after this top there is a stop and it 
begins again from a very low thichess, allows us 
to establish preliminarily this point as one of the 
most relevant in connection to the excerpt breaEdng 
up. This hypothesis is supported also by the 

progressive mass thickness increase from the 
excerpt beginning to the paint 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. Smalley 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 
- cu~ l inea r  parabola 
-eccentric endogeny 
-centric/cyclic vortex 
-eccentric conglomerate 
The examination of table n.1 gives precious 
functional informations to a complete structure 
hypothesis since, if we observe the diiferent 
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 motion 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 range. This second section goes an up 5'22" 
(at 5'04" and on we have centric/cyclic vortex G 
sounds) where we find the already mentioned 
excerpt lop. Afterwards the elements reductions 
characterizes the last section (from 5'23" to 8'11"). 
We must say that the choice of the f i r s  
segmentation can be also criticized in regard to the 
fact that the linear motions entrance can be 
considered as a simple accumulation inside that 
"gestwee' 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 
fml 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 
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be extremely various and 

in the gesture itsell; in the texture setting the inner continuum", a window thal, having been closed 
elements are balanced like in weaving but on the quickly, doesn't end the experience, leaves the 
whole a certain directionality is shown. fantasy door open, preludes to new spaces opening, 
We can notice the tessitural element clear new horizons: it can be seen as a metaphore of the" 
predominance, surely in the first two sections (0"- beginning", already in maturing phase, of the 
2'11" and 2'12"-5'22"); in the third the gestual 

the& therefore the work deliberate functionality le- 
ads us not to "section" up to the improbable. Proposal (a simple complete sense impulse), 
In the second section we notice some sounds that, Suspension (when the parameter' general dynamics 
in one sense, diEer from the excerpt sound are static), Evolution (when a parameter varies 
landscape; we refer to the C rolling sound (3'34") to while the other remain stable) or actual Conclusion 
E bell -Lie impulses (4'10" and on) but above all to (when through different dynamics the end of the 
the D third major descent (Lie a cum) (3'40" and expressive disconrse is reached). 
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, precisely, seems a dif- 
fraction of the second; a section where sudden 
appear fragments previously heard speach (like the Processes", in The longuoge of electroocoustic 
short episodes at 6'04" and 6'40" that recall the Music, London, Macrnillan press, 1986, pp. 61-93. 
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Abstract 

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 difiiculty of finding an appropriate are also well known. Therefore one o f  the first 

model for the analysis of Kontakte. The problems one encounters is to find a model for the 

genesis of the piece. analysis that does not reduce that complexity and 
allows us to understand the real nature 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 
Kontokte seemed to me a world full o f  contradictions, 
as if the story of its development wasn't linear at all. 
W e  must consider that in the mid 50's. time of the 
crisis of integral serialism, @receding the realization 
of this piece) the strong ideas about the possibilities of 
'pure' electronic music (correspandences between 
material and fonn and between acoustic micro- 
structure and musical macro-structure etc.) became 
weaker for reasons we won't mention here. Therefore 
the apparent non-linearity o f  the genesis of Kontakte 
is consistent with a time when many postulates 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 (Verdnderungsgrode) ; the 
realization score reveals the EXPEJUh7INTAL 
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 

2 Finding a model 

A possible answer to that problem comes from the 
simple observation that those diierent aspects are all 
part of the genesis of the piece, of its 'story'. Gregory 
Bateson , in Mind and Nature, a necessary unity 
writes: I would assume that any A is relevant to any B 
If both A and B are parts or components of the same 
'st0 ry'[...] Without context, war& and actions have no 
meaning at all. This is true not only of human 
comrnunicotion in words but also of all 
comrnunicotion whatsoever, of 011 mental process, of 
all mind, including that which tells the sea anemone 
how to grow and the amoeba what he should do 
next.[. ..] the fact of thinking in terms of stories does 
not isolate human beings os something separate from 
the starfish and the sea anemones, the coconut palms 
and the primroses. Rather, ifthe world be connected, 
ijl 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 thoseaf redwood 
forests and sea anemones. Context and relevance 
must be characteristic not only of all so-called 
behavior (those stories which are projected out into 
'hction'y, 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 
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already existing system. Because 
Gesture Framing model. 

present many problems of survival and determin 
many directions of change. (Bateson). This was a 
model for me to proceed during the analysis and also 

Timbral variability, overlappin 
pauses, non-extreme dynamics, 
in the 'static fragmentary' sectio 

preliminary level Stockhausen's idea about the piece 
Contrasting dynamics, use of pauses, apparent 

was quite far from Mamentjorm. I found a double 
inconsistency of the sound objects, non-overlapping of 

palindromic structure of all Verdnderungsgrade (the 
sounds Gesture or Gesture Framing models. 

way parameters change) and Freiheitsgrade and the 
tripartition of the durations (number 3 is often used at 

3.16 Pseudo-instrumental Cadenzas 

all levels). The relation among all the parameters is 
Timbres that tend to imitate percussion instruments, 

built with a symmetrical logic and a 
tendency to organize sounds in phrases or clusters, use 

numerologicaVserial strategy. 
of dynamics that are close t 
Texture Settlng model. 

macro-sections one can clearly re~opnize 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 directionality, 
cadenzas etc.). A clear-cut division between macro- 
sections is not completely consistent with the flow of 
the piece, of course. (in some cases transitions are 



MACROSECTION BETA (dur.: 4'16,8") 
IV static fragmentary 
V directional- 
VINII-A (1) -apex in three phases-extinction 

MACROSECTION GAMMA (dur.: 10'10,3") 
W - A  (2) transition 
W B C D E  static fragmentary 
W-F pseudo-inmumental cadenza (skin) 
VIU 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") 
XI directional- 
W double interrupted apex 
XIII-ABC prolongation of the apex-extinction 

FINAL MACROSECTION (6'46.3") 
XIII-DE directional fragmentary 
XIII-F pseudo-instrumental cadenza - transition 
XNIXV-A coda (suspended directionality) 
XV-BCDEFIXVI 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 
presencdabsence of the 27 instruments of Kontnkte 
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 notice 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 m 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 insinnnents 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 

of the instruments. This hypothesis is based also on 
some considerations: 
a) Stockhausen realized 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 Kontahte 

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' (followidg 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, as in a 

Klnngforbenmelodie 
C) 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 
c) 

e) 'underlining' 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 Momenffom, from improvisation 



(precisely documented in the realization score) and 
that those serial plans couldn't be easily re-modeled Ki 
on the base of those results. A methodological der 'Konfokre' von 
conflict: some parameters (e.g. some durations of di 
sections) remain unchanged, some others have 
completely diflerent values. This is only an example 
that metaphorically or directly pertains to the 
problems of survival and the directions of change 
Bateson writes about, refemng to living species and Smalley, D. "S 
their phylogeny and ontogeny (the latter is the process Pracesses" in The Lnnguoge of Elechwcoustic Music, 
of development of an individual, that is, embryology Emmerson S. (ed.) MnrmiUan London 1987 pp.61-93 
plus all the changes that are determined by 
environment and habits). KontaMe has often been Smalley, D. Specfmmo?phology: Explaining Sound-shapes 
described as a Momentform piece. This idea certainly (awaiting publication) 
reduces its complexity and often the simplest answer 
isn't the only one. I think that an analysis of this piece Stackhamn, K. "LWG del tempo 
is incomplete if it doesn't include also the aspects Ln musica elemnicn a cura di H Pousseur Feltrinelli Mi 
bound to its 'ontogenesis', though this can't be 

electronic and instrumental sound-groups' or 'between 
self-sutficient, strongly characterized moments' or 

between various compositional experiences, that find 



Forme e strutture nella musica elettroacustica tra 
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Abstract 

The paper deals with the comparative analysis of six electroacoustic pieces 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 sene di lavori elettroacustici composti ua il 1953 
ed il1961. 
Le diverse istanze compositive che attraversano quegli 
anni, e particolannente quelle legate all'esperienza 
elettroacustica, mettono apemmente in discussione i 
criteri organizzativi del materiale sonoro, sottoponen- 
dolo a modalitil interpretative di natura eterogenea tanto 
sul piano qualitative quanto su quello relativo ai con- 
cetti formali e strutturali. Peraltro, i molti laboraton 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 quanto un lavoro analitico che voglia dusi pih 
esaustivo richieda il confronto con un pih ampio reper- 
torio, ci 6 sembrato comunque interessante tentare la 
comparazione su di un gmppo di brani pih circoscritto, 
concentrando l'attenzione su lavori brevi di compositori 
di rilievo: 

- K. Stockhausen, Srtrdie 11 (1953), WDR Colonia 
- B. Maderna, Nonlirno (1956). RAI Milano 
- F. Evangelisti, Inconrri di fasce sonore (1956/57), 

WDR Colonia 
- P. Schaeffer, Elude aux sons aninzis (1958). RTF 

Parigi 
- G. Ligeti, Artikularion (1958), WDR Colonia 
- 3. Tenney, Analog ]-Noise study (1961), Bell Lab. N.J. 

USA 

GiB questo repertorio, nella sua essenzialiti. permette 
una valutazione delle diverse modalith con cui la forma, 
pur nella breviti, si esprime, mettendo in rilievo tutu 

una serie di peculiarith compositive che proprio tramite 
il confronto vengono ad assurnere 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 modalita 
d'uso e per qualith. 
L'indagine analitica viene condotta mediante 
I'approccio estesico-cognitive sviluppato dagli autori e 
per la cui descrizione si rimanda ai testi in bibliografia. 
I1 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- 
ticolari del testo sonoro che possono emergere solo at- 
traverso un'analisi dell'ascolto condotto sui brani. 

2. Forme a confronto 
. ~. 

Tre pezzi presentano forma unitaria, ciascuna realizzata 
attraverso rnodalith diverse. 
Stockhausen realizza tale unilarieth attraverso una omo- 
geneith 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 intenzionalith estetiche sul piano dell'unitarieth 
formale. 
L'interezza della forma c? 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 &I piano formale a quello delle 
catene sintagmatiche. Per tal motivo certe direzionalith, 
riscontrabili come vedremo sul piano strutturale, ap- 
partengono al livelto discorsivo dei sintagmi senza in- 
vestire il piano formale. 
Nel brano di Tenney il materiale risulta molto omoge- 
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mezzo di un compo 
sintagmi sonori, organizzazione 

e non consente di essere trattata in maniera pih 

maniera sostanziale, al di 1i di un lampante quanto i 
provviso salto dinamico. sione in sottosezioni. 

Nel primo caso, Inconrri di fasce sonore. Evangelisti 
Iascia inalterate le zone B e C, peraltro brevi, dividend0 
in quattro la prima sezione formale attraverso 
un'alternanza costante di moto e densiti. 

"melodici"; nella seconda sezione vengono aggiunti ele- caso del compositore romano tale carattere B realizzato 
menti di rumore: gli oggetti sonori. alquanto allungati e attraverso la presentazione del materiale, in Nommo si 
con dinarniche sensibilmente disomogenee, risultano assiste ad una esposizione melodica delle frasi - riprese 
sovrapposti, imprimendo un comportamento "armonico- poi anche nel corso della composizione - che, confe- 
polifonico" a questa sezione. rendo una morfologia ad arc0 alla sezione A, garanti- 
La suddivisione formale dello studio di Schaeffer & ot- scono I'integriti formale-strutturale. La sezione B si 
tenuta mediante un'organizzazione di carattere narrativo sviluppa invece in tre zone di diversa impostazione 
del materiale. La sezione A sviluppa una propria au- strutturale, I'ultima delle quali attua una funzione di 
tonomia grazie al suo schema interno di natura circo- coda grazie al suo andamento ed al cluster finale in 
lare, la cui coerenza a questo livello B data dal ritornare rapido rilascio. Tale coda B preceduta da un momento di 
di un evento particolare di natura melodica che apre e culmine di tutti i parametri (sottosezione b2) che rag- 
chiude la sezione. In B invece prevale una situazione di giungono fra 2'08" e 3'10" il loro punto di massimo. 
mutazione continua del materiale con carattenstiche di L'inserimento di un elemento strutturale con funzione 
maggior articolazione di chiusura finale b risconmbile anche nel pewo di 
La forma della corn Tenney: preceduti da una sottosezione relativamente 
su questo piano si assiste alla strutturazione piir com- culminante (a2). gli ultimi 40 secondi presentano carat- 
plessa che, al di I i  degli intenti seriali, dimostra inten- teristiche conclusive. Caratteristiche di questo tip0 si 
zioni di carattere narrative. Il materiale B peculiare per riscontrano anche negli ultimi istanti del pezzo di Scha- 
ognuna delle tre sezioni e risulta disomogeneo solo in effer dove il risultato B comunque di minore rilevanza 
A, I'unica zona che per andamento pub richiamare 
I'influenza dello Srudie II di Stockhausen. I1 comporta- 

hausen, presentano un' 

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



Infine Etude aux sons aninris, che presenta tra tutti 
I'organizzazione strutturale pih articolata e dove le due 
sezioni formali hanno un carattere autonomo: la prima, 
composta da tre sottosezioni, risulta compiuta nella sua 
morfologia circolare (a1 -a2 - al'); la seconda percome 
un andamento diversificato con un punto di rilassa- 
rnento b3. dopo un iniziale aumento dei parametri, se- 
guito da una conclusione in ulteriore crescendo. I1 
susseguirsi delle sottosezioni procede per progressiva 
aggiunta di elementi sonori nuovi con la conseguente 
eliminazione parziale di altri gii  utilizzati. 
Per uno schema complessivo delle suddivisioni strut- 
turali si veda la figura 2. 

4. Considerazioni analitiche generali 

Tre delle composizioni provengono dallo stesso studio 
di produzione (Studie 11, Incontri di fasce sonore e Ar- 
tikulation), la WDR di Colonia. L'impressione 
percettiva che ne risulta b quella di una relativa omo- 
geneiti di materiale, sicuramente dovuta alle comuni 
sorgenti ed ai vincoli che esse irnponevano per qualiti e 
natura. Cib nonostante le differenze non mancano: se 
Evangelisti amplia la tavolozza timbrica rispetto allo 
Studie I1 (il prirno brano in ordine di tempo) senza di- 
scostarsi molto da quelle morfologie sonore (soprattutto 
quelle di dinamicalinviluppo). Ligeti b quello che si dif- 
ferenzia rnaggiormente imprimendo una strutturazione 
fraseologico-vocale caratterizzata da sequenze di eventi 
sonori con morfologia "liquida". Tale caratteristica che 
informa non pih singoli elernenti. bensi si dimostra una 
Vera e propria strategia di organizzazione del moto in- 
terno agli oggetti, sembra una delle caratteristiche pik 
innovative che il compositore ungherese appona al lin- 
guaggio elettroacustico di quegli anni. Peraltro 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 pub 
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 pub in qualche modo 
sottolineare una cena vicinanza di intenti tra i due com- 
positori. 
Seguendo I'ordine cronologico complessivo dei brani, 
dal 1953 al 1961, si assiste anche ad un progressivo au- 
mento dell'elemento "nmativo" nelle modalith organiz- 
zative. Assente, o quasi, in Stockhausen (se si esclude la 
curva di tensione in tre fasi di cui si b detto) si aniva al 
brano di Tenney: qui I'elemento nmativo appare uni- 
tario e sviluppato integralmente lungo tutta la compo- 
sizione, dimostrando la capaciti da pane del composi- 

tore di r a p p o m i  con nuove modalit2 al paesaggio 
sonoro. I~rcontri di fasce sonore ed Etude aux sons 
aninris risultano all'ascolto pi8 strutturati, con una con- 
seguente maggior "IeggibiliW musicale, grazie ad un 
utilizzo di precisi elementi - le sottosezioni - che sup- 
ponano con il loro intercalarsi la narrazione. In Artiku- 
lation la discorsivith L. garantita dalla strutturazione in- 
trinseca ed estrinseca dei sintagmi; tale strutturazione. 
ancorche costruita secondo criteri seriali che sul piano 
strutturale ostacolano I'individuazione di schemi pre- 
cisi, conferisce comunque coerenza all'intera compo- 
sizione. Maderna, infine, nel suo generoso fare musica 
sviluppa invece il piano nmativo attraverso un lavoro 
di otchestrazione quasi strumentale del materiale sin- 
tetico. 
Se in Stockhausen e Ligeti appare meno fone la preoc- 
cupazione a livello generale di una strutturazione iniiio- 
fine del pezzo, pur con una sottolineatura del suono 
grave finale nel primo caso e della frase "lantana" 
iniziale nel secondo. in tutti gli altri compositori questa 
tendenza & pih marcata attraveno I'uso tanto di ele- 
menti introduttivi quanto di code o di sottosezioni con- 
clusive specifiche. 
Per concludere, possiamo precisare che cib che qui ha 
maggiormente interessato L. stato il lavoro di confront0 
sui piani formale e strunurale. Per tale motivo non si B 
proceduto alle successive fasi di dettaglio che il metodo 
estesico-cognitive prevede: catene sintagmatiche, 
strategie compositive e strategie di significazione. Un 
lavoro analitico completn permetteri in futuro di com- 
parare i brani in oggetto anche sono 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 T9000 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 logarithmic (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 analysislresynthesis 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 information, 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 

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 er al., 19941. One 
filterbank sums and interpolates a distribution of 
oscillators into a single stream. Additionally, a 
halving of update rate is achieved by 
representing sinusoids as complex exponentials 
and utilising negative frequency. This permits a 
flexible modular filterhank topology of an 
arbitrarily complete binary tree and a 
combination of octavelinteger 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 
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gan with multiple sample rates has 

Inmos T8OO floati factor of three. 
interconnected as a tern 

keystrokes a second [Itagaki et a/.. 1995al. 
power of 140 MIPS. These transputers are Meanwhile, we are implementing granular 
permanently connected, but the software synthesis on the nehvork [Itagaki er a/., 1995bI 
configuration of the network is flexible and and are developing another muIti-transputer 
reprogrammable. Ten such boards form a network using Inmos T9000s. 



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 canied out using the 
PC alone, and this permits detailed graphical 
display of the data [Nunn er al., 19951. 

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. 

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

4. Musical Applications context are a transputer-based phase vocoder 
and a Parallel C version of the MIT software 

As an interdisciplinary research group one of synthesis program Csound that incorporates 
our objectives is the production of new tools for dynamic scheduling routines to disuibute the 
composers of electroacoustic music. This has component synthesis tasks across the transputer 
involved extensive field-testing and custom network Bailey er a!., 19931. 
modification 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 
floating-point transputers with full support 
facilities for studio composition. The most 
significant tools to have emerged to date in this 



Purvis, and P.D. Manning, "An Highly Audio Computer with MIDI and Analogue 
Parallel Architecture for Real-time Music Interfaces", presented at Euromicro 1988, 
Synthesis and Digital Signal Processing Zurich, SWITZERLAND. published in 

Additional information 
the Phase Vocoder in the Control of Real- 
time Electronic Musical Instruments", 
Interface, Vol. 22 (1993): pp 259-275 http://capella.dur.ac.uk/doug/drntg.html. 

processor Network", (presented at) 5th 
International Conference on Parallel 
Computing, Gent, BELGIUM 

[Itagaki et al., 1995bI T. Itagaki, P.D. Manning, 
and A. Purvis, "An Implementation of Real- 
time Granular Synthesis on a Multi 

International Computer Music Conference. 
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Abstract 

We depart from our past experiences with applying modem techniques of digital audio signal pro- 
cessing to the problem of denoising historical music recordings. The strategy adopled in those projects 
utilized modem mathematical methods, such as wavelet transforms and wavelet-packet analysis, as 
well as adapted local trigonometric nansforms. Our current work aims at developing refined tech- 
niques for the detection of higher-level musical structure in digiral musical audio. We consider ana- 
lytical transcriptions of audio signals which provide asynoptical 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 to the problem of denoising historical music 
recordings [Berger, Coifman, Goldberg 19941. In 
particular, we have achieved some success with ex- 
tracting pitch and timing suucture 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 in these projects utilized modem math- 
ematical methods, such as wavelet uansfonns and 
wavelet-packet analysis, as well as adapled local 
trigonometric lransforms [Auscher. Weiss, 
Wickerhauser 19921. Our current work aims at de- 
veloping techniques for the detection of higher-level 
musical structure in digital musical audio. We have 
reported preliminary resulu; at the 1995 ICMC 
[Berger, Coifinan, Popovic 19951. In this paper we 
summarize o w  research and propose possible new 
directions. 

Unified Representation of Musical Struc- 
ture 
Our effons aim at the detection of various levels of 
structure in digitized musical sound. Current devel- 
opments in the intersecting areas of signal pmcess- 
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 to Lake meaningful 
steps towards a unified representation of musical 
structure. This representation is conceived as a model 
fora wide range of structunf formations: on one hand, 
we wish lo model micro-detail, contained. Tor ex- 

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 audio in the context of sound 
editing, lo 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 sample frame; but also on a musi- 
cally much higher level, namely, by musical segment 
such as measure, heat, phrase etc. (This has been pro- 
posed in [Chafe, Mont-Reynaud. Rush 19821 and 
Wster, Schloss, R o c h o r e  19821.) In the perfor- 
mance domain, the capture of musical audio as sig- 
nal and, simultaneously, as musical structure would 
expand possibilities for interaction in performance, 
in particular if we succeed to achieve at least partial 
satisfactory solutions to some classically-notarious 
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 audio con- 
sists in preparing the raw signal by means of a de- 
tailed, yet compact analyrical rranscriprion. 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 transcription as practiced, for instance, 

XI Colloquia di lnfomotica Musicale - Bologna 1995 55 



while taking dictation for the purpose of training au- a priori well-localized in time and frequency and a 
ral skills. Here, what is heard is to be transcribed us- wide variety of such localized functions may be de- 
ing conventional notational symbols or notes. Un- rived by simple scaling of a prototype or "mother 
fomnately, the pitch-time concept provided by tra- wavelet." The wavelet transform uses small-scale 
ditional music theory is idealized beyond being of ba is  functions to model fine localized detail of the 
any use in situations which require an efficient, yet analyzed signal, whereas dilated versions are matched 
detailed automntic transcription ofmusical structure to large-scale features. The basis functions are called 
from musical sound. ~he'transcri~tion of music veiets because they have compact support over a 
sound by means of standard musical notational d ~te,  relatively short interval (as opposed to sines 
vices presupposes an anachronistic Pyth and cosines, which are infinite), all the while pre- 
model of musical structure, with each tone erving orthogonality. 
mented by means of an ideal single-frequenc 
lator, suspended in the grid of & illusory 
time-frequency space. This paradigm allows for 
mediate hanscription by means of noteheads on s 
l ies .  The reduction of musical tones to notation 
notes may have pedagogical merit. It is a little "too sively the wavelet transform to dyadic partitions of 
efficient" for our purposes, however, in that it aban- 
ons any and all connections to the physical-acousti- 

the signal [Coifman & Wickerhauser 19931. The re- 
sulting space of scaled basis functions may be 

al realities of tones making up the sonorous reality 
searched for one specific linear combination of basis 

of a musical piece. 
functions, basis for short, which may be called opti- 
mal with respecl to some user-defined criterion. Us- 

of corn- 
ing this best-basis approach, a signal may be ana- plex structure accompanying even the most elemen- 

tal of musical events, such as single piano tones. We lyzed in terms of bases which minimize the entropy 

are currently searching for a transcription by means of the transcription relatively to the signal. Suchbases 

of analytical notes which themselves posses a fair have been useful in transcribing those components 

amount of internal structure, yet allow for as effi- of a signal which are deemed structural or coherent. 

cient a hanscription as conventional musical notes For example, signal reconstruction from such bases 

do. m e  basic idea here is to 'shrink-wrap' the typi- may result in significant noise reduction. We have 

cal 'spectral mess' making up a musical tone, with- found that the components transcribed as coherent 

out really hidig it. We have found an entry point to via best-basis extraction from a wavelet-packet analy- 
sis expose local detail of interest (from the perspec- such a transcription in the employment of signal 

building blocks, which are satisfactorily localized live of music analysis) such as the attack behavior of 

both in time and in frequency. These are, specilically, musical tones. In addition, features which are more 

wavelets, wavelet packets, and local trigonometric continuous, such as the relatively slow spectral be- 

bases. We generalize the musical terms transcription havior of sustained tones, are transcribed efficiently 

and note to suit our intended purposes. Our transnip- as well. A synthetic example may illustrate this. In 

tion departs from mathematical harmonic analysis and Figure 1.a-c. an anificial signal consists of a qua- 

includesrecent advances in wavelet applications. The clntic chirp up to the Nyquistfrequency, 512 samples 

classical Fourier transform, performed on the time 
side of a signal expands that signal into sine 'and co- 
sine basis functions. In audio, the result of the trans- 
form may be presented in the form of a sonogram. 
which in turn may be interpreted as a protocol of the 
spectral behavior of a signal over time. To achieve 
localization in time, however, a long signal has to be 
windowed, that is, segmented into chunks which are 
manageable by a short-time discrete Fourier trans- 
form. Smngly localized details such as fast transients. 
chirp-like frequency modulations, etc. are "smeared" 
across the full spectrum within each analyzed seg- 
ment and thus become inaccessible to further analy- 
sis. Accordingly, the precision of localization in time 
and frequency represents a compromise. The wave- 
let transform expands asignal also in terms of simple 
basis functions. These functions possess an impor- 
tant additional parameter, namely scale. They are 



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 DIT is kaken. The pure sine 
wave compnnent is localized well in frequency, but 
not in time. The starting and ending c h i s  smear over 
the enlire spectrum and cannot be seen. In Figure I .b. 
the same signal is transcribed by extracting the en- 
hopy-minimizing best-basis from a 3-level wavelet- 
packet decomposition. (Due to the small depth of the 
decompnsition the,frequency localization is not good 
here: this mugh aooroximation. however. can be ex- 

.---,- .-- .-.,.u ".."",i.i...-~i- i;ww- 

Figure 1.c 

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

- .. 
eculedinmany-times better lhan real b e ,  even on a , 

7 modes1 PC and may be useful for ins1 zoomlng-in - 
I 

onto interesting derails.) F~nally, Figure 1.c shows 
the same signal once again, transcribed via a 9-level 
adapted local trigonomeuic transform (ALTT, see 
below), performed directly on the time series. 

As in denoising, we favorcurrently a wavelet-packet 
relative, namely the adapwl local higonomenic trans- 
form, ALTT, performid on the signal specuum, which 
yields libraries of time-frequency localized sines or 
cosines. As in classical sliding-window Fourier analy- 
sis, along signal is segmented rust. To combine good 
frequency lowlization with an adequate time local- 
ization, each segment is moved into the frequency 
domain via a discrete sine transform [Yip & Rao 
19901. A w e  of smoothly cut and folded windows is 
constructed on the specuum 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 rail as noise. We do not recon- 
slruct but simply interpret the coefficients as notes. 
in a generalized sense. Each box plotted in the time- 
frequency plane represents one such note. Forcing 
theanalogy onestep further, particular configurations 
might be calledgeneraIizedneu~nes. Figure 2 depicts 
a moment from Debussy's piano prelude ... Loj i l l e  
am cheveux de lin, digitized from a commercial LP 
record and transcribed by an AL?T on the frequency 
side of the signal. Besides individual pitches and their 
timing, the transcription reveals interesting detail, in 

Figure 2 

Conclusion 
The objects obtained from a wavelet-based signal de- 
composition, populating the time-frequency plane, 
are indeedmusical notes, albeitin ageneralized sense. 
They are parameuized building blocks which are lo- 
calized in time and frequency, with the musical pa- 
rameters frequency, onset time, 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). Waveletpackers 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 theana- 



nents ( c h i  transform). And, finally, bases 

between signals belonging to different classes. in 
terms of statistical linear discriminant analysis (see 
below). Our main concern at this point is to learn to 
interpret the multitude of perspectives provided by 
our twls 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 containinr! svmbolic- - .  
syntactic musical information. 

though the clarity of Figure 2 suggests that &is could 
bednne easily. Instead. we are seekine to oreserve as - .  
much delail 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 terns of the tasks we are 
sbwting for. It is imponant to keep in mind that the 
plots we are currenu; obtaining oniv resemble tradi- - .  
tional sonogms.  The scartering of coefficients 
around pointsof lransient activity is chmcleristic, i t  
is a pallem. We are currenUy testing the consuuction 
of bases which maximizes some statisticdly measur- 
able distance between signals classified as belong- 
ing to distinct classes. This annroach is oromsed in 

Algorithms for Best Basis Selection". IE& Trans. 

sine and cosine bases of Coifman and Meyer and the 
construction of smooth wavelets". in Wavelets: ATu- 
torial in Theory and Applications, C. K. Chui (ed.), 
Academic Press. San Diezo. 1992. OD. 237-256. 

Adapted Waveform Analysis. A Toolkit for Signal 
Processing and Numerical Analysis", Proceedings of 

Removing Noise from Old Recordings", Proceedings 
ofthe 1994 International Computer Music Confer- 
ence. 

1. Berger, R. Coifman, M. Goldberg: "Removing 
Noise from Music Using Local Trigonometric Bases 
and Wavelet Packets", I. Audio Eng. Soc., Vol. 42. 
No. 10, 1994 October, pp. 808-818. 

R. R. Coifman, N. Saito: "Coustru.ctions of local or- 
thononnal bases for classification and regression". 

1- 
[coifman & Saito 19941 and iiaito 19941. i though 
the technique is the Same, the intention behind the 
hansaiption 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- 
acteristic of one class but not another and best-basis 
selection is performed so as to maximize the distance 
from one class to another. Our first test results, ob- 
tained as of lhis writing, suggest that this technique 
might be developed further to tackle problems of the 
complexity posed by Wks such as 
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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 fust created in 1988. 
In 1993 the Centro Tempo Reale has taken upon 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: 

- Ode0 cantando ... tolse by Adriano Guamieri, 
opera for two sopranos, electric guitars, flute, 
amplified choir, small ensamble and live- 
electronics (1994) 

- Noms des Airs, boite B musique by Salvatore 
Scianino (A.Vidolin et al.) 

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

2. THEMA (Omaggio a Joyce) 

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). 

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

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

2 . References 

- .. ,1995. ..2995.. ,3695. .., comledia harmonica Vidolin. A. & Bernardini, N. Noms des airs di 
Salvatore Sciarrino: una musica algoritmica di 

by Marco Stroppa for actress, a douhle-bass, trasfornrazione sonora, in Atti del XI Colloquio 
computer music and live-electronics d'lnformatica Musicale Bologna (forthcoming) 

- Zniiie by Wolfgang Amadeus MozartILuciano 
Berio, open in two acts 

Besides the production activity, the Centra Tempo Centm Tempo Realc 
Ccnm di Ricerca. Produzione e Didaltica Musicale 

Reale is also pursuing the restoring of old analog Villa Smrzi 

tapes of masterworks of electronic music, among Via Pisma 77 
50143 Firenv 

which: TeI.++39(0)55/717?70 
FAX ++39(0)jjn17712 
e-mail: nicb@nexnis.unipd.it. vidolin@dei.unipd.it 

1. Visage 
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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 description4ength is wgnitively relevant to music semiology. 

1 Introduction 

Semiology conceives of a music composition as a 
continuum of sound elements with distribution 
rules that determine their relative integration and 
exclusion relations. The ultimate result of an 
analysis is the reconsrruction of the sound piffie 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 author's taste and dominant cultural 
categories. 

This paper repons on a fmt auempt to provide an 
automatic tool to aid analysis with the application 
of the minimal description-length principle, whose 
relevance to cognition has already found many 
experimental proves in several scientific disciplines 
[I]. In agreement with musical semiology. the 
theory of inductive inference as well as other 
disciplines studying the natural development and 
acquisition of howledge, recognizes analysis as 
the pmcess of representing a phenomenon into a 
model. The minimal description-length principle. 
an information theoretic formalization of the 

interpretation model, 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 strategy. 
We have obtained a fwther simplification by 
focusing on the rhythmic and melodic events 
separately. In the following section we pmvide a 
brief description of our system, its analytical 
postulating assumptions, its model representation, 
and symbol evolution strategies. As a f i s t  step 
towards verifying the functioning principles and 
the capabilities of the system in musical analysis, 
we have considered simple codified musical forms 
because they show an evident formal, melodic, and 
rhythmic suucture: we report on the system's 
analytical behaviour on minueuo, marcia polacca, 
muselta, mazurka, valzw, 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.. 

Occam razor which is fundamental for 
episthemology, claims that the model should be as 

Following linguistics, as music semiologists do [Z], 
we consider a musical composition as a whole 

simple as possible. In this way, it is possible to 
capture difficult concepts as learning and 

reality that needs to be cut in parts, parsed, to be 

understanding as processes of refinement of the 
understood. Computer science conceives of parsing 
as the processes of finding smctural relations in a 
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in terms of which 

in a definite time orientation, 
a choice for symbol evolution criteria 
t convenient to limit the search space 

to manageable size: AlephBeta considers prefu 
observables to use in order to represent the coding sets only, to avoid parsing ambiguities and 
composition and which evaluation function to 
evaluate the analvsis. For the sake of this moer 

backlracking. 

we concentrate on rhythmic observables and use 
inimal coding size as model evaluation fun 
ifferent choices of observables are sugges 
e conclusion and will be the 

discovering whether the analysis postulates that 
AlephBeta uses are sufficient to discovering 

2 The system AlephBeta established composition forms with no prior 
knowledge of the forms themselves. As a fmt step 

Our following analysis examples have been towards verifying its functioning principles and 

obtained with the odqptive parser embedded in the capabilities in musical analysis, we have 

system AlephBeta [31. considered musical forms that show an evident 
formal rhythmic structure. A few compositions 



Similar results have been obtained with an 
experimentation on with a different choice of a 
priori observables coding melodic interval 
sequences. The patterns obtained could be used as a 
priori observable for higher level structure 
discovery. 

4 Conclusion and future work 

If listen to a resynthesis obtained as a random 
sequences with the disvibution 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 
completely arbitrary, it can be perception as well as 
cognition: even though the examples that we 
present only concern the symbolic level of music, 
we expect this preliminary results to guide the 
application of Alephbeta to the level of sound. 
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Abstract 

In this paper an attempt is made to formalise musical similarity. 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 ohjects 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 GlTM, Lerdhal & Jackendoff 1983). 
Theories that attempt to formalise musical 
similarity either restrict themselves to a very well 
circumscribed and rather limitcd area of musical 
knowledce - e.a. Ruwet's machine (Ruuet 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 past 
of on-going research. 

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 
entities 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 ohjects as being 
similar if they have identical values for at least one 
property pertinent to their description. The more 
propeaies 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 (OSS) 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. 
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es for each sGctural and parame 
) is essential. Separate analyses are pe 
he different parametric profiles of a 

PI ch, rhythm, dynamics etc) and for 
action within each profile 
Is: exact intervals, scal 

Apart from the actual 
fint pattern to each of the following. similarity analyses may be performed on r 

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

icting viewpoints into a single overall 
analysis. This issue will not be addressed in the 

REP: exact repetition 

OSS: pitch - scale intervs (inv.) Many contemporary theories - especially theories 
OSS: rhythm- exact durations that have been influenced by linguistic theory - 

make hypotheses about the way a musical surface 
should be segmented that are too restricting and 
limiting. Fo r  example, the GTTM 
(LerdahlBrTackendoff. 1983) assumes two kinds of 
rules the first of which are referred to as well-  
formedness rules. These rules allow grouping 

considered simply as preference rules in a theory 
where the overlapping of patterns is the norm. 



Our cognitive skills attempt to impose a well- 
fomled 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 
economic, 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:Z). 

4 A Method for Exhaustive 
and Efficient Pattern-Matching 

The similarity mechanism is employed in a 
bottom-up fashion i.e. starting from the smallest 
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-overlapping 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 pattem length (2  elements) and then 
shifts stepwise through the entire array finding all 
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 matchings and although it is 
computationally expensive. it is as efficient as 
~ossible  (through the reduction of the initial search 
ipace). This procedure can become significantly 
Pilster if the user inserts break markers in the initla1 
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 

different viewpoint (e.g. exact interval - scale step 
interval viewpoints), the pattern matching process 
can be applied first to 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 musician-analyst 
counler-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: 

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

F: frequency of occurrence for one pattem 
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 he the most significant ones. 

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



pane 
module singled out only a few, some of which are 
depicted in figure 3. These pattem-motives may be 

considered a rather plausible segmentation of Niobe 
which is not very far from a segmentation a music 
analyst would perform. This result is quite 
significant when one hears in mind that the system 

slurs, breath marks 



An Artificial Neural Net for Harmonizing Melodies 
Dan Gang, Daniel Lehrnann 

Institute of Computer Science, Hebrew University 
Jerusalem, Israel 

Abstract 

Whenever a musician needs to harmonize or analyze harmonization of a given melody, after establishing the 
key, hetshe nies to extract, for each measure, some harmonic hint from the melody in the form of key notes. 
These key notes provide a sparse harmonic outline that will be completed to 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 leamed by harmonizing melodies it has never seen. 

1 Introduction 

Suppose you have heard today a bit on the radio, 
you can sing it with the singer and you almost 
know all the words..You would 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, so you meet with your guitar teacher who can 
probably 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 doing 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 network 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. Fist ,  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 

What gives an expert the ability to harmonize a 
melody so easily and so well? Wbat 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 task. 

2.1 The Human Musician's 
Approach 

Whenever a musician needs to analyze the 
harmonization of agiven melody or to-create an 
harmonization for a melody, hetshe examines the 
notes of the melody 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, helshe 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 tlie musical style and 
culture, and the individual musical taste. Not all 
expem 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 
algorithm, and generalizing what it has learned by 
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context is taken into account. The 

the regularity of the chord progressions in 
the next chord. The net also includes two internal 
hidden layers: Hidden and HiddenDis. The 

enDis layer represents the chromatic scale: 
of the twelve units represents a pitch. This 

The architecture of the network is described in HiddenDis layer, but some of tke connections are 

figure 1. The sub-net for key notes learns to extract fmed and some are learnable. For example: Do in 

key notes out of the melody. It learns from the key notes sub-net output layer excites Do in 

examples: harmonized melodies. To define the key HiddenDis layer, and therefore, indirectly, excites 

notes for a measure, in our examples, we used the the C unit of the output layer; it also inhibits Si in - 
intersection between the notes appearing in the HiddenDis and. indirectly. inhibits G in  the output 

melody and the notes that build the chords for the layer. In this way, we impose soft constraints on 

measure. The sub-net is a 3-layer standard feed 
forward network trained by back propagation. HiddenDis layer. The plan units in 

The input layer represents the notes of one measure are used to label different sets of no 

of the melody and the output layer represents the 
key notes with twelve units for the chromatic scale. 



To implement the system architecture we used the 
PlaNet sofiware[hliy91]. A full description of the 
network and the rcsults 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 wa5 able to learn the task relatively 
fast.3 

4.2 The Generalization Phase 
The network's generalization capability has been 
tested by giving it new melodies 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 funcuonal aspects. In the 
generalization process the net was tested 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 hook for children? 
For the other songs, the chords obtained were 
surprisingly aesthetic, flexible and different from 
the original. The chords resulting from the 
harmonization for the song 
"Supercalifragilisticexpialidocios" have been 
functionally appropriates5 mainly because, 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 

For n decay pnmmeter= 0.3.5 hidden units ond 18 song. it took 
50 epochs to lenm to repmduce ihe song. with a very small ermr. 
See the rang: " h e  in the Forest" in he Appendix. The upper 

line of the chords describes the chords resulting fmm ihe net. ' See this song in the Appendix. 

chords resulting from the harmonization for the 
song   sole ad^"^ 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 rhythm and 
the use of some chords substitutions. 

5 Surnrnaryand 
Acknowledgments 

We achieved our goal of building a neural net for 
harmonizing melodies, by dividing the task into 
two sub-tasks. After achieving the fust 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 smcture 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 AI. 
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1 Introduction 
The Fast Fourier Transform (FFT) method is a very 
powerful tool in the analysis of acoustic and musical 
signals, leading t o  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, a t  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, regardless 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 FFT.  The results: acoustic signals anal- 
ysed by the FFT,  are again, experimentally observable 
physical entities. The F F T  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 FFT  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 structures and compo- 
nents, to the realm of human feelings and emotions 

expressed by these acoustic signals as musical tones 
in musical (melodic) phrases, is done in several steps: 
(1) First, still 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 other 
information that can be extracted from them. Since 
musical tones are time-evolving entities the structures 
observed are, obviously, temporal 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. 

