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The feature extraction based hypersampler il grifo
nelle perle nere: a bridge between player and instrument
paradigm
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ABSTRACT the potential for live pformance. Even in its interactions
i i with technology, music is an art that is based on perfo
This paper concerns the hypersamp!er implemented forhy3nce and interptation, so “the brain of a hypem-
my piecell grifo nelle perle nerefor piano and hype  gtrument is the computer sigm that monitors musical
sampler composedn 2008and premiered during the 84 qata from the input instrument, redefines the controls on
Venice Biennale’sinternational Festival of Conterop that instrument, and acts in accordance with its- pr
rary Music, in the framework ofXVIl CIM — Colloquium  grammed musical knowledge’In this sense, in the piece
on Music Infomatics that underpins this paper, the gestural expressivergess r
The hypersampler involves readtime synthesis engine  lated to pianistic musical dynamics triggers a sonification
based on process of feature extraction as an alternative of the interpredtive data related to the materials specified
to hyperinstruments’ physical control pdigm. Features  in the score through a delicate process of featurecextra
are derived from the performance ofraditional mus tion? aimed to the conaiction of a virtual instrument that
cian on aracoustic instrument a piano_ and are used as is informed in real time by additional instrument while
a control for the mapping betweehe instataneous retaining its own identity and all the features of a musical
power spetrum of the acoustic instrumengsund output instrument in its own right, including the permeability to

the muscal dynamics performed by the pianist) and-real Nterpredtive data .
'Eime smthesisyengine'spparametersy P ) As Bullock stateda hyperinstrument system based on

feature extraction can “minimise the number of prosthetic
elements, and provide a seamless sense of interaction for
1.INTRODUCTION the performer where sound becomes both the source of

According to Tod Machover, the basic concept ofya h control and the means of gaining auditory feedback. U
perinstrument is to take musicakrformance data in NG sound as a medium for interaction removes &e r
some form, to process it through a series of computerduirement for sensors, switches and other physioai co
programs, ad to generate a musical result. The hyperi troIIers_ in or_derato convey gestural information and- pe
strument, in its most simple meaning, as it has bean co formerintention”=. _ .
ceived for the first time in 1987 for the woNklis, is This approach is consistent with that proposed by
based on musal instruments able to provide a great v Machover in pieces l& Sparkler (2002), where
riety of solutions that musicians play on the computer. Machover, Jehan and Fabio developed a hyperinstrument
The simplest method is through an instrument similar to SYStem (an acoustic instrumesiuslaptop combination)
an exiging conventional one, such as a keyboard or a@med to “expand the expressive power” of traditional
percussion. The hypersampler developedlfgrifo nelle instruments and performers by placing microphones-wit
perle nereimplements a keyboard instrument tha-b I the orcledra to capture the acoustic sound of all the
comes hypertext of another keyboard instrument, the p instruments, which was then analyzed with a laptop and
ano. The software environment has been entielyd-
opedin Max/MSP.

The parameter that really interested for long time )
Machover’s researcis rhythm. In a live performance, T. Machover, Hyperinstruments: A Progress ReporCambridge,
This can mean the musicians are required a greater precA USA: MIT Press 1992, p. 4
sion than is normally demanded, or may involve a higher Feature extraction is intended as “a form of data processing that takes

. . . a set of values and returns amore compact representatibnsef vé&
degree of rhythmic complexity, and the creation of-del ues. The compact representation is called a feature, and the inibél set

cate relations of synchronicity that would béfidult to values could be referred to as the input vector. The process of feature
play without the aid of computer. However, a theogy b  extraction is a form of dimension reduction, because it involves th

hind the development ofyperinstruments should include ™Mapping of an input vector of dimension N onto an output scalar or
vector that has dimensionality that is smaller than N'Bullock, Im-

plementing adio feature extraction in live electronic musieh. D.
Copyright: © 2014Marco Marinoni This is an opeiaccess article dk Thesissubmitted in partial fdillment of the requirements for tldegree

