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A B S T R A C T

The usual method to generate an auralization is to simulate the acoustic field with a computer code and to
convolve each wavefront that arrives to the receiver with the corresponding measured head-related impulse
response (HRIR) direction, to obtain the binaural room impulse responses (BRIRs) for selected positions. In this
work, this technique is replaced by a procedure where the HRIRs are modeled by a set of artificial neural
networks, with significant computational gain. The type of network and its architecture is briefly described and a
comparison between measured and modeled responses — both in time and frequency domains — are presented
for several directions covering the sphere around the head. Furthermore, since graphs do not tell all when
auralizations are the concern, a virtual auralization assessment is performed. In this work, computer modeling
auralizations are validated through articulation tests. Three articulation scores are computed. The first one is
obtained in the actual room itself. The second one is obtained from measuring the BRIRs and convolving them
with anechoic speech signals. The third one result from the room’s numerical simulation, generating as output
the virtual BRIRs. These are then convolved with the same anechoic speech signals. The three articulation scores
are then compared, and this is done in four different conditions. To investigate the influence of background noise
level in the error among the compared articulation scores, pink noise with two distinct levels is introduced in one
of the rooms, both in the actual and virtual tests. Finally, one strongly reverberant room is considered in other to
evaluate if, in this condition of low intelligibility, the auralization is still trustworthy. In all cases, the results
show that differences lower than 3.5% among actual and virtual articulation scores were found. The main
conclusions are that the virtual auralizations obtained with the room simulator using artificial neural networks
to model the head-related impulse responses are successful and that articulation scores are a reliable metric to
validate auralizations.

1. Introduction

Acoustic virtual reality (AVR) is a relatively new field of research
that allows the simulation of the acoustic behavior of an environment
with computational modeling. This technique enables the user to in-
teract with the virtual environment, reproducing the sensation of being
immersed in the virtual acoustic field. In the acoustic design the AVR is
a tool of great importance, since it saves time and expenses, allowing
the acoustic evaluation of an environment, for instance, before its
physical construction. This knowledge is not restricted to acoustic
quality parameters such as reverberation time [1], clarity index, defi-
nition, or center time, among others [2], but also to subjective para-
meters such as auditory comfort and word intelligibility.

With AVR it is possible to generate and reproduce an audible sound
using measured, simulated or synthesized data through a technique

called auralization [3]. With this procedure, it is achievable to nu-
merically simulate how the sound waves behave in the environment,
including the human perception of that sound, as if the listener were
inserted in the space. This is done by taking into account in the simu-
lation the head-related impulse responses (HRIRs), a set of functions
that depend on the direction of arrival of sound waves and represents
the kernel of the human hearing characteristics [4].

In this work, the computer simulations are provided by the pro-
prietary computer code RAIOS (Room Acoustics Integrated and Optimized
Software) [5], developed at our lab. It has as main entries: the room
geometry; the surface materials absorption and scattering coefficients,
in nine octave bands; the sound sources characteristics, such as posi-
tion, orientation and directivity in azimuth and elevation angles; the
receivers’ technical features such as position, orientation and HRIRs
databank; among others. However, in code RAIOS the HRIRs databank
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is substituted by a set of previously trained and tested artificial neural
networks (ANNs) that model the HRIRs.

There are two significant advantages in using the set of ANNs in-
stead of a huge HRIR databank. There are available now measurements
for human heads with a discretization of five degrees in both azimuth
and elevation angles [6], and even of one degree for a dummy head,
these resulting in 64442 directions, for each ear [7]. In the traditional
method to take into account these functions, each wavefront at a certain
direction must be convolved with the corresponding HRIR function.
Using the ANNs, since they “learn” the HRIRs patterns, these con-
volutions are not required anymore. The main advantage is that the
computational time is reduced to around 20% if compared with the
traditional method. Another advantage is that there is some reduction
in memory requirements, although this is not so important in nowadays
computers.

The main outputs of code RAIOS are the binaural room impulse
responses (BRIRs) at selected positions inside the room and, ad-
ditionally, given an anechoic sound signal it can be convolved with the
BRIRs, generating the auralizations. In this work, the adopted anechoic
signals are lists of monosyllables – in Portuguese language – recorded in
an anechoic room. The use of artificial neural networks in pattern re-
cognition [8] has classic applications in acoustics, such as speech
synthesis [9]. More recently, some works appeared on the modeling of
head-related transfer functions by using ANNs [10]. One application of
this technique to auralization was used on escape training in blind
conditions [11,12]. However, in spite of the great importance of this
application, the networks used architecture with two hidden layers,
resulting in a relatively low computing efficiency and errors not yet
completely satisfactory. In applications on room acoustics the com-
puting time is a crucial factor and new network architecture was de-
signed. As it will be shown in Section 4, a radial basis function type of
artificial neural network is adopted, with much better computational
efficiency and extremely low error, when compared with measured
data.