Results 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 emotion or mental 
mood: excitement, 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. Mutual exclusivity was 
strictly observed: modes of contrary type do not oc- 
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 a calm passage, or a release of tension in a 
passage full of excitement. Four mechanisms, super- 
posed on the basic phonation (voice production) mech- 
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anism, were identified as a straightforward deduction various mechanisms. In the figures: x-axis is t ~ m e ,  full 
from the mode shapes and structures. They are: (1) scale 1 . 9 ~ ~  y-axis IS frequency, full scale 6000Hz, each 
excitation of higher harmonicpartials, especially those line is a harmonic partial. The acoustic waveform i 
in the singing formant, (2) vibrato, (3)  transition and shown on the top of each figure. Fig.1 shows four to 
pitch changes within the vocal tone, particularly a in Schubert "Ave Maria": the end of A- with the 
gradual pitch increase from the tone onset to the s u s  brato of the sustained stage (C mode, it's initial stage 
tained stage. (4) Sforzando - a sharp and abrupt in- are shown in Fig.2), the ve, Ma (NS modes), whose 
crease in pitch occurring right a t  the onset of the tone, ginnings and ends are marked by the vertical marke 
lasting typically 50ms or less, then merging with vi- and the beginning of -ri (C mode - in a legato connec 
brato. It appears in modes of highly exc~ted nature tion to the Ma tone). As can be seen, the NS modes 
and used as a special emphasis or accentuation of the hardly contain any outstanding features, except for 
tone. Artists, intentionally but unawaredly, use these some jitter, and therefore not much expressiveness (to 
mechanisms, and the interplay amonx them, in c r e  he further discussed in section 4.) Fig.2 shows a typ- . . 
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 interpreta- 
tion in expressing the emotional 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 Calm-Soft.(CS), (3) Transitional- 
Multistage (TM) with subcategory Glide (G), (4) In- 
termediate (I), (5) Short (Sh), (6) Virtuoso (Vr), and 
(7) Excited (Ex), according to their structure and the 
corresponding type of emotion that 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- F i e r e  1: Spectrogram of NS modes from Schubert 
cation of emotions, from the calm and subdued to Ave Maria, sung by Felicity Loth, soprano. 

the highly excited. This hierarchical scheme, and the 
seven mode categories, were originally deduced on the 
phenomenological level, by grouping together modes 
that have similar structures, and carry similar emo- 
tional messages, and classifying them accordingly, and 
according to the mechanisms that enter into operation, 
their timing, and the sequence order. The results, the 
categories of singing modes, and the correlation with 
emotional expression were recently described elsewere 
(submitted to Journal of New Music Research). Here, 
a brief survey is presented. The mode types and cate- 

resented here as derived theoretically from postulates 



rnode belonging to the Transitional Multistage cate- transition is always in the "upward" direction, towards 
gory, from Un Ballo in Maschera by Verdi, sung by increasing frequency or pitch. 2, z sforzando, empha- 
Luciano Pavarotti. (Decca 410210-2, rec. 1985). sis, strong and weak, respectively.(duration 50ms). j - . - 

jirter (random fluctuations in pitch,. 3 - excessive j ~ t -  
rer. ( j r t~e r  O C C I I ~ S  in arty vocal tone). ; - This symbol. 
iollo\rtns one of tlre above (lenored svrnbols denotes - 
that the corresponding mechanism operated for some- 
time and then stopped. A symbol appearing to the 
right of the ";" symbol 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, 
or PE  (depending on the intensity), whereas if they 
occur successively after a certain time lag, as a t w o  
stage process, they will be separated by a hyphen: p-e 
or P-E. The symbol p-e-E denotes a three-step pro- 

Figure 3: Spectrogram of typical example of a mode cess: onset of phonation - singeing formant excitation 
helonging to the Transitional Multistage category, a t  low intensity - and finally excitation of the singing 
from Un Ballo in Maschera, sung by Pavarotti. formant a t  full intensity. Similarly pev, p-e-v, PEV, 

pe-v-EV, denote the three mechanisms entering into 
I t  is seen that the initial pitch is lower than the operation in different ways, leading to different 

pitch the at the sustained stage, and a grad- para] structures of the vocal tone. Arrival at the state 
ual pitch transiton takes place during the initial stage E automatically into P, once a mechanism 
(lasting 0.38). Fig.4sllows aspectrogram of four tones starts operating, it continues to the end of the tone. 
of the excited mode sung by Pavarotti ("Figlio del cessation of mechanism is denoted the symbol 
Cielo ..." from Turandot by Puccini - Decca 414 274-2, following its symbol, cessation of two mechanisms si- 
rec. 1972) 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 construct 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 lone devoid of 
Figure 4: Spectrogram of four tones of the Excited any expression, or human emotion, is a mechanically- 
mode, Pavarotti in Puccini's Turandot. produced tone - a violin played by a motor-driven bow, 

a clarinet blown by a mechanical pump - leading to a 

3 Notation non-varying monotonous tone. 2. Expression is built 
into the tone by introducing changes and complexity. 

The following notation is introduced: p ,P  - denote on- 3. Musical tones are acoustic signals, and the emo- 
set of phonation at  low intensity, and full intensity, tional expressions are encoded in them as frequency 
respectively. (with respect to the intensity a t  the sus- and amplitude changes and modulations, periodic or 
tained stage). non-periodic, thus shaping the tone's particular tem- 

e,E - excitation of the higher harmonics (singing for- poral and spectral structure. Every feature is mean- 
mant),  a t  low and full intensity, respectively. ingful, and nothing is haphazard. 

v -onset of vibrato - low vibrato extent (amplitude), 4. All the acoustic information is contained in the 
and lower frequency (than the sustained stage's val- FFT  spectrogram down to the most subtle detail. 
ues). V - onset of vibrato - the sustained stage value. 5.The multistage temporal structures of vocal tones 
s - onset of "small" vibrato (CS modes). t ,T  - onset of is experimentally established. (Results of the present 
transition (small and large extent, respectively). The study). 



8. The various temporal structures and shapes of Modes: p-e-s, pe-s, and pes appear alongside the NS 

sung by tenors, and render timber embellishment, 
deed this was confirmed experimental1 vividness, openness, and brilliance to the tones, used 
9. The smallest number of mechanis in expressing love in Verdi Un Ballo in Maschera 

simultanously wlll correspond to the most calm, re- (Pavarotti) , and happiness in Verdi La Traviata 
laxed or mild mode, whereas simultanous operation of (Pavarotti, Decca 410154, rec.1979, Alfredo Kraus, 
all the mechanisms will result in very exc~ted modes. EM1 CDS7 47059 8, rec. 1982). Fig.3 shows a peT- 

10. Correspondence of the acoustic signals with the E(T;)-V mode. In amode  PI?-T;V, the transition part 
musical structure of the melodic hne. is usually very steep. this is a stronger mode, labelled 

We generate the various singing modes, and classify T2. 
them in hierarchical order, based on the number of (7) The five mechanisms: ~hona t ion ,  sforzando, ex- 
mechanisms that operate, as follows: citation, transition, and vibrato, operating in succes- 

(1) Operation of only one mechanism: phonation. sion. mode T3: PEZ;-T-V, appears in phrases of 
The modes p or P are simply the uninteresting, em* greater excitement, and, mostly in the beginning of 

tionless zero mode. The human voice always contains a phrase of great excitement. The modes described 
jitter, thus, modes pj or P j  appear as the initial stage in (6) and (7) are grouped together in the third, the 
in more complex modes (NS, CS, C). Transitin-Multistage (TM) category - higher in the hi- 

(2) two mechanisms: phonation and vibrato. erarchy than the previous ones. 
Modes: pv or PV: These are meza-vote, sotto-vote Glide n~odes (portamento) G1: PEVT;, and G2, 

and falsetto modes, characterized by their softness and PEvT;V are used mostly by soprano singers as  a means 

mildness, in the absence of high harmonics, or with the of timber embellishment and as an artistic means of 

latter suppressed to extremely low intensity. dramatic leap to climaxes, and are included as a sub- 

(3) two mechanisms: phonation and excitatio category of the T M  category. Strong G modes some- 

Modes: pe, PE, pe-E, and with jitter: pje, times start with sforzando: PEZ;VT, and appear in 

The NS modes shown in Fig.1 are of PjE type. ' singing expressing great excitement. 

We collect the modes from the aforementioned (8) mechanisms simultanOusl~: 

groups into the  first, and softest category, and lowest phonation, sforzando, excitation, and vibrato. 

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 Otter, (DG 445823-2, rec. 1990-94) or Bar- 
barina's aria "L'ho perduta" from Le Nozze di Figaro 
by Mozart, (sung by Yvonne Kenny, Decca 410150-2, 

(4) Three mechanisms: phonation, excitation, vi- 
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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 t o  create the 
timbre of sound; they are here called microvariations. 

Fractional 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 

a,(t) and f ;(t) representing instantaneous ampli- 
tude and frequency of the i-th partial (bold char- 
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 question 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 . . .why? 

skiy triangle) are deterministic; the one used t o  
simulate landscapes [a] belong to the second type. 
Being interested in stochastic models, only the lat- 
ter wiU be considered. 

The starting point is BROWNIAN MOTION: 
B(O) = 0, E[B( t l )  - B(to)lIB(t3) - B(tz)l = 0 
V 0 <to < t l  < tz < tg (E is mathematical expec- 
tation: increments are statistically incorrelated) 
and B(t1) - B(to) is a zero-mean gaussian vari- 
able with variance tl  - to .  

2.1 Continuous time fractal signals 

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 Bd(t) SO defined: 

Mandelbrot [4] considers the fractal geometry as (1) + 1- it - r l d d ~ ( r ) J  , 
the main way of studying nature: a typical case is 
reoresented bv chaotic ohenomena strictlv bound 
to fractal objects. Sounds generated by wind 

Bd(0) * 0, Id\ < -, 1 d! = r ( d  + 1) instruments could therefore present some kind of 2 
fractal aspect due to air turbulence; we tried to 
find it in microvariations. 

thus FBM is the dth stochastic fractional integral 

Fractals may be deterministic or stochastic: of BM (it is easy to verify that Bo(t) is BM).' , 

classical fractal examples (Koch-curve, Sierpin- 'While 'stochastic' refers to the stochastic measure 
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ing its increments: 
(4) A(z- ' )~(k)  = B(z-')~(k).  

wd(nT) A Ed(  (n + 1)T) - Bd(nT). A sinnal that may be well modeled choosinn con- - - 
leads to a stationary signal, called DISCRETE venient coefficients ah and bh is called AUTO RE- 

FRACTIONAL GAUSSIAN NOISE, with correlation GRESSIVE MOVING AVERAGE. 

rw,,(kT) A E[wd( (n + k)T)wd(k When ~ ( k )  is DISCRETE WHITE NOISE, i.e. a 
stationary signal whose correlation is r,(O) = 1 

r,, (kT) a kZd+' as k + 

The spectrum, with an analytical form hard to  
calculate and write, is still proportional to  f-2d 

for low frequencies. 

Given a (rational) spectrum it is possible to 
determine polynomials A(r) and B( r )  having no 
zeroes inside the unit circle {lzl < 1, z E C}. This 
allows, from equation (4) and inverting B(z-'1 
(or A(z-')), to express x(k) (or as a linear 
combination of past values of ~ ( k )  (or x(k)). 

A zero on irl = 1 would still permit this in- 
uersion, but would introduce another problem: 
it is incompatible with the hypothesis, tacitly as- 
sumed, that we work with finite variance signals. 

In particular the difference operator V has a 
equation (1) may be rewrit 

(2) Bd(t) = gd( t )  - gd(0). 

used, 'fractional' integral means that this is only a fmc- 
L~an of integral. it will be explained in section 3 that it is 
eguiuolent to the -dth fractional derivative. 



3.2 Fractionally Differenced WN 

However, if Vd appears on the left side of equa- 
tion (4), x(k) still has finite variance if [dl c 1/72. 
The simplest case is 

the signal ~ ( k )  is called FRACTIONALLY DIFFER- 
ENCED WHITE NOISE. The input/ontput relation 
in the frequency domain is Vd ,  the 'translation' 
of s-d 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 

and the spectrum of FDWN is 

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 F u c -  
TIONAL ARIMA 

or equivalently 

I t  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 behavionr) may be controlled choosing 
appropriate coefficients of the polynomials A(z )  
and B(z).  

Moreover d may assume any real value: e.g. 
d > 112 can model the (non-stationary) discrete 
time equivalent of FBM. 

4 Algorithms 

Looking a t  (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 13) for DFGN) whose 
heart is Cholesky decomposition of a square ma- 
trix, permits t o  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 

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 (71 as 
d approaches 112. 

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 %(k) 
denotes the sample mean of n values of x(k): 

1 "-I 
%,,(k) = - x(k + h) 

n 
h=O 

then, if x(k)  is ergodic, %,(I;) -+ Z A E[x(.)] as 
n -+ m; therefore the variance of its sample mean 
goes to zero. More precisely: 

n'-2dE[%n(.) - ?I2 -+ C constant. 

From the algorithmic point of view let xCk1 be 
the vector containing values for k = 0,. . . , N - 1 
of the (supposed zero-mean) signal. Then 

""-1 

(7) *,(I;)=- x x C h l f o r O < k < N - n  
n 

h=k 

and the approximation of the variance of its sam- 
ple mean is 

N-n 

This equation, together with (7), gives 

once we have calculated the sequence 5;, from the 
relation 

(8) log 5: -- (2d - 1) logn + log C 

we can easily deduce the searched value of d by 
linear regression. 

Another way, useful when N is too small, 
consists in considering the signal periodic, i.e. 
x Ck + iN]=xCkl; so we obtain another approx- 
imation 

that can be rearranged in a simpler form: putting 
cn = n2N62 then: 

N-l 

cn+t = 2 ~ "  - cn-1 + 2 x xChlxCh + n l .  
h=0 



new algorithms p 

zioni dei suoni deu'organo a canne e loro mo- 
Figure 1: Analysis of synthesized FDWN dellizzazione per l'impiego nella loro sintesi nu- 

merica," in Proceedings CIARM '95, (Ferrara, 
Italy), pp. 67-72, May 1995. 

gorithm gave good results: in general microvari- [2] J. Geweke and S. Porter-Hudak, "The estima- 
ations of different harmonics have the same be- tion and application of long memory time se- 
haviour; frequency microvariations are station- ries models," J. Time Senes Analysys, vol. 4, 
ary while amplitude microvariations are non- no. 4, pp. 221-238,1983. 
stationary. 

Fig. 2 reports logr?~ plotted versus logn (see [3] T. Lundahl, W. J. Ohley, S. M. Kay, and 
equation (8)) for frequency microvariations of an R. Siffert, "Fractional brownian motion: A 
8 feet flute register, a very particular case. maximum likelihood estimator and its applica- 

tion to image texture," IEEE Bans. on Med- 
ical Imaging, vol. MI-5, pp. 152-161, Sept. 

[4] B. B. Mandelbrot and J. W. V. Ness, "Frac- 

applications," SIA 
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Harvard University, Oct. 1991. 
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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. 
m e n  it is desirable to extract the KS synthesis parameters 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 intraducing a closely related synthesis algorithm, the ICC technique, to- 
gether with an analysis procedure, and then generalizing the ICC analysis method to the KS d- 
gorithm. 

1 Introduction per, we try to provide a contribution in this direc- 
tion. 

The interest in ~hvsical models for the 
~~ ~ ~ 

synthesis of musical s ign ishas  recently increased 
due to both the availability of powerful hardware 2 Available Estimation Tech- 
and the naturalness of the sounds that can be ob- niques 
tained. The Karplus and Strong (1983) algorithm, 
together with its numerous variants and generali- 
zations (Jaffe and Sniith 1983. Borin el al. 1992, 
Paladin and Rocchesso 1992, Smith 1992, Van 
Duyne and Smith 1994, etc.), plays a central role 
in the synthesis of string instruments and percus- 
sions, making it possible to obtain excellen1 results 
at a reasonable computational cost. In several re- 
alizations, the KS algorithm constitutes a building 
block on which more comples synthesis schemes 
are based in order lo lake into account a number of 
factors such as the string-bridge coupling, the 
sympathetic vibrations of the other strings and so 
on. 

In the KS algorithm, a b a e r  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 suilable loop filter. The 
sound evolution is complctely 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- 

In principle, the KS synthesis parameters 
may be directly estimated by means of costly and 
time-consuming measurements of physical quanti- 
ties associated with the instrument. Alternately, it 
may be possible to exmcl these parameters from 
sampled sounds recorded from the instrument and 
several techniques have been suggested in the lit- 
erature (Smith 1983, Kajalainen el 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 stable filters and that high frequencies 
are no1 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 segments, or performing linear regression of 
the partial amplitudes in a dB scale (Karldainen et 
al. 1993). The filter is designed by m w  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 
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one is interested in making 
short duration. 

3 A Related A1 
Iterated Circular 

rameter estimation exploits this property in order 
to extract the lwp filter frequency response. 

Jg. 2: ICC and KS : lime domain d~rerence. Sig- 
Jig. I: The Iteraled Circular Convolulion algo- nals were normalized lo their mmimunr 

rifhrn. amplitude. 



which represent several possible estimates of G(nr). 
4 Proposed Estimation Tech- 

In order to obtain a sin& estimate of the ICC fre- niques and Experiments - 
quency response, one can perform a weighted 
geometric mean of K estimates, according to the 
following formula: 

Weights Wn control the confidence, i.e., 
the contribution of the n-th estimate to the global 
estimate. If the weights are all set to be unitary, our 
estimates revem to the k-th root of the ratio of the 
DFTs of the K+I-st output period to the DFT of 
the first period. However, in order to mask tran- 
sient effects, it is often desirable and more accurate 
to weight the estimates according to their reliabil- 
ity. Weighls 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 are best estimated near the transient. A 
suitable weight normalization constraint is the 
following: 

Once the ICC frequency response has been deter- 
mined, one could invert eq. (1) again, for n=l, in 
order to estimate the initial buffer. However, we 
found it more convincing from an acoustical 
standpaint to fill the initial buffer with the first 

The KS algorithm is only capable of gen- 
erating sounds whose partials decay exponentially. 
Therefore it is sometimes diacult  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- 
gorilhm is required to at least provide exact esli- 
mates when running on KS-generated synthetic 
data. 

It is well-known that the signal y(n) gen- 
erated by means of the KS algorithm is given by 
the following loopfiltering equation: 

with transfer function: 

where h(k) is the loop-filter impulse response of 
degree L, P is the 'nteger) pitch parameter - not 
necessdy the actual pitch, depending on the 
group delay of H(r) - and x(nJ is the input se- 
quence consisting of the initial buffer. padded with 
zeros in order to achieve the required duration of 
the output. If we let n=p+rP in (2), where 
p=O,l ..... P-1, and r is lhe integer period-count in- 
dex, we obtain the following pitch-synchronous 
form of the KS: 

period of theoriginal signal. L 

In our experiments. the estimated ICC Y?'(P) = xr@)  + x h ( k ) y 2 @ )  , (3) 
frequency response.has a tendency to be all-pass. 
This is ex~lained by the fact that each period dif- 
fers from its neighbors only for a small amount. where 
Thus, the impuls; response is roughly a Ksonecker 
delta pulse. 

Y?'(P) =Y@-k+rP)  , 
nnrl -.- 

There are several drawbacks in using the 
ICC method instead oC the KS alzorilhm. A fun- x, (P) = "(P + rp )  
damental one is that the frequency response is 
rarely portable to a difierent pitch. In fact it de- By taking the DFT, with respect to the index p, of 
pends on the period lenmh P. A second drawback both sides of eq. (3), we obtain: - 
is that one can only generate sounds whose period 
is an integer multiple or  the sampling interval. In 
the KS algorithm, non-integer periods are gener- 
ated by adding a suitable phase factor to the loop 
filter. 

A useful generalization of the ICC algo- 
rilhm 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. 

L 

Y,'"' (m) = X,  (m) + h(k)q!:' (m)  . (4) 
I-=o 

Far from the initial transient we have 
Xr(m) = 0 and,  for any fixed r, (4) becomes a 

system of algebraic linear equations in the L+l un- 
knowns h(kl, with known term Y,(O1(m) and the P 

by Li-l coeficient matrix Y:!; (m)  , m4.1 ,  ..., P-1; 
A=O,l,.,., L. Lf, as in most practical cases, L<P, the 
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( m )  = ( m ) e  . plus-Strong Plucked String Algorythm", Cornpuler 
Music Journal, vo1.7,no.2, pp 56-69, 1983. 

In order to assess the validity of the pro- 
posed KS analysis algorithm. we run some com- Julius. 0. Smith "Efficient Yet Accurate Models 
parative tests on both synthetic and nalural signals. for Strings and Air Columns Using Sparse Lump- 
We compared our results with those obtained using ing of Distributed Losses and Dispersion", in Col- 
Modif~ed Linear Prediction (A4L.P. system identifi- loqurum on Physical Modeling, Grenoble 1990. 
cation method) and linear regression of the log 
shorl-time spectrum (STFT method). On most real- Julius. 0. Smith. "Physical Modeling Using Digital 
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 sf l~cienl  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 



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 nonlinear system of a linear ideal string 
and a polynomial nodinear 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/defomtion characteristics, 
have been proposed, for example in [I], [2). 131, 
[7], [8] and they are often based on the relation: 

where f is compression force [N], Ay is the felt 
compression [m], I(.) is the Heaviside function 
which implements the so called "contact condition" 
and k [Nlm"] and a [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 a varies 
in a rather unpredictable manner along the 
keyboard. Hence, k and a 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 
a 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 
cmcteristic of the felt through two parameters, 
which control, almost independently, the hardness 
and the overall shape of the characteristic. 

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 control pp and ff colors in a rather 
independent manner. These tests, however, have 
highlighted the instable behavior of the approxi- 
mate model described in [4]. Hence, a closed form 
solution has been derived for felt in II and 111 order 
nonlinearity and a general solution for p-th order 
nonlinearity has been found. These solutions sbow 
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 
parameters. 

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 lmown force and 
measuring the compression caused by the former. 
In this way, the experimental data obtained can be 
fitted by a polinomial approximation [I]. However, 
it has been sbow that a simpler power law is often 
adequate in characterizing felt property [2], [3]. 
Since we need a general form, capable of 
simulating a continuous variation of a between 2 
and 4 (at least) but we need a polinomial for ease in 
calculus and, if possible, only one 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 1. 
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In this model k is a force measured at the Y 1 
compression. q is the "shape coefficient"; when 44 =zf (n ) fV , (n )  

q=0 the felt exhibits a II order nonlinearity. when 1 
q=1 it exhibits a IV order nonlinearity. In the =- f ( n - l ) + v , ( n )  

intermediate cases we get an intermediate behavior. 
- 22 

characteristic can be directly implemented in the 

problems: if sampling frequency is not enough 
high, if string is short, if impact velocity of 

correct values. 
In a classical hammer-string interaction model, the 

than 2. The method is based on the separation of 
h o w n  terms. both istantaneous and "historical", 
from istantaneous and &own terms. The latter 
are then rewritten as functions of force variable; in 

with suitable boundary conditions. The discretized this way we get a p-th degree poliiomial in f(n) and 
one of its zeroes represents the solution of the 

approximation of derivatives, is: 



and for the expression of v(n) as a function of f(n): 

If we define: 

the felt compression becomes: 

A Y ( ~ )  =y , (n) -y (n)  = T(x(n)-bf (n)) 

and so the force expression becomes: 

where a E kTP 
We observe that in f expression, x(n) definition 
collects all terms known at time nand the only term 
which is unknown is f(n) itself. We can now 
rewrite the system: 

It is possible to obtain closed form solutions for 
nonlinearity of 11, III and N order analitically 
solving the equations above. The complexity of the 
resulting expressions and the need of tabulating the 
values o f f  as functions of x, however, make more 
interesting the use of iterative methods in 
calculating 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 quasi-nonparametric form. 

4.1 Quasi-nonparametric form 

Let us consider the implicit expression of f as a 
function of x. If we pose: 

F(n) I Cbf (n) 

substituting, we find: 

One of the zeroes af 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 relevant 
zero is in 0 when x(n)=O. 

Fig 2. F=Cbf [adim] as a function of X=Cx 
[adim] for nonlinearities of 2nd. 3rd and 4th 

degree. 

If we ipotize a model in which T, mh, 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-l-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 lookup. The algorithm is: 

1 

1. find C = ( ~ a b ) Z  in the first lookup table, 

2. calculate X=Cx 

3. find F=Cbf in the second lookup table using 
index X. 

4. calculate f = FICb. 

Instead, if we ipotize a very slow variation of the 
parameters or a "stepwise" variation amongst 
interactions, since tuners 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 Contad 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 II order nonlinearity case, expression of 
compression of the felt during contact is: 



An arrangement of these solutions allows to use one 
single table of adimensional and nonparametric 
value for each degree of nonlinearity required. 
Furthermore, contact condition can be given in a 
very unexpensive form, which prevents the 
calculation of the actual value of felt compression. 

Linear interpolation between different degree of 
nonlinearity allows to simulate in a 
efficient way the continuous v 
nonlinearity exponent required b 
model of the felt. 

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=O for definition. Ay This work has 

expression becomes: University of Padova during 1995 under a Research 
Contract with Generalmusic S.p.A. 
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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 fmt performance, held at the Cantine del Redi in Montepulciano the 31st of July 
1994, the sounds processed by Nom des airs where those of 01 Favola di Orfeo (1932). an opera by U e d o  
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 system 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 staned horn the exact 
reproduction of Casella's music proceeding gradually towards Lhe original sounds of the opera by Sciarrino. The 
purpose of this presentation is to describe the main algorithms used 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 b tenuta il 
31 luglio 1994 alle Cantine del Redi di 
Montepulciano [I] i suoni elaborati da Nom des 
airs erano quelli de La Favola di Orfeo (1932) [Z], 
un'opera lirica di Alfredo Casella della durata di 
cum 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 
Orfeo, le voci di altri cantanti, I'orchestra, e i 
mmori di scena (fig. 1). 

Fig. 1 

Nelle cantine era israllato un sistema di 
elaborazione digitale su base algoritmica che 
trasformava in tempo reale i suoni dell'opera di 
Casella nella musica di Scianino. Le varie 

trasformazioni venivano ascoltate dal pubblico 
lungo un percorso che paniva dalla riproduzione 
integrale dell'opera di Casella, diffusa nel cortile 
soprastante le cantine del Redi, per arrivare in 
modo graduale, scendendo una lunga scalinata, a i  
suoni originali dell'opera di Sciarrino diifusi da un 
sistema multiplo di altoparlanti (fig. 2). 

- 
Fig. 2 

La discesa nella musica di Sciarrino aveva come 
cornice il fascino architettonico e storico delle 
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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 hank of MIDI potentiometers. 
The purpose of this presentation is to describe the main algorithms used providing sound examples, to analyse 
the design techniques of the performance environment and to discuss implementation and spatial sound 
distribution issues. 

Introduzione , 
La caraueristica principale del Live Elecrronics I: 
data dal lavom direuo che il campositore fa sul 
suono anzichi: sul testo. Questo si pub spiegare 
ricordando che mdizionalmente il compositore 
scrive la 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 
tecniche sono appunto applicate nella fase di 
scrittura della partitura. Con gli strumenti 
elettronici, invece, & possibiie organizzare il 
discorso musicale agendo direttamente sul suono, 
come ad esempio ripetendo lo stesso evento sonom, 
variandolo mediante una o pib msformazioni, 
moltiplicandolo o creando eventi ibridi che 
nascono dall'interazione elettronica Fra due o pih 
esecutori tradizionali. La musica che scaturisce dal 
Live Electronics non I: meno deterministica 
dell'altra: b infatti possibile scrivere una "partitura" 
altrettanto rigorosa con la differenza che viene 
nomo il process0 di elaborazione che si deve 
attuare sui suoni anzichi il risultato acustico che si 
deve ouenere [I]. 

Canti d'inquietudine 

Questa premessa era necessaria per introdurre la 
parte di Live Electronics che completa la partitura 
di Conti d'inquietudine [2] e che riguarda i suoni 
che non si trovano esplicitati nello spanito 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 

suoni dell'ensemble e utilizza prevalentemente due 
tecniche di elaborazione: la trasposizione di 
allezza e la traslazione nel tempo. 
U sistema di Live Electronics progettato per 
questopera b costituito da sei linee di trattamento 
indipendenti ciascuna delle quali b composta da un 
traspositore, da una linea di ritardo con retroazione 
e dal controllo stereafonico di uscita (fig. 1). 

A 

P Pitch 

+ 
D 

Delay * - F 

- 0 
* 

B 

Fig. 1 

La linea di ritardo non b a l m  che un generatore di 
echi con tempi di ritardo anche molto lunghi: nel 
nostro caso la durata massima b di 13". Inoltre, 2. 
possib.de graduare il livello e la quantila di 
ripetizioni dell'eco che al limite pub essere iterato 
all'infinito. Penanto se i tempi di rimdo sono brevi 



originale sviluppato in ambiente MAX [4, 51 su Live Electronics di Canti d'inquietudine I: 
Macintosh. illustrata in fig. 4. Nella finestra Score vengono 
In fig. 3 l: riportato I'algoritmo di una linea di fissati i valori dei singoli parameui che possono 
elaborazione dei suoni che I: stato poi replicato sei essere memorizzati su file. Ciascun file pub 
volte. per ottenere il sistema di vattamento voluto. contenere o m  configurazioni diverse. La finestra 
Le trasformazioni previste nel Live Electronics di Results mosua i tempi di ritardo effeuivi dedotti in 
Canii d'inquieiudine, non sono vincolate base alla azione della deviazione aleatoria. La 
all'utilizzazione della Workstation MARS, ma si finestra Monitor mosua il valore dei parameui che 
possono realizzare anche utilizzando un sistema di viene inviato via MIDI ai processori di trattamento 
apparecchiature discrete facilmente reperibili in in seguito alla azione sui potenziometri. 
commercio. Tali apparecchiature sono un Pitch 

-. 



Fig. 4 

Significato dei potendomehi. 1: Input generale; 0: 
Output generale; F: Feedback generale; A1-A6: 
input singolo; 01-06: output singolo. 
Tale ambiente consente di defmire e variare sia 
alcuni parametri globali di tuUo il sistema sia il 
deuaglio di ciascuna linea di trasformazione. In 
particolare i paramehi di ciascuna linea sono: 
ampiezza di ingress0 e di uscita, fattore di 
trasposizione, fattore di ritardo, guadagno di 
retroazione per fssare I'ampiezza e il numero delle 
ripetizioni, bilanciamento stereofonico. I paramehi 
globali sono l'ampiezza di ingsesso e di uscim, il 
tempo di ritardo e il fattore di deviazione aleatoria 

dei tempi di ritardo. Pertanto il tempo di rimdo di 
ciascuna linea dipende da tre fattori: il valore 
globale, il fattore moltiplicauvo e il tasso di 
deviazione aleatoria 

Partitura del live electronics 
La partitura del Live Electronics di Canti 
d'inquieludine B composta da ventitre 
configurazioni diverse dei parametri sopra 
elencati, che conispondono ad altrettante 
manipolazioni dei suoni originali. L'ambiente 
esecutivo B stam progettato e realizwto per 
consentire il passaggio islantaneo da un 



Live Electronics 

Alessandro Pianu e Alvise Vidolin utilizzando 

sezione si B operato in rempo reale come se 

2 Molino A,. Canti d'inauietudine. Ed. Ric 
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Abstract 

This article describes a new realisation of Solo 
and Mikrophoniel by Karlheinz Stockhausen , with 
the aid of the workstation M.A.R.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 
M.AR.S. using algorithms instead analog filters 
and tapes and shows the capability of recreating 
historic electroacoustic compositions with new 
technological supports. 

1 Struttura formale e procedimenti 
compositivi 

Mihophottie I e Solo furono composte da 
Stockhausen tra il 1964 e il 1966 , anni nei quali 
egli fu particolmente coinvolto dalla ricerca sulle 
possibilita di ottenere trasfonnazioni sonore dal 
vivo,utiliuando strumenti elettroacustici. ( I )  I due 
lavori hanno in comune, oltre all' impiego delle 
apparecchiature elettroacustiche per onenere 
trasfomazioni timbriche ed effetti dal vivo, anche 
alcune importanti carattenstiche fomali e 
strutturali . 

1.1 Analisi di Mikropltortie 1 

L'analisi di Mikrophonie I e stata condotta sulla 
traccia delle dettagliate indicazioni fomite 
dall'autore nelle pagine introduttive della partitura 
e nei testi esplicativi da lui stesso raccolti e 
pubblicati (v.note 1 e 2 ), ed in parte integrando 
tali indicazioni con un metodo di tipo percettivo, 
verificando se all'ascolto, le relazioni tra i vari 
episodi di cui il brano si compone ed il carattere di 
questi ultimi corrispondessero realmente alle 
indicazioni date. Il peuo  si presenta infatti nello 
stesso tempo come assai definito ed articolato nella 
sua struttura formale e nei rapporti tra i vari 

momenti di questa e come sistema "aperto" per 
quanto si nferisce alla scelta dei parametri di cui 
comunque il timbro appare essere l'obiettivo 
principale, insieme con la ricerca di unire la 
possibilita del rigore fonnale con la liberta delle 
scelte esecutive. 
Mikropho~liel, prevede un organic0 di due gruppi 
di tre esecutori ciascuno: un percussionists, un 
esecutore a1 microfono ed un esecutore al filtro e 
potendometro. I due gruppi suonano 
alternatamente ,tranne che in tre punti del brano, 
nei quali si trovano insieme. Il peuo  si articola in 
33 episodi diversi . collegabiii tra loro second0 una 
successione scelta dagli esecutori stessi, tenendo 
conto pero' deUe relazioni tra i vari episodi 
indicate dall'autore che si riassumono in tre 
possibili rapporti: somiglianza, differenza e 
contrasto. Questi si intendono riferiti a1 carattere 
percettivo dell'intero fiammento in relazione a 
quello immediatamente precedente e a quello 
successivo, in rapporto quindi a tutti i parametri 
musicali di altezza ,durata e timbro nel loro 
com~lesso. Tale aspetto del lavoro mette in 
evidknza il problemi deUa diversa percezione di 
elementi isolati o inseriti in un contest0 e della 
differente percezione degli stessi in relazione a 
contesti diversi. e si ricollega all'idea di originare 
eventi sonori-oggetto all'interno dei quali e difficile 
separare la percezione dei singoli parametri. 
Se la possibilita di scegliere un percorso sempre 

diverso in ogni nuova esecuzione, conterisce 
carattere in parte aleatorio a questa composizione, 
d'altro canto, proprio la necessita di determinare 
delle scelte percettive da parte degli esecutori, crea 
I'esigenza di stabiiire alcune regole di 
concatenazione che I'autore indica in modo da 
rendere comunque coerente la struttura formale del 
peuo  . Egli propone uno schema di collegamento 
tra i vari momenti deUa composizione da cui si 
desumono con precisione le relazioni percettive 
che devono derivare dall'esecurione.(2) I segni 
posti inferiomente allo schema , definiscono le 
relazioni fra le varie strutture, I'ultima delle quali 
deve essere scelta come punto di partenza 
dell'intera esecuzione.Si comprende quindi come il 
risultato di quest'ultima possa vxiare 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 
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successivi , possono 

e del filtro,e suddivisa in tre ambiti di 
entrate di ciascun gruppo; i possibili attacchi sono 
indicati in partituri da frecce nei punti in cui si 
trovano le frecce e possibile per il gruppo che in 
quel momento era in silenzio di attaccare Questo 
costituisce un ulteriore elemento di 
diversificazione ,in quanto la percezione del 
contest0 variera a seconda del punto in cui il 
gruppo successivo interverra sul precedente ed in 
base alla possibilita che .menire un guppo attacca. 
quello che suonava in precedenza abbia gia 
tenninato il suo frammento, decida di terminarlo 

composiione. 
4) la scelta dei materiali per produrre il suono L' 
unico strumento acustico previsto dall'organico 
del pezzo e 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 in cui tali 
oggetti vanno impiegati Rimane tuttavia un'ambito 
di liberta interpretativa sugli oggetti da usare e 
quindi una ulteriore possibiiita 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 realiazione 
per esempio, abbiamo proceduto stabilendo per 
ogni sonorita richiesta una sene di oggetti e di 
materiali per ciascun effetto da produrre ed 
abbiamo poi ristretto il campo in base al risultato 
percettivo fomito da ciascun oggetto ,amvando a 
scegliere quello che sembrava awicinarsi 
maggiomente al risultato richiesto. Sono stati 
cosi' utilinati come risuonatori recipienti di 
coccio, insalatiere di plastics, barattoli di varie 
dimensioni, tubi di c&a, forchette, barattoli del 
caffe e cosi' via. M~hrophonre I e quindi anche , 
indipendentemente dalla pane elettronica 
comunque inregranre della compbsizione, un lavoro 
che si awicina per alcuni aspeni anche all'idea 
della musica concreta. L'uso dei diversi materidi 
infatti, il cui effetto viene poi esaltato 
dall'intervento dei microfoni, da' luogo a veri e 
propri "oggetti sonori " . Tale dermazione e anche 
confermata ddle indicazioni che troviamo nella 
panitura. dove parole quali "gracidare" 
"crepitare", "stridere" ;'strombenare" etc. sono 
immagini verbali di timbri-oggetto da produrre e 
sui quali gli esecutori devono trovare un accord0 

altezze: grave,media e acuta,all'intemo dei quali si 
agisce nei modi indicati per produrre i diveni 
effetti. 

rilevare che I'obiettivo principale anche di questo 
lavoro e dato dai rapporti complessivi fra i 
parametri scelti liberamente all'interno di una 
struttura rigorosamente definita. 

Solo ha in comune con Mikrophon~e 1,una 
struttura formale in parte detenninata ed in parte 
lasciata alla discrezione dell' unico esecutore 
strumentale ,&ancat0 da tre assistenti per la 
realizzazione elettronica e la regia del suono. 
L'esecutore ha a sua disposizione sei pagine di 
musica da eseguire second0 un suo criterio , senza 
I'obbligo di una successione predetenninata. Egli 
puo' persino ritagliarsi alcuni frammenti della parte 
e ridisporli a suo piacimento ,rispettando poi le 
indicazioni per le correlazioni dei van momenti 
cosi' onenuti. Dopa aver scelto ed eventualmente 
"ricomposto" la parte strumentale, egli deve fare 
riferimento ad uno dei sei schemi interpretativi 
proposti per l'esecuzione, che prevedono i 
parametri da rispettare, oltre ai criteri esecutivi per 
gli interpreti della parte elettronica. 
Anche in Solo ,come in M~krophonie I,  devono 
essere considerate le relazioni di somiglianza, 
differenza, crescendo o decrescendo di tensione 
esecutiva, con riferimento per ogni frammento a 
quello immediatamente precedente e al successivo . 
Queste relazioni sono appunto indicate in ciascuno 
schema al di sotto della parte esecutiva degli 
assistenti alla regia del suono (3) In Solo il 

roblema della scrittura strumentale e risolto i 



in comune ad entrambe le composizioni. Queste 
non vanno owiamente disgiunte dalla presenza 
degli strumenti elettroacustici.. Si e gia detto cbe 
I'autore era interessato negli anni che videro 
nascere questi peui, all'armadone di 
trasformazioni timbriche dal vivo. Con 
Mikrophonie I egli attua un primo esperimento 
utiliuando una delle apparecchiature 
elettroacustiche piu' semplici e di uso piu' 
comune: i microfoni, che sono i protagonisti di 
questo brano, come si puo' dedurre dal titolo 
stesso. In questa composizione,i microfoni non 
vengono utilizzati per la sola amplificazione del 
segnale ,come solitamente avviene , ma per 
modificare sostanzialmente il caranere degli eventi 
prodotti ,creando gli oggetti sortori 
precedentemente citati nell'analisi strutturale. 
Essendo usati in modo particolare i microfoni non 
sono posizionati in modo definitivo e in un punto 
precis0 dello spazio , ma sono usati dagli 
esecutori orientandoli dinamicamente secondo le 
indicazioni della partitura ed in relazione alle scelte 
timbriche concordate. Per elaborare ulteriomente 
questo risultato, Stockhausen utiliua dei filtri 
analogici regolati da potenziometri che producono 
bande di larghezza diversa. In tal mod0 gli 
esecutori ai microfoni e gli operatori ai filtri ,non si 
limitano ad agire meccanicamente sui 
potenziometima diventano veri e propri interpret; 
del brano interagendo tra loro e con i 
percussionisti .L'elettronica dal vivo e 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 

deu'elettronica dal vivo che si rivolge ,piuttosto che 
alla modiicazione timbrica e alla creazione di 
oggetti sonori, ad una stratificazione ottenuta 
sowapponendo al suono prodotto dallo strumento 
melodico effetti di ritardo e di feedback. Ogni 
schema esecutivo del pezzo, si compone di sei 
sezioni ,a loro volta suddivise in piu' parti di durata 
diversa ,in ognuna delle quali e 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 i ire controlli e 
conducono quindi a differenti risultati musicali. La 
combinazione delle scelte del solista con le diverse 
versioni della elaborazione elettronica danno cosi' 
luogo a una sene infinita di possibilita esecutive 
assai diverse fra loro. Anche in questo caso,gli 
assistenti sono veri e propri interpreti della pane 
elettroacustica , dovendo accordarsi con il solista e 
seguire ,insieme con le loro indicazioni , le scelte 
musicali operate da quest'ultimo. 

