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Abstract

Immersive audio is today’s trend in the Media Industry, devoted to offer a
new perceptual experience for the users and a lot more possibilities for sound
designers. Going beyond the actual audio exhibition systems commonly used
at home, in movie theaters and even in sound installations, the 3D audio
technologies are designed to take full advantage of the use of space, but being
independent of any particular speaker configuration or layout, to create a
natural listening experience in which the user perceive sound coming from
locations anywhere around him. This project is oriented to explore and
experiment with the technology platform developed in the Audio Group of
Barcelona Media Innovation Center to create audio effects that will serve as
tools for music creation and performance from a 3D perspective. Four
different case studies are presented as methodologies and research source;
using signal processing techniques, efficient real-time audio-oriented processing
software and spatialization algorithms to render 3D audio. A general
framework is presented as strategy to develop audio effects that are designed

to be reproduced in three-dimensional audio exhibition systems.
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1. Introduction

A 3D audio system is a system capable of rendering a natural listening
situation based on sound sources located anywhere around a listener. To
design such a system there are two basic approaches. The first is to
completely surround the listener with a large set of speakers, which allow the
exact (or approximated) sound field reconstruction of an auditory event. The
second is to reproduce only at the ears of the listener the acoustic signals that

would occur in the hearing experience to be simulated.

In a multichannel setup, the sounds are actually created by the loudspeakers
but the listener’s perception is that the sounds come from arbitrary points in
space. Thanks to this phenomenon the system enhance the sense of immersion
for a group of listeners by reproducing the sounds that would originate from
several directions around the listeners, thus simulating the way we perceive

sound.

Spatial auditory systems are nowadays the next step, in the media industry,
to grab the attention of a public by means of a greater involvement and
emotional impact. To achieve these sensations, special effects and unexpected
features for a creative-virtual sound field design should then be developed as
well as tools to: recreate a real-life situation and offer better realism in the

reproduction.

1.1. Scope and Orientation

The main goal of the present work is to explore and exploit the capabilities of
a 3D audio reproduction system, related mainly with the use of space, by
extending some properties of already existing stereo audio effects to design 3D
audio effects that go beyond the limits imposed by the actual stereo or 5.1
exhibition systems. The research work takes part inside the “Barcelona Media

Innovation Center” 3D Audio Group, which among other fields, studies the



use of multiple speaker setups in music production, reproduction and

performance and also the technology that supports it.

The approach consist in using the technology platform that the 3D Audio
Group has, namely, the software development tools for source spatialization
and audio processing, and the 22.2 speaker exhibition system, to develop a set
of audio effects and processing block-sets that may offer a new perceptual
experience to the users, experimenting with possible meaningful applications of
3D audio as a new upcoming technology. A challenging issue that one
encounters when dealing with many different 3D exhibition systems, is that
each system may have a different setup, i.e. (number of speakers and its
locations), causing that a particular audio “processing” designed for a
particular exhibition system not to be useful or usable in some others,
therefore, the philosophy within this research of rendering 3D sound
independently of the exhibition system.



2. State of the Art

This chapter is structured as follows. The first section of this review, present a
summary of existing and well known audio effects implementations widely
used in music production and performance. In particular time based
modulations, delays and reverberations algorithms are described since these
types of effects are more suitable for 3D audio exhibitions systems. The
following section is devoted to the spatialization algorithms of sound sources
and technologies that can be considered as independent of the final speaker
setup. The final section gathers information about relevant research works in
the area of 3D music performance, immersive spatial audio installations and

sound spatialization by means of various loudspeakers.

2.1. Time Domain Audio Effects
2.1.1. Delay Lines

Since the very beginning of the digital signal processing and computer music
era, the delay line has been extensively used as a basic block in software
synthesis languages due to its easy implementation of a constant delay in
comparison to the analog methods. Delays lines are used to implement audio
effects, such as pitch shifting, reverberations or to model wave propagation in
musical instruments, where not only constant delays are needed but also
dynamic variations of the delay length. A circular buffer, which is accessed by
a writing pointer and a different reading pointer, allows to have a variable-
length delay line by changing the relative distance between these two pointers
sample by sample. Like any linear time invariant operation, a delay can be
considered in a transform domain. The transfer function of this system in the

z-domain can be devised in the Figure 1 and be written as:
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Figure 1. An ideal discrete- time delay system.

Depending if the delay network is based on a feedforward approach or in a
feedback loop, a FIR or IIR comb filter realization will be respectively
obtained; the main differences between both implementations are that the
frequency peaks get narrower as the magnitude of the loop gain come closer to
1, and that the gain grows very fast for the infinite response implementation.
A general form network using both topologies is called the Universal Comb
Filter and it’s simply the use of only one delay line unit connected through
feedforward and feedback loops each one with its proper gain. The network, as
shown in Figure 2, is simply an allpass filter whit the M sample delay operator
Z™ and an additional multiplier FF. The special cases for differences in
feedback parameter FB, feedforward parameter FF and a blend parameter BL
vary the functionality of the system [28]. An extension of the above universal
comb filter to a parallel connection of N comb filters and how to use it for

echo, slapback and reverb effects are deeply explained in [28][24].

