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ABSTRACT 

This paper describes a series of experiments into sound perception when the direct/reverberant ratio (d/r) is low. 
Sound source localization and the perception of being adequately close to the musicians are improved when the 
direct sound dominates the total reflected energy for about 40ms, during which time the direct sound can be 
separately perceived.  For such a hall the impressions of loudness, clarity, and localization are satisfactory and 
nearly unchanged over a 6dB range of d/r.  As the time period of direct sound dominance decreases, the d/r ratio 
must be higher for equal subjective clarity.   

 

1. INTRODUCTION 

A major goal of a concert hall is to provide a large 
number of listeners with musical sound of adequate 
loudness.  In free space the sound energy from 
musicians decreases as the square of the distance, and 
once it passes by the listeners it is gone.  A concert hall 
captures all the sound energy, and holds it for long 
enough to spread it through the audience almost 
uniformly.  Most of the sound we hear is reflected.  
Classical acoustic theory predicts that in a typical 
rectangular hall 6/7 of the listeners will experience a 
direct to reverberant ratio (d/r) of less than one, and a 
substantial fraction will have a d/r ratio of less than 

minus 10dB. We lack data on sound perception at low 
values of d/r. 
 
 
Although these conditions are universal in halls, some 
halls sound better than others.  This paper is motivated 
by a desire to understand the subjective differences 
between concert halls, and to predict in advance how 
well they will work.  A central problem is that classical 
theory moderately accurately predicts the reverberation 
time and the d/r.  In addition measured energy decay 
curves closely match the exponential decay predicted by 
Sabine and Beranek. Two halls with similar 
reverberation time will probably have similar values for 
conventional acoustic measures, such as EDT and C80.   
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Yet halls that measure similarly often sound different.   
This paper describes a series of experiments that probe 
sound perception at low values of d/r. The work is 
preliminary, continually raising more questions than it 
answers.  The object is determining the questions we 
should be asking, not necessarily supplying answers. 
 
The English language – and our Western culture – lacks 
the ability to accurately describe the perception of 
sound.  To compare two sounds we need to switch back 
and forth between them quickly, and then train 
ourselves to perceive and describe small differences.  
Modeling simple hall shapes binaurally, and then 
convolving the results with different musical sources is 
a practical method for this type of study. The author has 
developed a toolbox of source material, C code, and 
Matlab code for doing these experiments.  The source 
material and code is free of copyright and available at   
www.theworld.com/~griesngr.  Readers are encouraged 
to look there for the most recent version of this paper.   
 
Rather than spend a lot of words describing sounds, I 
am including links to sound files that allow readers to 
hear for themselves the differences described.  Please 
listen, compare, and keep in touch. 
 
2.     BINAURAL MODELS 
 
A single binaural impulse response, whether measured 
or modeled, is not a useful representation of the sound 
of a hall.  It is well known that acoustic measurements 
can vary greatly when either the source or listening 
position changes by a few feet.  When music is 
convolved with a particular impulse response, there can 
be large frequency response variations that depend on 
the exact seat position. These variations are chiefly due 
to interference among the reflected sound waves.  In a 
concert sounds typically come from a multitude of 
source positions, and interference anomalies which 
occur over a single path tend to average out.  We can 
model this averaging by combining energy from several 
source positions using incoherent sound sources.  This 
greatly reduces the problem, but in doing so we lose the 
ability to perceive the exact azimuth of the sound 
source, and lose the perception of sonic distance. 
 
Interference anomalies occur chiefly at low frequencies.  
Musical sound sources tend to have numerous 
harmonics in any particular critical band above 1000Hz, 
and interference anomalies tend to average themselves 
away.  Below 1000Hz the harmonics are sparse.  There 
may be only one in a particular critical band.  When this 

happens interference variations can change the 
amplitude of a single tone by 12dB or more.  The result 
is highly audible.  For example, my vocal fundamental 
is at approximately 125Hz, +- 20%.   Two impulse 
responses separated by a few feet can differ by 6dB or 
more at these frequencies, and the difference in 
perceived reverberance and envelopment can be large. 
 
In this work I make an effort to check the frequency 
balance of a number of nearby impulse responses, using 
SIA-Smaart Acoustic Tools.  It is generally possible to 
find a nearby seat position where the response 
anomalies are minimal.  These are the ones used for 
comparative experiments. 
 