3 Realizzazione dei brani con la 
stazione di lavoro M.A.RS. 

3.1 Mikrophonie I 

La realizzazione elettronica originale di 
Mikrophortie I ,prevede l'uso di due microfoni ,uno 
per ciascun gruppo di tre esecuton 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 e suddivisa dal 
compositore in tre sedoni: grave ,media e acuta , 
seguendo la tripartidone dell'intero lavoro 
Mikrophortiel e la sua arnpiezza e regolata via via 
dal potenziometro anche in relazione all'ambiente 
esecutivo. 

Nella realiuazione proposta da MM&T con 
l'ausilio della stazione di lavoro M.A.RS. si e 
operata una scelta formale analoga a quella voluta 
dall'autore, mantenendo lo schema di collegamento 
da questi utiliuato per la prima esecudone del 
lavoro (Bruxelles .dicembre 1964 ), si e poi 
operato via software sulla gestione dei filtri 
sostituendo i due film 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.A.R.S.: il segnale estemo 
entra nel filtro passabanda ed una volta filtrato, 
viene inviato alle casse . Durante I'esecuzione i due 
algoritmi nella modalita orchestra sono controllati 
via MIDI come segue:controllo 1 , segnale 
d'ingresso, controui 2 e 3 , regolazione 
dell'ampieua di banda, controui 4 e 5 , uscita sulle 
casse.(v. fig. l)(4) 

3.2 Solo 

Per la realizzazione di Solo e stato studiato un 
algoritmo che riproduce un' apparecchiatura 
relativamente piu' complessa di quella necessaria 
all'esecuzione di Mikropho~liel. 
Questa consiste in due microfoni ,uno per ciascun 

canale e in un registratore a due canali e sei testine 
stereo .Poiche ogni schema esecutivo prevede sei 
sedoni di durata diversa, ognuna delle sei testine 
di riproduzione viene utilizzata per ciascuna 
sezione; I'intervallo di tempo che intercorre tra la 
testina di registrazione e quella di riprodlllione 
deve essere queUo previsto dallo schema esecutivo 
prescelto ed e diettamente proporzionale alla 
lungheua del nastro La registrazione del segnale 
e finalizzata all'idea di poter riascoltare dopo un 
certo intervallo di tempo, quanto e stato 
precedentemente gia eseguito, e dunque pensata 
per ottenere effetti di ritardo e di feedback. 
L'assistente che controlla tale effetto, fa passare 

il segnale , dove richiesto .utiSiando dei 
potendornetri ,in modo che questo possa essere 



riascoltato dopo I'intervallo di tempo previsto La la sezione A ed E con due loves differenti. Il terza 
necessita di registrare il segnale e di calcolare la ed il quarto algoritmo .che hanno ritardi deUa 
lungheua del nastro in funzione del tempo di durata di 46 e di 36 secondi, richiedono una 
ritardo desiderato e stata risolta con le potenzialita quantiti di memoria per la quale non e stato 
offerte dal sofware EDITZO. La realinadone di possibile creare piu' tones in un singolo algoritmo e 
MM&T e basata suUa traccia del VI schema sono stati dunque usati due distinti algoritmi. 
esecutivo e sostituisce all'apparecchiatura descritta Questi sono stati poi strutturati nella modalita 
piu' sopra, un algoritmo di ritardo con feedback orchestra e controllati durante I'esecuzione via 
Le durate delle sezioni del VI schema sono MIDI, come perM~krophonie I .n primo assistente 
rispettivamente di 14,2. di 19 , di 45.6, di 34,2, ha a disposizione i controlli per I'apertura dei 
di 25.3 e di 10,6 secondi.. L'algoritmo base capta microfoni, il secondo quelli per la gestione del 
il segnale esterno del microfono,inviandolo su due ritardo con feedback ed il terzo assistente infine, i 
canali ,controllati dal primo assistente . il segnale controlli per la gestione delle uscite sugli 
entra nel ritardo con feedback .controllato dal altoparlanti. 
secondo assistente e viene infine fatto ascoltare 
sugli altoparlanti ,qualora lo schema lo preveda ,dal 5 Conclusioni 
terzo assistente Nei punti in cui le casse dell'uno o 
dell'altro canale sono chiuse ,si ascoltera solo Dall'analisi del lavoro presentato emergono 
I'esecutore dal vivo, mentre nei punti in cui lo alcune osservazioni riguardo a1 senso di una 
schema prevede la presenza sia del ritardo che del riproposta di opere storiche con l ' u t i l io  di nuove 
feedback o di uno solo di questi effetti,essi si tecnologie nell'ambito deUa musica elettroacustica. 
so~apporranno L'interesse di tali opere consiste nell'aver dato le 

prime soluzioni a problemi compositivi ancora oggi 
oggetto di ricerca. Il riproporle si caratteriua poi 
in modo nuovo, per l'utiliuo di mewi diversi e 
assai piu' agili al line di ottenere gli stessi risultati. 
Si tratta percio' di un lavoro che rimanda ad una 
sintesi tra recente passato e presente che da un lato: 
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 
elettroacustica, dall'altro ci consentono di studiare 
l'uso di nuovi mezd che oltre a riprodurre opere 
gia trascorse, si present 

nu 2 

T T T i  T T i T  T T i T  Lpgyb Mont,1971 2) K Stockhausen pp 57-65 ,nella e 85-91. introduzione alla partitura 

di M~k~ophon~el,  Wien,Universal Ed., 1974, sono 
contenute le indicazioni dettagliate per l'esecudone 
e lo schema di collegamento dei vari momenti 
proposto dall'autore.. 

@-- -.. 
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SOLO - h H. STOCKHIUSEN 
~ I I & D M  U M ~ T .  snano 

Poiche l'algoritmo e strutturalmente identico per 
tune le sei sezioni dell'esecuzione, e sufficiente 
modificame la modalita toile, conispondente al 
valore dei parametri di durata del ritardo. Nella 
nostra realizzazione di Solo sono stati costmiti 
quattro algoritmi di uguale struttura .due dei 
quali possono essere utiliuati rispettivamente per 
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Abstract 

MediaSynth is a software system which allows the user to synthesize MultiMedia Scores (MMS) by means of 
the implementation of a Peui Net extension, called MultiMedia Peui Nets (MMPN). MediaSynlh is an 
evolution of the ScoreSynth program (MIDI Score Synthesizer) which could process and structure elementary 
multimedia objecls such as video sequences, digital audio, and MIDI sequences, according to the behaviour of 
user defmed MMPN modek. 
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 featwes: wide functionality and simplicity of the iconic user interface (hierarchical 
decomposition, parallel processes structuration, synchronism, non-determinism); synthesis of multimedia 
processes (not only editing); generation of new MMS by means of minimum structural changes; composition 
of complex uansformations 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 
descrivere, elaborare e sintetizzare strutture 
multimediali uamite un tipo di rappresentazione pih 
flessibile rispetto ai modelli fomiti dai principali 
tool che combinano video, audio e alni media. 

L'obiettivo & quello di inlegrare le conoscenze 
acquisite nel campo delle reti di Petri Musicali 
(MPN) con le nuove 'esigenze' multimediali: il tipo 
di rappresentazione da noi proposto eredita il 
modello simbolico-suutturale g i i  studiato per le 
MPN e permette di descrivere ed elaborare 
esplicitamente cib che noi chiamiamo oggetti 
multimediali (siano essi sequenze audio, video, 
MIDI o combinazione di questi) tramite algoritmi 
basati su un linguaggio appositamente definito. 
L'esecuzione del modello permette la sintesi di una 
partitura multimediale (MMS), ciol: dello 'spartito' 
che integra i diversi media. 

La nosua ricerca mira a confermare la validith del 
modello deUe reti di Petri ampliandone il campo di 
applicazione. 

Le reti di Pem Multimediali (MMFN) ereditano 
in toto la teo~ia delle MPN per la rappresentazione e 
la sintesi di partiture MIDI Faus  & Sametti, 19921. 

La metafora usata nella definizione di una 
MMFN t5 ancora quella che assegna ai posti della 
rete il ruolo di risorse, i dati da elaborare, e alle 
uansizioni il ~ o l o  di gestori delle risorse. Alle 
MMPN si giunge, infatti, associando ai posti gli 
oggetti multimediali e alle nansizioni algoritmi di 
tra$ormazione delle sequenze video, audio e MIDI. 
La marcatura e gli attributi della rete definiscono lo 
stato del modello che, evolvendosi second0 le regole 
note dalla teoria delle reti di Pem, genera una 
partitura multimediale (IvlMS), ciol: uno smmento 
che descrive e sincronizza processi multimediali. 

Dall'applicazione delle MMPN emergono i 
seguenti vantaggi derivanti dalla teoria deUe MPN: 

- decomposizione gerarcluca: 
- strutturazione in processiparalleli; 
- natura asincrom; 
- non-determinismo. 
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I1 movie i? una struttura pri 
informazioni riguardanti l'archiv 

quale gli oggetti multimediali sono riconosciut 
secondo una 'interfaccia comune' data dal nome del scegliere fra pih soluzioni per una riproduzione 'ad 

un insieme di fotogrammi, invertire le note di una 
sequenza MIDI o tagliie tutte le tracce di un movie. 

movie, dove ciascuna traccia ha associato un unico Le entiti elementari coinvolte nel process0 di 

identificatore (tipo, indice) che ne indica la posizione modifica sono: ilframe per il video, il campione per 

nel filmato stesso. il suono e la nora per il MIDI. 
Gli intervalli temporali che specificano il 

4 .  MediaSynth dominio di applicazione degli algoritmi possono 
essere espressi in una delle seguenti notazioni, 

MediaSynth k un ambiente integrato per la comunemente usate nell'editing digitale: 

progettazione di una rete di Petri Multimediale, la a) (standard SMFE): ore:rnin:sec.frame 

sua messa a punto, la sua esecuzione, la generazione b) millisecondi: ore:min:sec.msec 

di una partitura multimediale e la sua riproduzione. C) numero di camoioni (audio): intero posirivo 
La fdosofia di partenza b quella di ScoreSynth, un Tali notazioni possono essere usate 
modulo dells ~ ~ t ~ l f i ~ ~ ~ t  ~~~i~ workstation, indifferentemente all'intemo degli operaton. Nel caso 
rappresenta rambiente di programmazione delle reti del MIDI esiste la possibilith di indicare anche 
di Petri Musicali. I'indice della nota neUa sequenza 

Gli ambienti di MediaSynth sono I'Editor. il Gli algorirmi di MediaSynth rappresentano i 
Debugger e il MediaPlqer. meccanismi di trasformazione 

Nell'Editor viene disegnata la rete in modalitA Sono costituiti da una 0 pih 
grafica ed interattiva mediante i menu e una palette delle quali Presents una sene di Par 
di strumenti per le operazioni pi6 frequenti. E' in - il rip0 di traccia: video, 
questo ambiente che si inizializza il modello - I'indiceli dellale traccia 
definendo uno sraro iniziale dato daUa marcatura, interessate; 
dalla capaciti dei posti e dalla moltepliciti degli - l'operatore: specifics il tipo di operazione 
archi. In seguito si associano gli oggetti carredata dai suoi pamnehi: 
multimediali ai posti e gli algoritmi alle transizioni. - il nome del posro: che specifica il posto da 

Nel Debugger avviene l'esecuzione della rete cui bisogna eslrarre l'oggetto, se presente, a 
secondo la modalith prescelta: passo a passo (Slep). cui applicare l'algoritmo. 
senza intermzioni (Executer). fiio alla creazione del Un algoritmo corretto viene eseguito con 
prossirno oggetto ( M O S ~ ~ ~ )  oppure fino ai successo istanziando un oggetto multimediale ed 
breakpoint inseeti dalrutente ( ~ ~ ~ ~ k ) .  E' possibile evolvendo lo stato della rete: nel caso di errori 
seguire I'evoluzione della rete (marcaturaf ,,,ediante sintattici o semantici, l'algoritmo fallisce, senza, 
finestre informative che vengono aggiomate in base ~ ~ ~ e b l o c c a r e  





dopo che sono scattate t l  e t2,  una marca b entrata 
in Pausa e un'alaain ~ipo-oqqetto: tale ev 
attivato i processi associati, ciob di scri 
partitura di una pausa e di un oggetto (Fig. 3 

Quando il processo associato al posto 
terminato, la marca di questo posto b disponibile: 
viene ab'iitata la transizione t 3  che istanzia, per la 
seconda volta, I'oggetto associato a ~ipo-oqqetto. 
Al tempo 2, la marca rimasta in counter ha fatto 
scattare t2, cheiniiia il processo associato a ~ausa. 

r 'L! I I 
Fig. 3 - Medii Object al tempo 0 

La sequenza degli scatti si conclude con 
I'abilitazione, per la terza volta del processo 
associato a ~ipo-oqqetto e il risultato completo & 
quello di un filmato di 3 mcce disposte 'a canone'. 

Fig. 4 - Mediaobject istanziati da Montaqqio 

Si noti che, nella so 
transizioni o p l .  op2, op3 sono in (Ilternativa e, 
quindi, I'esecuzione del modello b non determi- 

La flessibiliti di modelli basati su reti di Petri 
risiede, oltre che nei costrutti di base, nella 
possibilith di generare nuove partiture multimediali a 

Un ringr 
suo ruolo "storico" nel progetto ScoreSynth e per lo 
sviluppo del sottosistema MIDI in Medi  Synth. 

7 .  

Appare evidente di 
MediaSynth b quello della produzione di filmati, 
dove B possibile verificare il modello delle reti di 
Peni rispetto al classico modo di lavorare dei 
sequencer multimediali. 

Dal confront0 di sofware commerciale per lo 
sviluppo di opere multimediali con MediaSynth 
emergono i seguenti vantaggi: maggiore potenza di 
calcolo nell'esecuzione di molte delle operazioni di 
modifica degli oggetti; estesa funzionalia e 
semplicith dell'approccio nrafico delle PN: sintesi di 
pro&ssi multimediali (non solo editing); generazio- 
ne di nuove partiture mediante minimi cambiamenti 
strutturali; composizione di trasformazioni com- 
plesse mediante istruzioni elementari; possibilith di 
esponazione di MMS su altre dattaforme. 
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sia in senso spaziale che temporale. Nel caso di 
"Ombre e riflessi" & la microgestualilB del 
flautists ad essere dilatata nel tempo e nello 
spazio. 

I lavori descritti sono ris 
punto di vista dell'impatto spettacolare e sono 
una testimonianza di quanto sia ricco il numero 
delle possibiliti di coniare nuove forme di 
spettacolo. Restano, per essere discussi, tutta una 
serie di problemi. Per esempio: riusciranno 
queste forme ad evolversi distaccandosi dal ~ u r o  

risultano chiaramente distinti anche i percorsi 
costruttivi. Cib che 6 ritenuto un criterio di 
qualith fondamentale dal punto di vista 
commerciale. nub non essere affatto interessante 
dal punto di vista artistic0 oppure pub essere 
stravolto nelle sue caratteristiche fondamentali. 
Cib che guida Sorientamento delle produzioni 
artistiche sono le tenderize estetiche e poetiche in 
cui 6 immersa Sane contemmranea. Purtuttavia. 

effetto tecnologico oppure si sta creando-una nel panorama delle teorie estetiche 
sorta di estetica del tecnologico avanzato fatta contemporanee esiste una cena separazione hale 
passare tanto necessaria quanto necessario ed idee che riguardano SArte che circola nelle 
inevitabile viene fatto passare il progress0 gaUerie e nei luoghi tradizionalmente deputati ad 
tecnologico? Quali sono i luoghi, le modaliti e ospitare manifeslazioni artistiche e le idee che 
le condizioni pi8 adatte per la loro fmizione? supportano e legittimano le forme espressive 
Quanto I'idea di interattivita inciderh sull'idea di legate all'uso di nuovi strumenti. 
anista e sul modo stesso di concepire e di fare A1 di la del puro esibizionismo tecnologico, fra 

le teorie estetiche che vengono in aiuto delle 
nuove realti artistiche, citiamo 1'Estetica 
Informazionale, introdotta da Abraham Moles, il 
Proceduralismo ed il Dataismo. 

'si storica delle Nell 'Estetica Informazionale  il valore 
dell'opera d'arte risiede nel contenuto informative 
dell'opera stessa. La quantiti di informazione 

cui ambito si sono sviluppati i vari lavori. 
La Performance multimediale, che, si pub dire, 
esiste da sempre (giB nel teatro greco si faceva 
uso contemporaneamente di macchine e risorse 
umane) si & oggi arricchita di tune le tecnologie 
offene dall'uso dei computer. dando luogo anche 
a generi di produzioni diversi a seconda del t i p  
di shumentazione adotfato. 
Le produzioni multimediali su CD-ROM 
inglobano le tecniche di trattamento delle 
immagini e di elaborazione dei filmati, le  
tecniche di animazione, le tecniche di 
strutturazione di percorsi fra testi, immagini e 
suoni, ma rimangono comunque molto diverse 
dalle opere che consentono, oltre all'utilizzo di 
queste tecniche, anche interazioni spaziali in loco 
o distribuite per il mondo attraverso le reti 
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In un'altra direzione si muove invece I'estetica 
Cyberpunk, erede della Psichedelia degli anni 
'60, di cui uno dei pih interessanti esempi C 
costituito dal Gruppo "La Fura dels Baus". 
Durante le loro performances (multimediali 
appunto) si mescolano primitivism0 e 
cibernetica, riti tribal; e mondi ipermediali in un 
connnubio smdente ma pieno di tensione e di 
pathos. 
Ed infine citiamo l'Estetica della New Age, 
alla quale C possibile assimilare molte delle 
produzioni video musicali di questi ultimi anni. 
il cui aspetto pih evidente C costituito 
dall'immersione in ambienti psichici rilassanti, 
ripetitivi, lenti, con immagini (video e 
computergrafica) e suoni che invitano, amaverso 
tecniche che rasentano l'ipnosi, a1 distacco: una 
sorta di estetica dell'evasione. 

Relativamente alla forma della performance 
multimediale possiamo brevemente rilevare 
alcune differenzazioni fondamentali: 

forme autonome non preesistenti, 
forme invasive di tipologie di 
performance preesistenti, 
forme chiuse, 
forme aperte basate sull'inrerazione. 

4. Organizzazione e problemi della 
produzione multimediale 

Una produzione multimediale richiede 
due ordini di capaciti progettuali; la prima C 
legata alle specifiche competenze relative ad un 
&to medium (ad esempio la musica, la ripresa 
video, etc..) la seconda, di ordine pih generale. C 
legata alla costruzione specifics 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* bltre a richiedere la 
partecipazione di numerose competenze fra loro 
diverse, richiede anche un lavoro di interazione da 
cui risulti una coerenza inninseca dell'opera nel 
suo complesso; ad esempio, il design 
delt'interfaccia gafica, i riuni di scansione visiva 
e le sequenze sonore non possono essere 
indifferenti fra loro. In questo ambito sono 
richieste nuove figure professionali capaci di 
progettare e di articolare con efficacia 
l'organizzazione della produzione di opere 
multimediali. Anche in ambito tecnologico la 
scelta C 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 alla ottimizzazione ha portato sul 
mercato Workstation dedicate al multimediale e 
che possono esaurire in se stesse tutto il 
processo di produzione. Resta comunque evidente 
il fatto che la qualiti del risultato C propomionale 
al livello di competenze umane nei singoli 
settori, per cui, ad esempio, C preferibile affidare 
il lavoro sulle immagini ad un video maker cosi 

come quello sull'audio a fonici e musicisti che 
lavorano in propri ambiti tecnologici e, di 
conseguenza, cib pone il problema di come 
strutturare una progettazione coltettiva del 
lavom. 

Una classificazione deUe tecnologie hardware e 
software usate pub essere : 

tecnologie dell'acquisizione e del trattamento. 
tecnologie deUa sintesi, 
tecnologie del montaggio e della 
sincronizzazione. 
tecnologie dell'interazione, 
tecnologie di controllo live per performance 
multimediali. 

A proposito di ambienti dedicati al controllo di 
performance multimediati, presso il LIM l: stato 
prodotto "Multimedia Performer" che & un 
sistema per la performance multimediale 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 autonomous, 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 
system drivenltuned 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 sounds (e.g., Sawada et a1 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, multimodnl 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 behavioors in a 
system able to detect and to track atomic, local 
movement features as well as to observe general body 

movement features, in a sort of Gestalt approach. In 
other words, the metaphor is "a 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 system (Camurri et a1 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 

Smbo(,c Dol.bare 

~ , c R c s w m l n p  

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: 

Inplrr Mapping: A group of agents able to receive 
signals from sensors and map them into 
perceptual spaces (e.g., a self-organizing map 
able to classify input trajectories). 

Output Mapping: A group of agents that manages 
the results coming from the cognitive processing 
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sensors data (e.g., the distance between hands, 
relative gesture speed), the output of the neural 
agents, and the local context information in the 
symbolic database. Other body gestures (e.g., raising 
and lowering the body) can be detected, including leg 
movements. Current experiments regard the 
classification of full body movements with several 
depees of freedom in n-dimensional spaces. 

~ ' r ~ u ~ r  J 

Another interesting category of agents for the 
interpretation of movement data is based on the force 
field metaphor: for example, we investigated the 
mapping of (x,y) coordinates of the dancer into farce 
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 movemenr/sound. .. - 
Another group of agents is delegated to extract 
higher-level whole-body gestures, to model more 
complex music/movement correlations: examples are 
"how fast the movement is", "how in tempo the 
dancer is moving", "how hdshe occupies the 
volume", "the smoothness of the movement", etc. 
This kind of information is obtained Erom integration 
over time of sensor data. Two different time slice 
ranges, approximately 03-1s 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 andlor their time slice 
on which they operate. 

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 
account what is going on kom 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, is., 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 

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 corresponding 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 demo application 
described below). 

3.4 Output agents 
The system is presently designed to control sound 
and music in real time and particular computer 
animation. 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) &om 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 
sensorized stage: These areaslhyper-instruments are 
mapped in the force field visible in the video monitor 
in figure 4. Figure 4 shows HARPN-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 bodv location. 

Figure 4. 
This last one is used to capture (i) body position in 
the force field map (x and y coords), and (ii) body 
height position (z coord), e.g. it establishes whether 
the dancer is standing or crouched. It is possible to 



recognize different hand gestures for each different Recently, we used the system in two concerts in 
hyper-instrument. The markers on the hands can be Ventimiglia (see figure 5) and Madrid (organized by 

tracked only if the user keeps the hands open. This is CEMAT). The system controls live electronics 
used to control the sound output: starting and situations and the parameters of a simulated string 
stopping sound outputs is performed respectively by instrument. More markers have been used, including 
opening and closing a hand. When the performer is ankles tracking. The use of the movement to control 
in the center of an area, we obtain maximum simulated physical models demonstrated to be a 
presence of that particular instrument, while the promising area of investigation. 
other two are absent. As the dancer moves from one 
peak to another, a cross-fading effect from one 
instrument to the other is attained: in general, the 
output of the three instruments is mixed according to 
the shape of the force field. Thanks to simple 
symbolic agents, the style of the dancer changes 
dynamically the reactivity and the behavior of the 
hyper-instruments, allowing interesting dynamic 
integration of movement and sound. 
The three hyper-instruments (sound synthesis 
techniques) controlled in real-time in the starting 
situation in the demo are the following: (i) in the 
upper left area, a bell toll synthesis is used (EMU 
Proteus); (ii) in the upper right area, a formants Figure 5. HARPN-scope at work in the concert "En 

vowel synthesis is used ( IRIS MARS): (iii) in the Voyage", First Ind Theatre Festival "A1 Confine" (July 

central s e a ,  an orchestral string 1995, Venrimiglia), music by G.Palmieri, dancer NRagni. 

performed (EMU Proteus). fagorto R.Vemizzi, sax F.Aroni Vigone, bass S.Ferrari. The 
system is here used in a live electronrcs srtuatran: the dancer 

A second application regards rnreruenes in real nme on the output of the acor~~tic  
navigation in composition/performance spaces. In insmrments. A V-scope marker is visrble on the right hand of 
this case, force field maps can assume completely the dancer (photo M.M.Pasqualini). 
new meanings: they represent "composition 1 
performance spaces" which can be navigated. In the 
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Abstract 

Dance is now able lo interact with compulcr in many different ways: by software aimed at creating 
and recording choreography, by dalasuit lo lransfer movement from human body lo screen, by 
interface wilh video and stage dkor, by sensors reacting to light and human movement in order to 
generate sound, by interface with telephone lines lo work on teledance. by CDrom, by Internet 
connection. 

1 Introduction 
E' indubbio che nel rapporto ua le arli teauali e le 
nuove recnologie si pone oggi una evidente 
ritrovata cenualih del corpo, in senso fisico. 
psicologico, creative, esletico. filosofico. 
Tra il corpo con i suoi cinque sensi e le macchine, 
capaci di investirli quasi tutti - manca solo 
I'odoralo, perch€ I'elctlronica non ole1 - con parole 
scritte, immagini, parole dette, suoni, rumori, 
animazioni, c'b una relazione biunivoca 
suetlissima; Paul Virilio. "dromologo". leorico 
della nuova civilh superveloce della comunicazione, 
sostiene che sono le macchine a guardarci dai Ioro 
schermi e che i nosh corpi sono ormai protesi delle 
macchine, siano esse computer o mbor. 
Vuoi in questa configurazione esuema, di 
rovesciamento in chiave cyborg della relazione 
uomo-mondo, tutu artificiale, tutta sirnulala, vuoi 
in termini meno apocaliaici, si b rapidamente presa 
coscienza del rapporto nuovo e diverso che ormai 
sussiste tra movimenli, suoni, parole e immagini 
dal vivo e schermi mullipli che abilano la nosua 
casa e le nosue giornate, non sollanto quelli ormai 
abituali della TV e del video, ma soprauutlo quello 
del computer, che inleragisce con il video, che 
intengisce con il telefono, collegandoci in rele con 
altri computer senza confini di spazio e di tempo, e 
che riassume quindi in sE tutti gli altri schermi. 
Circa le conseguenze di lutto questo sulla 
concezione e sulle modalih di uso del corpo nella 
vitae nel lavoro quatidiano, e unto pih nella pralica 
perfomaliva, il dibattilo, come si suole dire, E pii 
che aperto. Come si posizioneri, in questo quadm la 
danza? E in quali relazioni con la musica? 
Gii  il cinema e il video hanno profondamente 
modificato la danza teatrale, dotandola di una 
fortissima attcnzionc all'immaginc e 
all'inquadratura. e di mctodichc prcsc a prestito con 
profitto, dal ralcnti al montilggio, scnza dire dell'uso 
frequentatissirno di verc e propric, composite, 
colonne sonorc. 

E prima ancora, in questo secolo segnato fin 
dall'inizio dalla velociti delle comunicazioni e daUe 
macchine. i Futuristi intuirono come la prima 
rivoluzione tecnologica avrebbe ridisegnato il 
mondo e, in particolare. il mondo dell'ane, musica e 
danza compress: basta pensare a "Feu Cartifice" di 
Igor Suavinsky, 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 aerodanze di Giannina Censi, 
a1 balletto "Anihccam 3000" di Fortunato Depero. 
oggi soggetto di un significative remake di Lucia 
Latour. 
In quello stesso periodo mciale, gli anni '20, Oskar 
Schlemmer, ideatore del notissimo "Balletto 
triadico" per la Bauhausbiihne. crea "La danza del 
veuo", "La danza del metallo", "La d a m  dei fili". 
lavonndo per " a s m e "  la foma umana. 
Astrazioni di forme e colon che anche Alwin 
Nikolais in America utilizzeri ampiamente in anni 
piti vicini a noi come materiale dei suoi spettacoli, 
per cui sari autore anche della musica. 
Quali saranno adesso, a fine secolo, in piena 
rivoluzione elettronica, gli input sulla scena 
danzata, gestuale e sonora, della realti vinuale e 
delle reti telematiche planetarie come Internet, che 
dislocano metaforicamente il corpo in tempo reale? 
Essendo quello sopra delineam un terreno mobile, 
in cui ogni giorno nuove esperienze e nuove 
applicazioni entrano in campo. I'unica cosa 
ragionevole che si pub tentate di proporre oggi b un 
viaggio ragionato nel vasto temtorio degli intensi 
rapporti tra performing arts e nuovi smmenti 
tecnologici. visd nelle diverse articolazioni che li 
caratterizzano, senza aspettative esoterico- 
millenarisliche - gi i  altri avevano ipotizzato 
erroneamente la morte do1 teauo dopn l'avvento del 
cinema e la morte di quest'ultimo dopo ladiffusione 
domestics della TV - e senza timori panici. di t i p  
orwelliano, di front  alla "disumanizzazione" della 
cultura e dell'me. hc i ando  da parle, in questa sede, 
le cruciali questioni della democrazia eletuonica. qui 
si cercheri qualche prima risposta alla domanda: in 
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Frankfurt Ballett di William 

immagazzinare suoni, scritti, immagini, video, e di 
"Life Forms" serve a create il movimento, a percorrere i contenuti in modo attivo si B esercitato 
memorizzarlo, a insegnarlo, visualizzndolo in 3D. con un autentico prodotto Gutore Bob Wilson, 
con possibilit2 di giri, stop, accelerazioni e ralenti. mettendo in gioco le sue straordinarie attitudini 
sulla base di una time line di 40 framc per secondo. pittoriche e le sue doti di scrittura per 
e non su base musicale. I1 che corrisponde alla ideogrammi/fotogrammi; ne risulta un album 
strategia di lavoro condivisa con John Cage, suo personalissimo di appunti visuali. gratici e sonori. 
parmer creativo d'elezione, di autonoma conviven7a Un altro percorso per create movimenti 2: possibile 
ha musica e danza. atbaverso l'uso di lute equipaggiate con sensori che 
Nicole e Norbert Corsino, notissimi autori trasmettono gesti e passi da un agente umano a una 
marsigliesi di circumnavigazioni coreografico- figura cream al computer in 3D. E' il caso della 
geografiche, hanno girato "Totempol", che marionetta Computoon, del MediaLab di Parigi. 
incorpora sequenze elaborate con questo slesso partner di Canal +; un'applicazione di una metodica 
programma Life Forms, in simile B stata utilizzata per la pubblicita della Shell, 
umani ripresi dalla telecame presentata a Imagina di Montecarlo, che fa danzare 
Sempre per disegnare il mo auto e pompe di benzina, con esiti molto 
produzioni presentate al Siggraph USA, arriva interessanti e divertenti. 
"Dance interactip della New York University Media Sul fronte della tele-danza, B interessante visionare 
Lab.. con l'impiego di una ligura umana "realistica" qualche esempio delle sperimentazioni del gruppo 

canadese Very Vivid, che utilizza il Mandala Virtual 
Reality System. 
Si tratta di danza in ambiente virtuale, athaverso 

Ricerca Musicale di Nizza, ha ideato e realinat0 con I'uso di una telecamera che riprende una persona in 
la collabomione di Luc Martinez "In corpus", ciok movimento, Vincent John Vincent, performer, 
un "concerto subacquadco", come "cyber-spazio da davanti allo sfondo blu tipico anche del chroma-key 
vivere"; i nuotatori, nella piscina olimpica di TV; il che permette di aggiungergli lo sfondo 
Tolosa, muniti di cuffie da bagno colorate, seguite desiderato, spesso registrato da una seconda 
da telecamere numeriche, comandano la partitura telecamera: il tutto prende I'aspetto di un concerto 
audiovisiva, sempre variabile. rock, con una parte dal vivo e una di smmenti e 
"The Trace, Remote Insinuated Presence" di Rafael oggetti virtuali con cui interagire. I1 computer, 
Lozano-Hemmer, artista elettronico madrileno, infatti, riconosce i movimenti del performer e fa in 
illustra invece, inserendolo in ambiente virtuale, modo che "combacino" con gli oggctti che disegna, 
athaverso due stazioni di lavoro interconnesse, il accordandoli all'immagine digitalizzata del ballerino 
rapporto tra duc agenti elct!~onici a distanza, la lucc stesso, che pare suonare gli stnuncnti mentre danza. 
e il suono. A qucsto primo performer se ne pub aggiungere un 
Una prospettiva chc patrcbbc somigliarc a quella dei secondo. presente dal vivo, magari dall'altra parte 
videogiochi. dell'oceano. con lo stesso sistema in uso per le 
Anche "Surface Tension", ancora di Rafael Lozano teleconferenze, trasmcttendone ci& l'immagine via 
Hemmer, B un'applicazione dell'elcttronica alld Lelefono e rinviandola indietro, compressa, 
performance dal vivo; un occhio elcttronico segue il accoppiata con quella del partner telematico. 
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Esperimenlo ellettuato all'ultima Biennale di 
Charleroi. "Corpo e Lccnologie". 
Proprio da Charleroi, dalla compagnia residente 
Plan K, provengono alcune immagini di "Ex 
machina" di Fabrizio Plessi, artista video, e di 
Fredric Flamand, carcogralo; in queslo caso i: di 
scenografia eletvonica che si devc parlare. Plessi, 
ua I'aluo, b docent proprio di quesla nuova materia 
alla Kunsthochschule liir Medien di Colonia. 
Inline, nello specilico danza, qualche esempio di 
quanto si vova altualmente in rete, la rete per 
eccellenza, ciob Internet, chiariscc la situazione: dai 
fiarnmenti video dell'americann Molissa Fenley e di 
Amanda Miller, auiva a Francoforte, alle Dance 
Pages enciclopediche sul server Web della lionese 
Estelle Suche all'accesso agli archivi della Dance 
Collection di New York a1 Dance Server inglese 
alla www-directory Jahoo ai dialoghi va utenti su 
come organizzare una gara di ball0 di sala. 
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Un percorso tra musica elettroacustica e radio italiana: 
47 anni di Prix Italia 

Francesco Giomi 
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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 Itnlia, 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. 

Lamdio est pour ceuxqui 
o a  des irnvges pleine lntetc 

(Luc Ferraril 
1. Introduzione 

I1 legame tra la radio e la musica elettroacustica 2 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 gii  
nel 1944 Pierre Schaeffer conduceva le prime speri- 
mentazioni elettroacustico-radiofoniche, componendo il 
pionieristico programma Lo CoqllilIe d pfonPfes e av- 
viando tutu una sene di ricerche in questo senso. In 
America poi, se pur con tagli estetici alquanto diversi, si 
assiste alle esperienze di John Cage: la sua compo- 
sizione Imaginary Landscnpe n. 1 (1939), primo lavoro 
da eseguire specificamente registrato o per radio e il suo 
testo del 1942 sugli auspici di una "musica radiofonica 
sperimentale" apparso sulla rivista Modern Music. Non 
solo dunque I'inserimento dello strumento radiofonico 
all'interno della composizione ma la radio come ohiet- 
tivo finale del brano musicale. 
Gi i  prima degli anni cinquanta inizia a delinearsi una 
traccia linguistics specifica che vede, e vedri sempre 
pi8 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 sfmtta le tecniche e le specifiche 
possibiliti espressive. Abhiamo oggi la possibiliti di 
mettere in rilievo un pauimonio in molti casi poco 
conosciuto che trova proprio nella sua specificiti radio- 
fonica le ragioni per una sua qualificazione sia in chiave 

storica sia in chiave estetica. 

2. I1 Prix Italia 

In Italia I'attiviti 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 Itnlin, un'iniziativa il cui intento 
originario risulta quello di premiare e promuovere opere 
per la comunicazione radiofonica di alto valore poetic0 
ed estetico. 
I1 P r u  Itnlin ha proseguito il suo percorso fino ad oggi 
anicchendosi 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- 
ui. 
Attualmente, il Prir Italin annovera come membri pi8 
di 60 organizzazioni radio-televisive internazionali di 
circa 40 paesi. 
L'attenzione per i programmi musicali 6 sempre stata 
una costante della manifestazione fin dagli inizi. unto 
che dal 1953 la competizione 2 stata suddivisa in di- 
verse categorie tra cui due specificamente musicali 
(Prix Italia e Premio RAI) nell'ambito delle quali, fino 
dalle primissime edizioni, sono state presentate opere 
musicali in cui era presente una sempre maggiore inte- 
razione del tradizionale bagaglio strumentale con 
I'elemento elettroacustico. 

3. Tecniche elettroacustiche 
per la radio 

Un ascol~o ed un esarne delle note illustrative relative ai 
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custica canadese, da sempre attiva sul versante della pih 
radicale sperimentazione radiofonica. Diviso in sette 
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 L: una 
caratteristica peculiare anche al brano con cui la com- 
positrice finlandese Kaija Saariaho ottiene il premio nel 
1988: Stilleben. Provenienti dagli amhienti sonori pih 
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 lavoro: il viaggio. La distanza, lo 
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 panomica con un d u o  composi- 
tore francese di rilievo: Luc Ferrari, attivo da anni a Pa- 
rigi, merita due ravvicinati riconoscimenti per Et si 
toute enti2re maintenant nel 1987 e Lo escalera de 10s 
ciegos nel 1991. Nel second0 caso si tratta di una pro- 
duzione spagnola dove Fenari impiega anche materiale 
di origine concreta (del resto egli i: uno dei principali 
artefici della musique concrPte) mentre il riferimento 
del titolo 6 ad un luogo di Madrid cbiamato "la scala dei 
ciechi". 
Infine. segnaliamo un 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. Il radiofilm fa 
pane di una sorie di sedici "opere" di trenta minuti che 
la RAI ha commissionato ad altrettanti compositori e 
scritiori dell'ultima generazione. Questa operazione ha 
rappresentato un'eccellente occasione di incontro sia tra 
autori musicali e lettenri che tra questi e alcuni impor- 
tanti centri di produzione ed edizione musicali. 

