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INTRODUCTION

Sabine's pioneering work! established the concept of reverberation time, which compactly describes
the decay characteristic of reverberation. Equally important, especially for non-exponential reverberation, is
the concept of reverberation level, which is the energy of the reverberant portion of the signal relative to the
energy of the direct sound. Our ability to estimate the level of reverberation is a requirement of our distance
perception mechanism. However, the audibility of reverberation varies significantly depending on the
source signal and reverberation decay shape. For instance, reverberation that is clearly audible with speech
as the source may not be audible at all with ensemble music, even though the energy levels are the same.
Presumably, this is due to features of the signal which either reveal or mask the reverberation: sharp
transients followed by silence tend to reveal reverberation, whereas slowly changing signals tend to mask it.

This paper describes a set of psychoacoustic experiments intended to illuminate how we perceive
reverberation level as a function of the source signal and the reverberation decay shape. This is done via a
matching experiment, in which subjects listen alternately to two reverberant stimuli, and adjust the
reverberation level of one of the stimuli until both have the same perceived reverberation level. In this
paper, the term reverberation level will refer to the actual amplitude of the reverberation, and the term
“perceived reverberant level” will refer to the percept.

EXPERIMENTS

Apparatus. The experimental apparatus is shown in Fig. 1. Digitized sounds are played from an
Apple Macintosh computer equipped with a Digidesign Audiomedia I sound card and sent to a Lexicon
480L digital effects processor. The Lexicon 480L is set up in "mono split" mode, which yields two
independent reverberators with monophonic inputs and stereo outputs. In each reverberator the input sound
is added equally to the stereo outputs and thus appears at the center of the mix. The "reference" reverberator,
shown at the top of the figure, has a fixed reverberation level, and the "adjustable" reverberator, shown at
the bottom, has its level controlled by a slider. The stereo outputs of the two reverberators are selected with
an A/B switch and presented to the subject over AKG-K240 headphones. The presentation level is
approximately 80 dB SPL, and the experiments are conducted in a soundproof booth.

The reverberators are set up to render uncorrelated, diffuse reverberation with an exponential decay
using the "random hall" (RHALL) algorithm. The reverberation time (RT) and pre-delay for each
reverberator, and the reference level are set by MIDI (Musical Instrument Digital Interface) commands from
the computer. The stereo outputs from the computer enable different sounds to be sent to the two
reverberators. In order to record and map the slider values, the slider is a MIDI device that is routed through
the computer, though this is not shown in the figure. The slider has 128 discrete steps, which map to
reverberation levels from OFF to 0 dB in a perceptually smooth manner. Approximately 30 steps are used
to bring the level from OFF to -20 dB and from -20 dB to 0 dB the increments are roughly 0.25 dB.

Procedure. Each experiment is controlled by the computer and consists of up to 16 trials. For
each trial, the computer first initializes each reverberator with the appropriate parameters, then plays the
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[image: image2.png]stimulus sound, which is repeated indefinitely. Subjects are instructed to use the A/B switch to listen
alternately to the reference and adjustable reverberators, and to adjust the slider to make the two stimuli
"sound equally reverberant”. The subject then presses a button, which records the result and starts the next
trial. In all cases, the slider adjusts the adjustable reverberation level from no reverberation to 0 dB level,
but one of three monotonic level maps with different biases (+ 3 dB) is randomly selected for each trial.
Trials are randomly ordered, and experiments are randomly ordered within experiment sessions. Eight paid
subjects were used (6 male, 2 female), ranging in age from 20 to 40 years old, and all had extensive musical
or professional audio experience. Two of the experiments were performed using only five of these subjects.
Except for instruction on the use of the apparatus, subjects were not trained.
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FIG. 1. Apparatus used for the experiments.

Control experiments. In order to assess the ability of subjects to perform the matching task,
two control experiments were performed. In the first, the same sound was played through the same
reverberation decay shape in both reverberators. The sound used was an alternately ascending and descending
one octave C major scale synthesized using a triangle waveform. The duration of each note was 125 msec,
including 5 msec linear onset and offset ramps, with 125 msec gaps between notes (4 notes/sec). Trials
were performed using reverberation times of 2 sec and 0.5 sec with no pre-delay, and at reference levels of
-20, -12, and -6 dB. Each trial was repeated twice. The results, averaged across all subjects and all trials,
are shown in the top of Fig. 2.
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FIG. 2. Results of matching reverberation level to the reference levels shown. The filled circles indicate
means, and error bars show £1 standard deviation.

