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A ROOM ACOUSTIC EXPERIMENT WITH AN ARTIFICIAL REVER- 
BERATION SYSTEM USING WOODEN LOUDSPEAKERS 

GuniIIa Berndtsson & Asbjorn Krokstad 

Abstract 
An artificial reverberation system with wooden loudspeakers, 'hcoustic 
walls," that are intended for enhancement of the reverberation in rooms 
with short reverberation time, has been developed by the recently de- 
ceased Georg Bolin, a recopied Swedish guitar maker. The goal of the 
present study was to investigate the effects of the acoustic walls on the 
acoustic conditions in a hall. A listening panel judged the effects of the 
Bolin reverberation system for three cases of abso~tion in the hall using 
live performed music excerpts as stimuli. Activation of the acoustic walls 
increased the perceived reverberance without necessarily decreasing the 
na turahess. No we ver, na turahess was occasionally disturbed by ringing 
tones caused by an insufficient mode densify of the system. i%e resulfs 
suggest that the acoustic walls have the potential ofproducing an increase 
of reverberance without introducing noticeable artifacts. 

INTRODUCTION 
Traditional loudspeaker elements are generally used in commercial systems for arti- 
ficial reverberation (Krokstad, 1988). In a different approach, Georg Bolin, a recog- 
nized Swedish guitar maker, has developed a type of wooden loudspeaker, provided 
with a large wooden plate instead of a paper cone. These electroacoustic transducers 
are called 'hcoustic walls ': or, if mounted below the ceiling 'hcoustic ceilings ". The 
units are intended for use as sound radiators in systems for room acoustic improve- 
ment. The system itself is of conventional design, whereas the microphones and the 
loudspeakers are of novel construction. 

In a previous article, the acoustical characteristics of the acoustic walls were pre- 
sented, and the properties of the system were rather thoroughly described 
(Berndtsson, 1992). The aim of the present study was to investigate the room acoustic 
effects resulting from the use of the Bolin system in a hall with different amounts of 
absorption. 

Design of Bolin's system for improving room acoustics 
The input signal to the Bolin system is picked up by means of a special microphone, a 
'hacrophone, "placed in the vicinity of the sound source, e.g., the music instruments. 
This macrophone uses a plate of expanded polystyrene as a membrane, to which a 
piezo-electric crystal is attached. In many cases conventional microphones can also 
be used. If more than one macrophone is used, their outputs are mixed before further 
processing (see Fig. 1). Compression is applied in cases of very high sound level. A 
1/3 octave graphical equalizer is used to modify the frequency curve. The equalizer 
output is fed to an artificial reverberation unit, which is connected to power amplifi- 
ers, one for each pair of acoustic walls. 

*NTH, Trondheim, Norway 
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Design of acoustic walls 

Fig. 1. The Bolin reverberation system. 

The acoustic walls consist 
of pairs of rectangular 
boxes, a smaller square 
shaped one (0.6 m x 0.6 
m), and a larger rectan- 
gular one (0.6 m x 1.2 m), 
each with a depth of 0.13 
m. Normally the larger 
box is upright, with the 
smaller box on top. The 
membrane, or sound- 
board, is made of spe- 
cially sawn, three-layered, 
close grained spruce 
(picea excelsa) . The thick- 
nesses of the soundboards 
are 9 mm for the large box 
and 8 mm for the small. 
Strengthening bars, re- 
sembling the bars of the 
guitar top plate, i.e., the 
so-called struts, are at- 
tached to the soundboard. 
A large loudspeaker mag- 

net, with a mass of several kilograms, is screwed to an aluminium beam, which is 
fixed to the frame of the box, and the loudspeaker coil is attached to the soundboard. 
The driving coil is placed on the central vertical line of the soundboard, slightly 
below the middle. The coil in the little box is placed more centrally than the coil in 
the larger box. 

ROOM ACOUSTIC CONDITIONS 
The hall in which we tested the Bolin reverberation system was not a concert hall, but 
rather an industrial location designed for aeroplane construction, see Fig. 2. The vol- 
ume is about 1600 m3 (11.4 m x 16.6 m x 8.4 m). The floor has a rectangular shape and 
is made of concrete. The walls are made of slightly absorbent bricks, and the total 
window area is about 32 m2. The room contained some sound scattering objects, such 
as a few small aeroplane bodies, tools, and shelves. 