5. Conclusioni 

In  passato, il rapport0 tra la radio e la musica elettroa- 
custica b stato assai fertile; la separazione spesso 
avvenuta dopo gli anni sessanta na studio radiofonico e 
studio di produzione musicale ha inevitabilmente con- 
tribuito a far perdere una certa consuetudine a comporre 
per la radio. Cib nonostante molti compositori hanno 
dimostrato non solo interesse per questo t i p  di mezzo 
di comunicazione ma anche grandi capaciti nel saperlo 
piegare ad eccellenti risultati estetici. 
La radio si candida quindi, durante questa fase di rilan- 
cio pih volle annunciata, a divenire uno dei canali pri- 

vilegiati non solo per la diffusione della musica elet- 
troacustica ma sopratutto per la produzione di opere 
artistiche innovative. 
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alla radio, per quanto dotata dei requisiti mdio- 
~ c i ,  presenta sempre un implicit0 riferimento al- 

concertistica che ne 5 alla base. 
eeiore ver la creazione di una rnusica 
uu . 

deve consistere nello sfruttamento esclus~vo dei va- radiofonica mediante gli strumenti tradizionali 2 
lori uditivi; I'arte radiofonica deve dunque presentare rappresentato dalla riconoscibiliti, all'ascolto, di 
quella caratteristica che negli anni '50 Schaeffer e tutto cib che rimanda all'esecuzione dal vivo. 
Poignot, mutuando un termine della scuola pitago- hC la musica radiofonica possa superare tale 
rica, definiranno acusmatica, cio2 significativa a one sono necessarie perlomeno due cose: in 
partire solo dalla sua dimensione acustica. luogo che ricorra a suoni diversi da quelli 
La forma artistica che per prima sfrutta questi prin- ti su strumentali tradizionali; in second0 
c ~ p i  b il radiodramma, che conosce dagli anni '30 un luogo che si avvalga di un linguaggio autoreferen- 
grande successo. Preoccupazione principale degli au- ziato, in grado di esaurire le proprie pertinenze 
tori di radiodrammi 5 quella di nusclre, tramite il esclusivamente all'intemo della dimensione sonora. 
solo ascolto, a trasmettere la pienezza dell'azione, La  nascita della musica elettroacustica in Europa 
rendendo percettibili fenomeni quali la caratterizza- sembra essere la rlsposta appropriata alla ricerca 
zione del personaggio e la drammatizzazione. della musica radiofonica. La recezione della nuova 
Parallelamente al radiodramma, in parte pro 

' 
musica sembra riguardare solamente 11 fenomeno 

zie ad esso. si verifica un ampliamento del sonoro; il problema dell'interpretazione, il rjtuale 
gio sonoro; I'immissione di suoni non muslca concertistico e tutto quanta nella muslca tradizio- 
l'interno delle trasmissioni radiofoniche va in nale costituiva un corollario insc~ndibile del dato 
acquistando un rilievo sempre maggiore, al pu sonoro e contribuiva alla creazlone dell'aura, sembra 
uscire dall'ambito effettistico e costituire un essere scomparso. I complessi aspetti tecnici che 
meno a s6. Arnheim segnala il contri stanno alla base non ragglungono I'ascoltatore; col- 
l'ampliamento del paesaggio sonoro, realizzato tra- 
mite la radio, pui, portare all0 sviluppo del lin- 
guaggio musicale: 
*La riscoperta del suono nel rumore e nel linguag- 
g ~ o ,  il collegarnento tra musica, rumore e linguag- 
gio in un materiale sonoro unitario b uno dei grandi 3 Promozione e diffusi 
compiti artistici della radio [...I Diventa sempre pik 
importante la ricerca di effetti di rumore [...I Mal della musica elettroacustic 
visk da parte della rnusica pura, trovano un ottimo 
impiego nella radio dove si tratta di elev 
rappresentazione stilizzata ad un livel 
solo il suono del parlare umano, ma anche i rumori 
naturali. Quello che piii conta nello sviluppo della 
musica dal punto di vista della radio b che la con- 
quista di caratteri espressivi - sia essa stata favore- 
vole o meno per la musica - ha creato dei buoni 
presupposti per una cultura sonora unitaria che po- 
trebbe permettcre un adeguato sviluppo della no 
sensibiliti verso la musicaliti del linguaggi 
sonoro in generalen (Amhelm 1987 p. 19-26 
La nflessione di Amheim prelude ad una mus 
considera la radio e la tccnolugia come punto di par- 
tenza per la sperimentazione di nuovi orizzonti 
esoressivi - ricordiamo come da un'irrotesi in linen 
con le intuizioni di Arnhcim, quella dcl valorr mu- 
sicale del lingunggio, parriranno Eco c Bcrio nel 
1958 per la redizwzione di Omaggio a Joyce. 
Nella ricerca della musica ver la radio 5 oossibile 
dunaue osservare due fasi distinte. La prima 2 quella 
della riccrca della musica radiogcnica, cioi una mu- 
clca di tino tradizionale con caratteristichc che la -. -r - - -  - 
rendono oarticolmente adatta alla trasmissione ver 
radio; la seconda 2 qu 
musica del tutto nuov 

promotrici della ricerca tecnologico-musicale. Oltre 
alla pih generale attenzione della radio verso le 
nuove musiche e all'esigenza di una musica adatta ai 
propri mezzi tecnici, vi sono aspetti contingenti 
che giustificano questo interesse: da un lato la pre- 
senza ai vertici dirigenti delle radio di personaggi 
che promuovono questa ricerca (Wladimir Porch6 a 
Parigi, Alberto Mantelli e Gino Castelnuovo a 
Milano), dall'altro la politica di espansione culturale 
perseguita dalla radio. In quegli anni si giunge in- 
fatti all'istituzione del terzo programma radiofonico, 
esplicitamente creato per trasmissioni di tip0 cultu- 
rale e musicale. E' significativa ricordare che 
Alberto Mantelli e Luigi Rognoni. curatori del 
terzo programma istituito dalla RAI nel 1950, sa- 
ranno nel 1955 tra i fondatori dello Studio di 
Fonologia Musicale della RAI. 
Un imvortante incentive in ambit0 radiofonico 
vcrso la ricerca sonon sperimentale era venuto dalla 
RAI nel 1948 con I'isliluzione del Premio Italia per 
le onere mus~cali radiofoniche. Nelle comoosizione . -  
vresentate Premio Italia l'imuieeo della sonorizza- . - 
hone si spinge gij. alle soglie della musica elettro- 

. . 
tro musicale. b I'elemento costitutivo dominante. E 
allora si verifica questo fenomeno che merita di es- 
sere lenuto in conto: I'intervenlo registico gravita 
essenzialmente attorno alla musica e si confi~ura.  





si fosse limitato a fotomafare i vecchi pezzi teatrali. 
E la radio cercadi perfezionare tecnickente questi 
reportage di concerti e di opere in modo che l'ascol- 
tatore riesce sempre meno a distinguere la copia 
dall'originale: l'dlusione deve essere totale [...I Ora, 
sebbene la radio fosse g k  diventata una tale fabbrica 
di conserve, accadde qualcosa di inaspettato: fece la 
propria apparizione la musica elettronica; una mu- 
sics nata in maniera del tutto funzionale dalle pad-  
colari condizioni della radio. Essa non viene regi- 
strata con microfoni su un podio e conservata per 
essere poi in seguito riprodotta ma nasce invece 
con l'aiuto della valvola elettronica, esiste solo su 
nastro e pub venire ascoltata solo con altoparlanti 
[...I Si pub giudicare la musica elettronica come si 
vuole: la sua necessiti risiede gii  solo nel fatto di 
indicare alla produzione radiofonica una via di svi- 
luppo. La musica elettronica non utilizza nastro e 
altoparlante solo per riprodurre, ma per produrre. 
Chi ascolta per mezzo di altoparlanti capiri prima 
o poi che ha molto pih senso se dall'altoparlante 
esce una musica che non si pub ascoltare aihimenti 
che con un altoparlante), (Stockhausen 1976 p. 50). 

Ma la musica elettroacustica b portatrice di 
molte novith che le impediscono di stare racchiusa a 
lungo negli ambiti della radiofonia. Essa introduce, 
mediante la posibilitj. di manipolazione del sup- 
porto, nuovi paradigmi compositivi che avranno 
una forte influenza anche sulla musica strumentale 
tradizionale. Presenta ooi alcuni asoetti che oresto 

diffusione del suono quale era nella musica strumen- 

dello spazio, favorita dal potenziarnento dei 
r~produzione del suono, fa il suo ingress0 

Un secondo fattore di incompatibilit2 tra radio e 
musica elettoacusticn riguardn il recupero della di- 
mension~ cunceriistica. La riproducibilir3 tecnica 
del suono. fondamenro stesso della musica elettroa- 
custica (con la rinuncia al hic et nunc dell'ese 
zione come momento di ri-creazione dell'opera 
sembravano in un prima momento mettere in crisi 
il carattere auratico dell'opera musicale; in realth con 
11 "concerto" di musica elettronica si verifica un re- 
cupero dell'aura, se non addirittura un suo poten- 
ziamento. I1 concerto tecnologico, con la presenz 
del compositore, degli altoparlanti e perfino dell'il 
luminazione appositamente creata, giungeri ad ave 
una valenza esoterica sconosciuta al concerto bad 
zionale - Ebbeke notava ad esempio che opere com 
Hymnen, oltre a non essere composizioni " 
mera", richiedono un ascolto di tipo collettiv 
I1 terzo fattore di superamento dell'estetica 
nica b rappresentato dall'avvento della musi 
che re~ntroduce lo strumento tradizional 
nezza delle sue funzioni timbriche e rituali. La m 
sica elettroacustica sembrava inizialmente voler s 
gnare un punto di non ritorno nei confronti del 
musica strumentale, ma subito si assiste alla rein 
tegrazione dell'elemento umano accanto alla mac 
china; i primi esempi di musica mista, 
Musica su due dimensioni (1952) di Maderna, 
contemporanei ai primi lavori di musica elettro 
Contrariamente alle previsioni della pri 
musica strumentale non verri soppiantata da quella 
elettroacustica; proprio il rapport0 dialettico tra le 
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quello musicale 3tmverso I orranti differenze. in pane dovute ai  matenali 
parole in suoni. in pane dovute alle smtegie narrative. 
Nel caso di Lupone-Pal tema si basa su quattro regole poste come 
"bancario" freddo. cinico. elli di comportamento semplici 
quanto ignorante e intelligen i pmcessi combinatori che 
inuecc~o che m s i t a  dal re nppono fra testo e rnusica: 
passato al presente senza diicontinui ola che riconosce alla parola o al 
Nella scrittm musicale questo so suono la completa indipendenza 
uattato con elementi sonori che 
dialettica grottesca tra la stupids formalitj del dipendenza: sistema di regole che privilegia 
"bancario" e lo scenario infernale. smodato d uno dei due elementi per inmnseca necessitj. di  
diavolo Barbariccia. sviluppo namtivo elo formale 

aKrontato dagli auto 
In particolare, pe 

i t i  dei 

trasformazione, sono 
contemporaneamente accorgimenti di recltazlone 
ed elaborazione elettronica della voce recitante. 
Una sorta di geometria fogica inscrive le parole in 
base al ritrno, le assonanze, le rime e le formanti 
timbriche che modellano artificialmente la voce. 
In fig. 2 I: mosuato il prognmma Polar Synthesis 
basato su fihi passa banda e n w  cui sono state 
~nserite le voci. I film, dinamicamente variati in 
frequenza centnle e larghezza di banda, hanno 
"deformato". "trasformato" e "congiunto" 
rnusicalmente anche le parole il cui suono e 
significato sono profondamente diversi. 

5. Univociti, dipendenza, interazione e 
trasformazione 

Le smtegie sperimentate per 
liguaggio lettenrio a quello musicale, sopnttutto 
da pane degli autori degli anni Cinquanta-Sessanta 
rappresentano. ancon oggi un valido esempio di 
stamto funzionale entro cui stabilire le regole del 
cornplesso npporto Fra testo e musicn 
La sfida posta dai Radiofdm doveva 
inevitabilmente ritrovare i pmcessi formativi delle 

Uno degti aspetti progettuali e a 
ha interessato gli autori, sopnttutto per le 
implicazioni di tipo percettivo, b stato il disegno di 
uno "spazio scenic0 virtuale": I'idea & stata di 
propore attraverso il solo ascolto stereofonico, una 
immagine dell'ambiente in cui si sviluppa la 
nanzione o il dialogo rendendo poi tutti i suoni 
mobiii in questo contesto. 
L'approccio di molte composizioni ndiofoniche 
tenla un tipo di simulazione dello spazio con I'uso 
di rumori ambientali che. atnaverso una 
riconoscibile e semplificata semantica, costruisce 
nell'immaginazione dell'ascoltatore. il luogo 
dell'azione. Diversamente. a b b i i o  tenlato nelle 
due opere di cosrmire uno spazio che si evolve in 
ngione degti elementi sonori che vi sono inseriti e 
dei contenuti namtivi. Si b resa evidente cosi una 
muuzione dell'ambiente che partecipa parimenti 
alle regole di tnsformazione ed evoluzione dei 
materiali sonori. 
Lo schema riassuntivo dello spazio e n w  cui sono 

opere & 

opere ndiofon~che di quei period0 e tenme di 
approfondire e sviluppare. con il contribute di 
mezzl tecnic~ molto pi6 evoluti. shategie e regole 
di un metalingungglo frutto della fusione di testo - 

I1 lavom di ricerca e an 

ed efficace siste 



La uaiertoria descritta dalle frecce. individua anche 
I'ultima collocazione suono. Tale punto viene 
nggiunto con velocith costante in quanto le prove 
di accelemione effettuate su diversi sistemi di 
ascolto, presi come riferimento per I'emissione 
ndiofonica, non hanno dato risultati significativi. 
Per cosmrire lo "spazio virtuale" I: stat0 realizzato 
sul sistema Fly30 I'algoritmo moswto in fig. 1. I1 
segnale sonoro I: inseriro in due bracci padlel i  
dove due funzioni modeUano l'escursione di 
mpiezza relativamente ai canali sinisno e desuo. 
I1 r imdo inserito tra le funzioni di conuoUo 
dell'ampiezza assume. in base ai valori tempordi 
assegnati. la duplice valenza di filtro passa basso 
ed elabontore di fase del segnale. 

7. Suoni alla parete, suoni in guida 
d'onda 

Oltre al tnttamento dell'energia, che ha permesso 
di organizzare gli spostamenti del segnale sonom, 
per una pib efficace definizione percettiva deUo 
"spazio virtuale" le due opere hanno utilizzato 
anche elabonzioni che possono aasformare lo 
spetuo del segnale in modo da rendere pib 
sensibile percenivamente la collocazione e il 
movimento del suono. 
In panicolare, I'opera di Lupone-Palandri utilizza 
due sistemi di elabomione basati su filhi digitali 
le cui caratteristiche hanno permesso agli autori di 
produrre suoni pib o meno vicini all'ascoltatore e 
suoni pmgressivmente direzionati da contenitori 
tubiformi. 
I1 prim0 sistema di elaborazione I: basato su 11 
filhi Comb e simula il compomen to  delle prime 
riflessioni su una parete contra la quale vengono 
inviati i suoni. La modifica dei paramehi dei film 
evidenzia gli sposumenti della sorgente lungo la 
parete. 
La seconda elabomione I: effenuata con il 
p r o g m m a  "Pipe Simularor" (fig. 3) creato dal 
CRV per lo studio del modello fisico cilindrico. 
Atuaverso questo p r o g m m a  basato su una 
combinazione di filhi Allpass e FIR. il segnale 
sonoro inuodotto. subisce pmfonde uasformazioni 
timbriche soprattuno quando le dimensioni del 
cilindro e il comportamento riflettente delle pareti 
assume valori esuemi. 
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Optimizing Self-organizing Timbre Maps: The Effect of Auditory 
Images and Distance Metrics 

Pem Toiviainen 
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Abstract 

The effect of using different auditory images (AI) and distance metrics (DM) on the final 
configuration of a self-organized timbre map is examined by comparing distance matrices, obtained 
From simulations. with a 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 
gradient maps in the auditory pathway, are constructed. The Optimal AI and DM, with respect to 
the similarity rating data, are searched using the gradient method 

1 Introduction 
There have been a number of studies aiming at 
extracting the most salient acoustic attributes 
affecting the perception of timbre (see. 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 similarity of all 
possible pairs in the set of stimuli. Multi- 
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 connibutors 
to the perception of timbre. Dynamic attributes, 
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 @e Poli, Prandoni, 
& Tonella, 1993; Cosi, De Poli, & Lauzzana, 
1994; Feiten & Giinzel. 1994; Toiviainen, 
Kaipainen. & Louhivuori, in print). 
There is evidence that the human auditory system 
encodes frequency transitions (Steiger & Bregman, 
1981). In the cochlear nucleus, cells responsive to 
onsets and offsets have been found (Pickles, 1982). 
Shamma et al. (1992) found that the distihution of 
responses encodes the locally averaged gradient of 
the acoustic specrmm. 
During the self-organizing process of the KSOM, 
the input vectors are compared with the synaptic 
vectors of the network using a DM. The prevalent 

the used AIs into two dimensions while 
maintaining the metrical relations between the 
images. The main method was that of calculating 
correlation coefficient values between distance 
mamces obtained Erom the simulations and a SR 
matrix obtained using the same set of tones. The 
overall aim was to find the A1 and DM which 
would yield the highest correlation with the SR 
data. First, sets of AIs were consmcted by varying 
the degree of emphasis on the onset of tones, and 
combining spectral images (SI) and GIs, i.e., 
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 AIs. 
Finally, matrices of response distances on the 
KSOM were calculated using two types of DMs; 
these were then compared with the SR mauix by 
means of the correlation coefficient. 

2 Materials 
The tone material consisted of 27 tones, produced 
by additive synthesis. The synthesis algorithm was 
conmUed by six variable parameters: hrighmess, 
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. 

choice for DM in the KSOM simulations is the 
Euclidean metric. It. however. does not necessarilv 3 SR Exoeriment ~ ~-~ 

correspond to how 'the auditory system compares 
. 

stimuli. Nine subjects participated in the SR experiment 
The goals of the present study were (1) to examine All of them have at least moderate skill in some 
the effect of different AIs and DMs on the final musical instrument. During the experiment subjects 
configuration of a self-organized timbre map; and heard each possible pair of tones, presented in 
(2) to explore whether the KSOM is able to project random order. They were asked to rate the similarity 



on vector e = (e,,e,) on the frequency-time- 

into a KSOM which then projected them onto 
plane, the rate of change of function a, along the 

two-dimensional map. 
To obfain AIs, the stimuli were preprocessed, 
the peripheral part of an audito~y model by 
Immerseel and Martens (1992). modified by Lem 
(1994) for musical purposes. The output of th 
model is a 20-comwnent vector, updated every 0. 
ms; each compon~nt is supposedto represent the 
probability of neural fuing since the last update. 
The Minkowski dislance of two real-valued vectors, 
p = (5 ,.... .em) and q - ( q  ,... .. q.) , is defmed by 

1, a wide range of different metrics can be 

expressed as a scalar-valued function on the subset 
[fa .fi] x [O.T] of the frequency-time-plane: 

S: s(f.0. f [fo.fil. t E [o.TI . O 
Here fa and f, denote the minimum and maximum 
of the frequencies included in the image, 
respectively; s(f,t) is obtained by temporally 
integrating the output of the auditory model: 

freque'ncy dehvative of the spectrum i t  a given 
point of the frequency-time plane: y; can, thus. be 
regarded to be an idealization of the physiological 
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 parallel to neither of the axes, the 
corresponding directional derivative can be seen to 
represent the response of FM-sensitive neurons. 
For a given e and k, the corresponding GI, T;, is 
now defined to be 

Here p(f ,t) denotes the neural r i n g  probability of 
a neuron with a best frequency f ,  within a time 
interval [t - dt,t]; T denotes the time constant 
The onset of the SI is emphasized by defining an 



~p(f,t)=(a,~,(f.t),a,y~(f,t) ,... ,a,~;'(f.f)). The maximum value achieved was 
f ~ [ f ~ , f i l .  t€[O,TI. (9) 

corr(D.S)=0.882; this was obtained with the 

The a ' s  are the weighting factors of the parameter values A = 0.690, k = 0.21, 

corresponding images. a, = 1.510, a ,  = 0.010, a, = 0.262, and 

The Minkow& distance of two (vector-valued) AIs, a,, =0.000. As a result of adding GIs and 
0, and 0,. is defied, analogously to Eq. (I), by allowing the Minkowski exponent to change 

111 continuously, a slight increase in correlation was 
- ~ 2 1 1 1 ~  = [ J J I I P ~ ( ~ J ) -  ~ ~ ( f ~ ) l I t  df dl]  thus achieved, the main conmbutors to this being 

(10) parameters A and a,. . . 

where IIql(f,t)- q,(f .f)lll is the Minkowski 
norm of vector q1(f,t)- qz(f.t). and the 
integration is carried out over [ f,,f,l x [O,Tl . 

5 Metrics on the KSOM 
To obtain distance manices from the KSOM 
simulations, two different DMs were used. in the 
response focus metric 0, 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 defied 
as k i n e  the Euclidean distance between the loci of 
response. - The distance metric between the AIs c 
will subsequently be referred to as the AIM Fig.3. The value of corr(D,S), using the SIs 

only, as a function of A and k.  
6 Results 
6.1. Auditory images 
To begin with, the correlation between the SR and 
the AI distance manix, denoted by corr(D,S), was 
calculated using the SIs only, with parameter values 
A = 2 (Euclidean metric), k = 0 (no emphasizing 
of onsets). This yielded the correlation value 
corr(D.S) = 0.677. 
Next, A and k were varied between 1 5 A 5 10 and 
0 < k < 0.48. with steps of 1 and 0.02, respec- 
tively. The value of corr(D,S) as a function of A 
and k is presented in Figure 3. The maximum 
correlation value, obtained with A = I  and 
k =0.20, was corr(D.S)= 0.868. 
The significance of GIs in timbre perception was 
studied by constructing combined AIs 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' = (A'.k'.a:,a;.a;,a,,a~) 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 a ' s  with a constant does not alter 
the correlation. Therefore, a, was fixed to value 1. 
The search for the maximum was started with zem 
values for the other ff 's. In a series of calculations, 
the inilia1 values for A and k were chosen £rom 
the neighbourhmd of the point ;I = 1. k = 0.20. 
i.e.. the point of maximum correlation in Figure 3. 

6.2. KSOM simulations 
Using various sets of AIs 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 cvcles. usine a constant leamine rate of 
0.05. In the &pinpinning,-the radius of the toI;blogical 
neighbourhood was 6, and it was linearly decreased 
after every cycle so as to reach wo at the end of the 
haining. Fmm the obtained timbre maps, distance 
matrices were calculated 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 AIs which did 
not include any GIs. The correlation values obtained 
fmm simulations with two different sets of AIs 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 lhe KSOM seems. thus. to 



GI, one net; (d) SI and €-GI, three nets. 

At the next stage, the KSOM was 
of AIs which included the SI and the €-GI of each 
tone. The values of the parameters were A = 1, 
k=0.21, a,=1.510, and a,=a,=a,=O. 
The last three GIs were ignored to reduce 
computational load. Two different network 
architectures were used (see Fig.5). F i t ,  a single 
KSOM was trained with AIs consisting of a SI and 
an f-GI; the components of the latter were 
multiplied by 1.510. In the second approach. two 
KSOMs were f i t  trained. one with the SIs and the 
other with the €-GIs. For each input stimulus, the 
coordinates of the centroids of activation on these 

The CAM and RFh4 correlation values, obtained 
using these wmbiied auditory images, are presented 
in ~ i ~ u r e  4. bars c-d. Also in these simulahons the 
CAM and RFM correlations were lower than the 
respective AIM comlations. High AIM correlations 
tended to imply high CAM and RFM correlations, 
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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 t o  a better understanding of the main variables 
which shape the quality of a sound. 

1 Introduction pears to be in general agreement with the usual 

Timbre is a multidimensional feature which de- 
scribes the quality of the sound when other factors 
such as pitch and loudness are kept constant. A 
classical method ha.s 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 a Multidimensional Scaling analysis; 
the empirical interpretation of the dimensions of 
the resulting timbre space leads t o  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 less 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. - 

:ie representational capabilities of percep- 
tual qualities offered by the Mel-Frequency C e p  
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 t o  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 a p  

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 MFCGcoded 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 Me1 Frequency Cepstral Coefficients (MFCC) 
were first introduced by Davis e Mermelstein in 
a comparative study of different speech coding 
techniques [I]. In the method, filterbank analy- 
sis and cepstral analysis are combined: the short- 
term log-energy output of a mel-spaced iilterbank 
is mapped by a DCT onto the set of the MFCC co- 
efficients. The filterhank is constituted by 27 par- 
tially overlapping triangular filters, equally spaced 
on a mel-frequency scale. The me1 scale itself is 
defined as 

f l l k H z  
mel(f) = 

259510g1, (1 - A) f > 1 kHz 

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 KHz. The co- 
efficients are computed using a 23.2 ms Hamming 
window with a 4 ms timeshift. 

An inverse DCT over the coefficients ci leads 
back to the spectral envelope, C(p),  which is ex- 
pressed in dB and warped along the frequency axis 
according to the Hz-me1 mapping above. As is 
usual in cepstral techniques, dropping the higher 
order coefficients (liflering) prior to computing the 
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inverse transform leads _to a smoothed version of each frame is converted to a MFCC representa- 
the spectral envelope, C(p) ,  which is very often tion, namely a vector of MFCC coefficients which 
more useful in the subsequent analyses. The first can he regarded as a point in a multidimensional 
coefficient, co, is also dropped. This coefficients MFCC space. Experimental evidence shows that 
is indeed proportional to  the energy of the input, the points stemming from the analysis of a sin- 
so that, by its removal, an amplitude normalized gle instrument are tightly clustered together. As 
representation of the signal is easily accomplished. a consequence, the centroid of the cluster is chc- 
This is going to be extremely useful when com- sen as the prototypical MFCC coordinate of the 
parisons between different signals are going to 
taken into account. as the tight clusters originated by the differ- 

form, which is an or 
ural" choice for a dista 
space is thus the Euclidean distance. I t  can be clearly from the analysis of the variance distribn- 
shown that the Euclidean distance between MFCC tion of the data along the different steps of the 
sets is equivalent to the distance between (possibly coding process. Fig. 1 displays the variance (indi- 
smoothed) spectra in the mel-frequency domain; vidual and cumulative) of the instrumental data 
this seems to he a reasonable measure of the sim- as appears a t  the output of the iilterhank; 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 

range compression in the log filter outputs. Both space, on the other hand, the variance is primar- 
ily distributed across the first coefficients, a s  ap- 
pears in fig. 2. By selecting these coefficients as 
the dominant geometrical coordinates, a MFCC 
subspace is obtained which adequately represents 

Several sets of different musical sounds have been 
used, all of which led to  similar final results. In 
this paper we will report the analysis of the same 
set of musical sounds as used by Carol Krumhansl 
in [2], where musical timbre is studied by means 



Figure 3: Percent of the total variance associated 
t o  the Principal Components 

t o  find an optimal result in the definition of a 
minimal subspace in the MFCC space which p r e  
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 tmns- 
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 
set of variables proves t o  be uncorrelated: the in- 
formation pertaining t o  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 ihe data, and the optimal in- 
derpretaiion of the daia. These goals are achieved 
if in the original data set the variance in the infor- 
mation is naturally associated t o  a few principal 
components, so that the representational loss as 
soc ia t~d  with the dropping of some of the compo- 
nen:: -elatively small. Geometrically, the PCA 
def::. set rotated of coordinates in the space in 
whicb ihe new axes coincide with the directions of 
maximum variance. 

A P C  analysis performed on the MFCGcoded 
instrumental set reveals that the 80% of the vari- 
ance is concentrated 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 
instruments. In fig. 5, 6 and 7 the three direction 
cosines related t o  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, i t  is useful to 
represent the smoothed spectral envelopes at  the 
extremes of the axes as the sum of the average 

Figure 4: Overall average spectral 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 distrihu- 
tion of the spectral energy along the axes of the 
new PCA space appears more clearly (fig. 8, 9 
and 10). 

4 Discussion and results 
The analysis of the plots shown so far leads t o  sev- 
eral conclusions. Clearly, the first axis is related 
to the spectral energy distribution, called brighi- 
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 t o  
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 bos- 
soon, and the horn are a t  a maximum of the ge- 
ometric distance and of the perceptual distance 
from the darker-sounding instruments such as the 
uibraphone, the guiiar, 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 4  KHz. From the plots of fig. 6 i t  could be as 
sumed that the fundamental characteristics he an 
apparent spectral irregularity. Fig. 9 shows how 

Figure 5: Spectral envelope (1st direction cosine) 
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Figure 6: Spectral envelope (2nd direction cosine) Figure 9: Spectral 

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 gurlar. 

The third dimension seems to he associated to 
subtler aspects of the spectral characteristic; it is 
correlated to the energy content of a narrow region 
of the spectrum centered around 700 Hz. This set 
of frequencies has an extremely important role in 
acoustic perception, 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- 
and high-pass instruments. At the positive end 
we have the clannet and a t  the negative end the 

Figure 8: Spectral envelope (1st coordinate 

Figure 10: Spectral envelope (3rd coordinate) 

hnrpsichord. 

5 Conclusions 
Other experiments with different sound sets con- 
firmed the fact that the first two dimensions ex- 
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 b s  
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. 
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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 common 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 [I]. 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 r e  
verberation. These usually take the form of comb 
and allpass filters, and are often cascaded with 
tapped delay lines [9, 6, 4, 81. 

More recently, i t  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 pc- 
sitions within the room [3]. A similar approach 
is taken in [a] 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 he 
interpreted as a representation of normal modes 
and diffusion. This ~hvsical  corresnondence al- 

concepts on a set of simulations we have conduc- 
ted using the image method [I]. Since the image 
method can be shown to converge to a correct r e p  
resentation of normal modes [I], we believe that 
it constitutes a useful tool for studying the room 
response, even in the steady state. This is an a p  
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 found in [5]. 

The Hankel matrix of a single-input-single- 
output system can be constructed from m  samples 
of a simulated impulse response h( . ) :  . . 

lows one to control the filter parameters in a nat- 
ural way, and physical consistency is automatically h(1)  .. . h ( 7  - 1) 

achieved. h(2) . . . h ( 7 )  

An open question that we addreas in this pa- ... . 1 
per is that of the memory requirements necessary 1 h ( y  - 1) h ( y )  . .. h ( m -  1) 1 
for the correct representation of a set of RTFs of a ( 1 )  
room. Furthermore, we address the issue of parti- Given a linear system in its matrix representation 
tioning this memory between the common recurs- 
ive part and the non-recursive part, which is spe- 
cialized for each RTF. (2) 

In our investigation, we apply system theoretic 



Hh is the product of the Observability and Rea 
ability matrices [5]. Thus, a singular valu 
composition (SVD) of H gives information 
the dimensionality of a minimal realization of 
which is equivalent to its reachable and observa 
part, i.e., i t  gives the memory requirement of the 

f the singular -" 
values has a for 

1 0  0 0 i 0 1  Figure 1: Singular values for 1 input and 1 output 

In practice, using measured or sim 
pulse responses, the singular values s, will ne 
go exactly to zero, corresponding to the fact that 
an infinite state space would be necessary to r e p  
resent threedimensional wave propagation in d i s  
crete time. Nevertheless, we can plot the singular 
values on a log scale (see fig. 1) and consider n 
to be the abscissa corresponding to a reduction of, 
say, 60dB in the singular values. 

In figure 1 we have depicted the singular values 
of a simulated impulse response for a room with 
edges 8 m x l O m x 6 m ,  with a samplerate of 1KHz. 
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/sample, 
thus indicating that about 231 memory cells are 
needed to represent the RTF with an "accuracy of 
60dB", and 369 memory cells are needed for 96dB 
of accuracy. 

I t  has to be noticed that, thr 
cussion, the accuracy of representation is meas- 
ured directly in the space of singular values of the 
impulse response to he modeled, rather than ac- 
tually modeling the room and measuring a signal- 
to-noise ratio. For instance, on the basis of the 
example of fig. 1, we can say that, in principle, 
there exists a discrebtime linear system having 
369 state variables, which can reproduce the im- 
pulse response h( . )  within the 16 bits of accuracy. 

Now, let's consider more than one impulse re- 
sponse simultaneously, namely a system with r 
inputs and one output. The product of the con- 
trollability and reachability matrices now takes the 

where any h(.) 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 previous 
oneinput-one-output impulse response, we notice 
that the slope of the singular values reduces to 
about 0.2dBJsample (fig. I), thus indicating that 
about 300 memory cells are needed to represent 
the RTFs with an "accuracy of 60dB7', and about 
480 memory cells are needed for 96dB of accuracy. 



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 means that, if in the one-input- 
one-output case we have a non-recursive memory 
requirement MI,  in the tw*input-one-output case 
the non-recursive memory requirement has to be 
2Mj. 

We come up with the equations 

The system (7) can be solved and it provides 

In other words, in a single RTF representation, 
about 70% of the memory should be put on the 
recursive part. 

This simple memory allocation has been done 
on the basis of a 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 common 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 ~ k k e l  matrix, 4.s get 
a slope of 0.17dBlsample in the singular values 
(fig. 3), thus indicating that about 352 memory 
cells are needed to represent the RTFs with an 
"accuracy of 60dBn, and about 564 memory cells 
are needed for 96dB of accuracy. 

so that about 73% of the memory should be put on 
the recursive part. This is different from the pre- 
vious 70%, hut 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. 

Our 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 p h y s  
ical considerations of the model [a]. 

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 coefficient in the feedback loop of a 
comb filter, then the approximeate bandwidth of one 
of the resonances is 

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 diiec- 
tion in space. Progressively shorter delay lines are 
used for representina 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 num- 
ber of directions when the bandwith of a reson- 
ance exceeds the mean distance 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- 

aa 3m 
angular environment, hence at some point it will 
he leas than A f .  From a simulation perspective, 

Figure 3: Singular values for 3 inputs and 1 output i t  makes sense to try to reproduce the resonances 
which are clearly separable, thus limiting the num- 

If our model is correct, the system ber of comb filters to he used. As stated in [8], this 
corresponds to finding a limit to the number of dir- 

M 1 = M j + M , = 2 3 1  (g) ections in space where we are considering plane- 
M2 = 3Mj +M, =352 wave prouagation. . . -  

If we approximate our room by sampling 8 dir- shouldn't give a solution very different from (8). 
ections in space, we find that the mean number of In fact, we get 
resonances per Hz (i.e. the frequency density) is 

MI = 61 
(10) 

about 
M, = 170 fd  = 0.27 (12) 



lations is that 8 is a good choice for the number of A numerical Investigation of the Invertibii- 

sample directions, and that it is not worth going ity of Room Transfer Functions, proc. IEEE 

much higher, since the resonance peaks would not ASSP workshop on Applications of Signal 

be resolvable. Now, from fig. 4 we can deduce the Processing to Audio and Acoustics, Mohonk, 

memory occupation of these 8 comb filters, which NY 1995. 

is 270 memory cells. Somewhat surprisingly, this [a] D, ~ ~ ~ ~ h ~ ~ ~ ~ ,  ~h~ ~ ~ 1 1  within the B ~ ~ :  a 
number is close to the memory requirement for the 
recursive part, as computed by means of the sin- 

Reverberation, J. Audio Eng. Soc., vol. 10, n. 
3, 1962. 

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 
Hankel and block Hankel matrices, while the 
second method relies on the discrimination of r e s  
onance peaks in the frequency domain. Even 
though these two criteria do not show an evident 
relationship, we found that they provide similar es- 
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 IIR part, and that this latter 
part is independent on the source or receiver pc- 
sition, being given by the common resonances of 
the room. While this split of RTFs was assumed 
in previous works, this investigation shows that it 
is justified by numerical results 
couple of ways of setting the sy 
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Abstract 

Current composing technology, 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 
af~d 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 . Caratteristiche generali Berkeley [Garrett, 19941 e naturalmente anche il 

I sistemi per I'edizione elettronica di testi musicali 
sono generalmente basati sulla selezione mediante 
mouse di simboli precostituiti e organizzati in font 
e/o di primitive grafiche per il disegno di simboli di 
forma e dimensione variabile (legature, barrette. 
forcelle, parentesi, etc.). 

La scrittura mediante penna consente 
potenzialmente tanto una maggiore flessibiliti nel 
repertorio di simboli quanto un'introduzione piG 
efficiente e intuitiva. I1 pen-computer & lo 
strumento che pub consentire di uasferire la 
scritlura tradizionale a mano su computer. 

La tecnologia software necessaria b in pane affine a 
quella dei sistemi per la lettura automatica di 
partiture (OMR) [Selfridge-Field, 19941. Si diffe- 
renzia principalmente poichk in questo caso si tratta 
di riconoscere il movimento dei punti (la traccia 
della penna) con relativi parametri (pressione. tipo 
di pennino, velociti, etc.) piunosto che i punti deUa 
biunap di una partilura digimlizzata. 

In questo ambito si collocano alcuni progetti di 
ricerca, come quello in corso presso I'universiti di 

Newton MusicKit B infatti stato concepito come 
una applicazione di utiliti per il compositore che 
vuole scrivere mediante penna la sua partitura 
direttamente sullo schermo del computer. Sia perch6 
il progetto b nella sua prima fase di attuazione, che 
per motivi di potenza di calcolo insufficiente del 
modello di pen-computer attualmente disponibile, il 
prototipo da noi realizzato costituisce un primo 
passo nella realizzazione deUa tecnologia software 
necessaria per la scrittura musicale al computer 
mediante penna. I limiti del prototipo attuale sono 
quindi da intendere come I'espressione dei vincoli 
qui citati. 

2 .  Funzionalita e modalita 
operative dell'applicazione 

L'inserimento degli oggetti b determinato dal 
movimento della penna sullo schermo di Newton. 
In particolare l'algoriuno di riconoscimento I: 
attivato quando la penna b sollevata dallo schermo. 
Durante I'inserimento di un simbolo b quindi 
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necessario non distaccare la penna e note di un ottavo vengono ottenute dopo il 
pressione di Newton fino a ch conoscimento deUa nota di un quano uacciando la 
ultimata la scrittura del simbolo in auestione. curva che le caratterizza (o ~ i h  sem~licemente con 
un'inchiesta, precedente il lavoro, kffettuata su un Tap) a fianco della stangketta. N ~ I  caso ci siano 
musicisti compositori di professione. I'imposizion pic note di un ottavo successive queste verranno 
non B parsa di eccessivo rilievo, ed alcuni di lor legate automaticamente da una sbarra orizzontale 
utilizzano questa tecnica per scrivere velocement che segue I'andamento dei simboli. La direzione 
Nel manuale d'utilizzo ve inserita, verso il 
come tracciare i simboli pi viene assegnata 
diesis ed il bequadro, nel mod delle note che la 

ati al massimo da 
Peril riconoscimento di alcuni ogg 
tracciare solo una parte di essi a 
vengano riconosciuti correttamente. Questa Per ottenere un accordo, possibile solamente con 
convenzione 8 utilizzata per la maggior parte dei note dello stesso valore, si utilizzano le tecniche 
tratti che dovranno essere riconosciuti come note. sovraccitate ~osizionando il uacciato soma o soao 

la nota ricon&sciuta. L'unica imposizioneb queUa di 
scrivere la nota che dowi cornpolre I'accordo dalla ................ 
parte opposta alla stanghetta della nota esistente. In 
caso di diversa necessith B comunque possibile 
ruotare la nota per variare la posizione della 

................ 

ieconda dell'altezza in cui sono posizionati nel 
pentagramma. Per individuare una nota con queste 
caratteristiche I: sufficiente tracciare una piccola 
spirale all'altezza desiderata sul pentagramma che 
compare sulle schermo di 

La stessa convenzione 8 stata utilizzata per le note 
con la testa vuota. In questo caso si potrebbe 
verificare un equivoco tra la nota con valore di un 

p.....~...~ 
Fig. 3 - Alterazione. 

intero che non nchiede nessuna gamba verticale e la 
nota con valore di una meti. 11 problema b stato 
nsolto riconoscendo la nota di un intero solamente Le Aterazioni devono essere uacciate dopo che la 

nota a cui sono riferite b stab riconosciuta nelle 
vicinanze che la precedono. Dopo essere stata 
riconosciuta I'alterazione verrh posizionata 
automaticamente a fianco della nota e fari 

una battuta non pu2, superare il valore di un intero. 
Per ragioni di dimensioni dello schermo del 
dispositivo su cui si B lavorato, si .? limitato 

operazioni particolari, come la cancellazione o la 
selezione di uno o uib simboli. si sono introdotte 
delle convenzioni ;he consistono nell'utilizzo di 
alcuni tracciati predefiniti. Per effettuare la 
cancellazione di un qualsiesi oggerto che compare 
sul pentagramma 6 necessario uacciare su di esso 
una X. mentre per selezionare uno o pii simboli .? 
necessario tracciare un cerchio intorno ad essi. 

Sono state utilizzate voci di menb che riguardano la 
gestione dei fde e la modifica di alcuni paramem di 





rigenerazione di tutti i simboli. 

Fig. 6 - Accenti e simbolo di ottava. 

Pe va k 
utilizzare la finestra dei tool a dispo 
programma. Questo tipo di operazione & 
anche ad una selezione multiola di simbo 

sopra le note interessate cercando di tenere come 
ounti di riferimento di oartenza e di fine del tratto i 
cenh-i delle note stesse. 

file e recuperato s 
completalo o rivisto. 
anche essere elimina 

schermo verticale di piccole 
battute per pagina e la m 
temporale confinata all'oltavo, samnno superate con 

I'arrivo di nuovi modelli di Apple MessagePad. La 
versione finale, inoltre. ootri utilizzare la 
comunicazione scriale o all'infrarosso per 
masmeltere, con protocollo LocalTalk, gmppi di 
battute in formato Standard MIDI File (o General 

come block notes portatile per idee musicali. 
L'applicazione p i t  immediata riguarda invece la 
didattica musicale. L'intuitivith dell'interfaccia 
utente, la velociti di inserimento di paniture, e il 
poter stampare ed eseguire semplici sequenze 
monodiche consente allo studente di verificare in 
tempo reale il risultato di cambiamenti d'altezza e di 
durata delle note. Inoltre, sfruftando le capacith di 
interconnessione offerte dall'hardware (Apple 
MessagePad pub essere connesso in rete LocalTalk 
con computer d altri MessagePad) si pub r d i z a r e  
un'aula per I'educazione musicale dove I'insegnante 
si colleghi con ogni studente per verificare e 

amente 
moditicata, pouebbe servire a creare una raccolta di 
esercizi basati sul meccanismo quizlgioco volta a 

'tale (insieme al feedba 

[Selfridge-Field. 19941 E. Selfridge-Field: "Optical 
Recognition of Musical Notation: a Survey of 
Current Work". in Cornourinn in Musicolonv -- 

[Garrett, 19941 G. E. Garrett: "The Activity of 
CNMAT at Berkeley", Cornpurer Generared Music 
Newslerrer - Vol. 2. N. 2, IEEE Computer Society 
Press. Washington. 1994. pp. 5-8. 
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Abstract 

The interaction hetween 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 he used while playing a typical MIDI instrument: a keybard 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 tnct, 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 hetshe can or helshe 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 he 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 not due to a less 
potentiality of the new instruments but to the lower 
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 musician can give to the sound 
synthesis algorithm. 
To recovery from this situation, we propose a new 
gesture interface. We want this new interface to 
have some peculiar features. First of all that it 
could he 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 i m p o m t  feature is the control 
dimensionality, which has to he at least 2; 
otherwise all the work will be unnecessary because 
there are many one-dimension controllers. Then it 
should be also fast in response, easy to use and, if 
possible, cheap to build. 

