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ABSTRACT 
Reverberation is a sonic effect that has a profound impact 
in music. Its implications extend to many levels such as 
musical composition, musical performance, sound per-
ception and, in fact, it nurtured the sonority of certain 
musical styles (e.g. plainchant). Such relationship was 
possible because the reverberation of concert halls is sta-
ble (i.e. does not drastically vary). However, what impli-
cations surface to music composition and music perfor-
mance when reverberation is variable? How to compose 
and perform music for situations in which reverberation 
is constantly changing? This paper describes Wallace, a 
digital software application developed to make a given 
audio signal to flow across different impulse responses 
(IRs). Two pieces composed by the author using Wallace 
will be discussed and, lastly, some viewpoints about 
composing music for variable reverberation, particularly 
using Wallace, will be addressed. 

1. INTRODUCTION 
Up until the beginning of the twentieth century, engineers 
and architects knew little about reverberation, thus, could 
not plan in advance how a concert hall would sound after 
being built. In fact, the acoustical quality of many build-
ings designed for music was the result of pure chance [1]. 
That situation changed with Wallace Sabine (1868-1919), 
an engineer who is considered the father of architectural 
acoustics. Sabine discovered the mathematical relation-
ship between size, materials of a room and its reverbera-
tion time [2]. His discovery revolutionised architectural 
acoustics.  

Acoustic reverberation within closed spaces is 
more or less stable, which means that if conditions re-
main the same its acoustical qualities do not change dras-
tically. This is why people are able to assign certain so-
norities to certain generic spaces (e.g. cave, a bathroom 
or a hall). Additionally, the reason why some musical 
styles sound best in certain reverberation conditions (i.e. 
certain halls) is due to the fact that acoustic reverberation 
is stable [3]. Imagine a choir singing plainchant music in 
a cathedral or the same performance sang in a beach. The 

performance would sound quite different at both places 
but maybe would sound more appropriate at a cathedral. 
This is not only because we are accustomed to hear that 
kind of music in reverberant places but also because it 
flourished and matured in cathedrals and basilicas. 

The advancements of analogue sound technolo-
gies during the twentieth century triggered many im-
portant investigations within the areas of music, sound 
and space. Apparatus such as loudspeakers and micro-
phones had many implications for music composition and 
performance, particularly because it promoted new ideas 
to approach and work with space, thus, with reverbera-
tion. The piece I’m sitting in a room (1969) by Alvin 
Lucier represents an example of such experiments. A 
good historic introduction to how musicians and engi-
neers employed efforts and imagination to develop me-
chanical machines and digital algorithms to simulate re-
verberation can be found here [4].    

Nowadays, many halls are equipped with speak-
ers, microphones and specific materials to overcome par-
ticular demands (e.g. voice intelligibility) or to make a 
given space to sound in a certain way. In fact, there are 
rooms that offer the possibility to change its reverberation 
characteristics by varying its wall panels (e.g. Espace de 
projection in IRCAM). Such possibility allows, for ex-
ample, adapting reverberation time of the space to the 
demands of each piece during a concert.    

Using computers one can compose music using 
simulations based on a “real” reverberation (i.e. the re-
verberation quality of a specific hall) but it is also possi-
ble to create imaginary reverberations. Regarding the first 
case, IR’s are usually used in combination with convolu-
tion algorithms to simulate the sound of a specific sound 
source (e.g. voice) in a given space. This is useful, for 
example, to give musicians the impression of being at a 
specific place while they are being recorded in studio 
conditions [5]. Regarding the second case, one is able to 
develop reverberation algorithms that output a sonic re-
sult that does not derive from “the real world”. These are 
only two examples about the use of computers to develop 
work focused/about reverberation. The work being done 
relating computers and reverberation is quite extensive 
and, nowadays, it has a big impact to simulate acoustic 
situations (i.e. auralization) as well as helping designing 
concert halls [6].  