A shelf partly divided the room in half. Twenty pairs of active plates were 
mounted horizontally 1.5 m below the ceiling of the hall. Ten pairs were mounted on 
the left half, and ten pairs on the right half of the ceiling. The listeners and the po- 
dium were located at the opposite ends of the longer side in one half of the hall. 

The experiment was divided into three parts. In Part i, there was no extra absorb- 
ing material in the hall. The room absorption was increased in Part ll, and further in- 
creased in Part 111 Absorbing material (4.5 cm Rockwool) was placed on the floor in 
one half of the hall while the listeners and the podium were in the other half. In ad- 
dition, thick woolen blankets were mounted on the walls. 
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Conditions 

In Part I of the experiment, no absorption was added in the hall. The reverberation 
time was measured in the presence of an audience of approximately 30 persons. At 
medium frequencies (500-2000 Hz), the reverberation time T30 was about 1.5 s and 
increased to about 2 s at 200 Hz. The differences between T30 and TI5 were small, 
indicating that conditions reasonably similar to a diffuse field were established. This 
was confirmed by the nearly ideal exponential decays shown in Fig. 3. 

The active reverberation enhancement 
system was set to a reverberation time of 2 

LhST 19:35.36 
T ~ ~ I D ~ ~ U C  92 B O L I N  
1.00kHz 1/3 P- 3 t = 0 1 0 4 8  

s and a delay time of 25 ms in the digital 
reverberation unit. One 'hacrophone "pro- 

p vided with a piezo-electric pickup was 
combined with an electret microphone. The 
equalizer was adjusted to an almost fre- 
quency-independent loop gain of -20 dB for 
a 1 /3-octave noise signal (Fig. 4). 

The sinusoidal loop gain in Fig. 5 shows 
some ~ronounced ~ e a k s .  some exceeding - 

Timm/div.- 0 1 4 0 0  u 

LnST 19:36:12 10 d ~ :  LOOP gains'exceeding -15 d~ cause 
T ~ ~ ~ D ~ A U C  99 BOLlN 
2 .  O O ~ H ~  113  P- 3 1 = o 1 0 4 8  power circulation due to feedback and 

Chl L e a - *  60.9 

70 

therefore increase the original reverbera- 
tion time. 

fig.3. Sound level decays in the original Fig. 4. Loop gain of the enhancement sys- 
hall. Nearly linear decays indicate a diffuse tem adjusted for Part I measured using 
soundfied. 1/3-octa ve noise. 

The increase in reverberation time shown in Fig. 6 is a combined effect of feedback 
and processor controlled reverberation. This may be seen from the decays in Fig. 7 
which show a marked curvature at low levels. Most of this curvature is below -35 dB 
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Potentiometer Ranam 3c6 dB 

Fig. 5. Shusoidal loop gain for Part I. 

re maximum level, and therefore has no influence on the measured reverberation 
time T30. 

At frequencies below 3150 Hz, the increase in reverberation time was in the range 
of 1540% for both TI5 and T30, while at higher frequencies no significant increase 
was obtained. 

T 
uk 
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31.6 85 125 260 600 1000 2000 4000 8000 18000 
Oktav amtorfrokvonaer Hz 

Fig. 6. Reverberation times TI5 and T30 wit% 
and without the enhancement system h Part I. fig. Decays enhancement Part 1 
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measured in the absence of an audience. They were slightly reduced by the 
approximately 30 persons who participated in the experiment. At 1 s reverberation 
time, the total absorption area in the room was about 250 m2. Adding 15 m2 for 30 
persons should give a reduction less than 5%. 

The active reverberation enhancement system used a cardioid condenser micro- 
phone above the stage area. The system was set to 1.5 s reverberation time, and the 
level adjusted so that no audible coloration could be observed. The increase in the 
reverberation times TI5 and T30 are significant but small, in the range of 13-30%, see 
Fig. 10. In this figure, only T30 was plotted as TI5 was almost the same. The sinusoi- 
dal loop gain is shown in Fig. 11. 

Fig. 22. Sinusoidal loop gain for Part 127 with enhancement. 