The room model is deliberately simple:  a rectangular 
box with uniform surface absorption.  The reflections 
are determined with an image model, where the distance 
(but not the azimuth) of each image has been 
randomized by ~+-1ms.  Omnidirectional sources and 
receivers can be placed anywhere within the space.  A 
binaural impulse response is obtained for a given source 
and listening position.  Once the impulse response has 
been computed the reverberation time as a function of 
frequency is modified to increase the RT below 200Hz, 
and decrease it above 4kHz.  This increases the 
naturalness of the sound. 
 
The interaural time delay (ITD) of each reflection is 
calculated by the image model.  Interaural Level 
Differences (ILD) due to head shadowing are added by 
summing the reflections into bins separated by 10 
degrees of azimuth, and convolving each bin with 
Kemar HRTFs as measured by Bill Gardner: 
www.sound.media.mit.edu/KEMAR.html.  I removed 
the ITD component from the KEMAR data, extended it 
to 256 samples, and equalized it for flat low frequency 
response.  The resulting HRTF curves are included with 
the code toolbox on my web page. 
 
The model reproduces azimuth accurately, and is 
reasonably free of individual HRTF dependence up to a 
frequency of about 4kHz.  Above this frequency – 
which is where the primary front/back and elevation 
cues are found – KEMAR can vary substantially from 
individual data (certainly for mine.)  Front back 
localization using KEMAR data is poor for most 
listeners – and can be difficult even with individual 
HRTFs.  Fortunately spatial information above 4kHz in 
concert halls is not of primary importance. 
 
My model does not reproduce elevation.  There is no 
disadvantage in these examples, as most of the acoustic 
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perceptions of interest here depend almost entirely on 
azimuthal spatial properties, and elevation is poorly 
reproduced through headphones without individual 
HRTFs. 
 
The following curves show some interesting features of 
our models.  Note that the build-up of energy is similar 
in the two examples, and quite close to classical theory.  
This similarity is misleading, as these are plots of the 
energy in an impulse response, so they plot mostly 
broad-band excitations from frequencies above 10kHz.  
If we filter the impulse responses into 1/3 octave bands 
the results become highly frequency dependent, 
particularly below 1000Hz.  Both the build-up and 
decay curves can look quite different. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Figure 1:  .  Dashed box:  Energy of direct sound from a 
100ms broadband source.  Upward solid curve:  Build-
up of energy from a model of the Amsterdam 
Concertgebouw at a seat near the left-right center of the 
hall, and 17’ from the rear wall. Downward solid curve:  
The energy decay when the direct sound ceases. Dashed 
curve:  Build-up of sound energy as predicted by 
classical exponential decay in the above hall, assuming 
the reverberation starts at the beginning of the direct 
sound.   Note that in the modeled hall the direct sound is 
stronger than the reverberation for at least 30ms, and 
that the initial decay rate of energy is faster than the 
final rate. 
 
 
 
 
 
 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Figure 2:   A curve similar to figure 1, but showing the 
build-up and decay in a model of Boston Symphony 
Hall (BSH), at a seat 32’ from the rear wall.  Note that 
in BSH the reverberation arrives more promptly than in 
Amsterdam.  This difference is audible.   
 
3.     SOURCE MATERIAL 
 
Most acoustic research is based on the study of a 
modeled or measured impulse response.  But listening 
to the impulse response is not informative.  Here is one 
from a model of BSH. 
1.  www.theworld.com/~griesngr/aes/ex1_imp.wav. 
Some research uses decaying pink noise as a signal 
2.  www.theworld.com/~griesngr/aes/ex2_noise.mp3. 
This may be better – but not by much. 
 
To hear what this hall really sounds like we need to 
convolve the impulse response with some more natural 
signal.  Speech is a particularly good choice, as human 
hearing and speech appear to have evolved together. 
3.  www.theworld.com/~griesngr/aes/ex3_speech.mp3. 
  
Speech is a wonderful sound source.  It contains a wide 
variety of sounds.  The vowels are voiced – consisting 
of a complex tone made up of a fundamental and many 
synchronized harmonics.  The rise-time and the fall-
time of different phones varies, and the effect of these 
variations on the acoustics can be heard.  The 
fundamental frequencies of speech phones are not 
constant, but glide up and down in pitch.  The rate of 
change of frequency affects the acoustic perceptions.  
However, unless one practices, the fundamental 
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frequency for a given speaker covers a limited 
frequency range. 
 