The results show the most variance at low reverberation levels, particularly for RT = 0.5 sec. In
fact, the RT = 0.5 sec, -20 dB reverberation was difficult to hear, whereas the RT = 2.0 sec, -6 dB
reverberation was quite loud and shows the smallest variance. There seems to be a bias towards the center
of the range, although the large positive bias at low reverberation levels is probably caused by subjects
pushing the adjustable reverberation level into a range where slider adjustments make a clearly audible
difference, rather than a reluctance to use low slider settings.

Because the sound and reverb decay shapes are the same, setting the correct level on the slider results
in identical reference and adjustable stimuli. Thus, any number of perceptual cues can be used to match the
two stimuli. The 4 second period of the signal allows direct comparison between successive periods; we
would expect more variation with a non-repeating signal.

Another experiment was performed which was identical in all respects to the previous experiment,
except that the presentation of the adjustable reverberator was monophonic (diotic), while the reference
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[image: image3.png]reverberation remained stereo (dichotic). The results, averaged across all subjects and trials, are shown in
the bottom of Fig. 2. :

Since the monophonic adjustable reverberation is correlated at the two ears, we might expect this to
increase the perceived level, thus lowering the matching levels. However, spatial information can no longer
be used to segregate the direct and reverberant streams, so the reverberation may be masked somewhat by the
direct sound, which would increase the matching levels. The results do not show dramatic differences
between diotic and dichotic presentation, although they seem to indicate that spatial cues affect level
perception at high reverberation levels.

Dependence of level perception on source signal. The third experiment investigated the
dependence of reverberation level perception on the source signal. In this experiment, the reference sound
was speech from the Impact 2 CD?2, track 17 index 1, which was matched against either a solo clarinet or a
string quartet (track 11 index 1 and track 10 index 2, respectively). Both the reference and adjustable
reverberators were set to RT = 2.0 sec at a reference level of -20 dB, which was quite audible with the
speech source signal. We would expect the reverberation to be most audible with the speech signal owing
to its transient nature. The clarinet and the string quartet are progressively less transient, thus the results
should show matching levels greater than the -20 dB reference level. The results, averaged across 5 subjects
and two repetitions of each trial, are -10.4 3.5 dB for the clarinet and -5.7 £3.8 dB for the string quartet.
This confirms our expectation that these signals require significantly more reverberation level to sound as
reverberant as the speech.

Gap size experiment. This experiment used tone sequences to investigate the dependence of
perceived reverberation level on the durations of the gaps between tones. The hypothesis is that
reverberation in tone sequences with long gaps will be more audible than reverberation in tone sequences
with short gaps, so subjects should select more reverberation level for sounds with short gaps than for
sounds with longer gaps. The reference sound used was a repeating C4 tone synthesized from a triangle
wave, 100 msec in duration including 5 msec linear onset and offset ramps, with 200 msec gaps between
repetitions. This was matched against tone sequences that were identical except for shorter gap sizes of 100,
50, and 25 msec, respectively. Note that the sequences with shorter gaps have faster tempos. A
reverberation time of RT = 2 sec at a reference level of -20 dB was used for the experiment. The results,
averaged across 5 subjects and two repetitions of each trial, are shown in Fig. 3a.
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FIG. 3. (a) Result of matching levels as a function of gap size, shown on log scale, using repeating tones
of 100 msec duration. The reference gap size and level is indicated with O at 200 msec and -20 dB level.
(b) Result of matching levels with musical sounds as a function of pre-delay at RT = 0.5 sec (O indicates
RT = 1 sec). Reference is same sound, RT = 2.0 sec, -20 dB level, no pre-delay.