The gain was less than -20 dB for all frequencies. The feedback had no influence on 
the reverberation times, which were determined by the original acoustics of the room 
and the reverberation unit. 

The microphone was picking up the direct sound, and the distance from the 
source to the microphone determined the relative strength of the reverberant sound, 
and the impression of the reverberation. 

Direct measurement of T60, i.e., the decay from -5 to -65 dB, would have resulted 
in a longer reverberation time value, due to the fact that only the late part of the 
decay was controlled by the processor. 

Figure 12 shows the frequency response in a room position for the enhancement 
system. The coloration at higher levels of enhancement originates from the system. 

THE LISTENING EXPERIMENT DESIGN 
The three parts of the room acoustic experiment took place on three different days in 
the same week, all at the same time of the day. The panel consisted of ten listeners, 
the same for all three occasions. The panel members were all working with acoustics, 
sound reproduction or music, e.g., acousticians, sound engineers, and choir leaders. 
The stimuli consisted of six different music excerpts performed live on guitar, flute, 
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or by a string trio, or sung by a soprano, a bass singer, or by a small vocal ensemble. 
The musical pieces for the different instruments are listed in Table I. 

Potentiometer ~anga:= dB 

fig. 12. ~re~uenc~iesponse (swept sinewa ve) for the enhancement system in a 
listener position. 

Guitar: 'Asturias "by Albeniz 
Flute: Monolog nr. 1, 'Fantasie "by Erland von Koch 
Soprano: The second aria of Cherubin in The marriage of Figaro "by Mozart 
Bass singer: The second aria of Sarastro in The magic flute "by Mozart 
String trio: Beethoven, Opus 3, part I, Allegro con brio 
Vocal ensemble: 'Uti vHr hage ': a Swedish folk tune arranged for 4 voices by Hugo Alfv6n. 

Table I. fie excerpts used as stimuli for the room acoustic experiment. 

Each piece was performed twice in succession, one time with and one time with- 
out activation of the acoustic walls. The order of both these conditions and music ex- 
cerpts was random. Each excerpt occurred twice in each experiment so as to permit 
an evaluation of the consistency of the judgments. Before the formal test begun, some 
test examples were presented so as to make the listeners familiar with the experimen- 
tal procedure and the room acoustic conditions. 

The listeners rated the acoustics of the room with regard to 11 parameters: 
Reverberance (in Swedish: Efterklang) 

- how long the sound reverberates in the hall 
Spaciousness (Rymdkansla) 

- if the sound is open or closed 
Clarity (Tydlighet) 

- if the sound is clear or diffuse 
Loudness (Ljudstyrka) 

- if the sound is loud or soft 
Fullness of timbre (Fyllighet i klangen) 

- if the timbre sounds full or thin 
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Brightness (Briljans/Ljushet) 
- if it sound bright or dull 

Localization of the sound (Ljudbildens lokalisation) 
- if the sound appears to come from the right or the wrong direction 

Echo (Eko) 
- if there are echoes 

Reverberation tails/ringing tones (Efterklangssvansar/kvardrojande toner) 
- if there are clearly audible tones in the reverberant sound 

Naturalness (Naturlighet) 
- if the room acoustics sounds natural or artificial 

Overall impression ( ~ v e r g r i ~ a n d e  totalintryck) 
The task for the listeners was to mark their ratings on a sheet (see Appendix, Al) 

with 100 mm long lines, one for each parameter. At the endpoints of the lines, the ex- 
tremes were given, indicating that the left end represented zero quantity of that 
parameter and the right end represented an extreme quantity of the same parameter. 
There were no scale along the lines, so the listeners were free to mark anywhere at 
the lines. A new sheet was used for each performance, so that each subject received a 
pile of 24 sheets (six excerpts x two conditions x two presentations) in each session. 

The order of the parameters on the sheets was different for each listener, so as to 
eliminate the possible effect of parameter order. On the sheets there was also a writ- 
ten instruction to the listeners encouraging them to follow their own intuition when 
answering and to avoid revealing their reactions to their fellow listeners. The full text 
is shown in the Appendix (A2-A3). The musicians were instructed to: 'Try the room 
acoustics with a few tones every time before you start to playlsing your excerpt, so 
that you do not get surprised. Try to play as alike as possible every time, independ- 
ent of room acoustics. "However, as it is practically impossible to make exact replica- 
tions of a live performance, the stimuli were not identical. 

