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Abstract

Auralization in a virtual room or space is realised by the convolution of an
anechoic signal (i.e. music or speech signal) with the acoustical room impulse
response (RIR). The RIRs (possibly left and right RIRs in the case of binaural
reproduction) are constant, unless the source and/or the listener are moving in
the virtual space. In that case, it becomes difficult to perform real-time au-
ralization, since a periodic re-initialisation of the RIRs is required, in addition
to the convolution task. To speed up the process of auralization and to reach
real-time performances, the late part of the RIRs can be approximated by an ex-
ponential decay. However, this assumption cannot be justified in some particular
audio environments, for example in disproportionate rooms and/or rooms with
asymmetrical reverberation properties. In this paper, a method allowing the dis-
placement of the listener in a virtual audio space is presented, which respects the
characteristics and variability of the ”late reverberation” decay. This method
is based on the interpolation between echograms computed at some pre-defined
locations in the virtual space.

1 Introduction

Auralization in a virtual room or space is realised by the convolution of an anechoic
signal (i.e. music or speech signal) with the acoustical room impulse response (RIR).
Headphone auralization can be monaural (the same convolved signal is sent to both
ears) or binaural (left and right signals are reproduced separately, giving an impression
of sound localization and reverberation) [1, 2].

If the source and the listener are static in the virtual space, the RIRs (possibly left
and right RIRs in the case of binaural reproduction) are constant. However, if one of
them is moving, then the RIRs constantly change. It becomes therefore difficult to
perform real-time auralization, since a periodic re-initialisation of the RIR is required,
in addition to the convolution task.

A solution consists in the identification of three components in the RIR. : the direct
sound, the early reflections and the ”late reverberation”. To speed up the process of
auralization and to reach real-time performances, the early reflections are modelled
by mirror sources (up to a limited order of reflection) and the "late reverberation”
contribution is approximated by an exponential decay, independent of the source and
the listener’s locations [1, 2]. This assumption can be justified in diffuse sound fields,



but this cannot be the case in some particular audio environments, for example in
disproportionate rooms and/or rooms with asymmetrical reverberation properties [3].

In this paper, we present a method allowing the displacement of the listener in
a virtual audio space, while respecting the characteristics and variability of the ”late
reverberation” decay.

2 Auralization

Auralization aims at creating virtual acoustic environments. In particular, when the
RIRs are obtained by room acoustics modeling, this is known as (fully) computed
auralization [4].

Room acoustics programs (e.g. ray-tracing programs) are used to compute echograms,
for a fixed position of the sound source and some receiver’s locations. Each source-
receiver pair gives rise to one echogram, which is itself transformed into a room impulse
response (RIR) : see [1, 2, 5] for more details.

A variant to this classical method consists in the computation of directional echograms
[3] : in that case, the acoustical contributions at the receiver are distinguished by their
direction of incidence, which gives rise to several directional RIRs (DRIRs) for each
source-receiver pair (in [3], 26 DRIRs are computed at each receiver position). This
is particularly useful in asymmetrical acoustical spaces, to reveal flutter echoes or the
influence of asymmetrical distribution of absorbing materials.

For binaural auralization (reproduction with headsets), the DRIRs are then con-
volved with an anechoic signal s(¢) and with the head-related transfer functions (HRTF)
of the listener’s head. If pj. g is the eardrum sound pressure to be reproduced at the
left ear and hgg(0, ¢,t) is the DRIR computed in the direction of incidence (6, ¢), then

prert) = 5(0) + [ hsu(0,6,0) x HRTF(left,0,6,1) sind do do (1)

For multiple-loudspeaker auralization, the anechoic signal must be convolved with
the DRIR (or with the combination of DRIRs) corresponding to each loudspeaker.

3 Irregular reverberation decays

Acoustical spaces with disproportionate geometries and /or asymmetrical distributions
of absorbing materials can lead to very different directional echograms around the
listener’s head, which in turn creates significant non-exponential decays in the late
part of the RIR.

One such room has already been described in [6] : this was an academic example.
Here follows another example, which has been rather inspired by a real room acoustics
project. The acoustical space is an ancient horse-riding school which will be trans-
formed into a cultural hall. The dimensions are 21.5m x 37.6m x 14.9m . The left and
right walls (when looking to the scene) have been treated with acoustical absorbents
and diffusors, but the back and front walls (which are parallel) create specular reflec-
tions which lead to a clear flutter echo in figure 1. Moreover, the ceiling is fully covered
with absorbing materials. As a consequence, the "up” directional echogram is clearly
shorter than the others in figure 1. For all these reasons, the echogram at this receiver’s
position (and integrated for all angles of incidence) has a non-exponential decay.
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Figure 1: Three directional echograms computed at the same position in a cultural hall,
showing a flutter echo in the front-back direction and a steeper decay in the up-down
direction

4 The problem of the moving listener

The method we have implemented tries to get rid of the assumption of an exponential
decay for the late reverberation part of the RIR, irrespective of the receiver’s position.

