Proceedings of the COST G-6 Conference on Digital Audio Effects (DAFX-00), Verona, Italy, December 7-9, 2000

MULTI-LOUDSPEAKER REVERBERATION SYSTEM

Fernando Beltrán and José Ramón Beltrán

Department of Electronic Engineering and Communications

Universityof Zaragoza, Spain beltran@posta.unizar.es http://www.cps.unizar.es/ ~ fbeltran

ABSTRACT

In this paper we present a reverberation systembased on a multiloudspeaker configuration. The aimof this work is to produce a natural sounding reverberation systemwith a similar pattern to the produced in real rooms. A new method for sound spatialization is presented, and it is used to locate on the virtual room´s surfaces the earlyreflections produced in a reverberant space. Each loudspeaker is fed with its corresponding early reflection sequence after the panning process, and an artificial late reverberation is added in each channel, obtaining a more realistic experience that the obtained with other artificial reverberation systems.

1. INTRODUCTION

Reverberation is a verywell known effect that is present in almost all our listening experiences. It creates an ambient space in the sound perception. In reverberant environments, the sounds we hear are accompanied bydelayed reflections from many different directions. In most cases, this additional information changes the perception of the sound, modifying it loudness, timbre and spatial characteristics [1]. This effect is particularly important for music listening, because it adds life and sense of space. The reverberation is associated with the architecture and acoustic of concert halls, and this factor is critical for good sounding in concert performances. In recorded music, there has been a great effort is simulating this effect through some electroacoustic devices. Nowadays, digital signal processing techniques are mostlyused for these purposes.

We can studya reverberant space as a distributed sound source element: each wall, ceiling and floor are contributing with thousands of reflections within the reverberation time. Using the geometric model of a reverberant space, and with the help of the image source method or raytracing method, we can determine the reflections generated in each surface, considering themas distributed sound sources. It is then possible to applyone of the existing panning methods to position a virtual sound source using loudspeakers, obtaining an impulse response for each loudspeaker. With this information is then possible to implement an artificial reverberation algorithmfor each loudspeaker.

P rocessing the drysound with the different reverberation algorithmobtained for each loudspeaker, and reproducing the

processed sound in a multi-loudspeaker system, we can get the spatial impression of a reverberant ambient.

This paper is organized as follows: in chapter 2 some ideas about sound panning are summarized, and the method used in our systemis presented. In chapter 3 we describe the artificial reverberation algorithmimplemented in this work. The implementation of the multi-loudspeaker reverberation technique is depicted in chapter 4, and conclusions are presented in chapter 5.

2. SOUND PANNING IN A M ULTI-LOUDSPEAKER

SYSTEM

The sound spatialization problemis addressed essentiallyin two ways: headphone-based systems, using the appropriate HRTF´s to process the sound and to get the exact duplication of what the ear would hear in a natural situation, and loudspeaker-based systems, allowing the creation of spatial auditoryimages with the help of a set of loudspeakers around the listener.

In general terms, the techniques to position a sound source in the space using a multi-loudspeaker layout are based in the method of applying different amplitudes to the loudspeakers [2]. Some of the most interesting are Ambisonics and VBAP . One important restriction is assumed in these systems: it exists onlya veryrestricted portion of the audience area where optimal listening conditions are met (sweet spot). Among all sound spatialization systems, we will focus on systems using several loudspeakers in the horizontal plane.

2.1. Ambisonics

Ambisonics technique was developed by M.A. Guerzon [3], [4].

In this systemthe B-format encoding is the most widelyused.

This format allows to represent sounds situated in the horizontal plane with 3 signals: W, X and Y. Byapplying a suitable transformation matrix (decoding) to these signals, any bidimensional arrayof speakers placed around the listener can be driven. The Ambisonics coding do not provide anydistance information. This must be added bycontrolling different factors such as loudness, direct to reverberant sound ratios, etc.