tributed under the terms of tiizreative Commons Attribution License of Doctor of PhilosophyBirmingham Conservatoire, Birmingham City
Unported which permits unrestricted use, distribution, and repreoida E”'Vefs”y' 2008, p 46.
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processed “to shape and manipulate a complex electronicombining audio feature extractiotimbral mapping and
‘aura’ that was added live to the orchessailind *. synthesis in the context of live electronics performance
From an interprdive and perceptual point ofew, the whereby “continuous changes in articulation and musical
hypersampler an be regarded as a minimal (two units) phrasing” lead to “highly responsive soundtmu”*".
Interconnected Musical Network (IMN) intended aator The system developed by Jahacluded real time na
ing to the definition proposed by Weinb&rgvho states  ping of extracted sound features and doatfon of e-
that “only by constructing electronic (or mechanical) scaled data in order to get completely neweniat gen-
communication channels amonggyers can participants erated by the performance on traditional instents.
take an active role in determining and uefhcing, not The researclat the basiof the hypersampler started
only their own musical output, but also their peers’. For from the purpse of developing a hyperinstrument system
example, consider a player who while controlling the intended as an IMN able to overcome the limitations of
pitch of his own instrument also continuously mamrip Rowe’s playeiinstrument paradigm: a hybrid instrument
lates his peés instrument timbre. This manipulation will not including the sensdrased approach, developed- fo
probably lead the second player to modify her plag- ge lowing theinstrumemntplayer continuunmodelpropced
tures in accatance with the new timbre that she received by Bullock™ in 2008 that etends Rowe’s player
from her peer®. Both the sensdbased (mechanical) and paradigmand nstrumentparadigm and takes account of
the feature-extractionbased (electronic) approaches are Jehan’s approach to re@ne synthesis engines based on
aimed to develop an interactive network (the hybrid-do the extraction of perceptualderes
ble instrument called the hyperinstrument system) able to The hypersampleincludes a piano, a master keyboard
combine gestural characteristics of musical integicat (e.g. EDIROL PCR1)the computer and the technical
and reatime sound processing into a “constantly evol equipment needed for the ilementation of live

ing collaboratve musical product” electronics

In 1992 Rowé proposed two distinct models of intera
tion in live electronic music: systems based payer N 5 performer _7- N
paradigm which provide a musical presence with a-pe / I \
sonality and a behavior of its own and systems based or (aura, visual. hapti)
instrument paradim, which extend and augment the- h player nybric instrument-
man performance through direct response to inputrgene P < systern "Z;i{ﬁ‘;’nr“

ated by the performer via sound or physical control. One N
possible way of overcoming the limitation of these two \”m”""‘“”“‘
paradigms is represented by the sefmmed approach,  -rosessine

which stands on the ground of most of the hypetirstr
ments, investigating the correlation between musical and  Figure 1. Bullock’s instrumenplayer continuum
physical gesture and sonic output through the usersf se model.

sors that can be attached to the acoustic instruments

and/or performers, with their outpuscaled and routed b_iH Noree Gate | Peakimier |

into live controlled sound processing algorithns the L

sensothbased hyperinstrument systenrs which ‘a sen-
sor converts physical energy ingbectricity in the ma- e

. . T
chine, ad may therefore be called the ‘sense orgdra P o

systeni®, physical performance gesture is closelyuco 5 5 5 5
pled with the audio output in a piece but “availability of e

exiging gestural controllers is limited and new cohtro § — "
lers can be expsive or timeconsuming to develop®. [Swminesis1 | [ Synnesinz | [ symnesins | [ synthesina |
In 2001 Jehan proposed a system developed wNBP L  —  —  — |