Figure 2. Universal Comb filter.



2.1.2. Fractional Delay Lines

In a digital world the sample rate must satisfy the Nyquist criterion and as
such it impose the minimum delay that can be achieve by a delay line, since it
operates by delaying the signal an integer number of samples. The fractional
delay unit [27][32] is then the digital domain approximation of a continuous
time analog delay line; it means, assuming uniform sampling, a delay that is a
non-integer multiple of the sampling interval. In order to allow for fractional
lengths, some form of interpolation has to be applied at the reading point
inside the delay line buffer and for this; at least three properties should be
ensured: flat magnitude frequency response, linear phase response and
transient-free response to variations of the delay [7]. A block diagram for a
delay line interpolation can be devised in Figure 3, which has as starting point
a delay line of length M samples. As in any delay line, the new input sample is
accepted in the first position of the delay line (sample 0), making it necessary
to discard the oldest value. The output of the delay is not the last sample but
rather an arbitrary tap in between, and because its smoothing movement
around a tap center, an interpolation method between samples is necessary;
sees Figure 4. For audio applications in particular, proposed algorithms for the
samples interpolation can be found in [16] and [7]. All of these methods
perform interpolation of a fractional delayed output signal with different

complexity and performance, which are summarized in the work by [7].
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Figure 3. Basic block of a variable length delay, as used for vibrato.
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Figure 4. Fractional delay line with interpolation.
2.1.3. Audio effects based on Delay Lines Modulation

What became a standard topology used in the industry was proposed by [16]
for the implementation of a few of the most common audio effects based on
fractional delay units [26]. Namely the Chorus and the Flanger effects can be
obtained with the circuit shown in Figure 5. It is based on an all-pass
interpolation towards a general all-pass comb filter. The main modification is
the introduction of a negative feedback path into the delay line, whose tap
point is separate from that of the feed-forward path but fixed at the center of
the modulating delay in the feed-forward path.

blend
(x)
NS
feedforward
vibrato
~— | - modulating tap
[ tap conter
x[n] N
z 4
3 sarme tap center
a fixed tap
feedback
()
2/

Figure 5. Standard effects structure based on an all-pass interpolation.

For the Flanger effect [18], the consequence of adding two signals at the input
is to introduce a comb of moving troughs into the signal spectrum, and the
deeper and selective these troughs are, the better. The opposite happens with
the Chorus, since these troughs are not wanted, situation that force the
inclusion of unequal amounts of original signal and delayed replica to limit

their depth. As is explained in [16] the choice of not feedback the modulation



is because it induce pitch changes, situation that produces each time more

pitch change and too fast, even for the chorus or the flanger.

The Table 1 indicates the settings of the parameters for obtaining different
effects. All listed effects can be implemented using the same network by using

the gains parameters and also the appropriate tap center for the modulation.
See Table 2.

Table 1. Parameters settings. [16]

Effect Blend  Feedforward  Feedback
Vibrato 0.0 1.0 0.0
Flanger 0.7071 0.7071 —0 7071
Industry standard

chorus 1.0 0.7071 0.0
White chorus 0.7071 1.0 0.7071
Doubling 0.7071 0.7071 0.0
Echo® 1.0 =1.0 <1.0

Table 2. Approximate effect delay range (ms). [16]

Effect Onset Nominal Range End

Vibrato®? 0 Minimal 5

.Flange 0 1 10

Chorus 1 5 30

Doubling 10 20 100

Echo 50 80 ©
2.1.4. Granulation

Sound granulation is based on building complex sounds from small units
called grains and philosophically inspired on the theory developed by Dennis
Gabor in 1947, who created the idea of the quantum of sound: In which a
granular representation could describe any sound. The pioneers in methods for
synthesizing complex sounds using this small audio fragments in a computer
music framework were Tannis Xenakis (1971) and Curtis Roads (1978), both of

them relying on the production of a high density of small acoustic events



called 'grains'. A sound grain lasts a short time, which get close to the
minimum perceivable event for duration, frequency and amplitude
discrimination, typically between 10 and 30 ms [2]. Key to all granular
techniques is the grain envelope. For sampled sound, a short linear attack and
decay prevent clicks being added to the sound. Changing the slope of the
grain envelope, in classic micro-sound practice, changes the resulting
spectrum, sharper attacks producing broader bandwidths, just as with very

short grain durations [6].