2 The EK Controller 

The g e s m  interface we projected is controlled by 
musician's mouth: particularly with postures of the 
vocal tract. We choose the mouth because, to play 
normally, the musician has to be free hand, and 
also hewuse 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 musician 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 
controllec hdshe has only to change the inside 
geomehy of his vocal tract 
From an aesthetical point of view the conmller 
remembers the kazoo: so we called it EK 
Controller (Electronic Kazoo). 



chwse the well-known Linear Rediction 

tract like a filter; in particular it can be to a model which is nearer 
an all-pole filter. Estimating filter of an all-pole filter than 

ains also why we use a white 

reach the mouth like, for example, a clarinet reed. 
The first waveguide, which on its outside end has a parameters: the polynomial coefficients of the 
loudspeaker, put a signal inside the mouth; the transfer function and the reflection coefficients. 
second one picks We use the second set; it gives the reflection 
it with a microph coetlicients of the vocal tract thought like a 
At the moment resonance tube, and it's an m y  which values goes 
generated by a software routine, sampled at 22 from -1 to +l. It's possible to choose the array 
KHz. But we tried also with other kind of signals: dimension in a small range of values that are 
square and triangle wave, ramps and pulse train. related to the sampling rate: we decided to start 
We found that best results in terms of control are with a dimension of 12; we tried also with bigger 
obtained, apart fmm the white noise, with the dimensions but results were similar. 
pulse train; this is interesting because in this way 
it's possible to use a very simple hardware signal 

of 8 KHz (the standard rate for speech-lie 
signals). We are forced to choose this rate, and also 
the one for the noise, by the characteristic of the 
computer we used. In fact we develop the interface 
on a NeXT computer, which has, built-in, a 
micrnphonic input sampler at 8 KHz and two 
aud' 

samples, real time workin 

For having a real, effective control we can' 

incorrelated d i i c  
So we need to extract 





We studied many 
outputs changes in 

So the musicianhas to learn to use the interface: 
just like a musician in general has to learn to use a 
new instrument. We measured approximately the 
time a new user spend to learn (times reported are 
not referred to a continuos use). To mnke this we 
tried to control only one output, then two and so 
on. Outputs were associated to sliders position on 
the screen. 
The monodimensional 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 positions. 
Also two-dimensional control is easy. In less than 
half an hour it's possibly to contml 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 time 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 like con 
change commands. 
But the fact that the mouth giv 
the interface useful also in other fields. Persons 
with problems in using arms and disabled can 
connect to a computer using the interface like a 
mouse simulator, the first two dimensions will 
choose position and the third will make selections 
in a windows system 
After, considering that th makes a four 
dimensional map of the vocal mc t  postures. the 

do not have a portable 
It is also possible to 

possible to subdivide the projectio 
small number of families. So, nfter 

to choose the family in which 
But the much interesting impr 
something to obtain an easier 

simple output configurations, for example the 
changing of only one element of the control array. 

Angeles: Blue Ridge Summit, 1975. pp. 1-54. 

G.Gambolati, Elementi di calcolo numerico, 

Speech, New York: Sprihgler-Vertag. 1976. 

J.Millman, Circuiti e sistemi microelemonici. 
Torino: Bollati Boringhieri, 1987, pp. 590-694. 
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Abstract 

The realization of the Stockholm KTH musical performance rules 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 a musician. 
To overcome this shortcoming Sundberg and his 
colleagues of the Royal Institute of Technology 

of Stockholm have pmposed performance 
rules r5.81, which allow a better performance than 
that obtained without the interpretntion of the 
score. These rules introduce certain 
microvariations in the duration PR) .  in the 
intensity level Q of the tone, and in the duration 
of rest between notes PRO). Microvariations are 
generally given in terms offunctions and always in 
mathematical terns. Performance rules follow an 
additive formulation, i.e. microvariations proposed 
by the rules are added to one another. Almost 
each rule has a multiplying coefficient (k) ddmed 
as emphnsis 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 L6.71. Specifi 
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 mtroUer can be build. 
FW methods allow the relativelv easv 

based on neural networks and many-sorted-logic. 
Supposedly a linguistic approach rather than a 
mathematical one enables to obtain a more 
effective model for the concepts at the basis of 
musical perfo~~~lance. 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 
origiual additional aspect. Fist of all a choice has 
been made to eliminate the rules whme 
formulation was not apt to a fuzzy realization. In 
particular. the rules with costant or linear 
deviations have not been considered becnuse their 
fuzzy realization is possible but it is not 
interesting. Table 1 shows the rules that have been 
realized. The dexripition 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 
large number of membership functions and the 
number of inference rules must be as limited as .. . 
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implementation af communication aspects. typical possible. 

of human reasoning where qualitative variables. 
unspecified concepts and subjective considerations 
play a fundamental role. Thus fuzzy logic Lea& to 
the creation of a controller able to "explain" its ~ n b l s  1 

behaviour. 
At Padua University we studied different The aim is to obtain a controller consistent with 
approaches [1.2,4] to model performance rules. h e  linguistic aspect of its behaviour. therefore a 

DDC I:  
Lkat iata l  
c o n w  

DPC 1B: 
High 
~ o u d  

GMA 2.4: 
Harmanic 
charp 

GMI IA': 
Leap 
/\rtimlntion 

Gh.U IB: 
Leap 7- 
~urntim 



meaninm- infe~nce 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 formulation is still 
additional. the implementation of a rule is no 
longer indipendent from that ofthe others. In fact, 
implementing a rule with fuzzy method means 
choosing membership functions adequately and 
this choice will influence all the rules which use 
the same variable. The initial choice of 
membmhip functions has been made empirically; 
to obtain the final formulation a try and error 
p r d m  has been necessary. as it is for all fuzzy 
crmt roh .  When building membership functions . it is better to analyse where output sensibility is 
greater : in this case it is better to thicken 
membership functions. In order to m& the 
controller behnviour. it is also possible to change 
membership functions shape. Figure 1 shows how 
we build fuzzy rules: fiom the central value of the 
input membership function we dculate the ou 
value given by the he rules. The 

without introducing an& membership function 
so that the interp~tation of the controller is easier. 
From a logical point of view these rules imply that 
f a  a given input there are several correct output 
values (fuzzy values are meant here 1. 
We must remember that fuzzy mles have to be 
significant, i.e. they should have a linguistic 

where the meaning of each parameter is the 
following: 
y, deviation of time or of loudness 
fi() function that represnt the i-th KTFI rule 
determined in an heuristic way 
X, represent the vector of th 
used by the KTE rules applied at th 
ki ccmstant used to 

net() Neural Net, non 
computes the deviation 



n;, is the same of equation 
k vector of constant or of variables which 

evolve very slow in time 

DDC I "Duratiaonl Conlmst" 

DPC ZA "Melodic Chnrpe" 

GMI 4 '  "Alticulolion of Repetition'' 

GMI 1B "Leap Tonc DurLion" 

GM1 1A' "Leap Articulntion" 

DPC 1 "Hi& Loud" 

. GMA I "Phmse" 

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 (FGC). 
In the previuos paragraphs we choose rules that 
contain some unmrtainty (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 h e a r  or 
deterministic rules if their output is very 
meaningful. For the choice criteria we referred 
to I2l.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 output variable is described by a 
non-linear function: 

DRO = ~DRO(DR, AN, PR. AR) 
ADR = ~ADR(DR. AN. PR, MC) 

AL =fA, (DR.N.MC) 

where the meaning of each parameter is the 
following: 

DR duration in ms 
AN leap interval in semitones 
PR end of phrase flag 
AR articulation ofrepetition flag 
N number of semitone (N=60 for Q) 
MC melodic charge 

To obtain these functions we used the standard 
value of KTH rules, i.e. we used rules with k=l. 
These functions are not obtained by adding rules 
of Table 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.A.Mozart. Generally. 
deviations given by the GFC 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 value 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. If we don't want this we 
must insert quantity factor "inside" the 
controller. 
Another choice is to not insert any quantity 
factor. In this case when we want apply the GFC 
to a piece with other values of k parameter. we 
must rebuild the controller (like neural nets 
where we must train another.time the net). This 
method take a lot of time but in this case the 
conaoller is simpler. 
Also the tempo parameter affect the quality of 
performance. When tempo is very fast or very 
slow using, l i e  us. absolute output value could 
determine some mistakes. For a further develope 
is possible to consider variables with their 
relative value 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 fuuy controller can quite 
muratly aproximate the KTH pdormance rules 
both with the additive formulation then the global 
formulation. 
By examining (we could also say "readiog") the 
controller it is possible to quickly understand i$ 
functioning together with the reasons for the 
control action. In this sense fuzzy realization can 
be considered as a linguistic reformulation of the 
musical performance rules. However what is a l l  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 u d  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 interconnected musical symbols into low level graphical primitives before 
classification. After this, a reassembly process reconstructs the music score. This approach 
simplifies the task of recognition and provides an intermediate stage where musical syntax can 
he 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 
time consuming and require human intervention. 
Optical Music Recognition (OMR), is an 
inlerrsting and efficient input method for musical 
software (Caner 1988, Seli?idge-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. Caner 1994). 

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 a&higuous features to be undertaken. 
'Ihe system takes a digitised music-score grey 
image as input, and automatically processes it and 
outputs a machine readable format of lhe score, 
such as a MIDI file. 

2.1 Pre-processing 
Firstly, an iterative thresholding process (Mardia 
1986; Venkateswarlu) is used to find a threshold 
value and the image is binarised. Ibe biiaty 
(black and white) image is then used to detect the 
skew. 'Ihe original image is deskewed by rolation 
and the result is binarised with the threshold 
computed earlier (Ng and Boyle 1992) (see Figure 
1). 
The de-skewing is important because the hreak- 
points used by the sub-segmentation process (see 
Section 2.2) that disassembles complex musical 
features relies on correct vertical orientation of 
these features. 
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interconnected and 
in shapes and sizes 

lines, horizontal lines (including slanted lines) and 
curves, before recognition. As an illustration, a 
beamed group of four semiquavers is sub- 

projection histogram o 

After each sub-segmen 
primitives are passed 

lines can be used as two important basic values for 
many subsequent processes. The sum of the confidence and others with ambiguity. The two 
average stave-line height and average inter-stave feature-vectors used by the classifier are the width 
line distance €om the fundamental unit (a) used and height (in a units) of the possible primitives. 
by a classification process. The process of sub-segmentation and 
After stave detection, an initial segmentation classification is iterated until the feature is 
using an image-labelling method (Sonka, Hlavac recognised or the termination criteria are satisfied. 

Termination criteria for the sub-segmentation 
process include the size and the density of the 
symbols. If the density of a symbol is high (e.g. > 
75%), it is nearly solid and therefore not likely to 

near the beginning of a st primitives such as beams are greyed. 



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 to 
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 
m e  process of OMR can produce ambiguities and 
omissions in its output which require higher-level 
musical knowledge to correct. These may be due 
to the vagaries 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 suggested a series of low-level 
algorithms which rely on basic musical syntax to 
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. 
?he 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 distribution with a rule-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 
example, a natural in a bar may suggest a sharp or 
flat in the key signature, or another note with the 

same accidental sign before this particular note. 
The order of accidentals in the depiction of a key 
(i.e. F#, C#, G#, D#, A#, E#, B# for sharp keys 
and Bb, 4, Ab, I%, Gb, a, for flat keys) is a 
musical convention that can be use to interpolate 
accidental symbols that have not appeared or were 
mis-reeognised. For example, if we find a C# in 
the key signature, one must assume that there is an 
FYt before it. Courtesy accidentals (accidentals 
within brackets) may also 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 semiquaver 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. 

Table 1. Number of semiquaver and the time 
signature. 

Number of 
semiquaver 

48 
36 
32 
24 
18 
16 
12 
9 
8 
6 
4 

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 212 than 414. 
Beaming information provides clues to the 
resolution of some of the other ambiguities. 
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-quadruple 
times (1214, 1218 and 12/16) beaming will tend to 
isolate four distinct groups, whereas compound- 
duple metres (6R, 614, 618) will tend to promote 
two groups. Clearly in the cases of metres with 

T ~ m e  Signature 

6/2, 1214 
914 
412 
3R, 614, 1218 
918 
2D. 414 
314, 618, 12/16 
9/16 
214, 418 
318, 6/16 
218 



crotchets or minims (e.g. 1214, 6/21 as 
units, some difficulties may arise when 
to determine the time signature. However, quave 
tend to be regular features in such metres, an 
their beaming can help in the resolution proces 
The resolution of metres with alternate sim 
compound readings (e.g. 314 and 618) Can u 
he 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 
instance, the gigue); some of these characte 
patterns remain as residual features of more rec 
works using the same time 
example is the dotted q 
quaver pattern. 
Some note types are extreme 
within bars governed by certain time signatures. 
For example, the minim is seldom found in music 
in 618. Caution must be used with such heuristics, 
however, because some composers flout 

is 
imporrant because the information supplied 
provides many useful constraints, and can help 
determine specific features of the music. 
Once the time and key signatures have been 
resolved, earlier low-level processes can be 
repeated to correct further remaining ambiguity 
with greater confidence. 
An unclear note duration may be clarified 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: sharp keys tend to use sharp 
acc~dentals and flat keys tend to use flat 
accidentals. However this is merely a tendency. 

signatures automatically, and the use of this 
information lo correct and reconfirm recognition. 
With the feedback and confirmation from high- 
level musical knowledge we hope to recognise 

complex music scores. We believe that music 
knowledge enhancement is important 
provides the way forward when dealin 
complicated scores, and especially hand- 
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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 I<lavier 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 a close match with the results of psychologi- 
cal tests was obtained. In order to make this large 
scale simulation feasible, the use ofsupercomputing 
equipment was required. The model can be used 
to study music cognition in other realistic environ- 
ments, such as music from other cultures or sounds 
for timbre studies. 

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: 

to test the model under realistic conditions, us- 
ing music as the input environment 

e 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 
1 Introduction m 
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 d o  
main of tone center perception [a]. 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 Wohltemperiertes Iilavier in a recording by 
K. Gilbert (CD ARCHIV 413439-2). 

data-driven 
perceptual learning 

auditory images 

pitch extraction 

acoustical signal 

Fig. 1. Overview of the model 

The cognitive model accounts for data-driven 
perceptual learning. This learning by self- 
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. 

2 Simulation and Figure 1 gives an overview of the model. - - 
Environments As in previous simulations, the algorithm is based 

on the Self-organizing Map (S0M)-architecture [5] .  
Research in cognitive science is indeed often based The SOM maps the N-dimensional auditory images 
on a small-scale artificial world. When models are onto a tw~dimensional grid but it keeps the top- 
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logical order of the implied relations that are imbed- is fixed to 20 x 20 neurons and a configuration of 4 
ded in the auditory images. processor nodes is employed. The SP2 implementa- 

In a number of pilot studies using reduced data tion makes use of global communication operations. 
sets it was shown that, in response to a set of musi- The partial information computed in each node is 
cal chords, the SOM develops a structure which (in collected and the concatenated data is sent to all 
music thmry) is known as the circle of fifths. The the no 
response structure of the map furthermore shows 
high correlations with data of mental representa- 
tions obtained from psychological research [6, 81. 

Starting from the assumption that there is a rea- 
sonable amount of redundant information in Bach's 
Wohltem~eriertes Iclavier. we decided to  run two 

Using Book 1 of the 
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 a t  a sampling rate of 100 

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 110 operations. They are divided into 
blocks of 40579 vectors. Each block is read and 
processed by all processor nodes. At the end of a 
block processing, each node writes to disk its as- 
signed part of the computed neural grid and a new 
run is started with the subsequent block of d 

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 
esteemed computing time required on a PC, work- 
station or even the parallelnCUBE system 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 2 
the original computer program [9] was started in 
order to 

1 8 16 24 32 
Learning Curve 

cessor communi- 
cat~on, 

0 limit disk I f 0  activity by using large block o p  
erations. 

ation of 
SOM on the IBM SP2 

The IBM SP2 s /CNR has eight 
processors, each with 64 Mbytes of memory, based 
on the POWER2 microprocessor technology and is 
provided w ~ t h  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 within a 
given radius around the most respondent neuron. 
In the parallel implementation, 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 

Fig. 2. Learning curve of Book 1 of J.S. Bach's Wohltem- 

periertw Klavier 

The number of vectors that have to he 
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 radius, 
are maintained and written to disk at the end of 
a block processing. This procedure allows to stop 
and restart the run a t  any point, and so i t  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 



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 I<lavier has only been tested with 
Shepard-prototype patterns. These test patterns, 
also used in previous simulations [8, 71, 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 output confirms the earlier pilot studies that 
used limited data-sets. A correlation with the psy- 
chological data [6] is shown in Fig. 4a-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 :he schema the- 
ory. The self-organization principles, simulated by 
means of artificial neural network, can be regarded 
as a model of the self-orrranization ca~abilities of - 
the human brain. 

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 
(ernic) phenomenon, mediated by auditory 
(etic) principles. 

Fig. 4. Network response structure compared with psycho- 

logical data. The dotted curve shows the correlation coetli- 

cients of the network response to the Shepnrd-test patterns 

that stand for tone center images. The full curve ahow. the 

correlation oi psychological data. (a) Cornelations with re- 
Fig. 3. Topological Map obtained by trainingof Book 1 of spect to the C-major tone center. (h) Correlations with re- 

Bach's W0h1tern~erierte.s Klavier. This is a 20 x 20 neurons soect to the C-minor tone center. The correlation of the 
network on a torus aurface. The test patterns are images of 

. 
dotted and full curves giver a Value of 0.915 and 0.94i for 

Shepard-cadences that stand ior tone centers (labeled C. Cii. major and minor tone centers, respectively. 
D ..., bb, b). Although the test patterns are quite different 

from the training data, it is possible to map out the global If other musical instruments (e.g. with an inhar- 
ordering in terms of circles of fifths. monic overtone structure) or other melodic and har- 

monic scales would have been used, then the sense 
In that sense, the simulation is not just a test of a for tone center would show digerent picture. ~h~ 

computer model, but it generates some hypothesis approach therefore suggests a number of new direc- 
about human knowledge acquisition and ultimately tions of investigation: 
also about the human brain. Two hypotheses are 
based on this finding: e Does the modellingenvironment provide a suit- 



sis of tone center perception be falsified or cor- 
roborated by neurophysiological research (e.g. 
using brain imaging techniques)? 

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 181 M. Leman. MUSIC and Schema Theory - Cagnt- 

taking as input realistic environments (e.g. noisy ttve Foundntmna of Syrtemottc Muazcology. 

environments) that are going to be used in the in- Verlag, Berlin, Heidelberg, 1995. 

teractive application [I]. [9] M. Lemnn and P. Van Renterghem. Transpu er Im- 
olementation of the Kohonen feature mao for a music 

8 Conclusion recognition task. In Proeeedsngr of the Second Inferno- 
tionol Tmnrputcr Conference: Tronrputerr for Indur- 
trial Applications 11, Antwerpen, 1989. BLRA, Belgian 

The modelling environment developed in this study 
for Automatic Control, 

is not limited to tone ~ e r c e ~ t i o n  studies. SOM is 
indeed a general purpose model of self-organization [lo] G. De Poli, P. Prandoni, and P. Tanella. Timbre clus- 
and it has already been used in studies of timbre tering bij self-organizing neural net-works. In Proceed- 

13, 11, 10, 121. The present parallel implementation ings CIM 1998 Milono, 1993. 

allows the use of much larger training sets and more 
[Ill G. De Poli and P. Tanella. Self-organizing neural net- realistic environments. 
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research as a fully independent and advanced d i s  distance metriw. Jaurnol of Ncw Murle Reaeorrh, in 

cipline. Our study shows that the computational prees. 
cost for simulation of cognitive processes in a (rel- 

[13] L. VanImmeraecl and J. P. Martens. Pitch atively small) realistic environment is high. Flexi- 
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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 
wmunication 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 ~ r i y  useful in those expenmend 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 DSP560W for real time processing, some immagination and love for sound. 
Volume, complex pitch, amplitude envelope (attack, sustain, depy and release) and spectral density for f o h  of 
octave are extracted and displayed on the monitor, allowing a wide pictorial rapresentation of sound evolution. 

1 Introduzione 
Che bello sarebbe avere una precisa percezioue 
visiva dell'audio. Uno strumento in grado di 
descrivere anche questo & queUa cbe vogliamo 
raggiungere: peril momento ci siamo dedicati alla 
estrazione di valori descriventi il piil precisamente 
possibile I'audio. 
Premettiamo cbe iI prototipo finon ottenuto lavon 
correttamente se il segnale ha una composizione 
frequenziale superiore ai 370Hz poicht ci siamo 
dedicati pi8 alla stesura di algoribni validi per iI 
calcolo del pitch e dell'inviluppo lasciando per 
ultimo il problema deUa compatibiliti del prototipo 
su tutta la ban& udibile: l'espansione a tutta la 
banda & di facile implementazione. 
Eutrando nel tecnico: il segnale passaudo 
dall'ingresso analogico della scbeda audio viene 
campioaato e subisce una prima analisi per il 
calcolo dell'inviluppo e del volume. Entrambi i 
valori vengono calcolati nel dominio del tempo non 
ricbiedendo quiudi una grosso sforzo 
computazionale. 
Da questa pima fase di elaborazioue escono cinque 
valori descrittivi: un valore (variabiie da 0 a 15) 
rappresentante il volume, ed altri quattro (anch'essi 
variabili da 0 a 15) descriventi I'inviluppo con 
attacco, sostegno. decadimento e dascio. 
La rase successiva di elaborazione cui iI segnale 
campiouato t sottoposto & la FFT di 2048 
campioni la volta utilizzando una FFT a 1024 

complessa risparmiando il25% di tempo e memoria 
del calmlatore rispetto agli ordimari algoritmi per il 
computo della DFT. 
Ottenute le informazioni in frequenza si passa a1 
calcolo della densiti spettrale a quah d'ottava e al 
calwlo del pitch complesso determinando quali 
sono le frequenze fondamentali che compongouo il 
segnale. 
Pitch e densitA spettrale vengono calcolati suUa 
base di informazioni ricavate in frequenza per avere 
dati pi8 precisi. sui quali t possibile fare maggiore 
affidamento che non la wntterizzazione del pitch 
nel tempo. 

2 Inviluppo e volume 
I pasamehi estratti per l'iiviluppo sono attacw, 
sostegno, decadimento e rilascio. I valori che 
possono assumere variano da 0 a 15: un limite 
massimo per il sostegno per ovvi motivi di 
elaborazione. 
II calcolo del volume si basa su una media dei 
picchi pi8 alti individuati nel segnale. 
I1 volume pone uu punto di riferimento per 
I'algoritmo di calcolo deu'inviluppo che si avvale di 
quattro soglie: soglia del silenzio (SIL-SOGLIA), 
soglia del dascio (RE,-SOGLIA). soglia ideriore 
del soslegno (INF_SGLIA:=VOLUME-GAP) e - 

s o g l i a  s u p e r i o r e  de l  s o s t e g n o  
(SUP-SOGLIA:=VOLUME+GAP). 
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controlli dell'applicazioue a seconda dei gusti I'inviluppo richiede dellesemplici soarazioni: 
descrittivi cbe si vogliono imporre al software. Nou attacco .- .- A'IT-N 
appena si il segnale supera SIL-SOGLIA si fissa sostegno .- .- SOS-ATI 
un marker @iI) in questo punto cbe servi* per il d~sadimento := 
calcolo fmde . rilascio .- .- 
Conseguentemeute si procede col calcolo Ovviamente i precedenti calcoli vengono effettuati 
dell'attacco che copreude il tempo a partire dal su 2048 campioni la volta richiededo quindi una 
marker IN1 a quando il segnale uon supera la soglia memoria della storia passata nel cacolo 
denominata INF_SOGLIA, calcolata sottraendo al 
valore del volume conosciuto finora, uu valore 
GAP variabile dalla finestra di controllo 
dell'applicazione. Tale variabiiti b stata introdotta 
per poter considerare eveutuali fluttuazioni del 
segnale in fase di sostegno dovuti a vibrati pib o 
meno rapidi e profondi. Ovviamente il valore GAP quarti d'ottava. 
influisce ancbe superiormente al volume calwlando Questi valori si ottengono effettuando una FFT su 
la SUWOGLlA che serve per verificare se siamo gruppi da 2048 campioni la volta, detenninando in 
effettivamente in rase di sostegno o ancora in rase di modo molto semplice la densiti spettrale cbe ci 
attacco: cia implica il fatto cbe le due soglie peril viene direttamente fomita dalla trasformata di 
sostegno vengano ricalcolate ogniqualvolta il Fourier, mentre il calcolo del pitch richiede un 
segnale supera SUP-SOGLLA. algoritmo un po' pi8 complesso e messo a punto al 
Ritornando al discorso dei marker: si era fissato il L J M ,  di Milano. 
pnmo marker IN1 appena si supetava la Suddividiamo la banda deD'udib.de in 126 intervatli 
SIL-SOGLW. ora si deve fissare il secoudo marker tearici centrati ogouuo sulla frequenza fondamentale 
A'IT non appena si va oltre la INF-SOGLIA. di ogni nota (appunto 126). sapendo cbe la relazione 
A questo punto si prosegue con il calcolo del tm le frequenze fondamentali di due note successive 
sostegno fintantocb6 il segnale non scende al di b pan' alla radice dodiwima di 2. 
sotto di INF-SOGLIA. creando la uecessiti di Ogni nota b formata dalla frequenza fondamentale e 
posidonare un ten0 marker SOS delimendo il punto dalle armonicbe successive. date dalla fondamentale 
di termine di fine del sostegno e di inizio del rnoltiplicata per 3.4.5 ,  etc. f i o  ad un massimo 
dEsadimato. pratico di 10. La uota sarB quindi formata dalla 
La soglia del rilascio RIL-SOGLIA viene calcolato fondamentale sommata alla seconda armonica che 
pari d a  meti del volume ed il gioco b lo stesso: dish dalla prima esattamente 1 ottava, ovvemsia 12 
non appena il segnale scende al di sotto di intemallini di cui abbiamo appena parlato; la 
RIL-SOGLlA si fissa un quarto marker denominato frequenza della tern armonica sarh inclusa nel 19- 
DEC.cbe determina a c h e  I ' iz io del rilascio. esimo intervallino dalla fondamentale, ovvero 7 



intervalli dopo la seconda annonica. Via via 
possiamo constatare che le distanze tn. annoniche 
successive misnrate in intervallini dari il seguente 
vettore deUe armonicbe: 

1 2 7 5 4 3 3 2 2 2  
Supponiamo om che in un qualche modo riusciamo 
ad ottenere una sene di intervallini, contenenti le 
frequenze del segnale che stiamo analizzando, dal 
risultato deUa 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 oguuno di questi valori asseguamo ora un peso 
per determinare da quante note t effettivamente 
composto il segnale audio che stiamo analiuando. 
U criterio di assegnamento dei pesi fa uso del 
vettore deUe armoniche: 
a) partendo dali'intervdo 49, gli sommiamo 12 
ottenendo 61 che possiamo vedere all'interno della 

compongono la serie. Nel nostro caso il segnale t 
compost da 3 note (49 53 56) poichi 6+6+6=18>13 

4 FFT reale ridotta 
Data la necessitj di avere una elaborazione in tempo 
reale abbiamo dedicato tempo per la stesura di un 
codice assembler DSP per il calcolo di una FFT 
1 d e  ridotta in grado di farci risparmiare ilZ% di 
tempo di computazione e di memoria. L'algoritmo 
di base 2 stato tratto dal testo di RARoberts e 
C.T.Mullis: Digital Signal Processor, nel quale 
viene suggerito il calcolo di una D F I  reale come se 
fosse una trasformata complessa. In altre parole. 
consideriamo N campioni: queUi in posizione pari 
come parte reale e quelli in posizione dispari come 
parte immaginaria di un nuovo segnale. al quale 
applichiamo un normalissirno codice per il calcolo 
di una FIT, ma su un numero di punti pari alla 
meti (N12). Poi con un semplice calcolo di 

sene di intervalli (prso=2). integnnone riuscinmo a nsalire &coefficienti come 
b) sommiamo poi il \dore 7 otienedo 49~12+7=6X se avusimo eseguito une FIT su N punti. 
che non troviamo neUa sene; 
c) continuando a questo modo otterremo per 
I'intervallo 49 la seguente sequeza 
+12 +7 +5 4 +3 +3 +2 +2 +z 

49 61 68 73 77 80 83 85 87 89 
6 dei quali li ritroviamo all'intemo deUa serie degli 
intervalli fomitaci dall'analisi del segnale tramite la 
FFT: il peso per l'intervallo 49 sarh allora 6; 
d) procedendo allo stesso modo per tutti i 13 
intervalli deUa serie otteniamo la seguente sequenza 
dei pesi dei rispettivi intervali: 

6 6 6 6 3 2 3 1 1 1 1 1 1  
e) la determinazione del numero delle note 
componenti il pitch si effettua sommando i pesi 
delle note a partire dai pib "pesanti" fintantoche la 

Non diamo qui la spiegazione matematica 
dell'algoritmo per ovvi motivi di spazio. 

5 Accordo politimbrico 
I due accordi in questione sono un DO maggiore 
suonato con un organo a m e  ed un intervallo di 
terra maggiore composto da RE5 e FA#5 prodottn 
con una chitarra elettrica. La Fig.2 riporta 
I'immagine durante la fase di sostegno. I1 pitch t 
chianmente visibile nell'apposito riqundro col quale 
possiamo vedere neUa raff~gurazione deUo spettro la 
distrihuzione del segnale o meglio deUe armoniche 
fondamentali, che vengono hltte deacritte auraverso 
i primi Ire segmenti. 

- - 

s o m a  2 inferiore al numero degli intervalli che 

figura 2: organo e chitana 
Le fondamentali deUe note 61 e 63 0 5  e REg) le di 67 e 68 (FA#5 e SOLS) sono contenute nella 
possiamo vedere sommate nella prima linen deUo tena Lien come somma algebrica. 
spettro; la secondn rappresenta solamente il 65 Durante I'uso deU'applicazione abbiamo accertato 
(ovvero il MIS); mentre le armoniche fondamentali cbe nel momento in cui alcuni st~umenti. presi 



singolamnente, venivano descritti correttamente 
dall'applicazione. se accoppiati tra di lorn 
producevano un timbm descrivibiie dal pmtotipo. 
Risulta evidente il fatto che se cercando di desaivere 
un segnale complesso, compost0 dalla somma 
timbrica di due strumenti, mantenessimo una 
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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 audio 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, molto difficilmente (poaemmo dire 
forse mai) prodmh una esecuzione conispon- 
dente in modo assoluto a quanto scritto sulla 
carta. Di fronte a due esecuzioni del medesimo 
brano da parte di due diversi strumentisti si b in 
grado (perlomeno chi ha I'orecchio pifi 
allenato) di distinguere un musicista dall'aluo e 
senza dubbio si nova molto pih gradevole una 
esecuzione che si discosti leggermente da 
quanto scritto piuttosto che una esecuzione 
"meccanica". I1 lavoro svolto in questo 
progetto rappresenta un primo passo verso il 
riconoscimento e la formalizzazione della 
interpretazione musicale. Per la prima fase 
sperimentale si b scelto di lavorare su file audio 
ricavati dalla digitalizzazione di registrazioni di 
brani per flauto solo; in una seconda fase 
saranno considerati anche brani polifonici, e 
infine, politimbrici. Con tecniche di 
elaborazione del segnale digitale vengono 
esuatti dai file audio i seguenti parameti per 
ciascuna nota [Moorer, 751: 
- allem, 
- durala, 
- intensith. 

che vengono poi aadotti in accord0 con il 
protocollo MIDI (Musical Instruments Digital 
Interface) [Anderson. 861, scelto in quanto 
rappresenta sicuramente il linguaggio di 
comunicazione musicale di maggior diffusione. 
A causa delle limitazioni intrinseche del MIDI 
[Loy, 851 [Moore, 881 si 1: deciso di produrre 
anche una rappresenrazione grafica di quanto 
analizzato, utilizzando un sistema a griglia 
simile a quello di molti sequencer commerciali 
e, per motivi di puro spazio fisico disponibile 
su un monitor di un calcolatore, ci si b limitati 
a1 confronto di due sole esecuzioni alla volta. 

2 .  L'applicazione Syrinx 

L'applicazione Syrinx pub essere considerata 
una sorta di wdunore da file audio a Standard 
MIDI File. I due file audio in ingress0 devono 
essere nel formato Sound Designer 11. 
campionati con una frequenza di 44100 Hz, a 
16 bit e possono essere sia monofonici sia 
stereofonici (i file stereo vengono ridotti a 
mono dalla applicazione mediante una semplice 
semisomma dei due campioni contemporanei). 
L'elaborazione del segnale audio digitalizzato 
viene effettuata senza uscire dal dominio del 
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tempo amaverso I'applicazione della funzione 
di autocorrelazione Rabiner, 771: un puntatore all'elemento precedente della 

" - il momento della fine della nota: 
che, applicata ad una finesma ampia 1 - un puntatore ad una lista con l'andamento 
millisecondi (441 campioni nel nostro caso) 
della forma d'onda analizzata, presenta il on l'andamento 
massimo assoluto all'inizio ed il primo 
massimo relativo ad una dist 
corrispondente al periodo della frequ 
fondamentale presente nella finesna. Pri osi organizzate vengono 
perb di essere passato alla funzione 'zzate sullo schermo atmaverso due 
autocorrelazione il segnale viene pretratta che possono rappresentare le altezze, il 
attraverso le funzioni non line& 

gura 1). Ciascuna griglia ha la 
y(n) = clc[x(n)] = di scorrere e di essere 

se x(n) 2 CL : [x(n)-Cd dilatata/contratta indipendentemente dall'altra in 
se ix(n)l c CL : 0 modo da facilitare il confront0 fra le due 
se x(n) _< CL : [x@)+c ioni. 

Scandendo la lista precedentemente costmita 
enerati gli Standard 
ioni analizzate. Vi 
saggio di Note On ogni vo 

nuovo elemento della lista ed 
il valore di velociN associato a1 Note On viene 

dove la soglia viene posta uguale a168 % del 

7 

default, ma I'uten 

cafcolato in bask all'energia presente nel 
segnale dopo la fase transitoria dell'attacco. 
Poichb si L? 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 nb 
lineari n6 esponenziali, si b 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 L? sorto il 
problema che per il flauto, come per tutti gli 
smmenti a fiato. il valore di velocity all'inizio 
non b assolutamente sufficiente per descrivere 
la dinamica della nota in quanto l'interprete, 
aumentando o dimi-nuendo la pressione del 
fiato, pub aumentare o diminuire I'intensi 
all'intemo di una singola nota. I1 protocol 
MIDI fomisce, oltre al valore di key veloc' 
solamente un controller che va ad agire 
volume generale dello strumento (limiwi 
dovuta evidentemente al fatto che il linguagg~ 
MIDI b nato prevalentemente per f 
comunicare b'a laro smmenti a tastiera) per 
si b deciso di usare uno fra i controller 
definiti "immagaz-zinando" I'informaz' 
ottenuta in attesa che sia possibile in fu 
tradurla pib efficace-mente. Per rappresentare le 
deviazioni dalla frequenza base della nota 
invece presente il controller del pitch-bend 
cui valore viene quindi modificato con 
risoluzione temporale decisa dall'utente. 



Figura I 

3. Un esempio 

Come esempio di applicazione di Syrinx si & 
scelto di mosuare il confront0 fra una 
esecuzione meccanica di un brano e l'esecuzione 
da parte di un interprete. I1 brano scelto b la 
Allemande della "Suite per flauto solo" dello 
autore francese del '900 Jean Francaix, e 
precisamente le battute dalla numero 35 alla 
numero 40 (Figura 2). L'interprete del brano & 
la flautista ausuiaca Manuela Wiesler menue 
I'esecuzione meccanica & stata ottenuta 
sfruttando i due software commerciali Finale 
2.6.1 e Performer 3.6.1 che hanno pilotato un 
modulo sonoro YAMAHA TX8lZ di cui b 
stata sfruttata la voce preimpostata di flauto. 
Finale, pur essendo un ottimo programma per 
I'editoria musicale. non offre molte funzioni 
per il conuollo dei parameui MIDI per cui 
traduce con valori di key velocity diversi i 
segni di espressione tipo p, mp, ff, ecc. mentre 
ignora le variazioni di tempo e lascia all'utente 
il compito di definire come interpretare le 
forcelle. 
Non volendo inuodurre decisioni arbiuarie si & 
deciso di non definire questi valori rendendo 
cosi l'esecuzione ancora pih meccanica. Le 
battute analizzate, seppur esigue come quantia 

presentano variazioni sia di tempo sia di 
dinamica a causa della presenza di un poco 
accelerando alla battuta 35. di unpoco poco al 
tempo alla fine della battuta 38 e di variazioni 
dinamiche che vanno dal piano dell'inizio della 
battuta 35 e della fine della battuta 40 alforre 
posto alla fine della battuta 37. 

Sia dalla rappresentazione grafka (Figura 2) sia 
dall'analisi dei MIDI file prodotti si pub notare 
innanzi-mno che l'esecuzione umana risulta  pi^ 
lunga di circa un second0 e questo nonostante 
la presenza dell'accelerando. Si deduce che il 
tempo tenuto b pih lento di quello indicato 
sullo spanilo, ma quello che pih sorprende e 
pih appare evidente b la grande disparia di 
durata fra note che teoricamente dowebbero 
essere identiche. 

Per esempio la nota di un ottavo, che dalla 
esecuzione meccanica risulta avere una durata 
fissa di 435 millisecondi, pub anche durare 600 
millisecondi come il la nelle battuta numem 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 prouarsi aluettanto 
deciso della nota precedente La battuta numero 



40 6 quella chc dal punto di vista delle durate della durata di 1.65 secondi, il do naturale della 
presenta il comportamento p i i  distante dunta di 90 millisecondi e il do diesis della 
dall'esecuzione meccanica. Per cffetto sia della dumb di 1.20 secondi. lnoltrc il passaggio dal 
scritta poco poco a1 tempo sia della fine della si bemolle al do naturale non avviene 
frase musicale, i tempi subiscono un notevole bmscamente, ma atmaverso un pornmento che 
allungamento per cui si inconuano il mi fa apparire ad un certo punto frequenze 
bemolle delh durata di 1 secondo, il si bemoue corrispondenu a1 si naturale. 

poco accelerando . 

pih che in quella meccanica vengano utilizzati 
tutti i valori di key velocity disponibili. 
Mentre la macchina fa comspondere a1 piano 
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Abstract 
The problem of rhythm tapping, as location of musical bar limits, is very diqicult 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 nehvorks with usual numerical algorithms. 
Neural neworis have been used as elements of an array, called neural map. Using only the most important 
parameters of a note, this map suggests ifa 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. Theflow of input data (pitch and duration of each note) and ofthe 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 to forecast ifthe note that is going to begin will be thefirst of a new bar. 