For a plane wave of amplitude S and angle of incidence q

(azimuth angle), B-format encoding equations can be written:

Proceedings of the COST G-6 Conference on Digital Audio Effects (DAFX-00), Verona, Italy, December 7-9, 2000

DAFX- 2

q

q sin * S Y

cos S X

S W

=

* =

* =

2

2

(1)

X and Y channels contain information of the components of the sound on the x axis and yaxis, respectively. W channel contains a monophonic mix of the sound material. X and Y mayhave negative values, implying that the signal is stored in antiphase when compared with the signal in the W channel.

2.2. VBAP

Vector Base Amplitude P anning was presented byV. P ulkki [5].

In this system, considering an N loudspeaker layout placed in the horizontal plane at the same distance fromthe listener, a pair of loudspeakers (a base) is selected for each position of the virtual source, and these two loudspeakers are fed with the source signal multiplied bygain factors. The gains of all the other loudspeakers are set to zero. If the virtual source is located in the same direction as anyof the loudspeakers, the signal emanates onlyfromthat particular loudspeaker. As stated in the

Ambisonics system, the VBAP systemdoes not provide any distance information.

When the loudspeaker base is orthogonal, the gain factors are equivalent to those calculated for the Ambisonics system:

q

q sin g

cos g

=

=

2

1 (2)

2.3. Distance vector panning system

A new method for sound panning in a multi-loudspeaker system is presented here. This formulation includes both azimuth and distance information of the virtual sound source. In a coordinate systemwhere the x axis is pointing forward and the yaxis pointing to the left, and considering a systemof N loudspeakers placed in a circumference of diameter d (Fig. 1), we can define

N vectors i

u

& , with their origin in each loudspeaker, pointing to

the virtual sound source P( x,y) .

x

y

1 u

� 3 2 1 . In this case, a i

j is the corresponding weight for each loudspeaker associated with the earlyreflection i , and it is computed using expression

(3) . So, we obtain a different impulse response for each loudspeaker in the sound reinforcement system.

In figure 7a we can see the impulse response associated with a roomwhich width and length equal to 20 m. and 30 m., respectively. The reflection coefficients are 0.85 for all the surfaces. The sound source position is 14 m. behind and 9 m. to the left of the listening position (the center of the room). Figures

7b to 7e present the earlyreflection pattern associated with each loudspeaker in a four loudspeaker layout after the sound panning method.

Proceedings of the COST G-6 Conference on Digital Audio Effects (DAFX-00), Verona, Italy, December 7-9, 2000

0 2.26 4.52 6.78 9.04 11.3 13.56 15.82 18.08 20.34 22.6 0

0.1

0.2

0.3

0.4

0.5

0.6

0.7

0.8

0.9

1

Early Reflections time (ms)

( a)

0

0.1

0.2

0.3

0.4

0.5

0.6

0.7

0.8

0.9

1

Early Reflections: Front Left

0 2.26 4.52 6.78 9.04 11.3 13.56 15.82 18.08 20.34 22.6 time (ms)

( b)

0

0.1

0.2

0.3

0.4

0.5

0.6

0.7

0.8

0.9

1

Early Reflections :Front Right

0 2.26 4.52 6.78 9.04 11.3 13.56 15.82 18.08 20.34 22.6 time (ms)

( c)

0

0.1

0.2

0.3

0.4

0.5

0.6

0.7

0.8

0.9

1

Early Reflections: Back Left

0 2.26 4.52 6.78 9.04 11.3 13.56 15.82 18.08 20.34 22.6 time (ms)

( d)

0

0.1

0.2

0.3

0.4

0.5

0.6

0.7

0.8

0.9

1

Early Reflections: Back Right

0 2.26 4.52 6.78 9.04 11.3 13.56 15.82 18.08 20.34 22.6 time (ms)

( e)

Figure 7. Early reflections for a virtual room before (a) and after (b)-(e) the sound panning process (see text).

Our reverberation implementation is depicted in figure 8. To process the earlyreflections associated with the corresponding loudspeaker we need N FIR filters, each one similar to the filter presented in figure 6. The delayassociated with everyearly reflection is the same for the N filters, but the gains are now a i

j depending on the loudspeaker j . Directional filtering is not used because directivityis obtained fromthe earlyreflection position.