Despite the mathematical complexity of some of the granular models used
today, granular synthesis is somehow attractive to composers because of its
conceptual simplicity: small fragments of sounds are superimposed to
construct more complex sound material. Since 1987, Barry Truax [3] have
used this technique extensively to process sampled sound as compositional
material, at the beginning being limited only to short "phonemic" fragments,
but later longer sequences of environmental sound were used by him in
different many pieces. In each of his works, the granulated material is time-
stretched by various amounts, producing a number of perceptual changes that

seem to originate from within the sound |[2].

If we consider two signals: x(n) and y(n) as the input and output respectively,
then a grain g, (i) can be extracted from x(n) by using a windows function

w(i) of length L, as it follows:

g () = x4 i, )w, (D i=0.. L (2)

where, i, indicates the time instant where the segment is extracted and L,
determines the amount of signal to be extracted. The type of window used will
affect the frequency content and will determine the grain limits by proper

fade-in and fade-out computation.

For synthesis the formula is given by

yin)= ¥ agn-n) (3)



where a, is an amplitude coefficient and n, is the time instant where the grain

is located at the output .

With the previous definition as starting point, many different implementations
with different sound characters can be found in the market, for example,
depending on the strategy to pick the synthesis instants; where, deterministic
functions are used for synchronous methods, meanwhile asynchronous methods
are based on stochastic functions. It is also possible, by using a time
transformation such as modulation or time stretching, to modify the grain
waveform and thus the sound textures. A complete set of parameters,

strategies and perceptual results for different algorithms can be found in [28].
2.1.5. Doppler Effect

The Doppler effect is perceived as a pitch change in the sound produced by a
source due to the motion of the source and/or listener relative to each other.
We usually appreciate the pitch shift due to the Doppler effect in non-musical
situations, like a train or ambulance passing by, and it can be so relevant that
it can impose a perception of motion between the source and listener even
when other cues may indicate a static relation between emitter and receiver.
The physical concept can be explained easily with the following formula,

normally found in basic physics books,

l+v, /c

(o =, (4)

1=v,/c

where o, is the radian frequency emitted by the source at rest, ®, is the
frequency received by the listener, v, denotes the speed of the listener relative
to the propagation medium in the direction of the source, v, denotes the speed
of the source relative to the propagation medium in the direction of the
listener, and ¢ denotes sound speed. A very clear analogy is described in [19]
to understand the physical concept: “The air can be considered as analogous
to a magnetic tape which moves from source to listener at speed ¢. The source
is analogous to the write-head of a tape recorder, and the listener corresponds

to the read-head. When the source and listener are fixed, the listener receives
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what the source records. When either moves, the listener observes a Doppler

shift, according to the previous equation”.

In previous sections the time-varying delay line was presented along with its
consequence: a pitch shift; that is why most of the implementations use this
basic unit to simulate a Doppler effect. The effect can be achieved by
calculating a modulation of the phase of a previous recorded audio according

to the delay definition:

¥in}= xin - INn))

where D(n) is the modulating factor, that is now dependant on a modulating
signal x ,(n). Here the pitch of the input signal x(n) is following the envelope
of the modulating signal, as is depicted in Figure 6[28]. The performance of
the Doppler shift will depend on the interpolation method used in the
fractional length delay, as some artifacts may appear if the modulation

products affect the transposed signal.

x(n}
o—s x{n-1) | x{n-2) b ---- w x(n-M)

i
i
¥

¥n-L)

4 ¥(n)
| Modulation Depth ~ ————o

xl::iud(n)

~=Control

Figure 6. Pitch controlled by envelope of signal x,, ,(n).

2.2. Spatialization Techniques

2.2.1. Ambisonics

Ambisonics is a 3D audio multichannel technique based on the description of
the acoustic field on a point in space through the decomposition of the
pressure in a set of functions called spheric harmonics |21]. At the beginning,

it was limited to a first order expansion implying the encoding of the spatial
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properties of the sound field using the pressure and three components of the
pressure gradient. It can be demonstrated that all the information of an
acoustic field in a given point can be totally codified with order 0 and 1
microphones capturing in a coincident configuration. These four signals are
called B-format, and are refereed as {W, X, Y, Z}. As shown in Figure 7, the
W signal corresponds to an omni-directional pressure signal, while the X, Y
and Z signals, capture information on a bidirectional form, each one of them
oriented on one of the three directions of a three dimensional Cartesian space.