File player File player
1 2

RESPONSIVE
PROCESSING

=  computer <

FFT 512

Ampitude rde

4T Machover,Dreaming a New Musjdn “Chamber Music”, Vol. 23

t',:lo 5 October 2006! pp. 464. | Convolution 1 | | Convolution 2 |
Weinberg defines IMNs as “live performance systems that allow 1
players to influence, share and shape each other’'s music in real time”
G. Weinberg InterconnectedMusical Networks- Bringing Expression
and Thoughtfulness to Collaborative Group Playiigh. D. Thesis
submitted to the Program Media Arts and Sciencé®@of Archite- Spatialiser 1 Spatialiser 2 Pitch transposers
ture and Planning in partial fulfilmertf the requirements for thde-
gree ofDoctar of Philosophy Massachusetts Instigutof Technology, 5 5 5 5 5 E
2003, p. 4.

¢G. Weinbergop. cit., p. 22.
" G. Weinbergjbid.
.R. Rowe, Interactive music systems: machine listening and cempo
ing, Cambridge, MA, USA: MIT Press, 1992.

A. R. JenseniusAction — sound. Developing methods and tools to " JehanpPerceptual synthesis engine: An audiiven timbe gen-
study musigelated body movemerRh.D. thesis, Department of Mus erator, Master's thesis, Massadhetts Institute of Technology, 2004
cology, University of Oslo, Oslo, Norwa2007, p. 100 5.

% J.Bullock, op. cit, p. 19 12 3. Bullock, op. cit, p.16.

Figure 2. General overview of the hypersampler ienv
ronment
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The instrumental signal is captured using three anicr
phones, mixed according to different percentages in one
monophonic signal and sent to the units of processing,
which include: first stage of treatment by noise gate and
peak limiter aimed to reduce the dynamic range and make
the sound materials more easily treatable; second stage ofhere w, = 27kfJ/N, andfs = UT is the sampling rate in
treatment by processes of feature extraction (analyticHz. The STFThin numberis k. N = 512.Theneach FFT
level) and transformation of the data so obtained; third bin ~X (€“*) was convertedrom rectangular to polar
stage of treatment by synthesis (synthkvel), informed form to getbin k's instantaneousnaplitude.
by the data coming from the previous stage; fourth stage
of treatment by redime convolution (the files ni
scr_convol_1.wav and inscr_convol_2.wav are included
with the score) of output materials from the synthesis
modules; finally, fith stage of treatment by pitch tsn Only the first 32 bins are used and in particular only the
posers and sound projection by spatialising matrices co amplitudes of bins that exceed a tin@s, in order to cut
trolled in real time by the hypersampler performer. The theresidual nondeterministic corapents of the sound in
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instrumental signal processed by first stage oftimeat
is projected (transparent amplification) too bwtrmices
controlled in real time.

For the aims of this paper we will mainly focus on-se
ond and third stages of treatment, which form the hype
sampler’s engine.

addition to the deterministic harmonicrgponents The
signal so btained isthen filtered using asecond order
low-pass filter so as to obtain a ldrequency control
signal. That signal iéinally ‘converted’in Hertz mult-

plying it by an appropriate conversiorctiar and sent to
the peak extrator unit which identifies the maximum

Il grifo nelle perle nerewas written in 2008 for the
“Concerto per Ipertastiere” included ¥V Il CIM — Cal-
loguium on Music InformaticsThe first peformance
took place irveniceat the Concert Hall of Palazzo Pisani

valuesent out to theymthesis units by means of ttrég-
gercommand TR which is controlled in real time

on Wednesday October6" 2008H 5pm, during the 54 = "

Venice Biennale’sinternational Festival of Conterop Ampliuce ] '

rary Music, with the following performers: Davide Tiso, Bin separator 1-32 |
piano; Marco Marinoni, hypersampler;lvise Vidolin, T 1

sound direction. | =P | | i | ..........