1 Introduction 
From the beginning, one of the main problems in 
computer music his 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 
hied to solve the problem in a simplified way. In all 
of these works the two main challeges are: 
* transformation of durations of performed notes in 

musical durations (duration quantization); in this 
case you have either to provide song tempo or to 
extract it from the performance; 

* location 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 used songs either transcribed 
from the score or from performance (prformance 
could be quantized or not quantized). Languet- 
Higgins and Lee [l] 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 
rhythm in order to minimize the number of 
syncopations, idea confirmed by various 
experiments. Instead Povel and Essens affirm that 
rhythmical analysis is helped by an internal clock. 
and their model, realized by a computer 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 to 

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 bent. The list 
of importance parameters is passed to the metrical 
hiernrchization process that analyzes it in order to 
build the rhythmical sequence. Other systems that 
work diictly from performances are described by 
Kimyose et al. [4], and by Allen and Dannenberg 
[S].  Recently Rosenthal 161 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: 
* real-time rhythm recognition in performances; 
* score generation; 
* use of neural networks. 
The necessity of real-time working influenced 
s h u c ~ r e  and code of algorithms. For score 
generation we needed a quantization of input dam. 
Neural networks have already been used for note 
quantization [7] but they have been mainly applied 
in the field of tonal hmony .  
We noted that we do not need using those systems 
for quantization. bemuse we can put together 
traditional algorithms with good performances. On 
the contrary we must find out starting points of 
bars, which corresponds to particular musical 
accents, and we implemented it with neural 
networh. Our choice was justified by the wide data 
range and by the numerous non-linear relationship 



among dam Infact typical characteristics of neural Rosenthal suggests [6], infomtions nbout loudness 
networks are robusmess, flexibility, and ability to should not be ignored, hut used judiciously. We will 
learn non-linear relationship. As durations we use consider only duration and loudness of notes. From 
temporal distances between two successive attacks examined studies we understood that it is not 
(MIDI command: Note On) in hundredths of second important the absolute value of a parameter. but its 
because in our conception of rhythm only attack value in relation with temporally near ones, that is 
times are important, we do not consider notes with the previous note and the next one. So we need a 
legato or followed by a pause (Johson-Laird [S]). As situation with a present note (NO), a future one (FN) 
loudness we use the Key Velocity (a MIDI and apast one (PNl). Since our system has to work 
parameter) that comes with note attack. Durations in real-time, we only have temporally past notes. 
are then quantized and stored also as durations in Therefore we consider the last but one note as 
32tb which will he called QD (Quantized present note, the last one as future and the others as 
Durations). Loudnesses and durations are proces ones. In this way the neural map will give a 
and proposed to the neural m p  together with QD result about the last but one input note. In order to 
last but one note. The map output represents th chance of equal inputs and improve 
possibility that the present note is the first one of ining. we considered also another past 
bar, concept similar to that one of salience [6 , the one before PNl. The map has been 
Salience values, supported by other data structure built with neural networks as multi-layer 
allow another module (Phaper: phase and peri Perceptron, trained using Back-Ro~agation 
finder) to compute the absolute pisition of awhole algori;thm. As we said before, we do not consider 
bar (phase). and the bar length (period) that best absolute values of parameters, but their values in 
approximates collected data: ~ f k r  that we can 
forecast if the next note will be the first one of the 

work [3]. In his model Chung assignes to each note 
a parameter resuming the characteristics that make 
the note sounding as a strong beat. This parameter 
is computed in a heuristic way from loudness, pitch, 
expressive timings, etc. We substituted heuristic 
computation with a neural network because the fust 
one seemed too much peculiar. Infact the main 
characteristic of supervised neural networks (used 
here) is to fit also complex non-linear relationship 
by only presenting a series of examples. Shaffer et 
al. [9] say that, since metrical sequences are directly 
determined, they are better predictors than melodic 
rhythm in synchronizing dance. clapping or other 
musicians' performance, because they can be 
extracted from the superficial rhythm of the 
execution. On the other hand Clarke [lo] 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 nccount because it has 
only a little influence. Adysis  of piano executions 
revealed that events in strong metrical positions can 
he emphasized by playing the first event in each bar 
louder, longer, and more legato (Drake and Palmer 
[Ill). In theory. to understand metrical structure. 
note durations should be enough; in the reality. 
there are many ambiguous situations. Numerous 
studies about rhythm perception found that loudness 
differences suggest k t  positions reliably (Slobodn 
[12]. Handel [131, Noms and Rosenthal 1141). while 
MIDI data from piano executions don't show that 
strong beats are reliably played louder. So, ns 

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 
loudness. One of the most difficult problem in using 
this kind of networks is the normalization of input 
values, because their range is often very large. We 
did not find any generic approach to 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 exactly where they are 
concentrated and avoid ambiguous situations. As 
examples we chose 11 songs transcribed from the 
corresponding score hut with loudnesses coming 
h m  real performances. Songs have been chosen so 
that they are various for age and musical 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 network, 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, hut we noticed a considerable 
computational charge and the impossibility m 
converge of the networks. We thought that this 
behaviour derived from the fact that inputs are 
ratios which do not take into account the absolute 
values: the same ratio situation is not tbe same 
thing, when NO is a quaver or a demisemi 
This gave the idea to apply the "divide e t  i 
technique, well known in signal processin 
0. So the training examples have 



Fig. I Topology of used mural nenvorks. 

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 computational charge, 
we used a specific network topology (see fig. I): not 
anymore 6 contemporary inputs, but only the 4 ones 
concerning past notes (PNl, 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 he: 
* a neural network (durations 1, 2, 3, 4, 6, 8, 12, 

16); 
a fixed value (duration 32 with value 0.9); 
an interpoled value (other durations). 

From a mathematical point of view the map cnn be 
considered a function from a subset of R' 
([0.1,0.916) 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 correctness of 
97.97 %, comparing it with a normal look-up table 
we can draw two great advantages: 

a data compression of about 26 times; 
"automatic" interpolation of input data not present 
in examples. 

In order to do subsequent experiments we chose 
other 10 "check" songs among classid, 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 ngogique 
indications (allargando, ritenendo, accelerando, 
etc.), dynamical symbols (ppp, mp, fff, etc.) and 
expression symbols ( l egam,  staccato, pomto, 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 understnnd 
how much a performance can deviate fiom its score. 
A determinant step townrd note duration 
quantization is getting the right song speed Speed 
could be inserted in beats per minute (bpm), but it 

Tab. 1 Sysrrm performanu wiIh check songs. Percenrs oJ 
corrrclness inJorecasling: 
% O N  noles stoning ban. 
% OFF noles MI stoning bars: 
40 TOT ail lhc M ~ S .  

would be restrictive for executors. We hied to find 
out a method 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. [IS]. and Rosenthal [6]. In their work. Chafe et 
81. 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, hut in the 
reality, or better in computer music, accents can be 
found only within a cennin approximation. In our 
work we consider as anchorage a tempod position 
corresponding to a high output of the neural map. 
As a consequence we have three kinds of 
anchorage: 

true anchorage: given anchorage corresponds to 
an accent 

a false nnchornge: anchorage does not correspond to 
an accent 

* ghost anchorage: anchorage has not k n  found 
but there is an accent. 

So we need algorithms that eliminate false 
anchorages and interpolate the ghost ones. We 
define also IAI (Inter Anchorage Interval) as the 
time interval between two subsequent anchorages. 
In this work we are interested in finding phase and 
period of a song. With phase we mean the instant 
when a whole bar stnrts; period is the duration of a 
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 m k e d  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 snme scores, with longer period is 



chosen as current interpretation. According to 
Palmer and Krumhansl [16], "in order that a 
metrical level (or a temporal periodicity among 
events with same accent strength) is recognized in a 
musical composition, i t  is necessary that a sufficient 
number of subsequent (adjacent) beats are played at 
that level". So it is not enough a period repeated 
mnny times in a song, but it is also necessary to 
have subsequent repetitions. We developed a 
mechanism with two hypothesis (phase, period): the 
current one, used for prediction, and the substitution 
one, changing continuously in time. For each 
hypothesis, if the m p  confims the forecasted beat a 
posteriori, then a counter is increased by the relative 
period, otherwise is decreased by the same value. 
When the two counters show that current hypothesis 
is not valid anymore and that the substitution one 
behaves better, substihltion hypothesis becomes the 
current one. Using a counter, a hypothesis 
confmed for enough time remains valid even if it 
is denied for a short time. With the above- 
mentioned algorithm it is possible to have phase 

n 
implemented in suitable libraries and they have 
been used to create two versions of a graphical 
program called TAPPER. The first version of the 
program (GTAP) get data from a file, and allowed 
algorithm checking 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. I), with half 
of them we obtain good percent of correctness (2 
50%) on every kind of notes, but bar recognition is 

a) examples for neural networks tr 
chosen more carefully, expe 
situations contained in them; 

(h4TAP) has been conceived for real-time analysis 
through a MIDI interface. MTAP gets MIDI data 
from a group of input channels and, after decoding 
them, applies them to algorithms; forecasted bar 
startings are sent in output to a MIDI channel as 
rhythmical sequence. The use of events scheduling 
allowed particularly to eliminate the behaviour seen 
in the previous c) point and therefore to improve 
system performances. 

6 Conclusions 
The problem of re m recognition 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 useful, that is to simulate the 
complex mechanism of rhythmical accents 
recognition. Numerical algorithms succeeded well 
in the other tnsks. 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 
similarly to human mechanisms, and we can take it 
as an approximated model of those bebaviours. In 
particular it is interesting to notice that from 
cognitive psychology we drew only starting ideas 
and not psychofisiological mechanisms that allow 
the recognition of rhythmical accents. These 
mechanisms have been "exaacted automatically by 
neural networks during their training and using 
only dura 
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2. Il sisterna SOUL 
Nell'elenm seguente xrno f e  
cercato di seguire durante lo svil 

6. 11 rimnodmento d d b e  pder ib i lmte  awenire anche in spazio su d l ,  d a  f i i  contenenti 1 campiani sia per yaumento 
condizioni "rumom", ossia quando il suono emwa dallo ecces*o da dati da (specia]mente nella EET,). ~i 6 

d'altra park m n s m  h e  apparecchi pa la ripduzione del 
suono non ad "alta fedelti" (radioline AM, lele[oni, ecc.), pur 
avendo bande passanti molb limilale, non ostacolano significati- 
m c e  il rimnostimento di uno s t r u m t o  musicale da park 
del sistana uditivo. Si 5 dlara concluso h e  un'atesa banda 

m k  d m  esurirsi enm il campione NO 5MX) e quella di 
sustain deve avae d u r n  mlnima di 16384 campioni. 

J La lunghena del Rle d m  ersae sfruaata d massirno, pa 
attenere II migllor rapporto possibile ira mole di dati da 
ebborare ed i n f m m z b e  efentvamente procew.  





2. Sono smi uu~ilzall 15 campiani incogniti, tre per ognuna 4. Osse~azioni e commenti ai risultati 
delk cinque dassi, acquisiti dall'Akal S-900 (U training Dalla d i s ~ u z i a n e  del "hri ,,ello spazm di uscika si 
pmviene tutto dal Roland U-110 e dall'E-Mu Pmleus). iI 
sistema 5 riuxito a c M m  correllamente 13 campioni, 

come gli sl~umenti che si raggruppano meglia sono gli ouoni 

mentre ha fallito negli altri due cad. 
e i bassi, mentre U cluster relative al pianoforte si presenta 

3. Gli slessi campmni utilioall al punto (2) sono stati 
spesso di bmra allun@j a volte addirinura divisa in due 
"sottocluster", a conferma delh complessiti armonica di 

"sparcati" con suoni e s m e i  in sottobndo (rispenivdmente 
un mlpo di piatti e un accordo di chitana elearica per ogni 

questo tipo di strumento. 

rnpmne). Dei 30 rnPioni  rnsi ottenu", U sistema 5 s w  2 Chiaramente i problani di riconoximento si hanno soprat- 
in grad0 di riconoxerne 24, fallendo in 6 osi. turn nelk regiani di transizione tra una c k  ed un'altra. 

Un intersante risulw consisle cornunque nel fato che in 
Cinfluenza delk zone "perimetrali" 5 piultosto marcaka a 

luKi i m', anche quelli in cui la cM~caz ione  5 srata errata, U causa del limikato numem di campiani del training set. Si 5 

sistema5 stalo in grado di riconoxere correllamenle qua!+ foSSe 
dwuto tenere limilato tale numem per i molivi espsli in 
precedenm, ma 6 indubbii che aumenlandolo la percentuale 

la noka suonata dallo strumento in gdme, a ripmva dell'oltimo 
funzionamento del d u k ~  di eslraziane del pitch. 

di a m r e  d d b e  diminuire sensibllmenle. 
3. e stata nolab che gli enori awengano soprattutto in 

3.1 Prestazioni del sistema e possibilith di mrrlspondenza delk note pih acule (Fa-Si). Cib pub essere 
dwuto all'aumentare dell'ermre di campianamento, tunavia 

utilizzo in tempo reale lale pmblematica andrebbe appmfondika 
A1 fine di valutare !e @bUi& di utilino in 4. La di is izi ine finale dei cluster cambia al 
t e m p  reak: di SOUL, sono slate eseyile variare del valari random inizlali del pesi dati 
delle rnisurazioni sui "lempi di rispusla" dl 
ogni modulo del sistema, eseguite su due 
calcolatori direrenti, uno basato su un 
processore is0486 dx funzmnante ad un 
clack di 33 MHz ed uno hasam su un 
processore Pentium" funzionante ad un 
clock di 90 Mhz. Sono stati xelti i seguenli 
calmlatori perch6 rappresenlano rispettiva- 
mente il sistema base, al di sotto del quale 
non 6 consigliato ' xendere per poter 
utilizzare SOUL, ed il sistema dak  massime 
presbzbni in questo mamento dispanibk. 
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Abstract 
This paper presents 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 @.eman 1993, a 
subsymbolic model of schema-based tone centers and chords recognition of musical signals, and the HARP system 
(Camurri et al. 1995). The HARP model 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 
temporal 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 completed 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. 

1 Introduction 
AI-systems for musical signal applications that allow 
multiple representation levels (including symbolic 
and subsymbolic) are here called hybrid 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 systems have a syntax (which defines well- 
formed expressions). and a semantics (which defines 
what the symbol represents and how the logical 
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 Hybrid System 
HARP (Camurri el a1 1995) is a hybrid system for the 
representation and real-time processing of music and 
multimedia, which allows the specification of one-to 
one connections between symbolic and subsymbolic 
agents in a hybrid architecture. Subsymbolic agents 
typically operate on auditory images and acoustical 
~ignals. Symbolic agents are here delegated to the 
manipulation of higher level entities emerged from 
?TAD subsymbolic agents (e.g., chord inslances). 
From the point of view of the representation and 
reasoning architecture, the formal realisation of the 
HARP model consists of a scheme combining 

different formalisms, where it is possible to make a 
distinction between: 
a) 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 
KL-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; 

bl A ShoH Term Memory (STM), which is a 
working memory 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. 

The symbolic and subsymbolic entities defined in the 
STM have a one-to-one correspondance. The 
subsymbolic part of the STM consists of a network of 
subsymbolic agents based on reasoning by metaphors 
and dynamic systems. The symbolic STM basically 
works as an interface between the LTM symbolic 
component and the subsymbolic STM: it is the core 
of the "fluent" connection between the representation 
levels. 
The symbolic components are characterized by the 
classification and recognition algorithms typical of 
term-subsumption languages (Woods and Schmolze, 
1992), integrated with temporal reasoning and rule- 
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sic signal that we consider as 
ore fragments (the s i r s f 1  

Recognition algorithm 
individual constan 

execution of networks of agents perf0 
simulations and measurements. Agents act 

tone-value and 

the real word. 
The subsymbolic agents - the experts and the icons 
are hooked to symbols, and are implemented in 
HARP as Microsoft OLE Automation clients and particular tonal context, and its value restriction 

loadedlreleased by the HARP hybrid plann 

icons in a given contex 

3 The TCAD 
In this section the concept action which subsumes the concepts 
taxonomy, which i compound-action and atomic-action. A 
and the starting poi compound-action represents complex action which 
our system, is described. Figure 1 shows a part can be splitted in single actions or atomic-actions. 
such long term knowledge, which can be part of a In our example the concept analysis, which 
more general music knowledge base. The complete represents the complete analysis of th 
KB for the HARP-TCAD model is desnibed in detail signal, has two aggregate roles with 
in (Allasia 1994). The graphical notation is the same cadence-analyzer, that are concepts subsum 
as in KLONE: ellipses represent concepts, double atomic-action and representing the two m 
arrows represent IS-A specialization links (e.g.: our analysis on the musical signal. 
fragment IS-A music-sinraton ), and boxes To complete the taxonomy we must add 
connected by single edges represent relations (roles) that represent the schema used by TCAD for its 
between concepts. The concept music-situation is recognition..For the schema of the tone center we 
described as a specialization (i.e. a subclass) of the have 24 concepts representing the 12 tonalities both 
more general concept situation. Therefore, in the major and in the minor scale. These 24 tone 
music-situation inherits the roles s i tbeg and centers are the stable points of attraction inside the 
sitend. Grey concepts are aliases for a better schema. These concepts are subsumed by the 
graphical presentation of the symbolic KB. concept tone-center. For the schema of the chords 
The concepts action and situation subsume all we have 115 concepts representing the chords used 
concepts representing entities characterized by a by the TCAD agents working in the domain of 
temporal location; situation s represent states of the chords recognition as stable points of attraction. 
world in which no significant change occurs: a These concepts are subsumed by an alias of the 
situation holds for a certain interval, delimited by the 
instants corresponding to the fillers of the s i tbeg 
and sit-end temporal roles. An action produces some 
kind od change in the world: for this concept, the 
roles input and output are defined. For each action, 
the filler of input is the state of the world before the 
action is performed, whereas the filler of output 
corresponds to the state of the world after the action counterparts of actions and situations, respective 
is performed. 
In the part of the taxonomy under the situation 
concept, we find the music~ituarion concept which assertions, a corresponding initial context for e' 



initial assertions with the possible further assertions possible to introduce and activate symbolic agents 
of actions, situations and other concepts which are whose execution can update the database with new 
involved. Then the system finds out and instantiates assertions. These symbolic agents can be invoked 
their corresponding agents in the subsymbolic STM: either by the user, or they can be "triggered 
the communication links between them are defined. automatically, e.g., on a particular feature instance 
on the basis of topology of the KL-ONE net. The extracted by a subsymbolic feature extractor agent. 
mechanisms of context completion, of its updating 
while performing actions and the management of the 
links between subsymbolic entities are supervised by 
the hybrid planner, which corresponds to a 
subsymbolic inference mechanism, described with 
more details in (Camurri et al. , 1995). 
In our example an icon is hooked to the concept 
fragment and an agent to the concept tcad. The icon 
is implemented as a class in an object oriented 
concurrent environment. Precisely, the class is 
contained in a Windows application (built in Visual 
C++) behaving as a server in the Microsoh OLE 
Automation environment. When the class is 
instanced, it contains the data filtered from the 
TCAD output files. The class has an interface of 
functions (methods) that allow to manipulate its data. 
and that can be invoked by other OLE objects. The 
TCAD agent is a class contained in another Windows 
application acting as a OLE Automation client. In 
this way the agent "knows" of the existence of the 
icon and can invoke its methods. 
Our analysis atarts with a user-defined instance of a 
fragment concept. Since the tcad action is triggered 
on the fragment concept, the system instantiates an 
agent hooked to tcad which begins to process the 
data contained in the icon. When the agent detects 
that a new chord emerged from the data, it asserts a 
new situation that corresponds to that new fragment, 
and terminates. At this point, calls to the methods in 
the icon's interface that identify the parameters of the 
new situation are invoked, and new assertions are 
added as instances of the corresponding concepts 
(tone-center, chords and their taxonomy). Aher this. 
HARP invokes a symbolic method (a production rule) 
which infers the functionality of the fragment and 
assert it. At this point, a new agent hooked to tcad is 
instantiated, which searches for a new chord and so 
on until the end of the music signal data. 
The last agent terminates and assert an instance of 
the concept concl~csion on which is triggered the 
concept cadence-analyzer. A new instance of this 
concept invokes symbolic agents which, by applying 
simple rules, try to recognize different types of 
cadences from the symbolic data instanced. When an 
agent "recognizes" a cadence, it asserts it with the 
links to the chord instances that form it. 
Once that the knowledge database referring to a 
particular musical piece object of the analysis is 
created, it is possible to query it, by means of the 
Q u e y  module of the HARP system. This module 
allows the user to define queries, using a Prolog-like 
syntax (see figure 2). In this way it is possible to 
extract analysis details we are interested in. It is also 

5 The Case Study 
The musical piece chosen as example and test of the 
system is Chopin' s Prelude N.20. Here we consider 
only the first four measures of the piece, since there 
is one interpretation of their functionality commonly 
accepted from the musicologists, but they contains 
some stylistic ornaments originating possible 
ambiguities. In particular we have found that the 
results coming out from the analysis performed by 
the hybrid system were very interesting in the 
following cases: 
a) During the modulation from one tonality to 

another, TCAD, due to the attraclor dynamic's 
inertia, percepts this transition few seconds later 
and this creates some initial uncertainity in the 
recognition of a new tonal context in the piece. 
However, exploiting the fact that the recognition of 
the chords is quite correct, the system executes 
some rules that do not match with the misleading 
tonal context, and allow a clear recognition of the 
right tonality to he established; 

b) In these four measures of the piece we find some 
appoggiatura: the presence of this ornaments 
confuses TCAD which gives a recognition of the 
chords pattern not correct. Again, the application of 
symbolic agents dedicated to solve these particular 
cases helps in finding the correct interpretation; 

C) In certain situations only the knowledge of some 
music rules can help to solve a possible ambiguity. 
In our hybrid system it is straightforward to 
implement these rules as symbolic agents operating 
on (part of) the knowledge base, and to invoke 
them when a doubtful situation is met  
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Abstract 
The developped project is based on three guiding ideas: 1. the composer mnst be able to fu his synthesis model 
or sound treatment (sound composition) 2. the composer must be able to fix his control parameters at the 
abstraction level and with the symbolic form regarded as most suitable to develop his musical ideas 3, the 
composer mnst be able to operate in the same contest of computer-assisted composition for acustic inslruments. 
synthesis and sound treatment. A Patchwork library has been programmed (Lisp language) permitting, by the 
Patchwork graphic interface. to control and to compile automatically CSwnd scores. 

In Patchworkm (ambienle grafico programmabile in 
linguaggio Lisp per la composizione assistita dal 
calcolatore, sviluppato presso SIRCAM di Parigi) 6 
stata programmala una cosiddetta "libreria" che 
permetle. tramite interfaccia gaficx, il controllo e la 
compilazione automaiica di panitwe CSound. 
fig.1, libreria Patchwork: 

m2-ml -c 
m2-ml - d i n  
in2-energy 
spectr-apert  
spectr- inst  
space-pos 

Affrontandolo da un punto di vista generale. il 
progeno sviluppato si basa su we idee guida: 
1. il compositore deve poler fissare il suo modello 
di sinlesi o di vatlamento del suono (composizione 
del suono). Lo sviluppo di un algoritmo di sintesi 
fornisce solo un controllo procedurale sulla 
produzione dei suoni, che 6 comunque una pare 
fondamentale nel process0 compositivo. Invece, il 
nsultato musicale percepito & delerminato da un 
insieme complesso di fattori che, pnr se 
sistemaiicamenle indagab.de, va comunque valutalo 
sperimentalmenle e snccessivamente, in qnalche 
modo. formalizzato. 
2. sperimentalmente. il compositore deve poler 
fissare i suoi paramemi di controllo al livello di 
a s m i o n e  e nella forma simbolica rilenute pib 
efficaci allo sviluppo delle sue idee musicali; 
I'interfaccia per I'ulenle, dunque, deve, da un lalo. 
permettere un utilizzo intnitivo ed empirico ma, 
d'altro lato, permettere anche un controllo raffmlo 
dei singoli paramemi. A questo livello viene fissalo 
I'insieme dei paramemi usando un qualsiasi insieme 
simbolico ritenuto il pi& opporluno, dove ogni 

parametro &, a sna volta. nn insieme di altri 
parametri, di funzioni e leggi di relazione. 
3. il compositore deve poter operare in un ambiente 
integrato di aiuto alla composizione dove gli 6 
possibile manipolare nello stesso tempo e in 
un'nnica parlitnra i parametri tradizionali per la 
composizione con slrumenti acnstici e quelli per la 
sintesi ed il tratlamento del suono. 
Nell'ambiente sviluppato, & stato elaborato in 
CSonnd nn algoritmo di sintesi parlendo dai 
modelli propsti da Scbottstaedt e Morrill, con un 
insieme complesso di parametri per il controllo 
numerim della sintesi. Snccessivamenle si & fssato 
sperimenlalmente I'insieme dei paramemi musicali, 
le lor0 funzioni e le leggi di dipendenza e relaziwe. 
Qnesto insieme, che & un insieme di nomi a cui 
viene associato un oppormno "range" di variabiliti, 
& l'insieme che va ad integrarsi, in Patchwork. con i 
paramemi tradizionali controllati nella unnpsizione 
assistita dal calcolatore. 
Sono stati scelti i segnenti parametri di controllo 
per la sintesi del suono, i quali, a loro volta. si 
sono vasformaii in moduli Patchwork programmati 
in Lisp: 
- inviluppo d'ampiezza 
- mobilila 
- vibrato 
- energia spetnale 
- apatura spemale 
- instabilia spettrale 
- armoniciW~nannonicila spetnale 
- pasizione del sumo nello spazio 
Tali parameui possono variare con continui& nel 
tempo e vanno ad inlegrarsi con gli almi moduii 
Patchwork per la defmiziwe delle altezze, del ritmo. 
delle dinarniche e di quant'alm sia di necessia per 
il singolo ntente. In tale maniera, dunque. il 
compositore agisce ed interagisce fra le funzioni di 
composizione assistita dal calcolatore (che 
povemmo anche c h i  "attivila di scrituva deb 
panitura tradizionale'? e la unnposizione del sumo 
tramile sintesi, senza solnzione di continuila 
d'ambienle di lavoro. I moduli permeuono la scella 
di due tiplogie di dati come "input", in relazione 
alle esigenze dell'ulente: 
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1. funzione per segrnenti (Break Point Function), D. Wessel: "Timbre Space as a Musical Control 
ovvem funzione a tinee continue; gih implemenlara Suucture", Computer Music Journal. Vol. 3, N. 2. 
in Patchwork. permette la visualiizazione 
dei dati hamite curva nonche, nel caso speci 
controllo intuitivo dei gital Sound Synthesis 
esempio, pot& disegn ic Journal, Vol. 7, N. 
che andra a forni 
deU' invilupp d'ampiezza 
fig.2 i dati per I'invilup ound-Color Dinamics", 
estraai dal mofdo deUa BPF: Perspectives of New Music, Vol. 25, N. 1 & 2. 

2. lista/liste di valori; la lista, tipo di dato 
prevalente in Patchwork, permette altresl il 
collegamento dei moduli di controUo della sintesi ad 
altri moduli preesistenti. 
fig.3, i &ti per I'inviluppo d'ampiezza vengono 
defiiiti con precisione dall'utente m i t e  una lista 

M.W. : La composition assist& par ordinateur, 
Les cahiers de L'IRCAM. Paris, 1993. 

"Programming guide", IRCAM, Paris 1994. 

connessione con sistemi in t e m p  
dell'Iris) ed in generale con proces 
elechunics". 
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Abstract 

This paper explores the potential of using Digital Signal Processors to replace custom hardware in a musical 
sound synthesis system. The system is described and w o  implementation options which make use of DSPs and a 
third option which uses only custom lrardware are examined. 

1 Introduction 

Real time musical sound svnthesis with manv 
independent sound sources :s a computational~ 
intensive ooeration. Traditionallv most oractical 
digital sy;thesisers have been buiit with 
microprocessor-driven custom hardware, but recent 
developments in high speed digital signal 
processors, together with considerable reductions 
in their price per MHz, have made them look like 
an attractive alternative to pan or all of the custom 
hardware [Wilkinson 19951. 

This paper is concerned with exploring the 
potential of using a digital signal processor (DSP) 
for driving a musical sound synthesis system which 
employs a modified form of the additive synthesis 
algorithm [Comerford, 1992. 19931 [Eaglestone 
and Oates, 19901. 

2 The Musical Sound Synthesis System 

The svstem was orieinallv designed in the earlv 
ninetekn eighties and-has been recently updated. it 
has enjoyed considerable commercial success. 
notably- & a classical organ simulator. It is 
constructed on a modular basis with each sound 
eenerating module (music module) able to support - 
64 indep&dent musical note generators. ~ h e ' i o t e  
generators are implemented in custom hardware - 
which is micr6processor-driven. Each note 
generator can look up 2 single or multiple cycle 
waveforms stored in common waveform memow 
and each waveform has i s  own independ& 
amplitude envelope, which makes spectral 
interpolation with a single note generator p6ssible. 
Amplitude values for each note generator can be 
updated under hardware contr.01 every sample look- 
up period. 

Pitch for each note generator is determined by the 
magnitude of a phase-angle increment whlch is 
added to the note generator's current phme angle 
value every time a sample is looked up. Phase 
angle increments have fractional pans so that 
accurate pitch resolution can be obtained. Resulting 
sample magnitude errors. which occur when phase 
angle values fall between stored samples, are 
reduced by linear interpolation between adjacent 
samples. 

Note generator outouts can be distributed as 
requir& between up io 8 audio output channels per 
music module. Channel out~uts  are normalised to 
16 bit resolution with consequent gain adjustments 
being made by a digital gain controller following 
the D to A conveners. 

The common waveform memory may be RAM or 
ROM. If it is RAM it is loaded with waveforms 
generated in a waveform synthesiser as organ stops 
or instruments are selected. There is a waveform 
synthesiser, implemented in custom hardware, on 
each music module. 

All of the above operations are carried out in real 
time inside each music module of the synthesis 
system. To perform them while maintaining a 
sample output rate for each channel of up to 
45KHz, the music module needs fast access 
internal memory for note generator control data. 
plus facilities for fast multiplication, fast addition 
and shifting, fast multiplexing and decoding, fast 
control action choice, and fast bit manipulation. 

3 Replacing Custom Hnrdware with DSPs 

All DSPs can provide fast access internal memory 
and facilities for fast multiplication and addition, 
and many have fast internal barrel shifters. A 
limited amount of internal parallel processing is 
usually available too. Operations requiring 
multiplexing, decoding, control action choice or bit 
manipulation are, however, more difficult. For 
example, an operation in the synthesis system such 
as the computation of multipliers for sample 
interpolation arithmetic requires. because of the 
complex way in which the waveform memory is 
pa~t inned.  bit extraction, decoding, shifting, Go's 
complementing and multiplexing. All these 
ooe~ations ca i  be implemented in a compact 
combinational logic ciriuit in 25 nanosecond; or 
less. A DSP, because of the sequential nature of its 
operation, would require at least 10- instruction 
times of 25 to 50 ns each for the same task. 

The architecture of the synthesis system makes 
extensive use of parallel operations. mainly in the 
form of pipelining. This arrangement cannot be 
emulated inside a DSP with the limited amount of 



the unit needs only two more 
generator hybrid solution. It 

ess RAMS, but overall it was in 
eaper. only a little less 
enience of splitting the note 

t into 2 blocks of 32 is 
. There is no loss in flexibility involved in 

andoning the DSPs. 

ordingly the full custom solution was chosen 
state of the art 33MHz Motorola 56001 DSP or for the recent update and full custom modules have 
33MHz Texas 320C31 DSP was 6 generators per been in commercial use for over a year. during 
DSP. The equivalent of a music module would which time they have performed satisfactorily and 
require 11 DSPs, plus additional log~c to interface reliably. 
them to a common waveform synthesiser and to the 
D to A converters and controlling microprocessors. 
This solution was too expensive and, in spite of the 
reductions in cost per MHz of DSPs slnce 1992 

like architechlre. 

IDP, U.K. Emnrl: p.j.comerlord@c 
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A Multimedia HyperText Environment in Computer Music 
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Abstract 

This paper describes the concept and implementation of a package of tutorials introducing a range 
of major topics in Computer Music, realised in an interactive multimedia environment for self- 
paced learning. Based on the Authorware Professional authoring tool on the Macintosh, these 
tutorials have proved to be successful as an integral part of course modules in an educational 
setting, and are of wider application to introduce the interested enquirer to many aspects of this 
broadly based field in a relevant and innovative way. 

1 Introduction 
Those who work in the field of Computer Music 
education will be aware of the need for suitable 
non-specialist literature to introduce the student to 
different aspects of this broadly-based field. This 
paper describes an original multimedia solution to 
this problem, developed at the University of 
Bradford - a package of computer-based tutorials 
named Musical Odyssey which offers the student an 
interactive environment for self-paced learning 
about Computer Music. 

2 Implementation 
Musical Odyssey has been developed using the 
platform of the "Authonvare Professional" package. 
Running on the Macintosh, Authonvare is an 
object-oriented authoring tool for creating 
multimedia presentations by integrating pictures. 
text, sound and video. No scripts or programming 
languages are required; instead, logic is represented 
visually by connections between different 
applications. The overall application design cnn be 
made visible through a hierarchical map structure. 
By using Authorware, those developing computer- 
based training can preview interaction between the 
system and the user to evaluate the response of the 
application. 

as an integral part of 3 course modules (that is, 
Audio-Visual Systems, Computers and Music, and 
Sound Processing). The second of these modules is 
also used by students in the Department of 
Computing 121. It is natural that a learning tool for 
use in such a setting should be multimedia in 
concept. As such, the aim is to provide an 
interactive multimedia environment for self-paced 
learning to initiate the novice into many of the 
major areas of the subject. The content and 
presentation of Musical Odyssey make it equally 
useful for the non-specialist with serious interest in 
the field. 

4 Content 
The tutorials in Musical Odyssey cover the 
following six major topics, which are selected by 
the user from the main menu: 

History and development of Computer Music 
e Computer Music Software and Hardware 

Packages 
MIDI 
Studio Technology - Equipment, Architecture & 
Special Effects . Sciences in Composition 

* Different Musical Styles 

3 Objectives From each topic on the main menu, the user can 
Musical Odyssey was developed for use in the access the following categories of information: 
Electronic Imaging and Media Communications 
Unit at the University of Bradford. The B.Sc. History and development of Compurer Music 
course in Electronic Imaging and Media e Historical review, including nineteenth century 
Communications at Bradford has been designed to musical background 
educate and equip professionals who can work Progression from tonality to atonality 
innovatively in both the creative ans and the Summary of work of key composers 
engineering sciences [I]. As the subject matter 

~ - 

coiered i'relatively new, there is a shortage of Computer Music Sofiware and Hardware Packages 
suitable information in a readily available format 

0 Tools for composition 
for the student undertaking such a course. In order 
to meet the needs of students who are inexperienced . Hard disc recording systems 

in the subject, tutorials have been designed for use . Sequencers 
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. Music and Fractals 
within the field of Electronic Music, and 

MIDI lowed them to create their own simple sound - An introduction to MIDI es at a very early stage. The tutorials have 
proved an excellent introduction to the different 
equipment which they are to encounter in the music 
studio, so that they have been able to utilise this 

Studio Technolo 
The use of s 

Sciences in Composition 
The evolution of musical science 

D . 
range of different musical styles 

presented with a wide-ranging multimedia 
information package. This includes many musical 
illustrations i a k e n o m  the works of a-range of 
composers. A comprehensive explanation is offered 
of how different equipment wbrks, and practical 
information is given on what equipment 
configurations are necessary to achieve particular 
results. There are also simple illustrations of sound 
manipulation and processing techniques such as 
filters, echo, chorus, flange and timelpitch 
stretching. All these examples have been created 
using a suitable combination of text, pictures, 
diagrams and voice-overs, and include sections of 
videos. For example, one of these video sections 
provides guidelines to users on the interconnection 
of different MIDI equipment, another gives 
examples of how fractal images can be used to 
create. electroacoustic compositions, while another 
video section shows extracts from Jean Michel 
Jarre's concert in Houston to demonstrate 

6 Results 
Musical Odyssey tutorials have been used as part of 
the modules of the Electronic Imaging and Media 
Communications B.Sc. course, and in the Computer 
Music option module in the Department of 
Computing, since June 1994. They have helped 

Bradford. Authorware provides a suitable 
environment for the efficient expansion of the 
tutorials' content as an increased number of relevant 
major topics are identified, and as it is judged 
useful to allow more or different information to be 
acc 

At present, the EIMCU has a complementary set of 
tutorials based on C-Sound, which introduce 
students to basic techniques of sound creation 
including additive synthesis, sampling, AM and FA4 
synthesis and subtractive synthesis. It would be 
useful to integrate the content of these C-Sound 
tutorials onto the Authorware platform. 
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Abstract 

As a consequence of the Human Genome Project, there has been an explosion of primary DNA 
sequencing data available on CD ROM. This includes complete genomes of viruses, partial genomes 
of bacteria, and complete sequences for hundreds of human proteins. Consequently, we began to 
envision a type of computer-generated music that would take cues for its musical parameters directly 
from the physiological ones present in DNA. A DNA sequence consists of a specified order for the 
production of amino acids. The physical properties of amino acids (dissociation constant, molecular 
weight, and chemical class) combined with the properties of the individual bases (melting temperatures) 
provide the basis for inheritance and evolution and our musical compositions. The converted results, 
one for each codon, represent distinct musical actions in MIDI note events. Thus far, we have 
generated musical compositions from several human, viral, and bacterial sequences. This paper 
outlines our research. 

1 Introduction: DNA 
The genetic code is an alphabet made up of four 
chemical compounds which form the nucleotide 
bases-adenine (A), cytosine (C), guanine (G), and 
thymine (T). These bases are linked in a specific 
order to form the double helical structure known as 
deoxyribonucleic acid, or  DNA. Each individual 
living organism has a unique order of bases that 
completely determines its physical structure. The 
four nucleotides are arranged in three-letter units 
known as codons. Each codon specifies one of 
nineteen amino acids. When they are grouped by 
chemical type, there are eight such categories. The 
DNA template, located in the nucleus of each cell. 
acts as a blueprint that directs the production of 
proteins. DNA is translated into messenger 
rihonucleic acid, or mRNA that is in turn serially 
scanned by ribosomes, organelles located in the cell's 
cytoplasm. Ribosomes use the mRNA as a template 
to direct the s).,:-iiesis of proteins. 

2 Physio-musical conversion 
The initial programming task was to write an 
algorithm that converts the list of sixty-four codons 

musical timbres; one for each of the eight classes of 
amino acids. Each of the nineteen amino acids has a 
distinct pK(a) that helps define pitch. Additional 
modifications involve physical properties of the 
molecular bonding occurring in the codon itself. 
independent of what amino acid it codes for. Using 
7.0 as the neutral point in acidbase equilibrium 
point, pK(a)'s below 7.0 are acidic while those above 
are basic. Hence, there are two equations for each 
codon: one correlates higher pitch with acidity, the 
other with base. The algorithm makes a binary 
choice with each selection. 

2.1 Pitch 

where: 
f & f 1 =MIDI pitches 
P = pK(a) 
G = L G + C p e r c o d o n  
T = x A + T p e r c o d o n  
k =Constant (Hydrogen Bonds): [AA = -2, 'IT = -1, 

CC = +I.  CG = +2. GC = +3, GG = +4]. 

into distinct musical events according to physical 
properties. A look-up table of the codons and their Additional pitch-bend commands for each note place 

corresponding amino acid tvves, followed bv the the music in just intonation. - . . 
dissociation constant or pK(a) and molecular weight. 
was constructed as a data-base. There are eight basic 

2.2 Intensity 
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Intensities (velocity) are also adjusted accor , 32 96 7 26 30 
hydrogen bond~ng occurring in each codon. , 34 108 1 28 25 
p;tch,lhere arc two corresponding rquauons for each 
codon and a binan, choice is made with each selection. A second series of algorithms reads the raw DNA - 

where: 

2;20,64;21.33;22.3 

where: 
D =duration in clock ticks --. . 
P = PKW 
M = molecular weight of amino acid 
S = f (sum of hydrogen bonds per codon) 
k = tempo constant (>O), higher number = slower 

tempo. 

3.0 Programming and realization 
All of the preliminary programming is scripted in 
Hypercard. The scripts prepare all the necessary data, 
that is, the table of codons, and the genomes as 
collections for the MAX object code language 
(Copyright by IRCAM and Opcode Systems). The 
initial table data contains the index number followed 
by the codon, amino acid, pK(a), amino acid class 
number, and the molecular weight of the amino acid. 

Codons I I - 16 from the table: 
11. TGT. CYS, 1.900. 6, 121; 
12, CCG, PRO, 1.952, 7, 155; 
13, CCC, PRO. 1.952. 7. 155; 
14. CCT. PRO, 1.952. 7, 155; 
15, CCA. PRO. 1.952. 7, 155; 
16, ACG, THR. 2.088, 1. 120; 

Each codon is transformed into a list in a collection. 
The list spectfie ocity. 
channel number. event 
for the correspon 

Actual genomes of human or bacterial proteins, or 
complete viruses can then be scanned by a h4AX 
p t c h  so that each of the codons is culled from the 
data- base table and then played in real-time linear 
sequence as MIDI events. This process is analogous 
to the scanning of the mRNA by the ribosomes as it 
adds amino acids sequentially to make proteins-a 
process not unlike several cars (ribosomes) on a roller 
coaster negotiating the identical track (mRNA), but at 
different locations, speeds, and spacings. Polyphonic 
voices can occur just as multiple ribosomes run along 
a single strand of mRNA. At this point in our work, 
the computer performs the music on a Yamaha 
TX802 digital synthesizer according to a duratlon 
constant (the greater the constant, the longer each 
relative MIDI event). 

Thus far, we have generated musical compositions for 
blood and liver cells, the pol10 virus, botulinin toxin 
(botulism), measles, rubella, four distinct common 
cold viruses, and the H N  virus (we have presently 
avoided most human proteins because of large 
amounts of uncoded filler found in between 
seouences). The next maior eoal is to realize the . - 
Smallpox (Variola) Virus (now extinct save for two 
vlals in  Atlanta and Moscow respectively). Because 
of its many distinct sequences and extreme length 
(20,000 base pairs), the MAX patch presently being 
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Abstract 

This project, called PROMENADE, has been developed to carry out a Macintosh prototypal system for 
synchronization between MIDI musical processes and multimedia objects. The original idea was to create an 
'ser-friendly environment which allows b perform mullimedia objeck in temporal istanls previously selected. 
User can manace follow kinds of multimedia obiects: PostScriot score oacres: AIFF au&o files: PICT imace ... . 
files: ~ u i c k ~ i i e  movies. PROMENADE consisi of two softwHe a~olications: EDITOR and VIEWER. ThYe 
first o k  allows the user to have an editing session based on traditional staff notation to plan synchronized 
performance; the second one, perform it during a MIDI playing session. Generally. PROMENADE could realized 
svnchro~zation between MIDI son@ and anv kind of MIDI device (hardware and software). which must be able to 
G i v e  and recognize MIDI messages. 