Using a spherical coordinate system:

|| 2
FemaXx 4 ¥ +2

}I

g - arctan[;) (6)

I
= arctan| ———
[\'I'+_‘j']

where the angular dependency of the sensitivity of each transducer can be

expressed as follows:

X = cos{ ) cos(g)
¥ = sin(#)cos(g) (7)
£ =sinfg)

Height

Front

Figure 7. Polar patterns of the B-format encoding.
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For obtaining signals in B-format, the SoundField microphone [33] is being
used widely in the media industry; providing analog and digital versions,
combined with unit controls for decoding and manipulation of signals on a
post-production level. The microphone in constructed with four sub-cardioid
capsules, arranged on the vertices of a tetrahedron and whose sensitivity is

described by the following function:

where n is an unitary vector in the direction of maximum sensitivity, p is the

sound pressure and p,,,, is the output signal of the transducer.

The direct form of the captured signal, are called the A-format, from which
the B-format is obtained using a linear transformation. In the case of the
SoundField device, the transformation is computed inside the control unit,

providing the B-format at its output.

W 1T 1 1 1YL,
X 1 =1 1 =1}R
- (9)
]"r 1 1 "'1 "'1 Lu
Z 1 =1 =1 1AR

In the reproduction stage, the B-format has to be decoded according to the
specifications of the terminal, (number of speaker and its positions) and be
configured in such a way, that the sound reproduction in the given system can
produce signals in the “sweet spot”, as similar as possible to the {W, X, Y, Z}
recorded signals. By doing this, a maximum fidelity reproduction is assured
for the encoded acoustical scene. The Ambisonics approach has the advantage
that the B-format content remains independent of a particular reproduction
layout at the exhibition stage; resulting in a flexible and versatile approach

compared over channel-per-speaker techniques.

The main problems with Ambisonics are: that the encoded audio field is

correctly heard on the condition that the listener is located on the center of
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the speaker array (“sweet spot”), being it too small for first order
Ambisonics|[12], and that the angular resolution is not very high, due to the
necessity of reproducing a sound object in all the speakers to locate the source
in a particular point in space. Even so, first order Ambisonics is ideal for

coding reverberant and diffuse fields, as well as ambient sounds.
2.2.2. Vector Based Amplitude Panning

The technique is an extension of the panning method used in stereo
reproduction, where the source is located between two speakers by adjusting
the amount of signal that its sent to each loudspeaker (usually with a pan pot,
in a mixing desk); and that relies on the perception of a phantom image

between the speakers that the brain creates.

channel 3

; active triangle
vitual - 73N\ . /I 12
. ‘ A rC
source - o g S anne
ir ’
W
!

#

channel 1

Figure 8. Triangle scheme for the three-dimensional source location.

The 3D generalization was developed by [29], considering three loudspeakers
forming a surface of a three-dimensional unit sphere equidistant to the
listener, to locate a source in space. Each loudspeaker position is defined by a
unit vector with origin in the center of the sphere L, i=1,2,3, defining the
directions of the loudspeakers. The direction of the virtual sound source is
defined by the unit vector p=[p;, Py, py|’, as can be devised on Figure 8.
Analogically to the stereo panning, the virtual source vector p can be
expressed as a linear combination of the vectors 1;, 1,, 1, using g,, g, and g, as

gain factors.
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p=gh+g.l +p.l

) (10)
pl -;EL.-'I
and solving for g,
“n by ks I
E= Frf-ﬂlza_l = [F"l - F.‘-] by fy Iy (11)
by by iy

The previous eq. makes a projection of vector p to a vector based defined by
Ly, in a similar way as in the two-dimensional case |30|. For the proper usage

of the computed gains, a scaling factor must be computed

eg
L = . - (12)
YE vE, FE,

One important generalization of the system is explained by[29|, arguing and
proving, that when the three loudspeakers are placed in an orthogonal grid,
the gain factors calculated with the three dimensional VBAP are equivalent to
the absolute values of gain factors calculated in the three dimensional

Ambisonics system.

The extension of the technique for more than three loudspeakers should be
done triplet-wise and for each of those triplets the following conditions should
be met: First, the loudspeakers of a triplet should not be all in the same plane
with the listener and, second, the triangles should not overlap and should have

as short sides as possible. See Figure 9.
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Figure 9. Three-dimensional VBAP system with five loudspeakers.

The advantage of this method is that it provides a bigger sweet spot, since all
the loudspeakers that are not close enough to the source don't produce any
signal, which is ideal for locating point-like sources. But in the other side, The
VBAP technique finds it difficult to reproduce reverberations, diffuse fields or
ambient sounds. A complete full discussion of the capabilities of VBAP and a

methodology of spatial sound evaluation for VBAP can be found in [30].
2.2.3. Wave-field Synthesis

The Wave-field Synthesis technique is based on the Huygens principle,
according to which, the acoustic field generated by a source can be
reconstructed inside a volume free of sources if the pressure and gradient
pressure can be known in the boundary of the two volumes. Considering a
space Q1, in which all sources are inside, and the complementary space Q2,
the WFS theory allows expressing the pressure field in all points inside Q2 as
if it were generated by sources located in the boundary between both spaces