During musical performances, the acoustical re-
verberation quality is usually “static”. This is very useful 
because reverberation dramatically affects our perception 
of the space but also musical performance (e.g. dynamics, 
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tempo, rhythm, pitch, timbre). Composers compose mu-
sic having in mind a given space (i.e. stable reverberation 
conditions) and it is based on that assumption that a com-
position can be performed in other spaces and still be 
faithful to the compositional ideas.  
 In electronic music composition, reverberation is 
frequently presented as a way to add depth (i.e. distance) 
to sounds. Although many different types of reverbera-
tion can be employed in a piece, as well as the possibility 
of automating its parameters using Digital Audio Work-
stations (DAWs), the author believes that the “composi-
tional” approach to reverberation is usually passive. This 
means that reverberation is not frequently used as a com-
position building block but instead as an element to high-
light other features or to “colour” the sound. For instance, 
the piece Turenas (1972), by John Chowning, employs an 
algorithm to change the reverberation according to inten-
sity of the direct signal, however, it was devised to study 
the perception of distance and movement of sound using 
loudspeakers (i.e. localization and distance) [7]. Nonethe-
less, there are compositions that use variable reverbera-
tion in real time as a structural feature, such as in the 
piece NoaNoa (1992) by Kajia Saariaho. In this piece, 
reverberation is changing according to the intensity of the 
sound of the flute. According to the notes in the score: 
“The general idea here is: the quieter the sound, the long-
er the reverb”.    

2. WALLACE 

2.1 Aim 

Wallace (see Figure 1) is a software application to foster 
music compositions based on variable reverberation. Its 
implementation design is aimed at: 1) offering an easy 
way to make sound “travel” across independent reverber-
ations automatically 2) exploring the relationship and 
implications between composition and performance of 
music in contexts in which reverberation is constantly 
changing. 

 

Figure 1. Wallace 

2.2 Overview 

Wallace makes a given audio signal to flow across differ-
ent reverberations according to specific transition behav-
iours. Each sound signal from a given sound source is 
sent to a specific reverberation scheme (see Figure 2). 
This scheme performs real-time convolution with differ-
ent IRs, thus, making the audio signal to flow across “dif-
ferent spaces”. For each reverberation scheme, the user 
chooses four IRs from a default collection of IRs. The 
next step is to choose the transition type across the IRs. 
The final step consists on adjusting the gain level of each 
IR output. 
 

 
Figure 2. Audio signal flow in Wallace  

2.2.1 Technical Info 

Wallace was developed in MaxMSP [8]. By default, the 
total amount of possible sound sources is five. The sound 
sources can be sound files or live sound input (i.e. micro-
phone). The convolution process is performed using the 
HISSTools Impulse Response Toolbox [9], particularly 
the MSP object multiconvolve~. This object performs 
real-time convolution.  

The default IRs are included in an external fold-
er named “IRs” and were retrieved from The Open 
Acoustic Impulse Response Library (Open AIR) [10]. 
The user, however, can add more IRs to the database and 
use them. Wallace, by default, is ready to output to a 
quadrophonic system, yet the user is able to choose a 
stereo output.  

2.2.2 Transistions 

The GUI (see Figure 3) defines a squared area to allow 
the user to visualize the transitions across the IRs. It fea-
tures a small black circle that, according to its position, 
signals which IRs is being “used” (i.e. heard) to process 
the audio signal. The closer the circle is to a “speaker” 
within the defined squared area (i.e. specific number as 
displayed in the GUI), the louder that specific convolu-
tion process (i.e. sound result) is heard. If the circle is in 
the middle of the squared area, however, the sound result 
will be a mixture of all the sound convolutions. 
 

Proceedings of the 14th Sound and Music Computing Conference, July 5-8, Espoo, Finland

SMC2017-295



 
Figure 3. 

 
There are a total of four transitions options to 

manage each reverberation scheme: “off”, “circular”, 
“rectilinear” and “random”. The option “off” means that 
there is no automatic transition, thus, the sound result is 
either stable (i.e. same reverberation, thus circle station-
ary) or changing according to the user (i.e. user moves 
the circle as desired using the mouse). The option “circu-
lar” makes the circle to move in a circular fashion modu-
lated by a sine wave generator. The user defines the rate 
of that movement by increasing or decreasing the fre-
quency fed to a cycle~ MSP object. The option “rectilin-
ear” makes the circle to move in a rectilinear fashion be-
tween two extremes (e.g. 1 and 3). The rectilinear move-
ment can be horizontal, vertical or crossed. The sound 
result at the extremes is the result of one convolution pro-
cess whereas in the middle the sound result consists of a 
mixture of all the convolutions. Once again, the user de-
fines the rate of that movement by increasing or decreas-
ing the frequency fed to a phasor~ MSP object. Finally, 
the option “random” performs a random choice within the 
defined squared area and smoothly moves the circle to 
that spot. This procedure is repeated until furthermore 
instructions. 