2. HYPERSAMPLER'’S ENGIN E

In this chapter he typologies of sound gressing are
described, specifying the data and the variables essentiatl1
for the realization bthe hypernstrument systemFor
each treatment the values of the parameters and their si
nificance within the performance are indicated, idgntif
ing the ones intended to bentwlled realtime by the
live-electronics performer. Finally, it is providedfar-
mation concerning the setting of the contsatfacesac-
cording to corredtion curves between parameter pairs and
curves desching single parameters
Jehan’s assumption that “the timbre of a musical signal
is characterized by the instantaneous powectsum of
its sound output® represented the starting point for the
development of the hypersampler’s synthesis engine.
The typology of sound tracing developed fobrgrifo
nelle perle neréntegraesthe apprachof Jeharwith that
of Jensesiuswhich identifies three types cfound tra-
ing: “focusing on sounghroduction, timbral features or
temporal developmeht'. The feature extractiomprocess
implemerted hereuses thehird type ofsound tacing.

Figure 3. FFT analysis

In Figure 4the operationgoncerning theextraction of
e parameter arlipude in one bin and its tralasion to a
frequency scale are described.

Threshold
¥

Amplitude

>

I o

Cutoff frequency

Amplitude to frequency factor

Peak extractor

| GEN SCALE Freq | ‘

Figure 4. Translation of birk’s instantaneousna-

2.1 Spectral noise gate- Amplitude bin extractor plitude to a frequecy scale.

The value of the parameter “threshold”, that is tha-mi
imum amplitude value of single bins sent to the-jmags
filter, must be so as to neatly cut the ground noise without
compromising or altering the spectromorphologicalupec
liarities of theanalysedsignal.

The outputsignal from gak limiterunit is analyzed s+
ing a lengthN FFT of ~x,, to dbtain the STFT at time m:

B Jehanopp. cit, p.2.
YA R Jensesiugp. cit, p. 86.
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The value of theparametecutoff frequencyf the low
pass filter, is approrately set to 0.4 Hz. Number of points: 8192
The value of the parametamplitude to frequency ¢a Array: 0.3072 1. 2048 1. 3072 0.
tor, that is the conversion factor, must be determined in a
way that the maximum outpwalues don’t exceed the Synthesis 2
number 4000 and the minimum values never lower the GEN 10 (harmonic wavetable generator, reads a list of
value 20. Thésrain Generation Scals composed of the  harmonic partial amplitudes and outputs index/amplitude

32 frequency values so obtained. pairs):
2.2 Synthesis Number of points: 8192
. . . Array: 1. 0.5 0.25 0.125 0.06 0.03
The synthesis engine includes fowlock-controlled 0.015 0.0075 0.00375 0.001875 0.0009 0.00045
Grain Genertr Units, as Bown in Figure 5. 0:000225' ' ’ ' '
l Clock 1 | | Clock 2 | | Clock 3 | | Clock 4 l Synthesis 3
! GEN 24 (b.#f. wavetable generator, reads a list of
_Gran o] gh:j*njn‘w"f'ls;'dl time/amplitude pairs and outputs index/amplitude pairs):
v L7 Generator 2 pre amum = 15
R A A Generstor ERE— Number of points: 8192
A S “i"“’”"'“: Array: 0011203140
G1Gz ... Gn
. . Synthesis 4
Figure 5. Synthesisnodule GEN 9 (wavetable generator, reads a list of harmonic
partial ratios, amplitudes, and phafedriplets] and ot
m puts index/amplitude pairs):
= T— Number of points: 8192
. Array: 1.0.20.8.0.50.8.01050.2
! !
Rand - OURmin | Rand |~ AMP min Rand [+ Three different typologies of envelogENV) applica-
1 B+ ouRmex 2 i+~ Ave e A ble in a mutually exclusive way to the grains generated
I_m by the fourSynthesisinits ae required. The selection of
. an envelope is controlled in real time during the gerfo
S ) N mance, with interpolation time from one envelopete a

other equal to 6 seconds. The three typologies oé-env
lope are shown in Figuré

B

AMP FREQ

ENV

B

Figure 6. Synthesis engin&rain Generator

Jﬁ

The fourSynthesisinits require the foutifferent wae- o
forms (W) described below. In the case of implenaent ° see
tion using Max/MSP it is suggested to use the olgeat
(linear b.pf. wavetable generatpincluded inPeR®late
— A collection of synthesis, signal processing, and video The module RAND 1 controls the paramegeain du-