0s. The general formula is:

piny- [ [ a8
02 - . (13)
J e[ 8UF = B0 = 1,)0¥p, (.8,) - py (e, We(P - Bt - rnj]}

where 7 is the unit vector orthogonal to the surface S of the frontier, 7, is the
variable of integration and t, and t, are the extremes of the time interval of
the duration of sound. From a mathematical point of view, the problem is

solved using Green functions and the pressure field at any time t at position 7
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inside Q,[5|. Therefore, to obtain the necessary information for the
reconstruction of the sound field, microphones arrays should be necessary to
capture the pressure and gradient pressure on the boundary surfaces 0s. For
the reconstruction of the field, these signals need to be played back by means
of baffled loudspeakers (closed back, monopole radiation) and non-baffled
loudspeakers (sound radiation on both sides, dipole radiation) respectively,
located at the same points where the microphones were put during recording,

see Figure 10.

e

; s

1

/

kS ¥
N S

— g0

Figure 10.Acoustic field recording and reproduction in a WFS system.

Theoretically WF'S it is a better technique than the two previously mentioned,
but it is in most of the cases impractical and unrealizable. The most
restricting boundary condition is that the system produces the sound field
accurately only if the loudspeakers are at distance of maximally a half
wavelength from each other, condition that impose that the centroids of the
loudspeakers should be a few centimeters from each other to be able to

produce high frequencies appropriately|30].
2.2.4. Binaural Coding

Based on psychoacoustics, binaural recordings preserve the necessary spatial
cues used by the brain to perform localization and size estimation of sound
sources as well as source distance and environment perception. The technology
is based on the recording of sound events with two omni-directional pressure
transducers located in the ear canals of a subject or inside a dummy head, so

that each signal is then unambiguously played back using headphones.
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Binaural coding of mono sources is achieved by convolving the signal file with
a Head-Related Transfer Function (HRTF) filter database [17]. A HRTF
describes how a given sound wave input (parameterized as frequency and
source location) is filtered by the diffraction and reflection properties of the
head, pinna, and torso, before the sound reaches the transduction machinery

of the eardrum and inner ear.

The hearing experience of binaural recordings improves when its combined
with head-tracking systems, so that rotations of the wuser’s head are
compensated in real time to simulate a real auditory scene; so that, as in real
life when a subject rotate his head, also do the acoustic scene[31]. One
drawback of binaural recordings is that the user may suffer from non-
individualization of the HRTF’s, resulting in a mismatch between the HRF'T
used during the recording and the particular filter characteristics of the pinna
and head of the user; situation that causes difficulties to localize sounds,
confusions between front and back and non-externalization of some auditory

events|12].
2.2.5. Source Extent Rendering

A review of the psychoacoustic phenomena involved in the perception of a
sound source extent is presented in [12|. It is shown that the perception of the
size of a single source is controlled by the pitch, duration, loudness and type
of signal emitted by the sound source. For multiple sources several
experiments are studied, to demonstrate how the position and level of
coherence between sources affect the perception of the extent and to link
reverberation with a decrease of the IACC, resulting in wider apparent source

width and an increased impression of spaciousness [13].

Several methods and techniques have been used to artificially control the
sound source extent [14]|. For stereo systems, thanks to the work by Blumlein
in 1933, many audio engineers have use decorrelation between the two
speakers channels to produce mnice, delightful and spacious musical
productions. The Mid-Side (MS) recording technique have been used for this
purpose; it uses one cardioid capsule pointing the scene and a bi-directional

capsule perpendicular to it, capturing the sides of the sound event. Varying
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the gains of each signal, before a matrixing process, affects the inter-channel
correlation of the stereo image making it convenient for controlling the width

after the recording was made.

For a 3D audio scene, sampling a broad natural sound with an array of
microphones can extend the previous concept; case in which a set of
decorrelated signals is obtained. Later, these signals are spatialized at their
proper locations to render a broad sound source in the reconstructed 3D sound
scene. As not always such an array of microphones is available to be used and
also not always is possible to record an audio event, an alternative method is
to apply decorrelation on an existent mono source to obtain a set of
decorrelated copies and use them at discrete source locations [11]. A state of
the art review on decorrelation techniques used for this purpose is presented in
[12]|, where according to the author, the Dynamic Decorrelation technique
imparts a quality of liveliness to a sound field that is missing in the commonly

used FIR implementations and other basic decorrelation techniques.