2.3 Workflow 

The first step is to choose one of two possible sound 
sources: file or mic. The first case refers to a sound file 
while the second refers to sound input (see Figure 4). 
  

 
Figure 4. Input options 

 
The second step consists in choosing the four different 
IRs to be used in the reverberation scheme. One is able to 
choose the option “No IR”, which means dry sound (i.e. 
sound not flowing to the convolution process) (see Figure 
5).  
 

 
Figure 5. IRs chosen for a reverberation scheme 

 
The third step consists on choosing the type of transition 
behaviour (see 2.2.2.). Finally, one needs to decide if the 
reverberation scheme is delivered to four speakers (i.e. 
one IR for each speaker) or two speakers (i.e. two IRs for 
each speaker) (see Figure 6).  
 

 
Figure 6. Sound output options 

 

3. VARIAÇÕES SOBRE ESPAÇO 

3.1 Overview 

Two different pieces were composed to experiment com-
posing music based on variable reverberation. I will now 
describe those pieces, particularly focusing on the im-
pressions I collected while composing the pieces and lis-
tening to them in concert situations. 

3.2 Variações sobre Espaço #1 

The first piece is for soprano saxophone and live elec-
tronics only using Wallace. For the saxophone part I de-
liberately used musical phrases containing contrasting 
elements (e.g. high pitched sounds vs low pitched sounds, 
forte vs piano, sound vs silence). Although the formal 
structure of the saxophone score is linear (i.e. not open 
form), it is composed of many sequenced small musical 
gestures to enhance the contrasting elements (see Figure 
7).  

 

 
Figure 7. Excerpt of the saxophone score 
 
The decision to compose the saxophone score 

based on contrasting elements originated from previous 
sessions with the saxophonist. During those experimental 
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sessions, it seemed that using sharp and contrasting sound 
gestures helped to “perform” and hear the reverberation 
nuances. With the inclusion of that kind of phrasing tex-
ture in the final score, I wanted to 1) listen to its sound 
results using Wallace 2) assess if I could experience the 
saxophone sound and the reverberation(s) “in dialogue” 
(e.g. overlapping sounds and pitches). 

During one of the rehearsals, by chance, I dis-
covered that using the sound of the human voice, in com-
parison with the sound of the saxophone for the same 
reverberation scheme, I perceived much more clearly the 
different reverberations. I believe that this might be relat-
ed to 1) the spoken human voice is noisier (i.e. irregular 
spectrum) when compared to the saxophone sound (i.e. 
“regular” spectrum), thus, more radical spectral changes 
occur when the audio is being processed and 2) the hu-
man voice is hardwired to our daily experience of the 
world, thus, the humans instantly recognize the smallest 
nuances. 

This piece was performed in May 2016 and can 
be heard here [11]. 

3.3 Variações sobre Espaço #2 

This piece is for quintet (flute, clarinet, piano, violin and 
violoncello), tape and live electronics (Wallace). It com-
prises 5 movements and the tape is comprised of distinc-
tive soundscapes (e.g. forest, inside a church, in the coun-
tryside, late night at a small village).  

This instrumental setup allowed me to explore 
different facets of mixing/blending reverberations (i.e. 
IRs) when compared with the strategies I used in Var-
iações sobre Espaço #1. Such facets include 1) the articu-
lation of the ensemble (i.e. several sound sources) with 
Wallace and its consequence on the overall sound result 
2) repeat pitched notes at a given pulse (e.g. repeated 
quarter notes) to hear its sonic nuances changing across 
the different reverberations 3) use contrasting instrumen-
tal textures (e.g. tutti vs solo). Some of the questions I 
asked myself were: Will I hear many spaces blending 
with each other? Will I hear different instruments in dif-
ferent spaces? Will I hear just a single reverberation 
composed of several reverberations?  