Figure 7. Envelopes which applp the grains.

objects by Dan Trueman (Princeton University) afd ration, by generation of random floatifmpint numbers
Luke DuBois (Columbia University*® ported from real comprised between the minimum value DUR min and the
time cmix, by Brad Garton aridlave Topper maximum value DUR max. The values of the two para
eters are mutually related so to set a range of values
Synthesis 1 which is controlled in real time during the performance

GEN 7 (reads a list of amplitudes [0. + 1.] interspersed by the liveelectronics performer. The critical values of
with a number of points (in array numbers) betwedn va that range areDUR min = 10ms, DUR max = 50ms {m

ues and generates the function in time/amplitude pairs): nimum values rangePUR min = 3000ms, DUR max =
8000ms [maximum valuasinge].

15 http://music.columbia.edu/peolate/
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The module RAND 2 controls the paramegegin am-
plitude by generation of random floatifgpint numbers
comprised between the minimum valis1P minand the
maximum valueAMP max The values of the two pam
eters are mutually related so to setamge of values
which is controlled in real time during the performance
by the liveelectronics performer. The critical values of
that range and their comparison to the values of musical
dynamics are described in Table 2

The correlation curve between tharametes DUR min
and DUR maxin connection with the \aes assumed by
a controller on a MIDI scale 1 + 127 is described in the
paragraph2.3, as well ashe curve which describes the
course of the paramettMT maxwith relation to the va
ues assumed by a corltes on a MIDI scale 1 + 127

The module RAND 3 generates random integers b
tween 1 and 32, determining tkain Generation Fe-
quencyamong the 32 possible frequencies generated by
the module GEN SCALE which form th@&rain Genea-
tion Scale As speified above, theGrain Generation
Scalemust be changed many times during the perfo
mance using the commandR (FFT 512 — Spectral

14-20 September 2014, Athens, Greece

CT1 Ymin Va1 CLOCK i
Random number generator 1
Interpolator 1 [ IT1
Ymin2 Wimax2

CT2

1 | '

Random number generator 2

!

Interpolator 2

[— (T2

CT3

h
Clock generator

L J

noise gate- Amplitude bin extractgrcontrolled in real Figure 8. The module Clock.

time, as well as th@arametetransposition interval The

performe decides, according to his interpretation an

musical sensibility, how many times the scale is changed Clock

during the performance and when, withatieih to the 1 2 3 4

musical score. CTl 10000| 8000| 12000| 10000
The module RAND 4 controls the variance of thee p | VmMinl | 9000 | 7000| 11000 2000

rametertransposition intervaexpressed in semitones and | Ymax1 | 11000| 9000| 13000| 11000

cent, which causes a random variation of the gran fr | 1T1 2500 | 2500 2500 | 2500

quency around the original value. The variations are Vmin2 | 100 | 100 | 100 | 100

comprised between 0 and the value INT maik max = Vmax2 | 7000 | 5000| 6000 | 4000

1 semitone, 27 cent. IT2 2500 | 3500| 1800 | 3200

The parameteFrequency Range Shiftin-RS) con-
trols the transposition interval (in Hertz) gplied to the
grains so that the grains’ frequency is modified a$ ind
cated by the formula:

Fregfin = (Freqinit)*n 3)