2.3. Music, Effects and Space on 3D exhibition
systems

The use of space has been an important aspect of electroacoustic music in its
different forms especially during the last decade due to the availability of tools
for spatial composing, software with automation tools and the availability of
multi-speaker setups. With the systematic inclusion of space into musical
composition, music finally leaves behind the old conceptual constraints of
music as a time-art. The computer emerges as the ideal tool for development
and puts new concepts at the hands of creative users. Some of the relevant
work involving music, sound effects and spatialization techniques to diffuse

sound in three dimensions are now presented.

2.3.1. Spatio-musical composition strategies

“Creating spaces is strongly connected to the experience of our
surroundings, and in this respect, spatial mimicry made possible with
Ambisonics can be a useful approach. When you consider very tiny sounds
building up an impression of space, then you can begin to imply a space

within which these sounds should live. If you use abstract sound material,
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it can be difficult for the listener to find the spatial context. If you don’t
want to use reverberation, you don’t have a clear spatial context to start
off with, either. But gradually, as the sound material unfolds, its behavior,
its motion behavior—the relation between many things happening at
once—imply space, even though you are mot using reverberation or clear
sound identities. This is something I find very interesting because I don’t
like using reverb. When I do, I try to calculate a realistic room model

using Ambisonics reflections”. Natasha Barrett [9].

Natasha Barrett is a prominent and prolific composer with relevant work-
pieces in areas such as sound installations, instruments and live electronics,
dance, theatre, and animation projects, but all her energy seems to stem from
her acousmatic composition. In |22| the author discusses different approaches
to space and how the composer can work with these ideas. She argue that the
composer must understand what happens to the sound-object in the listeners
space so that the perceived space appears real (spatial illusion), knowing that
the audience is listening to an illusion in a stereo or multichannel space
produced through the phantom images from two or more loudspeakers. In
most of his pieces the perceived space appears real through maintaining 4 real
“spatial laws” - The effects of sound transmission: using the absorption
coefficient as a wusable composition parameter. — The properties of a
reverberant field: using surface reflections forming the reverberant field to give
an idea of the characteristics of the space. —The object image size and multiple
object relationships: the sizes of images give a good clue to the proximity of
sound-objects in relation to each other, as well as in relation to the listener. -
Doppler shifts and gestural-spatial definition: the motion of a sound-object is

the main clue to the size of an enclosure [22].
2.3.2. Other Relevant pieces

Many other musical pieces make use of space by means of multi-speaker
arrays. A compilation of recent computer musical exhibitions is made by
[4][10], where the discussion in focused on 4 aspects, namely: Time delay, The
Role of Dynamics in the Simulation of Distance, Inner Sound Space
Organization and Movement in Space. The publication uses examples from

acoustics, psychoacoustics and music to conclude how these 4 previous
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mentioned features are being used as compositional and performing tools. An
explanatory block diagram is shown in Figure 11. In [23] two pieces composed
by the paper author are explained and analyzed: “Words on the streets are
these” is a interactive composition where granulation and modulation can be
used to create more abstract textural material, and where through filtering the
listener can create rhythmic loops that ring in various inversions of
inharmonic chords. “Still Life” is a concert work for string quartet and live
electroacoustics, whose aim was to explore some of the potential interactions
between instrumental gestures and sounds, acoustic space, and the
‘technology-performer’, using transformation and spatialization technology as
a mediator. Both pieces used PureData and a set of patches to spatialize and
transform sound. Finally a well documented report of the exhibition of a piece
called: “Space within Space: An Acousmatic Evening” can be found in [15].
Within the topics that are explained, fine details are commented on how the
speaker setup was chosen, the programming structure, the acoustic hall and
its role inside the exhibition and a more theoretical discussion on the Art of

Diffusion.
2.3.3. Spatial Grains & Textural Composition

An interesting research work and application combing granular synthesis and
spatialization is presented in [8]. Through the investigation the term Spatial-
grain is used to refer to the spatial information that is already encoded in an
Ambisonics recording and that can be retained at granular level. Considering
an Ambisonics recording of a source moving from a point to another (a left to
right movement, for example), that is later granulated, or broken up into tens

of thousands of spatial-grains each lasting 10-50 msecs.

Since each spatial-grain retains the original recording’s spatial-domain
information, it is possible to mix spatial-grains of the source in a particular
location with spatial-grains of the source from other location in the trajectory.
The result would be granulated source sound coming from both the left and
the right. As an extension of the first hypothesis, the authors consider the
synthesis of non-points of sound where for example from a line trajectory a
surface of spatially located grains is created using some of the different

approaches for synthesizing apparent source extent [12], as for example VBAP
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spread or decorrelation techniques. After all this process, some simple
manipulations of spatial-grain clouds could offer exciting possibilities for

spatial sound design.
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Figure 11. Control cues for using spatialization as compositional and

performing tools [4].