RESULTS 
The subjects'responses were measured as the distance in millimeters from the left 
endpoint of the parameter line to the marking set by the subject. Some listeners 
tended to put their markings closer to the extremes, while others kept their markings 
closer to the midpoint of the lines. Nevertheless, the mean values of all judgments for 
each listener did not differ by more than 10 mm. The judgments were listed in tables 
using the Excel program for the analysis of the data. All listeners were rather consis- 
tent in their judgments; the distance between the two judgments of the same musical 
excerpt presented in a given room acoustic condition averaged over all listener's was 
10.4 mm. The largest mean difference for a listener was 14.3 mm, and the smallest 
mean was 6.3 mm. 

The reliability of the judgments was also estimated by means of the so-called 
within cell mean square, obtained in the analysis of variance (see below), that is, the 
estimated average variance of the replicated ratings across conditions and listeners. 
The parameter which showed the highest reliability was loudness (see Table 11). This 
was not surprising; the reliability of the loudness parameter has often been found to 
be comparatively high, perhaps because listeners are used to paying attention to this 
parameter (Gabrielsson, Schenkman, & Hagerman, 1988). Also fullness of timbre and 
brightness showed a large degree of agreement between the two judgments for the 
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Totall, without acoustic walls Totall, with acoustic walls I 

Hg. 13. judgments, averaged over Iisteners and performances, of the room acoustics in Part 
I, with and without the activation of the acoustic walls. 

Soprano 2, without acoustic walls Soprano 2, with acoustic walls 

T 

Fig. 14. Jud'en&, averaged over all listeners, of the room acoustics in Part II for soprano 
singing. 



Reverberance 7 
Spaciousness I 

Clarity - 
Loudness - 

Fullness in timbre - 
Brightness w 

Localization I 
Echo - 

Ringing tones I 
Naturalness - 

Overall impression - 
I' 

8 ,  

Reverberance 

Spaciousness w 
Clarity - 

Loudness w 
Fullness in timbre - 

Brightness w 
Localization '- 

Ringing tones Echo EF 
Naturalness -' 

Overail impression 7 



STL-QPSR 111993 

Part I11 
In this part of the experiment, the difference between the reverberation time meas- 
ured with and without acoustic walls was no more than about 0.1 s. Because of the 
shape of the relation between absorbing area and reverberation time, it turned out to 
be difficult to attain a greater difference. Also, this small difference was perceptible; 
the mean difference in the ratings of reverberance with or without activation of the 
acoustic walls is about 10 mm (see Fig. 16). Compared to the ratings in Part I, in Part 
IIIreverberance was considered shorter, and clarity and localization received higher 
values. 

Factor analysis 
To find out which parameters were related, factor analysis (principal components 
analysis) was carried out using the SPSS program package. In this analysis, data from 
Parts I, II, and III were pooled. A rotated factor matrix (VARIMAX) was used to 
identify the factors underlying the judgments. Three factors emerged which showed 
a correlation with the 11 parameters used in the experiment (see Table 111). The first 
factor was bipolar and showed a positive correlation with naturalness, clarity, local- 
ization, and overall impression and negative correlation with ringing tones, echo and 
reverberance. The second factor was unipolar, showing positive correlation with 
spaciousness, fullness of timbre, overall impression and loudness. Factor 3, also 
unipolar, showed correlation with only one parameter: brightness. There was no 
overlap between the parameters with respect to factors, except for the parameter 
'bverall impression "which was correlated with Factors 1 and 2. This is not surprising 
as overall impression is a general parameter that could be related to all aspects of 
room acoustics. 