The values assumed by the parametare controlled

describes the course of the parametevith relation to

Table 1. Values for Clock’s parameters

2.3 Grain amplitude, duration, detune and frequency

shifting

In Table2 are shown the nodal points for the mutually
related variance curves of minimum and maximuri va
ues of the parametgrain amplitude The same values,
in real time during the performance. The curve which jnterpolated, are graphically represented in Figure

the values ssumed by a controller on a MIDI scale 1 <[ kKnob Min  grain | Max grain | Dynamic
127 is spedied in theFigure 12. | value | amplitude amplitude range
Thevalue of parameter (delay timg of the Delay unit [0+127] | [0.+1.] [0.+1]
is comprised between 0 ms and 1240§ and iscon- 0 0.01 0.05 ppp
trolled in real timeoo. 32 0.0278 0.1062 ppp + pp
The module Clock implements the following aar 64 0.1247 0.28 pp = p
metres and values. 96 0.75 0.99 = fff
CT1 = clock time [ms] 127 0.01 0.99 ppp = fif
Vminl= minimum random generated number [int] Table 2. Grain amplitude range values ang-d
Vmaxl = maximum randogenerated number [int] namics.
IT1T = interpolation time [m]
CT2 = clocktime [ms]

Vmin2= minimum random generated number [int]
Vmax2 = maximum random generated number [int]
IT2 interpolation time [ms]

CT3 clock time [ms]
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Synthesis - grain ampilitude renge values The variance curve for the values assigned to Hie p
rametergrain frequency shiftingare graphically reg-

127 sented in Figurd2. On xaxis we have MIDI values [1 +

3 127]; On yaxis we have values of the paramegesin
? frequency shifting
:
E Synthesis - grain frequency shiffing values
£
= -
5 % 14
s - I - Grain
E] 104 frecpiency)
ST IO T T T T T T T T IO T T T TT T IO AT TT T T AT T O T T AT T T T AT E sHﬂihg
ce 2 FHeeIBIRNGgIRIER g [(Frectin
- - - g Hz)*ri
kb wolues & -
Figure 9. Variance curves for minimum and rma = 4
imum values of parametgrain amplitude B 27
The variance curves for the mutually related minimum 0 .,Qﬁgegm A
and maximum values of the paramegeaiin durationare - -
graphically represented in Figut®. On xaxis we have knobvalues
MIDI values [1 = 127]; on yaxis we have the values of Figure 5. Variance curve for the values assigned
parametegrain duration to the parametegrain frequency shifting

Synthesis - grain duration range values 2.4 Parameters controlling

7000 1 In Tables3 e 4it is shown the assignment of parameters
a0 | Nin grcin to the knobs (Tabl8) and to the keys (Tqble of a ma-
3 700 Surction ter keyboard e.geDIROL PCR1, providing one poss
% 4000 — :)ele performance configuration fdirgrifo nelle perle re-
E 5000 4 curction '
; 4000 Knob | Parameter name Parameter range
é 3000 1 Spat matrix 1,2- step time | 50+5000 [ms]
= 2000 - 2 Spat matrix 1,2— ramp | 0.01+12.7 [mitipl.
21000 4 time factor]
ok ™ 3 Synthesis— grain ampk | 0.01+1  [mutipl.
°e 2 F Hee BINGE 23 Y R tude factor]
. - 4 Synthesis- grain dustion | 10, 50+3000, 800(
ok walues [ms]
Figure 3. Variance curve for the minimum and 5 Synthesis- grain detune | 0+1.27 [%]
maxmum values of the parametgrain duration 6 Synthesis- grain freque- | 0+12.7  [mutipl.
Th . ¢ val ianed to th e cy shifting Factor]
he variance curve of values assigned to the parameter; Output spat matrix 1,2 | 100%, 0% < 0%,
grain detuneare graphically represented in Figdre On pitch transpeers 100%
x-axis we have MIDI values [1 + 127]; orakis we have
values of the parametgrain detune Table 3. Knob assignment [EDIROL PCR1].