Musical signals from solo instruments also tend to be 
complex tones, with fundamentals between 100Hz and 
500Hz.  They also have a multitude of harmonics, and 
these harmonics are usually synchronized.  Although it 
may seem as if the frequency of an individual note is 
constant, musicians seldom play that way.  Subtle – and 
not so subtle – frequency variations are added to each 
note.  These variations are of vital importance to 
acoustic perceptions, particularly to envelopment.  Here 
is a synthetic cello sound with no vibrato: 
4.  www.theworld.com/~griesngr/aes/ex4_cello0.mp3. 
And here with a 1Hz frequency modulation that is 
almost inaudible without reverberation: 
5.  www.theworld.com/~griesngr/aes/ex5_cello1.mp3. 
 
The rise time, fall time, and duration of musical signals 
is also of vital importance, as is the spacing between 
notes.  The Matlab script that generated the above tone 
allows all these parameters to be adjusted.  The tone can 
change from percussive, to plucked, to arco.  Faster rise-
times make it easier to detect the azimuth of the sound, 
especially when d/r is low.  Fast fall times tend to make 
the reverberation more audible, and the longer the note 
is held the stronger the late reverberation will be.  Short 
notes create less reverberation level, but by providing 
less masking they may make the reverberation 
subjectively louder. 
6.  www.theworld.com/~griesngr/aes/ex6_perc.mp3. 
7.  www.theworld.com/~griesngr/aes/ex7_pluck.mp3. 
 
Concert sounds are often produced by multiple 
instruments playing the same musical line.  The fact that 
these sources are incoherent and occupy different 
positions in space tends to average out frequency 
response problems in each individual transfer function.  
But the sonic distance of such sources is difficult to 
perceive, and the azimuth is broadened even before the 
acoustics act. 
8.  www.theworld.com/~griesngr/aes/ex8_horn.mp3 
9.  www.theworld.com/~griesngr/aes/ex9_horns.mp3 
 
Notice the horn in example 8 seems close to the listener.  
The chorus of horns – generated by summing three 
different performances at slightly different azimuth – is 
perceived as more distant and already reverberant.   
 
We need to use all these sounds.  But speech and the 
cello scale seem to be the most revealing.  We will use 
them most of the time. 
 

4.     LOUDNESS 
 
Possibly the most important, and certainly the most 
obvious acoustic property of a hall is the loudness of the 
sound.  Loudness depends on the strength of the sound 
source, the distance to the listener, the absorption of the 
stage area, and the total absorption of the hall.  All these 
effects are well predicted by conventional acoustic 
theory.  Although the loudness of the reverberation in a 
hall is a major component of the perception of 
envelopment, we will not discuss loudness in this paper.  
Suffice it to say that small halls used for performances 
of orchestras with modern instruments are often too 
loud, and that many large halls are too soft unless 
amplification is used.    
 
 
5.  OTHER ACOUSTIC  PERCEPTIONS 
 
 
It is always possible to find a few excellent seats in any 
hall.  The best concert halls give an enjoyable acoustic 
impression over a wide range of seats.  The d/r ratio in 
the majority of seats in all halls is between -6dB and      
-12dB.  Although the percentage of direct sound is low, 
good halls provide three acoustic perceptions (excluding 
loudness) that distinguish them from halls of lower 
quality.  These perceptions are: 
 
1.  Low sonic distance (audible direct sound) 
2.  Ease of localization of source azimuth, both for 
soloists and orchestra sections (localization) 
3.  A hall sound which surrounds the listener and is 
perceived as separate from the direct sound 
(envelopment.) 
 
6.     LOW SONIC DISTANCE 
 
Several cues contribute to the perception of source 
distance.  The most important is visual, which over-
rides all audio cues.   In a hall where the direct sound is 
distinctly audible the amount of spatially diffuse 
reverberation is also a cue.  As reverberation from the 
sides and rear of the listener becomes stronger the 
perceived distance of the source increases. 
 