To do this, it is first necessary to predict how the echogram is modified when the
receiver moves (the source remaining at the same location in our study). This predic-
tion is rather easy for the direct sound component and the first-orders mirror sources
contributions. Indeed, as the corresponding source point is known, it is sufficient to
compute the new distance to the receiver and the new direction of incidence, to update
these contributions (the problem of viewed/non viewed sources must however be care-
fully investigated). And this computation could be quite fast, as long as the number of
mirrors sources (which is related to their maximum order) is limited, allowing real-time
implementations [1].

A first problem arises when diffuse reflections must be accounted for. These non-
specular reflections occur on rough surfaces in the virtual room. Mirror sources cannot
be defined to model these reflections, which impedes the updating of their contributions.

The second problem arises for the late part of the RIR, which results from a com-
bination of a great number of high-order specular as well as diffuse reflections. It is
therefore impossible to simply predict the modifications induced by a displacement of
the listener.

The solution that we adopted was to compute the echograms at some pre-defined
listener locations in the virtual space. The echogram at any new position will then be
estimated by an interpolation between the closest pre-defined locations. This interpo-
lation is restricted to the diffuse contributions and the late reverberation part, or in
other words to the whole echograms, except the direct sound and first-orders mirror
sources components which are still updated as explained before.

Figure 2 shows three echograms computed in the long disproportionate room de-
scribed in [6]. Clearly, the decay is not simply exponential (not linear in a dB-scale)



and the echograms reveal a significant flutter echo between two parallel walls. These
echograms are computed at three receiver’s locations situated in the same vertical
plane, perpendicular to the horizontal direction in which the flutter echo takes place.

Even if the three receiver’s locations are 22.5 meters apart, it is shown that a linear
interpolation is sufficient in that case, as the echograms are very similar.
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Figure 2: Three echograms (amplitude in dB vs time in msec) computed at three
receiver’s locations in a long disproportionate room. All receivers lie in the same
vertical plane perpendicular to the flutter echo main direction (octave band 125 Hz) :
left, middle and right refer to the receiver’s location relative to the main room’s axis.

Figure 3 shows the echograms computed at five receiver’s locations, aligned along
the direction of the flutter echo and situated 10 meters apart. The flutter echo struc-
ture still appears, but the local extrema of the individual echograms do not coincide
anymore. This example shows that the late reverberation part cannot be considered
as constant (and so, neither is the RIR). In that case, a linear interpolation would
certainly respect the general decay slope of the echograms, but certainly not their fine
details (unless the pre-defined locations are very close to one another).

Another difference between the echograms in figure 3 is the initial start-up time,
which is more and more delayed as the receiver’s location moves away from the source.
This effect is accounted for in the particular treatment of the direct sound and the
mirror sources contributions, but not in the diffuse contributions. It has been shown
in [7] that this could lead to interpolated (or predicted) echograms starting earlier
than their true initial time. However, this effect is well limited and not audible, if the
pre-defined locations are not too far from one another.
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Figure 3: Five echograms (amplitude in dB vs time in msec) computed at five receiver’s
locations in a long disproportionate room. All receivers lie in the same vertical plane
parallel to the flutter echo main direction (octave band 125 Hz).

5 Tests and discussion

Tests of the method have been reported in [7]. In each virtual room, the listener’s
displacements were restricted to an horizontal plane (about 1m75 above the floor).
The listener can also rotate his head and the binaural cue is updated accordingly (a
head-tracker sensor is fixed to the headset and continuously records the listener’s head
orientation). An anechoic speech signal (source) has been used for the cue tests.

In the computer model, the mirror sources up to the third order were treated
separately. The computing time needed to update the RIR (including the contributions
of the mirror sources) is of course critical. In this work, it could be as high as one or
two seconds. Therefore, the application is not real-time for very fast displacements in
the room, i.e. for which the virtual speed of the listener exceeds 1m/s.

In order to avoid blanks in the cue tests, the old RIR remains active as long as the
updated one is not available : so, the listener can perceive a small delay between the
displacement action and its audible effect.

The auralization with the interpolated RIRs was judged of good quality by the
listeners, compared to the auralization without interpolation, at the same virtual lo-
cation. Only in one very long room, it could happen that the interpolated echogram
starts before the direct sound (see section 4). This effect could be perceived by very
acute listeners, but a simple way to avoid it would be to delete from the interpolated



echogram all these contributions coming earlier than the direct sound.

Another (more objective) test consisted in computing some room acoustics param-
eters from the interpolated and the corresponding non-interpolated echograms. These
parameters were the following : the reverberation time T30, the early decay time EDT,
the definition D50 and the clarity C80. These two last parameters were the most af-
fected by the interpolation : the deviations could be as high as 10 percents for D50
and 0.5 dB for C80. But, again, these deviations were not audible by most listeners.

An important issue is the number and the definition of the pre-defined listener’s
locations. It is first recommended to define a rectangular mesh of receivers, in order to
reduce the complexity of interpolation calculations. It is also recommended to choose
at least one receiver in each zone of interest.

It is interesting to reduce the number of pre-defined locations as far as possible, in
order to restrict the size of the echograms’ database. A compromise has to be found
between this size and the quality of the auralization resulting from the interpolation.
This compromise will depend on the virtual room itself : diffuse sound fields and simple
rooms will require less pre-defined receivers than complex rooms with specular surfaces.
In the more simple rooms, the distance between these locations could be as high as
40m, without affecting the quality of auralization.
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