These results can be explained as follows. Simultaneous masking dictates that the reverberation will
be audible only during the gaps, and because of the long reverberation time of 2.0 sec, the reverberation
level is fairly constant over these gaps. Our hypothesis is that the perceived reverberation level is related to
loudness integration over the audible reverberation. The time during which the reverberation is audible will
be reduced due to the forward masking of the much louder preceding note. We can estimate that
reverberation at a level of 10 dB below the signal will be masked until 15 msec after the note offset (see
Ref. 3, Fig. 4.22), and similarly, reverberation at -20 dB level will be masked for 25 msec. Referring to
Fig. 3a, we see that the 25 msec gap resulted in a -10 dB reverberation level, which would allow 10 msec of
audible reverberation. For the 200 msec gaps at -20 dB reverberation level, we expect audibility over 175
msec. Loudness levels of constant tones rise at 10 phons per decade of duration for the first 100 msec, at

Gardner




[image: image4.png]which point the loudness level becomes constant (see Ref. 3, Fig 8.13). An integration period increasing
from 10 msec to 175 msec would predict an increase in loudness level of 10 phons, which corresponds
roughly to 10 dB of level. This is a plausible explanation for the 10 dB level difference between the 25
msec gaps and the 200 msec reference gaps.

Reverberation shape dependence. Another experiment involved matching the perceived
reverberation levels of different reverberation decay shapes using the same musical sound. For all trials, the
reference reverberator was set to RT = 2.0 sec and -20 dB level. Thus, this reverberation is typical of what a
musician would hear playing a solo instrument on the stage of a concert hall. This reference was matched
against four different decay shapes: RT = 1.0 sec with 50 msec pre-delay, RT = 0.5 sec with no pre-delay,
RT = 0.5 sec with 50 msec pre-delay, and RT = 0.5 sec with 100 msec pre-delay. This final reverberation
had several low level early echoes added to reduce the echo effect of the 100 msec pre-delay. Note that the
effect of the pre-delay is simply to delay the reverberation relative to the direct sound. Two musical sounds
were used, a 40 sec clarinet recording from the Impact 2 CD, track 11 index 1, and a 34 sec soprano
saxophone recording from the same CD, track 9 index 5. The results, averaged across 8 subjects and two
repetitions of each trial, are shown in Fig. 3b.

The striking features of the results are that the RT = 0.5 sec requires 13 dB more level to sound as
reverberant as the reference, and that this level drops by 4 dB per 50 msec of pre-delay. This relation was
evident in many of the subjects' individual responses, but subjects had different absolute starting points.
Nevertheless, the average results are remarkably similar for the two sounds used. We can explain the
general trend of reduced matching level with increasing pre-delay as follows. The reverberant response to a

note with a rectangular envelope grows like 1— e~ during the note, and then decays exponentially after
the note offset. The effect of the pre-delay is to shift this reverberant shape out from under the masking
note, providing more unmasked energy for loudness integration. The large level difference of 13 dB between
RT = 0.5 sec and the reference RT = 2.0 sec must be partially due to simultaneous masking of the
reverberation by adjacent pitches. In other words, the RT = 0.5 sec reverberation is most audible when large
pitch jumps occur in the melody, but is otherwise masked by nearby pitches, whereas the RT = 2.0 sec
reverberation persists until the melody has moved well away from the initial pitch.

CONCLUSIONS

We conducted several experiments to determine how listeners estimate the level of reverberation in a
sound. We first established that subjects were able to accurately match reverberation levels between
examples of the same sound, even in the absence of dichotic spatial cues. However, variations in the
character of the source material had a very strong influence on reverberation level perception. In particular,
sustained ensemble music required 14 dB more reverberation when compared to speech.

To quantify this dependence, we investigated the relationship of reverberation level to gap size in
simple repeating tone sequences. A preliminary consideration of forward masking and loudness integration
appears to explain the results.

Real musical signals have more complex pitch content. In these cases, the perceived reverberation
level will result from complex interactions of simultaneous and forward masking among the direct and
reverberant sound. We need to conduct many further experiments in order to quantify the nature of this
behavior. Discussion of such perception is also addressed in a companion paper?.

The authors would like to thank Joe Ierardi for preparing anechoic music recordings of solo
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participated in the experiments.
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