In this work, the assessment of the auralizations obtained with the
HRIRs modeled by ANNs is also investigated. Three situations are ad-
dressed. The first one is the validation of auralizations in a classroom
with its natural background noise. The second one includes additive
pink noise of two distinct levels to evaluate its influence in the com-
parative results. The third one is the validation of virtual auralizations
in a particularly reverberant room that presents low intelligibility.

Evaluating the quality of an auralization, however, requires sub-
jective parameters to be assessed by human beings. One of the most
comprehensive researches available in this area is the work of Lindau
et al. [13]. It consists of a consensus vocabulary — the spatial audio
quality inventory (SAQI) — comprising 48 verbal (English) descriptors
of auditive qualities assumed to be of practical relevance when com-
paring (re)synthesized sound fields to real or imagined references or
amongst each other. All of them present a rather loose scale like ‘lower-
higher’, ‘minor-major’, ‘darker-brighter’, and so on. No objective para-
meter is proposed in this work. In a recent publication [14] it was
presented an approach to validate computer modeling auralizations by
using articulation tests. The main idea is to use an objective metric —
the articulation score (AS), which measures the room speech intellig-
ibility — to assess the quality of auralizations by comparing the virtual
AS with the actual AS measured in the room itself. In any case, the error
among virtual and actual scores was found to be lower than 5%, a value
considered acceptable for the uncertainty of measured scores [15].

Intelligibility assessment procedures comparing actual and virtual
articulation scores for auralization assessment can be found in the lit-
erature [16–18]. In these articles, the simulations are performed with
commercial software, like CATT or ODEON, while in this work it is
computed with our proprietary research code RAIOS. In [16], the room
impulse responses are measured with a pistol shot technique – which is
well known to present low signal-to-noise ratio (SNR) and very poor
repeatability. In [17,18] the measurement technique use maximum

length sequences, which has been nowadays substituted by the sweep
sine technique that presents better SNR, very low distortion and allows
the use of pre-emphasis, that increases the low frequency accuracy
[19]. On the other hand, the considered rooms present similar re-
verberation times, good intelligibility and low background noise. In the
validation presented in this work, the assessment of the ANN-generated
auralizations is also verified with distinct background noise levels and
in the case of a highly reverberant room, with a very poor intelligibility.

2. Computer simulations

The room acoustic simulation is performed with the aid of the
computational code RAIOS, developed at the Laboratory of
Instrumentation in Dynamics, Acoustics and Vibration – LIDAV, Rio de
Janeiro State University. The code RAIOS has proved to furnish reliable
acoustic data, when it participated in the international inter-compar-
ison of room acoustics computer simulation, the Round Robin 3
[20,21]. At this moment (2017), the code RAIOS is one of the few
software that participates in Round Robin 4, with auralization [7], but
the final results of this event are not yet available.

The code RAIOS provides the mono and binaural room impulse
responses at selected points in the simulated room and computes the
main acoustical parameters according to the standard ISO 3382 [1].
The code includes a set of artificial neural networks (ANNs) that model,
with high computational efficiency, the HRIRs. The set of ANNs was
previously trained and tested from a measured HRIRs databank with
64442 directions for each ear. A vertical axis rotation (azimuth) of head
above torso between − °44 and + °44 is also possible. There is also an-
other set of ANNs that models the HRIRs of a childlike dummy head
[22].

One of the main computer code’s features is that the room simula-
tion is performed by a hybrid procedure [5,23]. The specular reflections
are computed by an improved ray-tracing algorithm [24] and the dif-
fuse reflections are simulated with a sound energy transition approach
[25]. As stressed by Dalenbäck et al. [26], the diffuse reflections — that
makes more realistic the reverberant tail of a modeled room impulse
response —, are particularly important in the auralization phase of a
room simulation.

Table 1 shows the comparative results between some acoustic
quality parameters measured and simulated for the most central posi-
tion in the two rooms under consideration.

3. Generating the BRIRs

The binaural room impulse responses (BRIRs) at selected positions
inside the room are the main targets to be achieved in the simulation.
To provide these responses, as mentioned, there are at least two ways to
obtain this result. The first one, known as classical or traditional
method (TM), is to interpolate bi-linearly the direction of the arriving
acoustic wavefront among the closest direction present in the HRIR
databank [27]. In the sequel, since the wavefronts present a filtering of
the acoustic ray’s spectrum — owing to the multiple reflections with
absorption on the room boundaries and the frequency-dependent at-
tenuation due to the sound wave propagation — the convolution of the

Table 1
Comparison between the parameters T30, D50, C50 and TS (global) measured and simu-
lated with code RAIOS in the two rooms under consideration.

Parameter Classroom Theatre

Measured Simulated Measured Simulated

T30 (s) 0.88 0.85 3.80 3.75
D50 (%) 60.8 62.9 39.5 40.1
C50 (dB) 1.9 2.1 −1.8 −2.0
TS (ms) 55.3 55.1 134.8 138.2
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