Analysis of variance 
The analysis of variance (ANOVA) is a method for dividing the observed variation in 
experimental data into different parts, each part assignable to a known source, or fac- 
tor (Winer, 1971). An application of this method to listening tests has been described 
by Gabrielsson (1979). An ANOVA was made separately for each of the 11 parame- 
ters in the experiment. There were four factors: 

Acoustic walls (active/inactive) 

Room acoustic conditions (Parts 1-111) 

Instruments (six different) 

Listeners (ten skilled listeners) 

A mixed model was used, in which the three factors acoustic walls, room acoustic 
conditions, and instruments were considered as fixed and the factor listeners was 
considered as random. The variance resulting from each of these fixed factors was 
compared to the variance resulting from the interaction between that factor and the 
factor listeners. In a similar way, the variances resulting from all the interactions be- 
tween fixed factors were compared to the variances resulting from the interactions 
between those factors and the listeners factor. For the whole experiment, the signifi- 
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cance was examined at the 0.05, 
0.01, and 0.001 levels. The results 
are shown in Table III.* 

For the factor acoustic walls, the 

Brightness 

ratings were different depending 
on whether the acoustic walls were 

+ 34983 

active or inactive; this can be seen 
in terms of a high significance for a 
group of parameters related to re- 
verberation: reverberance, rever- 
beration tails/ringing tones and 
echo in Table IV. With a few ex- 
ceptions, i.e., for the guitar per- 

Table Ill. Factor analyss showing correlation with formance (Fig. 15), the reverber- 
the ll parameters in the listening experiment. The ance was considered larger with 
+ s i p  refers topositive correlation and the - s i p  to active acoustic walls. The high sig- 
negative correlation. nificance of parameter ringing 

tones was mainly due to the experimental conditions in Part II, seen most clearly for 
the soprano singing (Fig. 14) where the judgments showed a large difference depend- 
ing on if the acoustic walls were active or not. Also for all interactions including 
acoustic walls (acoustic walls - instruments, acoustic walls - room acoustic condi- 
tions, and acoustic walls - instruments - room acoustic conditions), a high signifi- 
cance occurred for reverberance, ringing tones, and echo. For the factor acoustic 
walls, the parameters loudness, naturalness, spaciousness, overall impression, sound 
localization, and clarity were also significant. For the interactions, including acoustic 
walls, a significance at 0.001 level was found among these parameters for naturalness 
and overall impression. For parameters brightness and fullness of timbre, there was 
no significant difference whether the acoustic walls were active or not. 

Table IV. Analysis of variance for the 13 parameters in the listening experiment. Symbols ""7 
*: and "represent sip'ficance levels at 0.001/ 0.01 and 0.05 level, respectively. 

*A table of means for all conditions is available on request. 
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dary sources; the vibration pattern is quite complex and hence the radiation varies 
drastically both with frequency and direction. This is unlike loudspeakers where the 
sound emanates from the paper cone which creates a much more coherent sound 
field. This makes the loudspeaker easier to locate. To solve this problem, systems 
with a large number of loudspeakers are needed. 

Without 
acoustic 
walls, 
part 1 

Without 
acoustic 
walls, 
part 2 

With 
acoustic 
walls, 
part 1 

With 
acoustic 
walls, 
part 2 

Fig. IZ Percentage of wrongly iden fified consonan fs in a VCV fes f ,  four succeeding parfs. 
The fwo firsf lines refer fo the sifua fion where fhe acous fic walls were nof activa fed; for the 
last fwo lines the acousfic walls were acfivafed. The squares in fhe middle of fhe bars show 
the mean values and bars represent confidnce in fervals at 95% level. 

The experiment indicated that it was easier to avoid coloration and artifacts when 
the original reverberation time of the room was somewhat higher than in a damped 
room. According to our results, the mode density of the acoustic walls is too low to 
secure a colorless reverberation in rooms where the original reverberation time is so 
low that the active system has to supply nearly all the reverberant energy. However, 
the acoustic wall system could be further improved so as to possess a higher mode 
density, thus allowing a colorless reverberation. This could be realized by increasing 
the number of different acoustic walls sizes, particularly by adding some larger ones 
(Berndtsson, 1992). 

Ringing tones due to excessive reverberation times at single frequencies are the 
main problem. At some of the eigen-frequencies of the plates, the loop gain may ex- 
ceed the mean loop gain by several decibels. To avoid excessive reverberation, and 
hence ringing tones at these frequencies, the mean loop gain had to be reduced. This 
reduced the level of the reverberant sound, which resulted in curved decays and a 
minor increase of the subjective reverberation. A higher mode density would reduce 
this effect. Also, notchfilters can be used to avoid excessive loop gains at single fre- 
quencies. The mean loop gain and the level of reverberant sound may then be kept 
sufficiently high to produce less curved decays. With such a system, great variation 
in reverberation time could be achieved, and the initially planned comparisons be- 
tween naturally and artificially produced reverberations with equal reverberation 
times could be carried out. 
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APPENDIX 
Listener.. ..... 