In recorded music the optimum amount of surrounding 
reverberation is about -6dB compared to the direct 
sound – or d/r ~=+6dB.  In a concert hall d/r is typically 
less than -6dB, or 12dB more reverberation than the 
optimum for recorded music. 
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We might infer that a blind listener would perceive all 
concert hall sound sources as very far away.  This is not 
the case.  There are additional important cues to sonic 
distance.  Reference [1] explains that the coherence of 
the upper harmonics from speech or a solo instrument is 
a major cue for distance.  As reverberation increases our 
ability to detect the fundamental pitch of a sound source 
from information contained in high-frequency critical 
bands decreases.  This decrease is a reliable cue for 
distance.  
 
[1] also shows that harmonic coherence is detectable 
during the onset of a phone or a note, even when 
reverberation is strong.  This brief period of high 
coherence gives the impression that the source is 
emotionally close to the listener, but surrounded by a 
hall.  The direct sound separates from the reverberation, 
and the listener feels a connection to the performer that 
is lost when the direct sound is not separately perceived.                      
10. 
www.theworld.com/~griesngr/aes/ex10_speech_bsh.mp
3                                                                         
If we reduce the initial time gap (typical of a smaller 
hall) our ability to detect the direct sound diminishes, 
and we perceive the sound as further away (and 
emotionally more distant) in spite of reduced physical 
distance. 
11. 
www.theworld.com/~griesngr/aes/ex11_speech_bhs_m
20ms.mp3                                                                  
Thus the rise time of the sound source and the initial 
gap between the direct sound and the reverberation are 
important aspects of the perception of hall quality. 
 
7.     EASE OF LOCALIZATION 
 
Our initial goal was to understand how we determine 
the azimuth of sound sources when the direct sound – 
which was presumed to contain the only available 
azimuth information – was about one tenth the total 
energy.  We also hoped to determine how the onset 
delay, (and initial decay slope) of reverberation affected 
our perception of envelopment. 
 
Experiments involving the perception of azimuth can be 
tricky to perform, as the brain determines the best-guess 
azimuth from a variety of cues, and then tends to hold 
azimuth constant.  Thus for speech a few explosive 
consonants may give enough information to have us 
perceive an entire sentence as sharply localized.  To 
avoid this problem we always alternate the azimuth of 
signals.  For example 

12.  
www.theworld.com/~griesngr/aes/ex12_ten_alt.mp3 
13. 
www.theworld.com/~griesngr/aes/ex13_violin_scale_11
0_1.mp3                                                                         
 
Initially we modeled hall reverberation as an 
exponentially decaying random function with variable 
onset properties.  This model is free of geometrical 
complications, and it allowed us to determine the 
subjective azimuth as a function of frequency, the d/r 
ratio, and the delay gap between the direct sound and 
the onset of reverberation.   

In general, if the d/r ratio is -10dB or greater, the delay 
before the onset of reverberation is 25ms or more, and 
the sound source has a rise time of less than 20ms, 
accurate azimuth information is perceptible.  Azimuth 
detection degrades smoothly as the above conditions are 
not met.   

We found that our ability to detect azimuth when d/r is 
low is frequency dependent.  As the frequency drops 
below 1000Hz ITD and ILD cues are corrupted by  
interference effects, and can vary widely with small 
changes in source frequency.   

A 10ms running Inter Aural Cross Correlation (IACC) 
as described in [1] shows both these effects, using 
speech or music as an input.  The inverse of (1-IACC) 
during the rise-time of a sound provides a measure of 
the accuracy of localization, and the time delay of the 
peak IACC gives the azimuth value.  Frequencies below 
1000Hz rarely show any detectable azimuth when the 
d/r is less than -6dB. 

We also found that the perception of envelopment 
depended on the initial delay, with optimum values 
around 40ms.  Perhaps surprisingly, when the d/r was 
greater than -8dB the azimuth of reflections earlier than 
80ms had no effect on the perception of either azimuth 
or envelopment. 

But when we tested the results with a binaural image 
model of a rectangular hall, it became clear that 
reflections contribute to the perception of azimuth, and 
this contribution becomes increasingly important as the 
initial time gap decreases below 30ms, and/or as the d/r 
ratio drops below -10dB. 