1 .  Introduzione 

I1 presente progetto. denominato PROMENADE e 
sviluppato presso il Laboratorio di Informatica 
Musicale del Dipartimento di Scienze 
dell'Informazione dell'UniversitA degli Studi di 
Milano, b stato rivolto alla realizzazione di un 
sistema prototipale per ambiente Macintosh che 
consenta la sincronizzazione tra processi musicali 
MIDI e processi multimediali. Lo scopo del 
progetto b stato quello di create un ambiente di 
semplice utilizzo, capace di gestire immagini video. 
s u o ~ ,  gratica e qualsiasi altro suumento (oggetto 
multimediale) che rappresenti un canale 
comunicativo, il tun0 sincronizzato rispeuo ad una 
partitura MIDI (Standard MIDI File) [I] [21. 

QuickTime movie. anche se in real& questa 
definizione pub essere estesa a qualsiasi altro t i p  di 
oggetto. Quindi per attivazione di un oggeno 
multimediale intenderemo d'ora in poi riferirci alla 
visualizzazione sullo schermo di tale oggetto (nel 
caso di PICT, file PostScript e tracce video di 
movie) oppure alla sua riproduzione sonora (per 
quanto riguarda i fde audio AIFF e le hacce audio o 
MIDI di movie). 

2 .  Soluzioni innovative e 
possibili applicazioni 

Un'attenta analisi di cib che oggi offre il mercato 
del software multimediale in campo musicale ha 
ispirato alcune idee innovative che successivamente 

L'utente sari quindi in grado di realizzare una sono state implementate dunnlc la f a x  realirwtiva 
performance che intepri vari tipi di media. di PROMENADE. Molti tra i sislcmi commerciali 
&sociando a diversi is!aiu temporal<della partitura 
MIDI degli oggetti multimediali che verranno 
attivati solamente quando l'esecuzione della base 
musicale sari3 giunta nei punti di sincronismo 
stabiliti. 

Con il termine oggetto multimediale intendiamo 
definire con un unico termine alcuni dei processi 
audio e video pih comuni come immagini grafiche 
in formato standard PICT, singole pagine di 
partitura in formato PostScript, file audio in 
formato AIFF (Audio Interchange File Format) e 

visionati. seppure mollo potenti, sono molto 
ingombranti a livello di occupazione di memoria, 
non sono semplici da utilizzare e, nonostante 
consentano I'import di diversi tipi di oggetti 
multimediali, non permetlono operazioni di 
sincronizzazione che abbiano come riferimento una 
partitura MIDI. Sistemi di sviluppo, come ad 
esempio Macromind Director 3.1 131. consentono la 
sincronizzazione ha oggeui mullimediali e Standard 
MIDI File. ma non permettono all'utente di decidere 
gli istanti temporali per il sinnonismo, basandosi 
su una partitura hadotta nel formato iradizionale a 



 ent tam mi: mentre esistono alhi tipi di ambien WER, che consentono all'utente di compiere 
;he riguardano pib specificatame"te il camp0 tuuc le operazioni necessaric per la realizzazione di 
musicale e che ouindi nermettono una semnlice una ~erformance multimediale in modo molto -. -. . 
scelta deeli istank temdorali di attivazione begu semaice e sistematico. 
oggetti &ltimediali conside 
spartito conispondente al He m La scelta di dividere il sistema nelle due 
accade, ad esempio, utilizzando applicazioni citate ha reso l'intero ambiente pib 
[4]. Purtroppo questi ambienti 
nostri scopi, essendo molto c 
consentendo la sincronizzazione 
media 

In a u a l i ~  di ambiente uer la realizzazion 
perfbrmance multimediali, PROMENADE non b pate di modi~~ca dello Standard MIDI File realizzata 
molto potente poichd non si propone a live110 di ulilizzando EDITOR. non riguarda direttamente la 
sistema autore, ma tuttavia consente, sfruttando performance multimediale, di cui invece si occupa 
alcune applicazioni commerciali e compatibilmente esclusivamente e in un second0 momento 
con il tipo di macchina utilizzata, l'adattamento a lhpplicazione VIEWER. 
diverse esigenze che riguardano, nello specifico, il 
campo musicale. Lo scopo principale non 6 dunque Mediante l'utilizzo dell'applicazione EDITOR. 
stato quello di realizzare un ambiente per la 
definizione di performance multimediali, in quanto 
abbiamo gia verificato I'esistenza di strumenti 
avanzati che ottemperano in maniera esauriente a 
questa necessita, ma bensi ha riguardato, in modo 
pib preciso, l'integrazione di van tipi di media 
rispetto all'esecuzione di una partitura musicale 
MIDI. 

Quindi PROMENADE realizza un ambiente 
musicale innovativo in cui l'utente, che tipicamente 
b un musicista e non un informatico, b in grado di 
decidere facilmente i tempi di sincmnizzazio 
indicando i punti sulla partitura in notazio 
nadizionale e associandovi oggetti multimediali 
qualunque tipo (immagini grafiche, pagine 
partinn, file audio e movie) senza dover utilizzar 
sistemi complessi che prevedano la co 
codici speciali per la sincronizzazione 
come lo standard SMPTE (Society 
Picture and Television). 

Inoltre con PROMENADE, potendo importare 
oggetti del tipo pagine di panitura create con 
ambienti per I'editoria musicale, i? possibile 
reali- un volta-vagina automatico durance una 
performance musicaiekve, che preveda I'urilizzo di 
altre pani strumentali sintetizzate da un sistema 
basato su di un seouencer MIDI. Il musicista wtril 
in quest0 modo u t i h  PROMENADE comk 
specie di "leggio automatico", ovvero come un 
smmento che gli consenta di sincm~zzare, ri 
alla base musicale MIDI, i temp 
posizionamento delle pagine di sp 
smunentale che dad eseguire. 

La prima parte di EDITOR si occupa della 
visualiuzazione e della fase di editing del file 
conlenente la uartitura MIDI hadona nella notazione 
grafica del pentagramma. L'utente b in grado di 
selezionare gmicamente gli istanti temporali nella 
partitura che comspondono ai punti di inizio-fine 
battuta (fig. 1) e associare ad essi gli oggetti 
comspondenti che si desidera vengano attivati nel 
torso d e b  performance 

La seconda parte di EDITOR riguarda la modifica 
dello Standard MIDI File, ovvero si occupa 
dell'inserimento degli opportuni messaggi di 

tanti temporali della partilura associab 

sincronizzazione tra gli oggetti multimediali 
assegnati e la performance musicale MIDI. Tal 
ambiente realizza I'interfacciame 
sistema PROMENADE con il 
comunicazione MIDI perme 
I'acquisizione e la verifica dei dati provenle 
sequencer, ciob da un'applicazio 
r ip todm paniture MIDI, e occupando 



dell'attivazione degli oggetti multimediali relativi 
nel corso della performance musicale. 

Quindi, I'ambiente PROMENADE, deve essere 
necessariamente integrato con altre opportune. 
applicazioni commerciali, allo scopo di fomire un 
sistema completo per la realizzazione di 
performance multimediali sincrone rispetto ad un 
b m o  musicale MIDI (fig. 2). 

L'utente, utilizzando un ambiente integrato per 
l ' e d i t o ~  musicale (Score Editor) che sia in grado di 
memorizzare le proprie sessioni di lavoro nel 
formato Postscript, pub ricavare da un qualsiasi 
Standard MIDI File (SMF) la rispettiva partitura 
grafica, oppure viceversa, pub scegliere di realizzare 
una propria panitura ottenendone il corrispondente 

file MIDI. La panitm, che come g a  detto, v e d  a 
sua volta memorizzata su file nel formato di 
descrizione grafica Postscript (PostScript Score), 
andri quindi caricata nell'EDITOR allo scopo di 
decidere in quali istanti temporali, durante la 
performance, dovranno essere attivati gli oggetti 
multimediali stabiiiti: al termine dell'operazione di 
editing verri creato uno Standard MIDI F i e  (SMF") 
che, rispetto alla versione originale, conted  in pih 
dei messaggi chiave negli istanti temporali 
selezionati dall'utente 151 (fig. 3). Verri inoltre 
fornito un elenco sequenziale di tutti gli oggetti 
coinvolti nella performance (Performance Objects 
List) in modo da avere i corretti riferimenti tra i 
messaggi inseriti nella partitura MIDI e gli oggetti 
multimediali conispondenti. 

SMF SCORE EDITOR POSTSCRIPT PROMENADE 
SCORE 

WLTIMEDIA 
OBJECTS 8' - 

r - - - - - - - 1  - 
' 1  I I PERFORMAh 

nn r o r r r  r rl I 
IC E SMF* 

VUJLL 1a LIST 
I 

I POSTSCRIPT I 
I SCORE PAGE 
I 

I I a- 1 
I I 
I 
I -PROMENADE I MIDI SEQUENCER 

VIEWER 
I 
I 
I 
I 
I 
I MOVIE t / 
I 
I 
I 
I 
I I 

I I AUDIO I 
I 
L - - - - - - -2 

PERFORMANCE 
MULTIMEDIALE 

fig.2 Ciclo di funzionamento di PROMENADE. 



A questo punto, u t i l i i d o  un qualsiasi sequencer 
MIDI, sarh pssib.de riprodurre lo Standard MIDI 
F i e  modificato e, allo stesso tempo, i dati in uscita 
dal sequencer andranno indirizzati verso 
l'applicazione VIEWER, la quale prowederi, a sua 
volta. a1 riconoscimento dei messaggi di 
sincronizzazione inseriti nel file durante la fase di 
editinr e inoltre si occuued dell'attivazione degli 

~ - 

oggetti multimedidi ~or&~ondenti, consultandola 
Performance Object Lit relativa alla performance in 

I I 

messaggi p e r i l  sincronismo 

Management Tools [a, s a d  possibile dare inizio 
alla performance multimediale semplicemente 
avviando, namite il sequencer, la riproduzione del 
file musicale MIDI contenente i messaggi di 
sincronismo. 

4 .  Sviluppi futuri 

Numemse sono le idee che sono nate durante lo 
sviluppo del pmgetto PROMENADE, legate in 
modo paniwlare a1 c a m p  del multimediale. 

Si desidera ringraziare Goffredo Haus, direttore 
scientific0 del Laboratorio di Informatics Musicale 
del Di~artimento di Scienze dell'Informazione di 
~ i l a n o ,  per avere ideato e supervisionato il 
progetto. 
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TrikTraks: Structural Waveform Transformations 
with Composed Paths 

Arun Chandra 
Computer Music Project, School of Music, 
University of Illinois, Urbana, IL 61801 

Abstract 

To describe a sound in terms of the structure of its waveform, and not in terms of its acoustic 
appearance, is the compositional premise of this program. As a composer of music, I am 
interested in describing precisely the path of tra~lsfornlntion I desire, then discovering what its 
acoustic consequences are, instead of describing precisely the acoustic consequences I desire, then 
doing what is needed to achieve them. 
TrikTraks is a program wherein a waveform is specified as an iterated sequence of elements. Each 
element has two variables: an amplitude (+-32767) and number of samples (1-100). Each variable 
is given apath that determines its magnitude at each moment in time. Each path can he specified 
as: 1) a sinewave; 2) a triangle wave; 3) a sawtooth wave; 4) a square wave; 5) a polynomial 
between degrees 3 and 10; 6) or as an amplitude modulated FM wave. 
Eve?! variable of every element can be given a path rhot is independent of all other paths. 
A sequence of elements may have up to 64 elements. Upon each iteration of the sequence of 
elements, each variable of every element changes its magnitude as determined by its path of 
transformation. 
Given an arbitrary duration and the specification of the sequence of elements and their 
transformational paths, the sound is created for a duration specified by the user, and written to disk 
for playback. 
Two compositions (smear pulse no sneer (9 minutes) for solo tape, and the thin red line of 
subject matter (6 minutes) for solo tape) have already been written using this program, and others 
are underway. The program is written in C, and currently runs on both a NeXT computer running 
NS3.2 (compiled with the GNU compiler 2.6.3), and a 386PC with a CardD digital ilo board, 
running DOS6.2 (compiled with the Borland compiler 4.0). 

1. Predecessors 

The significant predecessors of are the SAWDUST 
program, (designed by Herben Brun and written by 
Gary Grossman. Jody Kravitz, and Keith Johnson at 
the University of Illinois), and SSP (Sound 
Synthesis Program), (designed by Gottfried Michael 
Koenig, and realized by Paul Berg, Robert Rowe. 
J.D. Banks, and David Theriault at the Institute for 
Sonology, Utrecht). These programs can he 
classified as  "non-standard sound synthesis 
programs," following S. R. Holtzman's definition. 
Paul Berg's description of SSP is appropriate for 
TrikTraks: ".. 151 best suited for a user who 
wants to defiw strdctures and listen to the results 
rather than a uicr who at all costs must have a 
certain sound." 

2 .  Standard Paths 

A Standard Path is one of the four basic 
waveforms: sine, square, triangle, and sawtooth. A 
user specifies the initial andfinal magnitudes of a 
variable, and the path by which the initial and final 
values are connected. By default, a path is given one 
period of the controlling waveform. The number of 
periods can be specified by the user. The range of 
the controlling waveform is also given default 
values that can be overridden by the user. For 
example, here is an input data file of 3 elements, 
each of which is given distinct values. When either 
the range or periods is not explicitly given, default 
values are used: range(1,100), periods(1). Anything 
that follows a #mark is considered a comment. 

duration(l0) # total duration in seconds 

# initial, final, type, [range0 or periods01 
20 40 sin # element 1, samples 
1000 -1000 sin periods(2) # element 1, amplitude 

40 20 tri periods(4) range(1.50) # element 2, samples 
-2000 2000 saw range(10000, -10000) # element 2, amplitude 

10 1 saw periods(751 X fetc.) 
10000 -10000 sin periods(5) range(20000, -200001 
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The first element has an initial s 

plicitly, and for the amplitude, the 
ven by a random number generator, 

This sequence of three elements is iterated, and at 
each iteration the samples and amplitude of each 
element change their value as controlled by their 
respective paths, range, and number of periods. Th 
lteratlon process continues, until the specifie Arun Chandra 
duration is reached. There can be up to 64 elemen arunc@uxl.cso.uiuc.edu 
in a sequence, which means there can be up to 128 Computer Music Project, School of Music, 
distinct paths of transformation. By choosing University of Illinois, Urbana, IL 61801 
distinct values for the type of path, its range and 
number of periods, each variable of each element 
can have a path independent from all other variables' 
paths. 

The sounding frequency of this waveform is the 
sum of the elements' samples at every iteration. 
Since this number is constantly changing, the 
frequency is constantly changing. The square and 
sawtooth paths have a periodic jump from the 
minimum to the maximum value (or vice versa). 
This results in an immediate and drastic frequency 
change, when applied to the variable number of 
samples. The amount of the change depends on the 
user specified maximum and minimum values for 
that variable, and the content and behavior of the 
neighboring elements. The sine and triangle path. 
in obvious contrast, have smooth rises and falls. 

3 .  Polynomial 

A polynomial path connec 
variable to its finally value following the path o 
polynomial between degrees 3 and 10. Th 
specification is done in this way: 
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Attenuazione Numeria dei Disturbi nei Segnali Audio 

ROSS~ Domenico 
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Abstract 
The background noise in musical signals, is a very imponant problem in many applications. In this paper. we 
present a new numerical method to attenuate this type of noise. The method use. like other smilar methods, a 
noise example (a portion of audio file with only noise) to attenuate; this is used to "clean" the original music 
signal (an audio file). The attenuation has performed with original signal magnitude modification using an 
attenuation function depending from the noise example. Alter the magnitude modification. the original signal 
was rebuilded with the inverse Fourier transformation. 

1 Inhoduzione 
I1 presente lavoro, sviluppa una noova tecnica di 
attenuazione del "Rumore di Fondo" nei segnali 
audio: partendo da uno studio sulle tecniche 
numeriche esistenti, si b cercato di valurarle sia in 
senso positivo che in quello negativo in modo da 
poter definire un nuovo algoritmo che ne 
amplificasse i pregi e ne limitasse i difetti. 
Tutti i metodi considerati, utilizzano una stima del 
disturbo da attenuare in modo da poter 
specializzare I'attenuazione su quel particolare tip0 
di disturbo. 
L'importanza di utilizzare una stima del rumore di 
fondo. deriva dal fatto che differenti tipi di sorgenti 
hanno differenti tipi di rumore di fondo, e wcorre 
quindi valutare attentamente "caso per caso". 
Per poter utilizzare il metodo proposto, occorre 
avere il segnale da attenuare in forma digitale. 
rappresentato da una sequenza di campioni. 
Occorre poi determinare quale parte della 
successione utilizzare per determinare la stima del 
rumore di fondo (in genere si utiliiza una ponione 
di silenzio come l'intervallo fra due brani musicali). 

2 Attenuazione 
Supponiamo di avere identificato quella parte deUa 
successione di ingresso y  (n), da utiliizare per la 
determinazione della stima dello spewo del rumore 
di fondo, ovvem: 

y(i),  r < i < r + S  

(S > dimensione minima) 

Occorre nome che il numero di campioni che 
vengono utilizzati per la determinazione della 
stima. devono essere in numem suificiente per 
permettere una valida valutazione del rumore; 
logicamente pib campioni vengono utilizzati e 
migliore s a d  la stima ottenuta. La sezione della 
successioni di ingresso delerminata, viene divisa in  
blocchi di B b t e n z a  di 2) campioni in modo da 

poterti analivare singolannente e successivamente 
mediie i risultati ottenuti dall'analiii. 
Dato che il noslro scopo b quello di determinare la 
stima dello spetuo, ogni blocco di campioni verrk 
sottoposta ad una trasformata di Fourier discreta 
(DFT) per permetterne il passaggio nel dominio 
delle frequenze; successivamente, verrk calcolata 
I'ampiezza di ognuna delle B/2 frequenze dello 
spemo. Ottenute le ampiezze di ogni frequenza di 
ogni blocco, v e d  effettuata la media matematica 
dei valori ottenendo la stima dei livelli di ognuna 
delle B/2 frequenze dello spettro. 
Formalizziamo il pmcedimento precedente per la 
determinazione della stima dello spettro. Ogni 
blocco di segnale di B campioni. viene defiito da: 

yj( i ) ,  j ~ [ l  ,..., S / B ] e i ~ [ 0  ,..., B-11 
dove j  b I'indice del blocco di appartenenza e i  b 
I'idice del campione aWinterno del blwco. 
Lo spet trodi  ogni blocco di segnale viene 
determinate mmite la trasformata di Fourier, nel 
modo seguente: 

N j ( k ) = ~ ~ ~ [ y j ] € C ,  k e [ O  ,..., B-1]  
dove il blocco j-esimo di segnale b stato indicato 
con y j .  
I blocchi degli spettri cosi ottenuti, vengono 
sottoposti alla procedura di media aritmetica 
ottenendo i B valori dei livelli medi degli spethi dei 
blocchi considerati: 

Considerando la simmetria dello spettro, allora i 
valori utili per la sdma dei livelli dello spettro sono 
solamente i primi B/2 ovvem: 
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Una volta ottenuta la 
del rumore di fondo, & 
elaborazione del segnale. 

valori o campioni che abbiamo chiamato y 
Per effettuare I'elaborazione. anche in questo 

ove a, E [0,1], rappresenta il coefficiente di 

anch'essi alla frequenza k-esima I1 coefficiente di 
attenuazione pu6 essere determinato tramite 
differenti funzioni di attenuazione; il nostro studio 

Si noti che Y , ( k )  B un valore complesso e 
mantiene sia I'informazione su 

Dopo avere determinato le  caratteristiche 
frequenziali del blocco di segnale sotto analisi, il 
nostro scopo diventa queUo di modificare i livelli 
dello spettro determinato per poter generare. 
tramite la mformata inversa, il segnale attenuate. 
Cia equivale a creare un blocco di un nuovo 
segnale che ha come fase la stessa del segnale 
originale, Pha(k), e come ampiezza una 
successione di valori che viene determinata in 

suo spettro. allora: 

nel &me vengono calcolati i liv&i hello speum di 
ogni blocco: questi vengono determinati con 

si b rivolto ad una particolare famiglia di funzioni 

possibili diiferenti 

dove M rappresenta il factore di normalizzazione. 
p indica I'mdamento della c w a  di attenuazione 
(lineare, quadratica, cubica ecc.) e s fornisce un 
conaoUo sulk pendenza della curva stessa 
La figura 1, rappresenta un grafico dove, per valore 
fissato del paramem s. vengono proposte quattro 
curve di attenuazione. L'asse delle ascisse viene 
utiliizato per la differenza normal i i ta  dei livelli 
dei due spetui, in questa 
identiticare due casi partico 

l'auenuazione B massima (a, = 0): 



Per fare questo si determinano sia la paste reale che 
la parte immaginaria dello spettro avente livelli e 
fase determinati: 

R ~ [ X  j (k) ]  = IX ,(k)l. cos[pha(x j (k) ) ] ,  

Per quanto riguarda i rimanenti B/2  valori, si 
utilizza la simmetria deUo spemo in modo che: 

R=[X j (k ) ]  = R ~ [ X  j ( ~  - k)] ,  

Per poter tornare nel dominio temporale, viene 
effettuata una trasformata di Fourier inversa sullo 
spettro X j ( k )  determinato: 

X ~ ( ~ ) = I D E T [ X ~ ] E R ,  k e [ O  ,..., B-11. 

Lo schema in figura 2, rappresenta il procedimento 
appena spiegato. 
Al metodo proposto, possono venire applicate 
alcune varianti che permettono un migliore 
adatkamento al segnale sotto analisi. Una prima 
variazione. consiste nel modificare solo i livelli 
delle componenti la cui frequenza risiede in un 
determinato range Cf, ,fi) defmito a priori. 

Fig. 2 

A causa della discretizzazione operata dal 
campionamento, la modifica dei livelli dello spetm 
a v v e d  solo per quelle frequenze multiple di 

fCw/B,  ovvero per quei valori di k che 
. . 

soddifano aUa serruente relazione: 

Un'alua variazione possibile, consiste nel 
determinare il paramenu di attenuazione a, non in 
funzione della differenza dei singoli IiveUi degli 
spetui, ma utilizzando un insieme di livelli 
conispondenti ad un y p p o  (o range) di frequenze 
successive. 
A kale scopo supponiamo di dividere le B/2 
frequenze'in gruppi di R frequenze ognuno, e di 
determinare un unico coefficiente di attenuazione 
per tutte le frequenze del y p p o .  
Le B/2  frequenze vengono divise in B/(2R ) 
y p p i  di R frequenze, e chiamando i  I'indice del 
y p p o  di appartenenza, allora il generico a,, con 

i . R  S k  l ( i . R ) + R  -1.ve~sostituitoda g. 
con 0 l i l BI(2R): 

II k-esimo livello dello spettro del generico blocco 
di segnale da elaborare diven-. 

I ~ j ( k ) l =  . /yj(k)l ,  

Come si B visto, I'attenuazione dipende 
esclusivamente dalla differenza ha il livello del 
segnale e il IiveUo deUa stima del rumore ad ogni 
frequenza: B possibile modificare il metodo 
propasto permettendo che la determinazione del 
coefficiente di attenuazione dipenda, oltre che dai 
livelli, anche dalla frequenza in cui viene calcolato. 
Quesro si ottiene facilmente scalando il livello della 
stima del rumore per un ulteriore coefficiente 
determinato in funzione della frequenza del livello 
stesso: 

dove p,, rappresenta la dipendenza della 
auenuazione dalla frequenza k-esima 
Si noti che questa variazione pub essere vista anche 
come delerminazione dell'aminuazione m i t e  una 
funzione di due variabili. di cui una b il livello dello 
spettro ad ogni singola frequenza e I'altra ~ i - G  
frequenza stessa. L'utiliuo di questo ulteriore 
coefficiente, pub essere utile sia nel "centrare" il 
pmedirnento in particolari frequenze rispetto ad 



Una funzione di 
determinazione del p 

incremento non sempre misura un effettivo 
incremento di qualith. Infatti tramire 
un'attenuazione molto aggressiva, B possibile 
aumenlare notevolmente I'SNR causando perb nel 
segnale elaborate delle degenerazioni del segnale 
stesso a causa della perdita di alcune componenti 
Imppo attenuate. Comunque, nelle prove effettuate, 
si B sempre riusciti ad ottenere degli ottirni risultati 
di incremento di SNR e quindi di qualita del 
segnale audio, senza incappare in degenerazioni del 
segnale stesso. 
Nelle figure successive B possibile visualiuare una 
sezione di segnale audio sia prima che dopo 
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An Environment for Music Performance 
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Dipartimento d'Informatica, Universith di Torino 
Torino - Italy 

Abstract 
The purpose of this work is to offer an interactive 
environment, called FRIBERG, suitable for testing 
and validating rules for music performance. The 
system is basically centered on a core of symbolic 
rules worked out at KTH Institute in Stockholm. 
FRIBERG has allowed the empirical study of 
model details and offers a set of graphic tools for 
displaying score analysis and performance. 

Introduction 
Music performance has been widely explored 
during the last years both in its musicological and 
scientific aspects (A.A.V.V., 1994). 
If performance task in music is left to a computer, 
the result sounds lifeless and dull. Computer 
mechanically maps score lo sound, while human 
players introduce a plethora of espressive 
deviations from score nominal parameters such as 
duradon and loudness, which have a fundamental 
role in the process of communication of music 
information from the composer to the listener. 
Deviations are due both to physical limitations of 
(he instmment! performer. and to interpretative 
needs: they indeed make the difference between 
human and computer performance. 
A possible way to improve music acceptability in 
computer performance is based on a rule model. 
One of the best known models of this kind has 
been carried out by KTH researchers in Stockholm 
since 80s' Vriberg, 1991; Sundberg et al., 1989). 
A generative model for music performance is 
based on interpretative rules whose aim is to 
simulate the behaviotu of a gifted musician. Each 
rule is applied with a strength parameter k, that 
acts as a weigh1 determining the amount of the 
corresponding deviation. A deviation alters a note 
parameter -loudness. duration, onset time - or 
introduces a rest. 
The reader interested to syntax and semantics of 
the rules is pleased to refer himself to the specific 
sources (Friberg, 1991). 
KTH rules have been the source of some 
implemented works. like the system MELODIA 
(Bresin el al.. 1991). The aulhor, pursuing a 
subsymbolic approach, has built a neural network- 
based system to produce a real time performance 

of any music score. His main goal is to reproduce 
the performing style (staccato, legato, grace-notes) 
of a piano player. 
Also our system FRIBERG is based on the KTH 
grammar for music performance. Our main interest 
focuses on the analysis of stylistic features in 
musical repertories, via a flexible rule system. 

The system FRZBERG 
The rule-based system FRIBERG works directly 
on a symbolic level. where each rule interacts with 
a strength given by the parameter k. 
FRIBERG offers an interactive environment with a 
custom gaphic interface, for setting the values of 
the features that contribute to the expressive 
deviations computed by the mles and for checking 
the results of rule applications. Rules can be 
tested and validated individually or in group, in 
order to provide a fine characterization of the 
various performance styles and musical repertoirs. 
System input is a symbolically coded version of a 
score. The output is the MIDI file resulting from 
the computation of the rules. 
The oved l  system (figure 1) is composed of two 
parts: 

a graphic editor that displays the score and 
allows one to add interactively different types 
of musical information - such as current key, 
harmony context, phrase structure - which iue 
not explicitly written in the common practice 
notation, but are requested by some rules. This 
new information is immediately displayed. 

* the main module that. after tbe selection of a 
subset of the rules and the setting of each rule 
suength. applies them to the nominal values 
provided by the score and pmduces a MIDI 
file that can be listened in the same 
environment. This module also pmduces some 
graphical plots of the resulting deviations. 
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ing together, the time onset of simultaneous 
s is desynchronized of a small amount We 
think of these changes as phase differences 

among voices in order to reproduce a sort of rough 

different repertoires. For each score, we have 

The system architecture i 

on Generative Grammars for Musi 

"Un approccio connessionistico per il controllo 
parametri nell'esecuzione musicate". Atti 
CoUoquio di Informatica Musicale, Genova, 19 

KTH kernel set with the 
As far as polyphonic 

each voice individually. The solutions practically 
approached are based on the election of a "main" in ensemble performance", in Sloboda J. (Ed.). 
voice that dictates the time table for the remaining 
volces. The ~ l e s  are uniquely applied to this 
elecled voice and the remaining voices are 
consequently synchronized. The method proposed 
by Friberg had been the introduction of a "virtual 
voice". anlficially constructed from the other 
voices. following the principle of the "shortest 
nole". We adopted an alternative solution., hinted 
by Friberg h~mself: to select an aclual "leading" 
volce (e.g. a soloist) among the set of voices. 
Moreover. we have augmented the rule set by 
lnuoducing a new ~ l e  inspired to Rash's work 
(1988). on ensemble performance. Since human 



GRAINS 

a software for real-time granular synthesis and sampling 
running on the IRIS-MARS workstation. 

Raffaele de Tintis 

MM&T, via Aosta 2, 20155 Milano, Italia 
fax 02133105679 

e-mail: detintis@ghost.sm.dsi.unimi.it 

1. Introduction 

This paper describes Grains, a tool for sound 
synthesis based on granular techniques with some 
open possibilities for processing and spazializing 
the generated grains. 
Due to the charateristics of the MARS workstation, 
the system is completely manageble by midi 
controllers allowing the composer to choose his 
own way to work with i t .  
On one side we can have a master keyboard andlor 
midi faders, on the other we can automate the 
system using a sequencer or a software like Max. 
In general the composer will take advantage of 
having both the approches: realtime feedback 
playing the system, or the possibility of saving and 
editing a performance in successive times. 

2. Data Reduction 

Due to the interest that this kind of synthesis has 
obtained in the last years from both composers and 
researchers, many important criteria have been 
presented in order to better organize the high 
number of variables involved. from the hierarchical 
approach to the tendency masks introduced by 
Tmax. 
Especially in a real-time implementation, the 
reduction of data is a fundamental goal for the 
effectiveness and the efficiency for the composer 
who can work with high level patameters. 
This was the primary aim I tryed to achieve with 
the current implementation in order to reach an 
improved real-time feedback in a live performance. 
The general approach has been that of creating an 
open system where the composer decides each time 
wich are the parameters to work with and how to 
organize them, so, only those will be connected to 
any hardware sending midi continuous controllers 
and kept close at hand. 
In general their number depends on how many 
different executors and external devices are involved. 
In the simplest configuration every variable is 
connected with one midi continuous controller so 
there is a 1:l ratio. 

Otherwise, the composer can reproduce a 
hierarchical approach organizing the parameters at 
different levels and fixing the relations between 
them. In this way, only the parameters at the 
highest level will be directly controlled by midi 
events, the other ones will he updated depending on 
the chonsen relationships. 
This kind of organization is possible due to the 
midi management system of the MARS. Infact, 
every variable used by the algorithms is controlled 
depending on some function of different midi events 
that can be choosen by the user. 

3. Sound Generation 

Sound computation is made by four identical 
algorithms that calculate quasi-synchronous 
granular synthesis, with the output from every 
algorithm being a stream with the grains following 
one after the other. 
The parameters that determine the sound production. 
independently for each algorithm, are the classical 
ones for this kind of synthesis so, before activating 
each grain, a frequency, length, waveform and 
amplitude are generated. 
A fifth parameter, the horizontal density, determines 
if, when one grain is terminated, a new one has to 
be activated, controlling how near two successive 
grains are on the stream, or in other words, the 
number of generated grnins in the time unit at a 
given length. 
At each sample after the passing of each grain this 
variable is compared with the output of a gaussian 
random signal generator and, if it is higher than it, 
a new grain is generated so, the law that directs the 
activation of successive grains is based on 
probabilistic evaluations. 
For these reasons we are uncertain on the time that 
separates two successive grains, resulting in 
micromodulations in the generated spectra that 
disappear at high densities, when the level of the 
density variable is always higher than that of the 
gaussian generator and there is no time left between 
two adjacent grains. 
Grain length, amplitude and the horizontal density 
are generated with normal distribution in a range 
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that is controlled via midi independently for 
oarameter. For the freouencies and waveforms. on Grains Processinz 

ssing of the grains, in 
hronous granular 

serving that the grain 
impulse train with 

an offset to shift the same window to the desired mpietely sbapable impulses. 
level; in this way we can control the level of this way, with minor additional costs, we can 

models that can be 
e and a resonator. 

the grain production in two ways. The horizontal Here the exciter source is the impulse train, so, we 
density by the relative variable and the vertical only need to add the resonating part as a particular 
density dicidmg how many algorithms are active at case of processing for the grains. For these reasons. 
the same time controllinr the stratification of the in Grains. everv alrorithm has three outouts. each - 
sonic material. 

The sound synthesis is calculated by four identical 
algorithms developed in the EDIT20 graphical 

resources used, as the waveforms and envelopes, can 
be easily changed. For this reason when the user 
runs the application, the default waveforms and 
grain envelope are automatically loaded into the 
MARS hardware, but, if we want to use different 
waveforms, all we have to do is to build them (for 
example with the WaveLoader application included 
in the MARS standard soFhvare) and give them the 
names erainl.wt .... erain20.wt for the waveforms 

to load the files with these names in the current 

to use an ex 

stream with each grain being an energy contribute 
from signals with dif 
synthetized at an earl 

input sounds have been presented by composers 
and, in general, using the computational cost of the 
algorithms to build different images of the input 
sound or new formants to add to it has provided 
good results. 
For this mk, with Grains we can work with up to 

five separated outputs, one being for example a real- 
time continuously sampled voice and the other four 
being the outputs from the algorithms building new 
spectral zones or fomwnts to add to it, each sound 

. - 
with an independent gain controllable in rh-time. 
The first one contains the "clean" result from the 

granular process, the second one goes into a 3 
filters bank reproducing the resonating part of the 
Vosim model with one low pass and two high pass 
second order filters. The third output goes into a 
waveguide resonator for the simulation of one- 
dimensional wave propagation. 

It's clar now, that with the output from the 
algorithms being a grain stream going into the 
filters bank, we are very near to reproducing the 
Vosim model with the possibility to produce up to 
three different formantic zones in each of the four 
algorithms 

Using th ssible to obtain 
fonnants too, in any case, the most uoticeble effect 
is the loss of the perception of the distinct grains 
into the sonic texture and the possibility to vary a 
lot from the classical timbres obtained with 
granular synthesis. In some cases string like sounds 
can be obtained and, in general, has been shown 
(Fricke) that in the process of simulation of 
instrumental sounds with pulse trains, the pulse 
shape is charatenstic of the interaction among the 
mechanical paas of the instrument so,controlling i t  
we can simulate the stationary part in the spectra: 
we h 5 
impu 
At last we notice that, the e 
the concentration of the energy in particular spectral 
zones producing formants, gives good results when 
the aim is to add some new charateristics to 
continuous sampled sounds using the input line 
available. In this case we can add to the sampled 
sound both the results from the fdters bank and the 
resonator reaching more complex spectra and use 
the eigth outputs of the MARS to have a real-time 
spatialiwtion of the different images obtained. 

used to control the sound are midi variables 
manageble with external devices. 



In any case, a user interface has been written in C 
for the ATARI platform allowing the complete 
control of the system via mouse. The only 
constraint with respect to the use by external 
controllers is the possibility to control only one 
variable at a time doe to the mouse driven interface. 
There are, however, some features of the graphic 
ioterface that can be helpfull, for example, when the 
application is thirst NO, the algorithms and all of 
the resources needed for the granular synthesis such 
as the waveforms and the envelope are automaticaly 
loaded on the MARS. Otherwise they should be 
loaded one by one by the user at the right address (a 
control word) of the MARS fun memory. 
Another feature included in the interface is the 
possibility to sample in real-time the mixed output 
from all of the algorithms for a maximum time of 
about 25 seconds for each sample. 
In this way, we have the possibility to save in a 
simple binary file some granular synthesis sounds 
and then re-use them in different ways. 
For example, various sample management 
softwares makes the conversion from the binary to 
the Midi Sample Dump format allowing us to use 
the synthetized waveforms on any commercial 
sampler. Notice that, in this case, the sounds will 
be accelerated or decellerated because the MARS 
works at about 39KHz and, in general, the nearest 
playback rate on commercial samplers is 44.1 KHz. 
Another possibility could be that of using the 
waveforms in the binary format by any board with 
DA converters or re-use them on the MARS as .wt 
files (the extension used in the MARS ambient for 
the files containing a waveform). 
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Progetto e reaiizzazione di un sistema di sintesi del suono in tempo reale 
nel dominio della frequenza 

Ing. M. Giachi 

V. Monte Priore 3,140131. Ancona, Italy 
Tel.: +39(0)71 43048 

Abstract 

This paper describes a real-time synthesis realization of musical inslruments sounds. 
The parameters, in the frequency domain, are codified in the memory and after, at synthesis time, 
are interpolated with a linear technique. 
The system is based on a PC board with two microprogrammable DSPs ( Orion ) and the PC itself 
controls the polyphonic generationof 4 notes sended from a MIDI keyboard. The control program 
runs under Windows 3.1. 
The algorithm allows a synthesis of the sound with 27 partials controlled in frequency and 
amplitude. 
The timbre dynamic modelling and temporized advancement of the spectral windows that can be 
lwping are possible. 

1 lntroduzione 
- Avanzamento controllato dello spettro tempo 
variante con gestione dello sfart, end, looppoinl. 
- Polilimbricili e multisplit. 

I1 progetto realiua real-time la generazione di 
suoni musicali codificati nel dominio della Interagisce con i DSP un mini sistema operativo 
frequenza con un criterio basato principalmente scritlo in ambiente Windows che si dedica al 
sulla sintesi additiva. Si riescono a generare 4 note controllo dei vari processi di real-time quali: 
costituite ciascuna da 27 parziali controllati in - Elaborazione ~~ ~ ~~~ degli ~~ eventi MIDI ( MPU 401 ). 
frcqucn7a ed amplcm Uno slud~o futuro san - Controllo dell'lnv~luppo 
ouello dI eseeulre 11 calcolo wllfomco d~rcnarnente - M O N ~ O ~  dclla dcl DSP. - -- - - -  r----- ~~--.  

nel dominio della frequenza e antitrasformare - Caricamento dei suoni. 
successivamente con I'uso dinamico di un cerlo 
numero di sinusoidi fissate. 

2 Descrizione 

I1 microprogramma 6 progetlato per generare due 
note per ogni singolo DSP con la possihilili di 
trasferire il risultato ad altri DSPs connessi in 
cascata. 
Nel nostro caso, ntilizzando una scheda con due 
DSPs (Orion). potremmo quindi avere 4 note di 
poliionia e axoltare quindi la qualili timbrica di 
determinati strumenti suonando le tre note che 
costituiscono un accord0 e la quarla nola per la 
linea cosiddetta melodica (canto). 

Il microprogramma permene: 
- Sinlesi additiva con 27 sinusoidi inlerpolale in 
ampiezza ed in fase con controllo delle 
micrwariazioni in frequem dei singoli parziali. 

3 Analisi 

L'analisi per I'eslrazione dei pammetri necessari 
alla successiva sintesi e slam realizzata con una 
tecnica basata sulla DFT. 
Questa teoria di analisi si basa sulla conoscenza 
della frequenza della nota musicale da analinare e 
sulla quasi stazionarieli in frequenza di 
quest'ultima. 
La conoscenza della frequenza nominale (in realli 
segnale pseudopericdico) ci permette di analinare 
il segnale con la DFT applicata ad una finestra di 
N campioni. L'analisi vemi ripetuta, spostandosi 
ogni volta in avanti nel tempo con uno shift di 270 
campioni, fino a1 termine del mono memorizzato 
senza necessili di finestratura perche la quasi 
stazionarieli ci consente il calcolo senza troncature 
del segnale. 
Con gli ak e bk calcoleremo il modulo 
dell'ampieua e la fax. Utilizzeremo 
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successivamente un aigoritm 
della fase unwrapped per I'e 
frequenza media all'interno 
campioni. 