A more conceptual term used in electroacoustic is Textural Composition,
“used for the practice of working with musical texture and subjugating other
musical qualities for the express purpose of creating a sonic space on the
boundary between sound-objects and soundscape” [20]. For the spatialization
of textures: loudspeaker amplitudes, inter-aural time differences, and artificial
reverberation with uniform random variables create the mobile environment
without spatializing each sample. As it is explained in [20], for compositional
implementations, three movements are mixed hierarchically to define texture
trajectories as seen on Figure 12. — Omne simpler approach is to give a
constantly changing virtual angle that moves around the circle at varying
speeds. —Then a second type of movement is built when a copy is slowly
oscillated in and out of phase with the original stream by means of a variable
delay. — Finally, the use of random values are used to control the send level to
a reverberation that is statistically assigned to 4 locations on the circle,

providing the sensation that sounds are moving outside the circle.
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Figure 12. Effects of spatialization.|20]
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3. 3D Implementation,

Exploration, and Contributions

A set of different applications and case studies were implemented using the
previously mentioned tools and theoretical background, with the goal of
exploiting the sound spatialization capabilities that multi-speaker array
systems offer. This chapter describes the different strategies, tools and

methodologies that were followed.

3.1. A Basic 3D Reverberation Model

Natural reverberation can be considered as a phenomenon occurring when
sound waves propagate inside a room; therefore it contains information about
the dimensions, shape and size of an enclosed space as well as information of
materials and textures of walls and objects inside. For the purpose of this
survey we will consider a simple rectangular geometry containing only an
omni-directional point source, since more complicated and realistic case of
studies can be considered a generalization of our simplistic realization but also
because a complete 3D reconstruction of the acoustic field inside a real room

will be out of the scope of this thesis.

The implementation is based on the reproduction of the direct sound, given
the location of a sound source and the location of a listener within a room,
along with a certain quantity of the first early reflections that the source-
room-listener setup defines. What makes this approximation different from
any stereo reverb is the possibility of particularly spatialize and treat the
direct sound and each of the early reflections as completely different sound
sources coming from different places around the listener, as really happens in
a real life situation. This independency between reflections and the possibility

of rendering the reverberation effect with a specific number of reflections are
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useful to experiment with the capability of the VBAP algorithm and the audio
engine used in Barcelona Media, to create the sensation of space imposed by
the room geometry; being this the primary purpose of this approach and the

reason of its implementation.
3.1.1. The Image Source Model

The image-source model is a well-known method that can be used in order to
generate a room impulse response, i.e., a transfer function between a sound
source and a listener, in a given environment. It is based on the principle, that
a specular reflection can be constructed geometrically by mirroring the source
in the plane of the reflecting surface. As is shown in Figure 13, a sound source
S is reflected symmetrically at the boundaries of a rectangular room, then, the
obtained images are reflected about the images of the boundaries. As a
consequence, all lines connecting an image of the source with a listening point
R corresponds to a particular path between the source and the listener after a

number of reflections.
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Figure 13. The Image-source method.

For particular practicality, we are not interested in the impulse response
computation as the method suggest, since we are not interested in obtaining a
reverberation by convolution. From the model we only require the delay time
and magnitude of each echo as it is heard from a particular position in the

room, and the direction of each image source relative to the listener position.
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3.1.2. Implementation Details

As depicted in Figure 14, three main blocks characterize the functionality of
the proposed sound effect. The audio processing is done by a CLAM network,
which implements a gain control, a simple delay line and a VBAP
spatialization block-set for each of the echoes computed by the Image Source
method. These chain of blocks fully describe the behavior at any time of each
of the early reflections in a constantly changing setup, (where the sound
source or the listening point may be changing), as follow. The gain control
sets the attenuation that a reflected sound has suffered, the delay line define
the time that the reflection traveled before reaching the listener and the
VBAP localize the image source in space using as parameters azimuthal and

elevation angles, as in spherical coordinates.

n channels

Figure 14. Block diagram of a 3D reverberation.

The second important block in Figure 14 is the python module. Implemented
as a control of the audio scene, it dynamically changes the input parameters of
each of the blocks in the CLAM network for each of the echoes, according to
the scene changes, by sending OSC messages to CLAM. Therefore, is within

the python module that the scene is configured and somehow animated by
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defining room dimensions, number of early reflections computed by the model,
reflection coefficient of walls, source position, listener position and all possible
changes of the parameters in time that characterize the particular audio scene

that is going to be simulated.

To make the effect independent of the final exhibition system a third module
is needed to properly configure the CLAM network. Considering, for example,
a reverberation that uses the first 50 early reflections obtained from the model
will imply having a CLAM network with that number of block chains and a
pre-established VBAP block configured for a particular speaker layout, which
would be unpractical. For this purpose a configuration python script was
designed to be run before the main module to create the CLAM network that
will be used, with all the connections according to the number of the early
reflections that are going to be spatialized and most important of all, with the
setting of the VBAP blocks for the particular speaker layout that will be used
in one particular demonstration. With this, hearing the reverberation in a
different speaker setup would be as easy as running the configuration script
with a new speaker layout with the possibility of changing the number of

sources that the CLAM network will be handling.