Synthesis - grain detune values

Key | Process name
144 1 C1 send analysis peak frequencies
12 synthesis units ¥4
g . z"::e 2 C#1 input signal— limiter out — synthesis
2 (hei- out ON (5000 ms ramp)
E 021 tones) 3 D1 input signal— limiter out — synthesis
3 07 out OFF (5000 ms ramp)
B 041 4 D#1 select envelope 1 (6000 ms ramp)
0.2 5 El select envelope 2 (6000 ms ramp)
0 drmmr e 6 F1 select envelope 3 (6000 ms ramp)
co22IB IR IRNGgYFIEE 7 F#1 select 1 grain per cloudclose sound
krob valuss (less delay 8ween grains)
] ) ) 8 G1 select 1 grain per cloud distant
Figure 4. Variance curve for the values assigned sound (more delayebween grains)

to the paramtergrain detune
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9 G#1 | select 2 grains per cloud close
sound (less delayebwveen grains)

10| A1 select 2 grains per cloud distant
sound (more delaydbwveen grains)

11| A#1 | select 3 grains per cloud close
sownd (less delaydiween grains)

12| B1 select 3 grains per cloud distant
sound (more delaydbween grains)

13| C2 start pitch transposers

14| C#2 | stop pitch transposers

15| D2 start synthesis

16| D#2 | stop synthesis

Table 4. Keysassignment [EDIROL PCR1]

3. DISCUSSION

In Il grifo nelle perle nere virtual instrument is instxd
on a traditional igrument, giving rise to a higrid be-
tween mechanical and computer using dataextracted
from themusicalinterpretation of the pianisb control an
independent virtual system, which meets the requir
ments of a hyeiinstrumen andrealizes the statement of
Machoveraccording to which the goal of a ffinstru-
mert would be“to produce music of unprecedented-su
tlety, canplexity, richness, ah expressive power that is
intimately, but not obviously, linked to the original intent
of the performgcomposer'®. Machoveis approach d-
wards“double” and “triple instruments’, in which two
or more people are playing a singlepbynstrumen, is
not urike the one at the base bfgrifo nelle perle nere
where a“double instrumerif the hypersampleris con-
trolled, at different levelsby the pianist and by the ke
board performerthe first by changing the intensityap
rameter through the instrumentdynamics affects a
number of parameters includirtbe choice of the pitch

14-20 September 2014, Athens, Greece

strumen systemto enhance its sensitivity to the most
subtle variaions of the pianist’'s interpretatiorand use
that ability to amplify the performancender the strict
controlof the two performers

Consistently with Machover’'assertions about thent
portance of the conceptual simplicity of the interfabes
system is easily understood by the performéro has a
chance to become aware about the specific relationghip
causality(semi-deterministic andound to the interactio
with thelive electronicgperformej that binds his actions
to the production of the sound output by the system and
through goeriad of practice refine his perfaomance.

In this way the system is partially controllEbby the
instrumental performemwhich can achieve a level of wo
trol over the musit¢hat is even greater than it has imge
eral

The computerdoes notplay a partisolated The pe-
formers have the opportunity to check the resaitd to
take on more roles from a musical point of vjelgperd-
ing on theparticulardirectiontheydecice to give theper-
formancefrom time to time while keeping unchanged
the more general andacroscpic aspect®f the musical
result

The relationship control independencdbetween the
two electronic performe)f is medided by the machine
(the hypersamplgr which assumes the role aouble
instrumentformed bytwo performers that work together
to controla complex istrument,each of whichcontrd-
ling only partof the final resut.

In Il grifo nelle perle nerethe hypersampler isnaor-
gansmwith individuality and aimed at structural change
in tems of percetion of a preexisting irstrument the
piano)to obtain a hybrid instrumenthat is partly phyis
cal instrument anghatly virtual, and includs that “par-

scale from which the synthetic sounds are generated byial and expectedunpredictability *° which was ma-

the computer these sounds, processbyg convolution,
are controlled in real time by the secomdich in turn
can change theumber of sounds produced at the unit of
time, their density, their positioning within thevirtual
space providing the first performer a new musical gt
rial on which nteract in a continuaus andfertile creative
feedbackmechanism sincedouble instrumet performers
“must relate their musical gestures not only to the tiegul

sound as in traditional instruments, but also to the gesture

and sound of the other fjermer”*®

The choice of musical materisdgmed to emphasizhe
elemens submitted to themgoping allows the hpeiin-

T, Machover Hyperinstruments: A Progress Repast 7.