Early reflection 1

Early reflection 2

Early reflection 3

Early reflection N

Difuse echoes

x[n]

y 1 [n] y 2 [n] y 3 [n] y N [n] � �

�

Figure 8. Directional reverberator block diagram

A FIR filter is included for everyloudspeaker in the system. The algorithmfor obtaining the diffuse reverberation tail could be shared. Some kinds of decorrelation between loudspeakers are obtained in the same ways described in [1].

5. CONCLUSIONS

A method for multi-loudspeaker reverberation implementation has been introduced. This systemcombines techniques to characterize the acoustical behavior of a virtual room, sound spatialization techniques and a reverberation algorithm implementation. The virtual roomreverberation pattern is characterized bymeans of the source image method, obtaining its impulse response. For sound spatialization, we have developed a new sound panning method, taking into account the distance and the azimuth of the virtual sound source. The reverberation algorithmused for a multi-loudspeaker layout is built based on the perception of the earlyreflections coming fromthe different surfaces of a virtual room, considering each of thema virtual sound source. Because of this model we need to consider their distance and azimuth referred to the listening position. This sound panning method has been subjected to some validation tests, obtaining verygood results in sound source azimuth and distance perception. The output signal fed to each loudspeaker is obtained processing the input signal with a different impulse response for each loudspeaker. These impulse responses are obtained applying the panning method to each earlyreflection in the virtual room, and using an artificial reverberation algorithmto create the late reverberation.

6. REFERENCES

[1] Gardner, W.G., Reverberation Algorithms, chapter 3 in

Kahrs, M. and Brandenburg, K. editors Applications of

Digital Signal Processing to Audio and Acoustics, Kluwer

Academic P ublishers, Boston, 1998.

[2] Roads, C. The Computer Music Tutorial. The MIT P ress,

Cambridge (MA), 1996.

Proceedings of the COST G-6 Conference on Digital Audio Effects (DAFX-00), Verona, Italy, December 7-9, 2000

[3] M.A. Guerzon, ^General Metatheoryof Auditory

Localisation~, presented at the 92 nd Convention of the

Audio Engineering Society, preprint 3306, Viena 1992.

[4] M.A. Guerzon, ^ P eriphony: With-Eight Sound

Reproduction~, J. Audio Engineering Society, Vol. 21, No.

1, pp. 2-10, 1973.

[5] P ulkki, V. "Virtual Sound Source P ositioning Using Vector

Base Amplitude P anning", J. Audio Engineering Society,

Vol. 45, No. 6, pp. 456-466, 1997.

[6] P ernaux, J.M., Boussard, P ., Jot, J.M. ^Virtual Sound

Source P ositioning and Mixing in 5.1 Implementation on the Real-Time SystemGenesis~, P roc. Workshop on Digital

Audio Effects (DAFx-98), Barcelona, Spain, pp. 76-80,

1998.

[7] Dickins, G., Flax, M., McKeag, A., McGrath, D., ^Optimal

3D Speaker P anning~, P roc. 16 th International Conference of the Audio Engineering Society, Rovaniemi, Finland,

1998.

[8] Huopaniemi , J., Savioja , L., Takala , T. ^DIVA Virtual

Audio RealitySystem~. P roc . Int. Conf . AuditoryDisplay

(ICAD´96), P alo Alto, California, pp. 111-116, 1996.

[9] Schroeder, M.R., ^Natural Sounding Artificial

Reverberation~, J. Audio Engineering Society, Vol. 10, No.

3, pp.219-223, 1962 .

[10] Gardner, W.G., ^The virtual Acoustic Room~, Master

Science Thesis at the MIT, 1992.

[11] Datorro, J., ^Effect Design. P art I: Reverberator and other filters~. J. Audio Engineering Society, Vol. 45, No. 9, pp.

660-684, 1997 .

[12] Jot, J.M., ^An analysis/synthesis approach to real-time artificial reverberation~. P roc. Int. Conf. Acoust ., Speech and Signal P roc., Vol. 2, pp. 221-224.

[13] Beltrán, F.A., Beltrán, J.R., Holzem, N., Gogu, A. ^Matlab

Implementation of Reverberation Algorithms~, P roc.

Workshop on Digital Audio Effects (DAFx-99), Trondheim,

Norway, pp. 91-96, 1999.