The instrumental texture/notation used in the 
beginning of the piece is very common sounding, howev-
er, with each movement, some musical aspects are “fro-
zen” or “simplified” (e.g. note duration, the rate at which 
harmony changes, textures, dynamics, rhythm). In the last 
movement there is only a continuous and spacy melody 
played by the piano, only punctuated by slight gestures 
played by the remaining instruments. The reason I com-
posed like that was to be able to experiment and listen to 
many sonic textures (e.g. complex vs simple) between the 
sound produced by the instruments and Wallace. 

During rehearsals, I discovered that I could lis-
ten and perceive many simultaneous different reverbera-
tions when there were soundscape sounds permanently 
playing in the background. Consequently, I recorded sev-
eral and distinct soundscapes in order to build a database 
of “background soundscapes”. Most importantly, these 

soundscapes are not meant to stood out but instead install 
a quiet “background space”. 

This piece was performed twice. Each perfor-
mance occurred at a different concert hall and each con-
cert hall had contrasting natural reverberation qualities. 
The first concert hall had a pronounced natural reverbera-
tion (~ 2 seconds) and the second one had little natural 
reverberation. The experience of listening to the piece, 
particularly experiencing the transitions between different 
virtual spaces (i.e. IRs), felt quite different in each con-
cert hall. The first two movements (i.e. more complex 
rhythmical textures) seemed more interesting when per-
formed in the concert hall with little reverberation where-
as the last movements (i.e. simpler rhythmical textures) 
felt more appropriate for the concert hall with noticeable 
natural reverberation. 

This piece was performed in November 2016 
and can be heard here [12].     

4. CONCLUSIONS 
The main purpose of this research is to devise ideas about 
composing music for variable reverberation. Wallace is a 
resource to pursue such compositional intents. It is a digi-
tal software application developed to make a given audio 
signal to flow by different reverberations. In addition, 
Wallace offers possibilities to make automatic transitions 
between the different reverberations.  

The practical compositional work has led me to 
some conclusions, specifically: the spoken human voice 
is the sound that, from the stand point of sound percep-
tion, best illustrates different reverberations; the natural 
reverberation of each space plays a decisive role in the 
perceived sound output produced by Wallace, thus, each 
performance will not sound the same in concert halls with 
different reverberations. This might mean that there is no 
perfect concert hall to use Wallace, instead, each compo-
sition will be (and should be composed to be) in dialogue 
with the real and virtual space; lastly, the use of continu-
ous quiet soundscape sounds imprints a sense of back-
ground space which helps Wallace’s sound output to 
stand out. 

During the course of composing the aforementioned 
pieces, as well as implementing Wallace, I established a 
generic compositional approach (see Figure 8). It defines 
three main ideas to be addressed while composing music 
for variable reverberation, particularly using Wallace. 
The first idea suggests one to think about the balance 
between dry sound/open space/soundscape vs wet 
sound/closed space/reverberation; the second idea sug-
gests one to think about the balance between static virtual 
reverberation vs variable virtual reverberation; the third 
idea, in the case of using variable reverberation schemes, 
suggests one to think about how to employ transitions 
between distinct reverberations. In addition, the balances 
aforementioned don’t (should not) have to be constant 
during the course of a piece. Instead, it seems to me in-
teresting to shift the balances during the performance of 
the piece. 
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Figure 8. Generic compositional topics to consider when 

composing music for variable reverberation 

5. FUTURE WORK 
Future work includes the composition of new pieces, the 
inclusion of more IRs in the default database, the elabora-
tion of documentation (e.g. video tutorials and perfor-
mance videos) and the design of new models to make IR 
transitions within each reverberation scheme (e.g. more 
automatic transition movements, analyze the input sound 
of a sound source and map a specific audio feature to 
move the black circle). Furthermore, the GUI is going to 
be redesign and Wallace application and source code are 
going to be released very soon at filipelopes.net. 
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