Music excerpt number ....... played on ........ 
Reverberance (Efterklang) 
Extremely short Extremely long 
(Extremt kort) (Extremt ling) 

Spaciousness (Rymdkansla) 
Extremely closed in Extremely open (free) 
(Extremt instangt) (Extremt vidoppet) 

Clarity (Tydlighet) 
Extremely unclear Extremely clear 
(Extremt otydligt) (Extremt tydligt) 

Loudness (Ljudstyrka) 
Extremely soft Extremely strong 
(Extremt svagt) (Extremt starkt) 

Fullness of timbre (Fyllighet i klangen) 
Extremely thin Extremely full 
(Extremt tunt) (Extremt fylligt) 

Brightness (Briljans/Ljushet) 
Extremely dull Extremely bright 
(Extremt morkt) (Extremt ljust) 

Localization of the sound (Ljudbildens lokalisation) 
Clearly from wrong direction From right direction 
(Tydligt fr5n fel hill) (Frin ratt hAll) 

Echo (Eke) 
No echo Obvious echo 
(Inget alls) (Extremt tydligt) 

Reverberation tails / ringing tones (Efterklangssvansar / kvardrojande toner) 
No tail Extremely obvious tails 
(Inte alls) (Extremt tydliga) 

Naturalness (Naturlighet) 
Unnatural Natural 
(Onaturligt) (Naturligt) 

- 

Overall impression (O~er~r ipande  totalintryck) 
Extremely bad Extremely good 
(Extremt dbligt) (Extremt bra) 

Fig. A I.  The response form (transla fed). 
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EXPLANATION OF THE EXPERIMENT 
In these experiments, you will hear a series of music excerpts played in different 

types of room acoustics. Your task is to judge how every music excerpt sounds in the 
room, on one sheet of paper per example. Try to respond to all answers while the 
music excerpt is played /sung. 

In between some excerpts we will change the room acoustics by varying the ab- 
sorption in different ways, or by using different reverberation systems. 

On the response forms you will find a list of qualities that are often used to de- 
scribe the acoustics of a room. Every quality is represented by a line: one end repre- 
sents extremely much of that quality, the other end represents total absence of that 
quality. Mark with a cross on the line how much of just that quality the room acous- 
tics has. 

With the different terms we mean the following: 

Reverberance (Efterklang) 
- how long the sound reverberates in the hall 

Spaciousness (Rymdkansla) 
- if the sound is open or closed 

Clarity (Tydlighet) 
- if the sound is clear or diffuse 

Loudness (Ljudstyrka) 
- if the sound is loud or soft 

Fullness of timbre (Fyllighet i klangen) 
- if the timbre sounds full or thin 

Brightness (Briljans/Ljushet) 
- if it sounds bright or dull 

Localization of the sound (Ljudbildens lokalisation) 
- if the sound appears to come from the right or the wrong direction 

Echo (Eko) 
- if there are echoes 

Reverberation tails/ringing tones (Efterklan ssvansar/ kvardrojande toner) 

r k - if there are clear1 audible tones in t e reverberant sound 
Naturalness (Naturlighet 

- if the room acoustics sounds natural or artificial 
Overall impression (Overgripande totalintryck) 

Write each judgment without taking notice of your prior judgment. Do not let 
your judgment be influenced by what you think about the musical piece or the per- 
formance. As this is a group experiment, it is important not to show to the other 
listeners what you think. Be stone-faced! Avoid discussing your impressions with 
other listeners before the whole experiment is finished. Remember that no answers 
are 'fight "or 'tvrong. "Your only concern is your own judgment. 

Thanks for your participation! 

Fig. AT. Instructions to the I~steners. 
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COMMENTS 

Did anything occur that disturbed your judgments? 

Which principles do you use for your judgments? 

Did you think the experiment was difficult? 

Were there any concepts you think are unclear? 

Other comments: 

Fig. A3. Comment sheet given to the listeners of the room acoustic experiment. 