7 A double instrument is conceived for two musicians that fgeh-
er on separate physical controlle(ene of those can be an acoustic
instrument) to breed ahybrid instrument‘'so that each musician can
influence certain aspects of the music, but kpédyers are required to
perform in enseble to create the entire musical result” [Machowgr,
cit, p. 27. For example, in Machover$owards the Centethe ke/-
board player controls ¢hoverall sound spectruathe partials, the ha
monic series, the spectromorphologic qualities of sounwhile the
percussionist controls the behavior of each partial, like a nsicope
where one bserver acts on a smaller portion (contnzisre extended
part9 while another observer acts on a greater pofgortrols smaller
parts internal to the parts controlled by the other obsérver

18 T. Machover A Progress Reparp. 28
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tioned earlier as distinctive feature of each Btrumeral
practice tradtiond or contempoary.

This variability factorthe levelof influence of the piano
on the electronic transforniah / generatiorof sound is
sometimes clear ardirect, other times morédirectand
mysteriaus according to the particuldittering thatinter-
vere on the datan coninuousvariation
The relationship between the pianitte live electran-
icsperformer and the hypsamplertakes place on several
levels, through multidirectionahnd highlyreconfigurade
processes

The hypelinstrument systenis programmedso as to
discernwhat dataconsidered sensitive depending on the
proces and of itspostion in time, and then esthis data
together with the choices made in real time by lihe
electronics performefchoices that can change this data
in connection with thénterpretivechoices of the pianist
which determire, in a flexible way, to a level of quality,

9w, Marinoni, Comporre per gli iperstrumenti. Il sistema

iperstrumento comegente intermediatore tra I'esecutore strumentale e
i processi di trasformazione/generazione del syétoD. Thesis, Qo
servatorio di Venezia, 200p. 34
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choice ofmateralsand their posibning in the proces of
transformdion / generation

The second order 1:Imapping is implementedvia
software (the environment has been entiddyelopedn
Max/MSP) and the feature extraction procedsch is
implemented on #traditional instrumentdoes noimply
structural changehis increases the level odproducibl-

ity, not bound to the contexir the availability of spedfic [4]

technologies, however,placing a question of theoredl
order is the differencebetween whaive call generally
live-electronicsand what we call a hyperinstrument
linked to the use of techramjies such as sensors etc., as
Machoverand theMIT researchers seem to say, oris it a
difference of higherorder (multiple instrumerts, different

in natue, acmusgic and electroni¢ with specfic perfom- [6]

erswho play perfamances interconieted according to
Weinbergs theory which form a single hybrid instr-
ment equipped with its own identitygualitatively differ-
ent from the sum of the identities of thedimidual in-
strumerts involved the typerinstrument system) and the
hypelinstrumens are but a subset of the broadeakegory

of live-electronics?

(8]

4. CONCLUSIONS AND FUTURE WORK

Assuming with Benzon that musis fa medium though
which individual brainsare coupled together in shared

activity’ 2°, the hypersampler can bensidered as a basic  [9]

Interconnected Musical Network (composed of two
units), that is a “live performance system that allowpla
ers to influence, share, and shape each other's music in
reattime” ?, being also a feature extractidriven dai-

ble instrument in which an acoustic instrument'¢®m-
plemented by delicate electronics played and transformed
by a keyboardvith-laptop [...] creating shiftg textures

that ‘fuse’the various instimental lins”%.

From the musician’s perspective, the hypersasmger b
haves intitively and predictably. The control features of
the tradtional instrument are used “as input for the model
of a different instrument® that is the hypersampler sy
tem and the resultingybrid double instrument is pefze
tually meaningful. Future work will include algorithms
that extract more control features and the extension of
this approach to different instruments such as flute and
violin.
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