3.2. 3D Extent of Audio Effects

As was previously presented in section 2.1.2, the Fractional Delay Line is the
basis on which to build more complex stereo effects such as the Chorus and
the Flanger. Therefore, it becomes necessary to implement a delay-line
interpolator inside CLAM that can be used later on, to design 3D realizations

of these mentioned effects.

Based on the survey presented by Dattoro [16], an all-pass interpolation was
chosen for final implementation over the more simple approach of a linear
interpolation. Dattoro argues that despite the implementation cost versus
performance of linear interpolation is difficult to beat it does have significant
drawbacks such as amplitude and phase distortion, and aliasing. Figure 15
shows the actual circuit used to implement the all-pass interpolation, where is
easily observable the dependency on not only the last input sample, but also

the last output sample value.
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Figure 15. All-pass interpolation circuit.

vibrato

The advantage of having a Fractional delay line resides on the possibility of

obtaining a soft delay modulation thanks to the continuous variation of the

delay that can be achieved. This means that a low frequency oscillator (LFO)

can easily drive the delay that it’s going to be applied at each sample time.

The phenomenon can be devised in Figure 16 where a sinusoid signal is

delayed a fractional number of samples.
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Figure 16. Signal delayed a fractional sample number.
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Once the fractional delay is implemented, obtaining different effects (based on
the modulation of the delay line) is done with the circuit topology depicted in
Figure 5. Being a single topology for various effects, what defines the behavior
of the circuit as one effect or another is the gain of each of the three loops on
it (feedback, feed-forward and blend), the delay range (modulation width) and
frequency of the LFO. Table 1 and Table 2 gather the values of the
parameters for each of the effects that are obtained with this topology. Finally
a few processing block-sets were developed inside CLAM to obtain each effect
separately and in stereo configuration, as can be seen in Figure 17 where from
a mono source a stereo output is generated with the sum of a Chorus and a

Flanger.
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Figure 17. CLAM network using the Chorus and Flanger processing blocks.
3.2.1. 3D Flanger

During the flanger implementation in stereo many ideas were considered about
how a 3d version should sound and especially which implementation will take
more advantage of a multi-speaker system. One clear sensation that is
perceived when hearing a stereo flanger is that something is moving, concept

that is supported by the original conception idea: “The flange effect originated
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when an engineer would literally put a finger on the flange, or rim of one of
the tape reels so that the machine was slowed down, slipping out of sync by
tiny degrees. A listener would hear a "drainpipe" sweeping effect as shifting
sum-and-difference harmonics were created. When the operator removed his
finger the tape speeds up again, making the effect sweep back in the other
direction”. Based on that perceptual idea, a 3D Rotating Flanger was design
with the characteristic of being continuously spinning around the listener at

the same frequency rate that the delay modulation.

For the implementation in CLAM, starting from the previously implemented
stereo flanger, the LFO signal calculated for the delay modulation is used to
generate an output control by taking the phase of the LFO signal and
converting it in an azimuthal angle in degrees. This control output is later
connected to a spatialization block-set inside CLAM named PBAP (Proximity
Based Amplitude Panning) that uses the location of a source in spherical
coordinates (azimuthal and elevation), and two angular parameters (angular
decay and angular thickness) to control the individual gains of the channels in
the actual exhibition system. The CLAM network template used for the
generation of the LADSPA plug-in is shown in Figure 18, while a screenshot
that shows the plug-in interface and the input control parameters is depicted

in Figure 19.
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3.2.2. 3D Chorus

In the case of the Chorus, the hearing perception is quite different from the
Flanger. In a Chorus effect there is a sense of steadiness since the frequency of
the delay modulation is quite small, (around 0.5 Hz) with large excursions
(around 30 mseg) therefore, what the user finds is a bigger perception of
space. Sticking to that idea, a 3D version of a Chorus was implemented by
just spatializing different copies of the mono Chorus effect around the listener
(as many as channels the multi-speaker system have), reinforcing the
perception of space. Since adding different sources with exactly the same
audio content around the listener wouldn’t be of any help, two control
parameters are added to the processing block-set. One is a “phase offset” for
the delay modulation (LFO) signal, which is assigned by default accordingly
to the azimuthal location of each of the speakers in the exhibition system. The
other is a “Parameter Variability” control, used to deviate the basic setting of
the Chorus for that particular channel, namely the width and frequency of the
LFO. The template CLAM network used for the LADSPA plug-in compilation

is depicted in

Figure 20. Figure 21 shows a scre