TC =tempo di carnpio 

4 Sintesi 

Una volta onenute le frequenze medie di ogni 
/rorne ncostruiremo la fase d~ ogru annonica 

la frequenza che nel caso di funzioni 

START-W 

possibil~ti di riscalare in ampiezza, attraverso un 
level ogni mon ica  indipendentemente dalla 
rappresenliv.ionc spenrale mcmorizznta. Qucsto ha 
permcsso la filtratwa nel dominio della frequenw 
c I'aggius[amcn[o del tirnbro nello spostarnento 
dell'esecuzione di una nota sulla tastiera (necessiti 
di tiltrare le moniche superiori con I'aumento 
della frequenza della fondamentale). 
I1 medesimo controllo in ampiem consente 
l'equalizzazione diversa del timbro in funzione 
deUa dinamica del tasto della nota premuta. 
Potremmo praticamente definire una funzione di 

essere 429 ed avendo i! DSP un ciclo macc 

5 Conclusioni 

I1 risultato tt stato quell0 di una macchina 
funzionante che ha permesso di ascoltare i suoni e 
di capire l'eventuale realizzabiliti di uno stnunento 
con questa tecnica. 
Abbiamo notato un buon wntrollo della fase con la 
tecnica dell'integrazione della frequenza media ed 
un buon inseguimento dell'ampiezza delle varie 
annoniche Queslo ha consentito, con aim suoni, 
di riprodme quasi fedelmente i! campione 
originale. Le maggiori differenze si hanno 
ovviamente in stnunenti che hanno un' elevata 
densia spettrale che, anche se risintetiuati con 
annoniche non wntigue per acmscere la 
brillanteea si discostano abbastarua dal mono di 
pasienza. Stiamo lavorando alla generazione & 
nuoli suoni, non derivati da strumenti musicali 
fradizionali. per ascoltare possibili risultati sonori. 
Quem r ia rA 6 stata uno dei motivi di spinta nella 
realizwione di questo lavoro. 



Visual Composing System: 
a new approach to compositional real-time systems 
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Abstract 

This paper summarizes a computer-aided composition package that allows the userlcomposer to 
intuitively represent and describe hisher own musical thinking in terms of objects (either sonic or 
musical) and actions upon those objects. 
Visual Composing System allows a continuous feedback between compositional thinking and 
perceptual results, by means of an extensive usage of graphic tools and a real-time engine 
featuring audio control, generation and processing. 

1 Introduzione 
In questo articolo viene presentato, nei suoi punti 
chiave, un sistema software per la composizione 
musicale assistita che permene a1 compo- 
sitore/utilizzatore di rappresentare e descrivere 
intuitivamente il proprio pensiero musicale in 
termini di oggetti (sonori e musicali) e azioni su di 
essi. 

Visual Composing System, mediante un uso 
estensivo di strumenti grafici e un motore real-time 
di controllo, generazione ed elaborazione audio, 
permette un feedback continuo tra pensiero 
compositivo e risultato percettivo. 

2 Modello Com~ositivo 
Visual Composing System si basa su un modello 
compositivo che prende in considerazione tre scale 
temporali sulle quali si attua I'intero processo 
musicale: 

Even rare, relativo alla trasformazione da oggetto a 
evento sonoro; 

Control rare, corrispondente alla soglia di inte- 
grazione dell'orecchio, rappresentativa del rate 
di informazione; 

Audio rate, legato alla massima frequenza audio 
che si mole ottenere. 

I1 modello del processo musicale prende in 
considerazione l'insieme di azioni che agiscono 
sugli oggetti musicali e sonori, sia in termini di 
definizione e/o scelta dell'insieme di regole che li 
governano e gestiscono, sia in termini di appli- 

cazione nel tempo (costruzione e decifrazione) di 
tali regole. 

Per oggetto sonoro si intende "un oggetto (acu- 
stico) della percezione umana e non un oggetto 
matematico o etettroacustico di sintesi" [I] owero 
l'insieme di eventi sonori che da un punto di vista 
percettivo sono riconducibili atla stessa sorgente. 

"(Tale) oggetto defmito dall'orecchio umano 
come la piu piccola particella autonoma di un 
paesaggio sonoro ed e analivabile second0 il suo 
profilo" [Z], ossia tramite la variabilita dei 
parametri percettivi caratteristici del suono. 
"L'oggeno sonoro non va confuso con il corpo che 
lo ha prodotto, poiche ogni singolo corpo sonoro 
pub produrre una quantitd disparata di oggetti 
sonori, la cui varieta non pub essere ricondotta ad 
una origine comune" [3]. 
L'evento sonoro, invece, t un suono di una data 
durata, che inizia in un determinato istante, ed L. 
comprensivo dell'evoluzione temporale dei suoi 
parametri, in tutte e tre le scale dei tempi. 

Caratteristiche percettive dell'evento sonoro, sono: 
* la sua evoluzione temporale (attacco, corpo, 

caduta), 
* duralo,fiequema e dinarnica, 
e massa (o densitd percettiva, corrispondente 

all'ampiem di banda predominante), 
grana (ovvero fluttuazione interna del suono 
percepito), 

* trama (generata dalla grana con effetti di 
mvidith della superticie sonora). 
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11 passaggio da oggetto ad evento 
assegnando nel tempo valori ai 
getto sonoro, ossia scegliend 
dell'insieme "oggetto sonoro". caratteristiche d 

L'oggetto rnusicale pub essere considerato corn 
l'insieme di eventi musicali che da un punto di vis 
percettivo sono riconducibili 
morfologica. La descrizione di 
cale riguarda i parametri p ile, in modo da poter essere configurato a 
della forma, la loro variabilita 
il process0 generativo. iodulare, ossia scomponibile in unit& auto- 

L'evento musrcale & una forma ome sia hardware, sia software; 
macroforma) shutturata nel t portobile tra piattaforme differenti (Macintosh, 
dell'evoluzione temporale del Widows, ...) e dispositivi hlw di 110 specifici 
elemento dell'insieme "oggeno musicale". (MARS [7,8,9], ORION [lo], General MIDI, 

Nella prassi hadizionale, I'evento musi 
nizza parametri appartenenti alla scala 
degli eventi sonori (event rat 
melodico che organizzi nel tempo le altezze 
quenze) degli eventi sonori (note). 

Esempi nell'ambitn del sistema temperato s 
fomiti da Miche nell'analisi della sonata 
pianoforte "Appassionata" di 
Scbaeffer parlando della musi 
Nel caso pib generale in cui I'evento musicale 
organizzi parametri appartenenti a tune e he le 
scale dei tempi, esso (I'evento musicale) pub specializzato (come la stazione musicale MARS 

coincidere con I'evento sonoro: per esempio una o il sistema ORION); 

"fascia" caratterizzata da un profilo timbrico funzionare anche in assenza di un hardware 

organizza nel tempo le relazioni fra le componenti 
parziali dell'evento sonoro. (Si udri un solo suono, 

(MIDI, ZIPI, NIFF, ... ); 
essere adattato facilmente dall'utente alle pro- 
prie esigenze a tutti i livelli (e scale temporali). 

L'ambiente principale di Visual Composing System 
offre come primo strumento di interazione una 
pagina di score genern l i to ,  nella quale vengono 
manipolati e visualizzati in modo specializzato tutti 

In questo ambito si & defmita u gli eventi gestiti dal sistema (ad esempio tracce 
simbolica per rappresentare e descrivere gli MIDI, eventi di trigger o di controllo di oggetti 
elernenti di tale modello e le loro interazioni, musicali, e campioni sonori). I1 sistema notazionale 

permette la realizzazione di partiture sia in forma 
srmbolica, sia in forma operatiw. I1 prodo 
del sistema 6 una partiturn ese 

I1 sistema propost direttamente con i dispositivi di I 
approccio di tipo "Visual Programming", I1 successive strumento di inter 
I'intewento trasparente e coerente ai vm. livelli del creazione di oggetti musicali mediante il patching 
process0 musicale. L'utilizzo della notazione di materiali grezzi, operatori, porte di I/O e 
simbolica permene, con un solo linguaggio, di performer (tutti elementi della notazione sim- 
controllare elo definire elementi alle tre scale bolica), e altri oggetti musicali in modo gerarchico. 
temporali con le stesse modaliti per tipi di I materiali musicati cosi realimti interagiscono 

diiettamente e con diversi livelli di "intelligenza" 

zionelcoshuzione degli oggetti musicali e sonori, 



I1 sistema verra costruito anomo ad un motore real- 
time, disponibile sia su Macintosh, sia su Windows, 
che permettera lo sviluppo di applicativi autonomi 
interagenti tra loro e con Visual Com-posing 
System. 

4 Conclusioni 

In questo articolo P stato presentato un sistema per 
la composizione musicale assistita che permette a1 
compositore di interagire in modo trasparente, 
coerente e algoritmico ai vari livelli del process0 
musicale e alle diverse scale temporali. 

I1 sistema, sia nella struttura architenurale sia nel 
suo ambiente, P stato pensato per soddisfare le 
esigenze di una ampia categoria di applicazioni, 
comprendenti la composizione musicale, le 
performance arts, la post-produzione, la didanica 
musicale e la ricerca. In particolare: 

Composizione Musicale: come strumento di pro- 
gettazione e documentazione sia per la musica 
colta [ I l l ,  sia per quella piu commerciale 
(colonne sonore, musica leggera, ... ). 

Didattica Musicale: in quanto versatile strumento 
di esplorazione sonora per I'infanzia, e meto- 
dologica per I'apprendimento della musica 
mediante manipolazione di oggetti sonori in 
corsi superiori (conservatori, universiti, .. .). 

Performance Arts: come "processore" real-time in 
spettacoli di live-electronics o teaholdanza, e 
progetti multimediaii. 

Post-Produiione: come "centro di controllo" di 
sistemi digitali. 

Questo progetto, avallato dalI'Istituto di Ricerca per 
I'lndusiia dello Spenacolo (IRIS), e stato ideato e 
sviluppato autonomamente dagli autori. 
Attualmente 6 in avanzata fase di specifics, ed i: 
previsto per il prossimo anno il completamento 
della fase prototipale. 

Bibliografia 

[I] P. Schaeffer: "La musique et I'ordmateur", 
Musique et tecnologie, Paris, 1970, pag. 84. 

[2] R. Murray Shafer: I1 paesaggio sonoro, 
Ricordi, 1985, pag. 181. 

[3] P. Schaeffer: Trois microsillom d'eromples 
sonores, Paris. 1967. 

[4] J. J. Nattiez: I1 discorso musicale, PBE, 1977, 
pag. 29. 

[5] M. Pierret: Entretiem avec Pierre Schaeffer, 
Belfond, Paris, 1969, pp. 54-55. 

[6] G. Booch: Object-Oriented Analysis and 
Design with Applicalionr, 2nd ed., 
BenjaminICummings, Redwood City, 1994. 

Visual Composing System E2J 
[7] P. Andrenacci, E. Favreau, N. Larosa, A. 

Prestigiacomo, C. Rosati, S. Sapir: "MARS: 
RT20MEDIT20 Development tools and 
graphical user interface for sound generation 
board", Proc. of the ICAK, S. Jose, 1992, pp. 
340-343. 

[8] F. Annani, L. Biuarri, E. Favreau: "MARS: 
DSP environment and applications", Proc. of 
the ICMC, S. lose, 1992, pp. 344-347. 

[9] P. Andrenacci, F. Annani, A. Prestigiacomo, 
C. Rosati: "APPLQO: a development tool for 
building MARS application with an easy to 
use graphical interface", An; del X Colloquio 
di Informatics Musicale, Milano, 1993, pp. 
277-285. 

[lo] G. Nottoli: "ORION: un sistema per la sintesi 
e I'elaborazione del suono integrate in un 
singolo chip", Ani del LY Colloquio di Infor- 
marica Musicale, Genova, 1991, pp. 220-230. 

[I I] R. ~ i t o b o n i ,  A. Paladin: "Apparizioni fug- 
gitive: una composizione realizzata sulla 
MARS con sintesi per modelli fisici", Atti del 
CIARM. 11 conferen,-a intern&-ionale di 
acustica e ricerca musicale, Ferrara, 1995, pp. 
127-132. 

Contatti 

IRIS s.r.1. 
Parco La Selva, 151 
03018 Paliano (FR), Italy 
Tel. +39 (01775 533 441 
Fax +39 (0)775 533 343 
e-mail: mc2842@mclink.it 





Fuzzy Control of Sound Synthesis Parameters 

Piergiorgio Sartor, Alvise Vidol in 
CSC-DEI, Universi ty  of Padova .  Italy 

1 Introduction 

Synthesis algorithms require many control param- 
eters which are directly related to the physical 
or numerical variables of the sonological model. 
The musician usually controls the sound mani~ .  
da t ing  few parameters musically expressive and IT 270 uo 6111 780 

often connected t o  the sonnd perception features. 
Usually an electronic synthesizer has prede- val (b.r. ~ l d i ~  valm 

fined relations between the inputs (eg. frequency hrr. w 
and intensity) and the sounds parameters of the 
outputs (eg. the amplitude of the note); real Figure 1: Fuzzy set of the input frequency 
instruments are quite different. Analyzina the - - 
sounds of this ones, with different frequencies and 
intensities of the note, it was seen how the spec- 
trum is full of partials in the "grave" register and it 
becomes simplier t o  the "high" one. The spectrum 
also depends on the intensity: a FORTE sound 
has more partials than a PIANO one, and also a 
FORTE sonnd has a shorter attack time than a 
PIANO one. 

Fuzzy theory can be a solution to this problem, 
because i t  can be seen as a nonlinear interpolator, 
hut trimmed with few, simply rules given by an 
expert. 

2 What is Fuzzy Logic? 

Fuzzy Logic is an extension of the conventional 
(boolean) logic, which lets to deal with the concept 
of "partial truth", that is values of truth between 
'Yull true" and "full false". In classical logic a 
variable can he 1 or 0, that is it indicates "true" 
or "false", in Fuzzy Logic a variable can get values 
between 0 and 1, so it associates juzaies of truth. 

Classical logic operation become: 
NOT z: 1 - z 
z AND y: min(z, y) or z . y 
z OR y: max(z, y) or z + y  (with precautions) 
There are other definitions for the logical o p  

erations, but this are the most successful ones. 
As written in [3] we have to focus our atten- 

tion on the 'Tuzzification" problem, that is how to 
transform "discrete" logic into "continuosn logic. 

Classical algorithm is: 
The input and output variables are defined. 
The UNIVERSE O F  DISCOURSE is defined, 

that is the range of the input and output variables, 
eg. Frequency from 100 to  780 Hz. 

The "linguistic variables" are defined, that is 
the input/output variables sets are divided and 

named, eg. HIGH, MEDIUM, GRAVE. 
The fuzzy sets of the linguistic variables are 

defined. For example GRAVE from 100 to  440 
Hz, usually i t  is 1 in 270 Hz, i t  is 0 in 100 and 440 
Hz. It  rises and falls linearly from 100 to 270 and 
from 270 to 440 (Fig. 1). Fuzzy sets must overlap 
for proper operations. 

For each input variable it is associated its fuzzy 
value t o  the linguistic variables. Eg., from previ- 
ous point, if Frequency is 168 Hz then GRAVE 
is set to 0.4. This operation is repeated for each 
linguistic variables. 

The rules (given by an expert) are executed 
mapping the input into the output (see "infer- 
ence" in [I]), which is a fuzzy set; eg. "if frequency 
= GRAVE then Amplitude = MEDIUM", if 
GRAVE is 0.67 then MEDIUM is set t o  0.67. 

The output value is calculated using the center 
mass method or the maximum method. 

As all technology Fuzzy Logic has its advan- 
tages and disadvantages. Advantages are: better 
control, robustness, "linguistic" approach, that is 
the control is trimmed using a natural language 
(HIGH, GRAVE, PIANO, FORTE). Disadvan- 
tages are: more computational load, it needs an 
expert which defines the sets and the rules. 

Fuzzy Logic can be seen as a nonlinear inter- 
polator, and so it can he useful for the control of 
sound synthesis parameters. 

3 A sonological model 

As an example of this approach it was chosen to 
control the synthesis parameters of a percussion 
instrument realized using the additive technique. 

Each partial has the following features. 
Amplitude envelope with exponential attack 



lows the law: fi = fo ( t+ia) ,  where i 

0 < u < 1 compression, u > 1 expansion). 
The duration of each ~ a r t i a l  is fixed by the 

decay time which follows the law: 5, with c = 
1000Hz and fi = frequency of the z-th partial. 
The total number of partials is ruled by a lowpass 
filter with one real pole in ft = 500Hz (so with a 
slope of -2OdBldec). Partials with less than -60dB 
are not considered. 

4 The Fuzzy controller 
The attack time and the maximum amplitude are 
the outputs of the Fuzzy controller which has as 

guistic variables, this simplifies the software with- 

one pair (Frequency, 
can he seen as same linguistic varia 

As an example the 
are reported in table 1. 

mented as a table. and how the interpolator works. 
The algorithm will he: A possible program output is a CSound ecore. 

linguistic variables an AND operation (as prod- ~h~ system results were to the expecta- 
uct) is performed and the result is assigned to tions. 
the linguistic variable associated by the table, tak- - 
ing, as final result, the mwimum between all the 
calculated values (see [Z]), that is if more than 

algorithms for servo systems. IEEE Conirol 
Svsiems Maqazine. paa. 65-71. April 1989. 



Un'indagine sulle regole preferenziali 
di raggruppamento di Lerdahl e Jackendoff 

Paolo Principi 

Laboratorio di Informatics musicale del Dipartimento Musicae Spettacolo 
Universiti degli Studi di Bologna 

TelIFax: +39 71 &33075/889850 E-mail: paoloprincipi@fastnet.it 

Abstract 

This paperdescribesa software tool (thesis at University of Bologna, referee@. Mario Baroni) for the analysis 
of melodic lines based on the Lerdahl and Jockendoff s Grouping Preference Rules. Our approach, that we call 
"interactive", allows 0bSe~ation and control of the varius phases of the music analysis: the recognition of all 
potential group boundaries, the management of rules conflicts and the final segmentation. 
With the experimentation on a large and heterogeneous melodic repertory we can: check the correctness of the 
softwarefunctioning; verify the possibility to apply the ~ l e s  in different melodic contexts; attempt to wmpile, 
by the analysis results. a domain's hierarchycal.scale of the rules, as well as extrapolate same critical points of 
the rule system. The software, named IMAP (Interactive Melodic Analysis Processor) has been implemented in C 
language, running on Macintosh system. 

1 Introduzione 

L'ideaalla base det lavoro tne origine da una wnsi- 
demzione di camttere teorico-metodologiw che fm 
viamo nel testo "A generative theory of tonal mu- 
sic" (d'omin poi G'ITM). Nel descrivere la tearia, 
gli aulori motivano la scelta di un formalismo 
espresso in un linguaggio ordinario, non matemati- 
co, con la impossibilia di quest'ultimo di @urn 
una analisi definifa Nel caw infani di ambiguia di 
intuizione nel flusso musicale, ci& di un mnilitto 
tra regole, la soluzione cadrebk nella regola 
"numericamente" pi0 fone (dopo aver redatto ov- 
viamente una scala gerarchica di dominio tra le rego 
le stesse). I1 risultato ottenuto sarebbe quello di una 
analisi apparentemente wrretta ma che non amsente 
I'individuazionee lo studio dei m i  di dnbbia inter- 
prerazione (sicuramente i pi0 interessanti!). Per cple 
sto motivo L e d  e Jackendoff manifestan0 tuna la 
loro perplessia circa la possibiliti di implementare 
la teoria in un software per calmlatore. 
Considerando questo aspetto di fondamentale impor- 
tanza teorica abbiamo realivato uno strumento in- 
gradodi consentire un'analisi del testo a fasi distin- 
te, di mostrarecid i singoli pdssaggj m n  possibili- 
k3 di iniervento da park dell'utente. 

2 I1 Sisterna 

Per quanto wnceme la sua suumtra globale, il si- 
stema i? articolato in cinque blocchi funzionali, c ia  
scuno dei quali in p d u  di svolgere un &terminam 
compito nell'analisi. 
Editor: permette la immissione elo la modifica dei 
dati in ingress0 grazie ad un codice studialo apposi- 
Iamente per rappresentare la melodia in un formato 
dfanumeriw. 
Anolyser: 6 il primo motore dell'analisi; applica a 
tutta la melodia I'insieme delle regole implementate 

al fine di individuare i potenziali confini tm gruppi. 
Si otliene in uscita la melodia w n  tutte le regole 
individuate, indipendentemente dal fatlo che siano 
poi confermate. La conferma si ha con i successivi 
due blocchi del programma 
A~~toGrouper: In questo blocco funzionale awiene 
una prima ricerca. sui &ti ottenuti dall'analyser, 
mimta all'individuazione delle regde poco signifiw 
tive, regole che, second0 la teoria. cbvrebbem esser 
soppresse perch6 dominate da altre adiaoenti aventi 
forza di appliubilia maggiore. L'eliminazione di 
alcune regole, in mod0 automatico, avviene solo nel 
momento in cui non ci tmviamo di fronte a casi di 
dubbia interpretazione. 
InleradiveGrouper: qualora dovessem presentarsi 
delle situazioni in cui la scelta di sopprimere una 
regoln sia difficile. il sistema permette I'indivi- 
duazione del oso e la possibilia di scelta manuale 
del wnline. Si possono m i  avere pih ipotesi d 
risullati da uno stesso b m o  d i u a t o ,  dando la 
precedemora ad una regola, ora ad un'altm 
Ourput Moniror: i? lo suumento che visualim i 
risultati pamali dell'Analyser e dell'AutoGmupr, 
nonch6 quelli finali dell'IntexactiveGmper. 

I1 wrpus di melodie scelto mme campione 6 msti- 
tuito da semplici frammenti di temi uatti da una 
vasta letteraturnmusicale che spazia dallamusica dpl 
rinascimento italiano a mmpositori &I ncstm seco 
lo come Schoenberg edHindemith. Lo scopo i? cpl -  
lo da un lato di rappresentare la massima varies d 
situazioni microstrumrmli. dall'altm di analinare 
repertori molto diveni Ua loro. Nella teoria GlTM 
infatti, la s u u t ~ u ~ a  di raggruppamento & desaiua 
come quella, Ua le rappresentazioni gerarchiche, con 
minori vinmli di dipendem da uno specifim idio 
ma musicale. I1 se+ondoobiettivo i? quindi quello di 
verificare I'appliubilith delle regole in repenori non 
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contemplau nel testo dl 

nspenivamente I'espressrone (3b. 3c) le d w  
Zb, 3d) e le alteve (3a). L'anallsi dei slngoli 

emem nella rase di analisi, c~rca la 
(cancellazioni di regole individuate nella 

no stat1 suddivls~, per 
GTTM (g l~  stessi esempi 
le). Classici, Pre-classtci 

voni effettuate, in: A) wrrette (meno del 258  d 
correzioni); B) mcdiamente corrette (ua il 25 e i l  loro disponibilia nel fonure mnteriale nuompapa 
45%) e CI non cwrette isumriore al 45%). II risul- to scm~re da utili consi~li. i eentiliss~mi: . , ~ r 

tato generale della uipamuone, mantenendo la su& 
&v~slone net quattro repertori proposti, & qnello 
mppresentatoln rabella 

indicazioni sulla ipoietica &a ge&chica di dcmi- 
nio delle regole in base al mpporto ha numero di 
OWjDrrenzee numero di cancellazioni di ciascuna ra 
eola Ordinandole reeole in base alla minor  ace^- 

- - 
prof. Mario B~ION (Uruvers~lZI di Bologna), 
prof. Lelio Camilleri (Conservatorio di Bolo@la). 
d o t  Francesco Cameras (CNUCWC.N.R. dl Plsa), 
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Abstract 

This paper examines the graphical display of musical audio, and gives examples of graphical 
outputs used in developing a music analysis system. It is argued that graphical display is a vital 
tool for analysis and also has much to offer for synthesis. 

1 Introduction log-frequency. In addition, this gives insufficient 

Music has long relied on a wide range of visual 
representations. Standard notation uses a 
symbolic representation of notes having three 
primary attributes - onset, pitch, and duration. 
Conventionally, instruments do not change during 
the performance, so the global timbre is specified 
simply by writing the name of the instrument on 
the first page, and local timbral inflections are . - 
specified by symbols such as 'staccato', 'down 
bow', and 'stopped'. However, it has long been 
recognised that such notation cannot fully define 
the timbre or timbral nuances of the sound. 
These drawbacks are also apparent in computer 
music, where composers wish to use an 
unrestricted musical vocabulary. Graphical 
display is a practical alternative to symbolic 
notations for the characterisation and 
specification of complex sounds. Computer 
analvsis allows us to examine musical 
information in microscopic detail, and graphical 
display is the most useful method of presenting 
the large amount of data. Composers of 
electroacoustic music typically use complex 
control methods that cannot be reduced to a 
simple symbolic language, and graphical 
representations have proved to be powerful tools 
(see, for example, [Hony]). A graphical 
representation of audio thus has many potential 
applications to both analysis and synthesis. 

2 System Overview 
The graphical displays described below were 
developed as parts of a hybrid system for analysis 
and transcription, described more fully in [Nunnl. 
A common way to analyse and visualise sound is 
to examine or plot the magnitude-squared STFTs. 
However, this gives bins equally spaced in 
frequency, whereas the characteristic of inlerest is 

- .  
resolution a; the bass end of (he spectrum. A 
practical solution is to use a multirate system, 
where the sample rate is halved every octave. As 
a result, the spectra arc more clearly defined. The 
multirate filtering and FFTs are implemented on 
the Texas Instruments TMS320C40, a high- 
performance DSP chip, but subsequent processing 
stages run on a standalone PC. 

3 Graphical Display 
Various graphical outputs were developed as part 
of the analysis system, and were found to he 
essential, both for presenting the results and for 
debugging the system itself. A typical spectrum is 
shown in Figure 1. Note that the fundamentals of 
the bass notes are quite clearly defined. 

Figure I - Logarirhmic spectrogram showing 
approximnrely 30 seconds of Mendelssohn's Sonata 3 
for Organ. The horizontal aris is log-frequency: rhe 
verricai axis is rime, from rop ro borrom. 



time axis by scro 
needed for time 

muslc, compu er graphics demands 
g performance, forcing trade-offs 

drawing the blocks three-dimensionally, w' 
'height' proportional to the amplitude 
transfom bin. 
The graphical displays operate several times d in both fields the user interface is considered 
slower than real time, making it difficult to relate be the most critical part of the system. 

developing the transcription system, it was 
adopted is to capture a large set of in 
frames and then convert them into a movie 

ffered a method of creating crude real-time 
speed permitted by the graphics hardware. For animations. 
scrolling 640*480e256 graphics, this is typically For analysis. graphical display offers the ability to 
3-4 frames per second, which is jerky but still depict attributes of the sound in a more intuitive 
effective. This animation technique has also manner. However, it also forces us to ask the 
proved useful for examining the effects of varying difficult question: what does 'the sound of a 
the analysis parameters. trombone' look like? For synthesis and 
The constituent partial lines in Figure 1 are composition, graphical display allows an easily 
apparent to us, due to our innate ability to look at a understandable interface. Perhaps most 
series of points and see a line. For the task of importantly, graphical representations could 
transcription, further processing picks nut these facilitate the linking of analysis to resynthesis, 
lines, which can also be displayed graphically. We 
have now abstracted the data from samples to out in the graphical domain. 
short sinuso~ds to long chains, but the target 
entities are the notes of individual instruments. 
The process of extracting parallel entities from a 
single data stream is the most complex. The final 
stages attempt to form notes by grouping together studentship from the Engineering and Physical 

chains that are harmonically related, and removing Sciences Research Council. 
ort or too weak, or have 

Signal Generation and Sound 
Proceedings of rhe Inremational Co 
Conference, Aarhus, 1994. 
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Questo lavoro rappresenta la prima p a t e  di un nuovo progetto dove l'idea della trasformmione geome- 
trica viene applicata alle note musicali. In altre parole abbiamo considerato il profilo melodico come un 

parametro indipendente nel processo compositivo di un brano musicale. 

Nato come prima parte di un nuovo 
progetto per lo sviluppo del materiale musicale, 
Profile rappresenta I'idea della trasformazione 
geometrica applicata alle note musicali. Fra le 
caratteristicbe percettive di una "melodia" 
(intesa come successione lineare di note nel 
tempo) il profilo musicale pub essere conside- 
rato come uno dei parametri p i i  importanti sia 
per la memorizzazione di una entit& musicale, 
sia per la rappresentazione grafica di una idea 
musicale, sia per la "riconoscibilid" di un an- 
damento melodico. Nel nostro caso specifico. 
abbiamo considerato il profilo melodico come 
una successione lineare di direzioni di intervalli 
musicali, equidistanti dal punto di vista tempo- 
rale, rappresentata graficamente da una curva 
per segmenti (figura 1). Come diretta 
conseguenza di una concezione parametrica Figura 1 
della composizione musicale, di chiara 
derivazione seriale, attualmente diversi 
compositori hanno utilizzato I'idea di profilo 
come  elemento indipendente dagli altri 
parametri musicali. In questo modo viene 
conferito al profilo un ~ o l o  ed una importanza 
specifica per la composizione stessa delle opere 
musicali. In altre parole il profilo viene 
considerato parametro indipendente nel 
processo compositivo di un brano musicale. 

Infine, Profile permette di utilizzare 
questo parametro sia come materiale di base, sia 
come processo compositivo, sia come elemento 
per controllare I'evoluzione di altri processi di 
trasformazione musicale. 

La libreria Profile 2: interamente scritta 
in Common-Lisp nell'ambiente informatico 
Patchwork. I1 programma Patchwork 6 stato 
concepito da  M.Laurson e sviluppato all'IR- 
CAM di Pariei da C.Rueda e J. Duthen per la - 
compos~zione asslstlla dal calcolalore. Profile i: 
un'cstensionc delle funzionalili di Patchwork 
applicate, in modo specifico, a1 profilo musi- 
cale. 

Obiettivi della libreria Profile 

Questa libreria & stata concepita con lo 
scopo di rendere il controllo e la generazione 
del materiale compositivo il p i i  "musicale" 
possibile. Inoltre, si 6 cercato di proporre alcuni 
processi di wattamento del profilo melodico, 
generalizzando, il p i i  possibile, i meccanismi di 
azione sui profili musicali. Dal punto di vista 
pratico. I'utilizzatore pub controllare diretta- 
mente: le direzioni degli intervalli di un profilo. 
gli intervalli stessi, le altezze assolute, sia in 
senso orizzontale cbe verticale (cunaollo ar- 
monico), I'andamento globale di ogni processo 
attraverso dei grafici e, infine, il grado di pro- 
fonditi di un processo nttraverso la ricorsione e 
la iterazione, implementate direttamente nelle 
funzioni. 

Stmttura della libreria Profile 

Profile 2 suddiviso in sei famielie di funzioni -- -~ - 

I Bahoni-Schillng~. Brian-Fcrnryhough. Fcdelc, ognuna delle qua11 permette un conuollo speci- 
Mall. Manuury. Melchione. Murail fico sulla manipolazione del prufilo mclodico. 
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file b quella di poter 
trollare esattamente 11 percorso armonico per 

olazione, dimostra 
b essere lui stesso 

he la potenzialiti specifics di 
profili differenti attribuendo la " nel fatto di poter controllare, 
un pmfilo B sul materiale di un pro 

3) Gmppo di funzioni che applica delle uno degl~ elementi pifi semplici della rappresen- 
operazion~ di simmetria su un profilo: re- tazione simbolica: 11 profil 
flexion pemette il ribaltamento di un pro- 
file in funzione di un asse onzzontale; dou- 
ble-reflexion permette un doppio ribalta- 
mento di un profilo in funzlone di due assi 
orizzontali; multi-reflexiion pemette una 
riflessione multipla che conserva le dlre- 
zioni del profilo di partenza 

urofilo musicale: mean-derivation sempli- 
kca un profilo attraverso la media dl due 
rntervalli contigui; interlock b la funz~one 
complementare di mean-derivation e &a- 
scrizlone musicale dell'algoritmo della ge- 
nerazione dei frattali chiamato midpoint-di- 
splacement; derivation b la traduzione mu- 
sicale della derivata matematica; integra- 
tion 2 la funzione complementare di deriva- 
tion. 

5) Gruppo dl funzioni (inter-dyn, multi-in- 
terpol e interpol-prof ) per il controllo di- 
namlco dell'lnterpolazlone fra due profili 
musicall, con il controllo di tutti i parame- 
tri dell'interpolazione: numero dei passi 
dell'interpolazione. controllo del numero di 
elementi per ogni passo, controllo dell'evo- 
luzione del process0 atuav 

voro, che b servlto come laboratorio di ricerca 
per la sperimentazione di alcuni principi di trat- 
tamento del materiale musicale, abhiamo potuto 
verificare la validiti effettiva dell'idea di rap- 
presentare e manipolase graficamente il profilo 
melodico. Un esempio b dato dal problema del- 
I'lnterpolaz~one, che fino ad oggi b sempre ri- 
masta la mera trasposizione di una procedura 
grafica e geometrica verso il mondo musicale. 

raines, Paris. 

IRCAM. Paris. 
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Abstract 

HyperCSound is a group of HypercardTM Stacks developed for create complex sounds in several kinds of sound 
synthesis. Each stack allows to define several sound parameters via an intuitive graphic user interface, and 
subsequently, to create the CSound text files (orchestra and score) necessary for the sound samples creation. 
Basically, HyperCSound was developed only as an "help-user tool" to simply describe and compose complex 
sounds and, except some parts, (see later) isn't a tool for musical composition. 

1 Introduzione 

HyperCSound 2: una sene di Stack di HyperCardT"', 
ambiente di sviluppo e di authoring su piattaforma 
Apple Macintosh. HyperCSound & stato realizzato 
per consentire un comodo approccio grafico e 
gestuale ad alcune tecniche di sintesi del suono (in 
particolare additiva, sottrattiva e modulazione di 
frequenza) nell'impiego del linguaggio di sintesi 
CSound[ ' l .  In pratica, le varie componenti 
dell'ambiente HyperCSound si occupano, una volta 
mpostati i parametri mediante un'interfaccia utente 
zstremamente intuitiva, di generare i file di testo di 
"orchestra" e "partitura", file che poi saranno 
processati con il programma CSound per generare i 
file di campioni. 
Essenzialmente, il Sistema HyperCSound k stato 
creato per aiutare nel process0 della descrizione e 
composizione di suoni complessi, e, ad eccezione 
di alcune parti (vedi in seguito), non costituisce un 
ausilio per la formalizzazione d i  processi 
compositivi. 

Le ragioni per cui 5 stato scelto I'ambiente 
HyperCardTh' sono diverse e riassumihili nei 
seguenti punti. 
1) I'ambiente HyperCardTM consente di lavorare 
direttamente "all'interno" dell'interfaccia utente. 
disegnando quest'ultima nel modo pih idoneo e 
aggiungendo tutte le funzionaliti a1 momento 
opportuno senza dover riprogettare I'intero 
programma nel caso di cambiamenti anche 
sostanziali, 
2) HyperCard'M permette una programmazione 
procedurale estremamente flessibile utilizzando un 
linguaggio interno (~yperTalk")[~] molto intuitive 
ma nello stesso tempo ricco di comandi e funzioni. 
3)  La notevole perdita di prestazioni 
compufazionali nell'utilizzo di un linguaggio di tipo 

"interpretatow quale HyperTalkTM, in luogo di un 
linguaggio in grado di generare applicazioni 
compilate, non rappresenta in questo caso problema 
alcuno, in quanto i file creati da HyperCSound 
devono essere successivamente processati dal 
CSound, operazione questa che annullerebbe tutti i 
benefici di una maggior velocith nella creazione dei 
file di testo da sintetizzare. 
4) Ho calcolato che la realizzazione in C o Pascal 
dell'intero lavoro mi sarebbe costata un tempo circa 
5 o 6 volte superiore, senza tenere conto che le 
eventuali successive modifiche alle funzionalith elo 
all'interfaccia avrebbero comportato dispendi di 
tempo notevoli e non commisurati all0 scopo del 
lavoro, essendo HyperCSound un costante "work in 
progress". 

3 Le componenti di HyperCSound 

Attualmente il sistema HyperCSound 5 formato dai . . 
componenti sottoelencati. 

HCS Shell: palette con pulsan~i per il lancio dei 
programmi elencati a seguito: permette di accedere 
immediatarnente a tutte le componenti del sistema. 

HyperSpectra: tool per la sintesi additiva che 
consente di passare dinamicamente tra diversi 
spettri con frequenze ed ampiezze variabili. 
HyperSpectra genera suoni dinamici nei quali si 
passa da uno spettro all'altro nel tempo desiderata 
mediante interpolazione lineare dei valori di 
ampiezze elo di hequenze delle diverse componenti 
sinusoidali. 

HyperZFilter: tool per la sintesi sottrattiva che 
permette di passare dinamicamente tra diversi 
banchi di filtri composti ognuno da 32 filtri passa 
banda con frequenze centrali e largheue di banda 
va~iabili. L'utente pub configurare fino a 16 diveni 
banchi aventi ognuno proprie frequenze centrali e 
larghezze di banda. Per ogni filtro vengono definiti 
graficamente sia il livello di uscita (equalizzazione) 
che la larghezza di banda, mentre le frequenze 
centrali vengono generate con le stesse leggi viste 



in HyperSpectra. Hyp 
treni di impulsi o file 

medianle interpol 
frequenze centrali elo larghezze di banda. 

Indice di modulazione indipendenti. Nella pagina 
dedicata alla configuraz~one dei hlocchi FM, programmi di generazione grafica algoritmica. 
I'utente pub Impostare i parametri relativ~ ad ogni . Trigon: modulo per la generazione di eventi 
oscillatore nonchi il livello di uscita di ogni hlocco grafici basati sulle funzioni trigonometriche 
FM tramite una interfaccia grafica estremamente fondamentali. 
~ntuitlva; la coslruzione dell'evento sonoro vero e Chaos: programma per la generazione di eventi 
proprio lnvece avviene in una apposita finestra di grafici basati sulla formula logistics 
tlpo "mange", nella quale I'utente disegna ogni x(n+l)=x(n)*  r*( l -x(n))  
sotto-evento generato dai singoli hlocchi FM. Gli Tale formula, mediante opportuna scelta dei 
inviluppi di amplezza e di indlce dl modulazione 
vengono sceltr sempre graficamente attraverso una 
sene di template. . HyperGenO7: tool editor I l~brarian per la  
creazione e memorizzazione di funzioni a segmenti 
di retta (routine GEN 07 del CSound). Le funzioni 
vengono disegnate con il mouse previa definizione 
del range dei valori delle ascisse e delle ordinate; 
mentre la funzione viene disegnata si generano 
automatlcamente I valori opportuni. parametri necessari alla implementazione delle 

HyperOrcLib: data-base per la creazione, tecniche di sintesi del suono trattate permette un 
memorizzazione ed editing di file <arc> di CSound. comodo approccio anche a chi non conosce 

perfettamente il linguaggio CSound, in quanto 
creazione dei file di orchestra e partitura, nonchi lo 
stesso processamento di tali file dal CSound, 
avvengono interamente dall'intemo dell'ambiente 
stesso. Credo, inoltre, che HyperCSound possa 

CSound. rappresentare un esempio di come sia possibile da 
parte dei mudcista, purchi ovviamente in possesso 
di determinate conoscenze, crearsi un ambiente 

4 Paint Composer personalizzatn che permetta di concentrarsi molto 

pih sull'aspetto "creative" del suono, definendo i 
Paint Composer i I'unica parte del sistema molteplici parametri in una foma a lui molto pih 
HyperCSound che pub costituire un ausilio per la congeniale di quella matematica, senza 
fomalizzazione di processi compositivi. Paint necessariamente ricorrere ai classici linguaggi di 
Composer traduce in partiture CSound eventi programmazione. 
grafici di tipo "bitmap" creati liheramente 
dall'utente oppure generati algoritmicamente con 
gli appositi moduli. Per la traduzione dei pixel in 
eventi di nota 5 stat0 necessario programmare in 
Pascal una funzione esterna 







Concerti deU' XI C M  

8-nov ore21 
Conservatorio G.B.Martini - piazza Rossini, 2 

C. A G ~ R  Piece of mind per nastro 

P. PACHINI Butterfly crusade per flauto dolce e nastro 

F. GIOMI That's allfolks! per nastro 

A. CIPIUAM In memory of a recorder per flauto dolce e nastro 
F. DHOMONT Novars per nastro 
E. PAPPALARDO Oltre per flauto dolce e nastro 

M. MESSIERI Rapaci per flauto, fagotto, pianoforte e nastro 

9-nov ore 21 
Conservatorio G.B.Martini - piazza Rossini, 2 

G. PATELLA Linee agitate per nastro 
R. DAPELO Kindergarten per pianoforte e nastro 
J. HARRISON .... et ainsi de suite ... per nastro 
L. CECCAWLI Quanti per cbiinetto e nastro 
E. PANCALDI Dialoghi per nastro 
A. DI SCIPIO Essai du Vide. Sclzweigen per nastro 
Z. S E ~  Taudrium per contrabasso e live electronics 

10-nov ore21 
Conservatorio G.B.Martini - piazza Rossini, 2 

Ombre e rtj7essi 
Code 
Tityrus 
Grains #3 
Valley jlow 
Indetenninato 
Sequence of later Heaven 
Studio 

per flauto, sintetizzatore e nastro 
per nastro 
per soprano, nastro e live electronics 

per contrabbasso e Mars workstation 
per nastro 

per flauto, nastro e live electronics 

per nastro 
per 13 smmenti e nastro 





 