Reflections contribute to azimuth detection because 
reflections from a sound source on the left of the stage 
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that bounce off the left side wall arrive at a centered 
listener’s ears earlier and with greater strength than 
reflections that bounce of the right side wall.  
Additionally, the stage rear wall reflection, the ceiling 
reflection, and the hall rear wall reflection will all 
contribute to detectable ITDs and ILDs.  If the source 
sound has a fast rise-time these first-order reflections 
are sufficiently dominant that azimuth can be perceived. 

The degree to which reflections contribute to azimuth in 
our models depends both on the hall geometry and on 
frequency.  With some hall shapes and combinations of 
source and listener positions the azimuth information 
seems to be confined to frequencies above 1000Hz.  In 
others, below 1000Hz.  Real halls tend to be more 
diffusive at frequencies above 1000Hz, and it is possible 
that surface decoration in a real hall will substantially 
reduce this effect. 

 When the d/r is below -10dB reflection azimuth also 
can contribute to envelopment, as a broad sound source 
is perceived as more enveloping than a narrow one. 

 
8.    ENVELOPMENT 

Previous work by the author [2] [3] included the 
observation that the audibility of both reverberation and 
envelopment for both solo and orchestral music depends 
on the amount of reverberant energy at delays greater 
than 150ms after the direct sound.  This work was done 
at d/r ratios of one or more.  For these conditions the 
author made the conjecture that the 150ms+ time delay 
was necessary for the brain to separate the reverberant 
component from the direct sound, and as the d/r 
decreased more time delay would be needed.  It seemed 
rational that if envelopment was to be perceived as 
separate from the sound source, the ends of sounds 
would have to be detected. 

A central question that motivated the research described 
here was why is the perception of envelopment different 
in halls that have similar loudness and reverberation 
time.   As a frequent concert-goer I have been often 
struck by perceiving that sound in a particular hall is 
highly reverberant, but not particularly enveloping.  In a 
previous article [4] the author suggested that even when 
d/r was very low, the ability to detect the ends of sounds 
was related to our ability to hear envelopment.  The 
rational was that since reverberation is always decaying, 
the sooner the brain decides a note has stopped, the 
stronger the decay between notes will be heard. 

This idea is NOT supported by our models.  It can be 
disproved by exciting the model with notes that have 
either a very slow rise-time, or a very slow fall-time.  It 
turns out envelopment depends on the rise-time, not the 
fall-time.  The detection of envelopment depends on the 
beginnings of notes, and not on the ends. 

It is equally easy to show, and quite robust, that 
increasing the delay before reverberation increases 
envelopment – at least up to the point where the 
reverberation is perceived as an echo.  One reason for 
this is obvious, and easy to control:  as we increase the 
delay before reverberation, we increase the energy in 
the time region 150ms and larger.  The whole decay 
curve simply moves later in time.  We can correct for 
this by not adding delay, but by taking away a few of 
the early reflections.  The result is nearly the same:  
increasing the initial delay gap increases the perception 
of envelopment – but only to the extent that the direct 
sound can be separately heard.  The result is easily 
perceived with speech in BSH at a d/r of -10dB.  If we 
increase the delay before reverberation by 20ms the 
effect is stronger: 

14. 
www.theworld.com/~griesngr/aes/ex14_speech_bsh.mp
3 

15.www.theworld.com/~griesngr/aes/ex15_speech_bsh_
p20ms.mp3                                                                         

Even the cello tone rises fast enough to have the direct 
sound perceptible separately in this model, and is highly 
enveloping. 

16. 
www.theworld.com/~griesngr/aes/ex16_violin_scale_11
0_1_bsh.mp3 

But pre-delay is clearly not the only important factor.   
We can scale BSH by 3/5 while keeping the surface 
absorption constant.  The result is a shoe box hall with 
about 900 seats.  This is a common hall shape, although 
in my experience not a particularly good one.   The idea 
that a shape that works for BSH should also work for a 
smaller hall is plausible, but incorrect. 

Classical theory predicts that the average d/r will be the 
same as BSH, and the reverberation time (RT) will scale 
with the volume, to 1.2 seconds.  The result sounds like 
this: 
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17.www.theworld.com/~griesngr/aes/ex17_cello_sm_bs
h.mp3                                                                         

The sound is distant, not enveloping, and azimuth 
detection is poor.  What if we increase the RT to 1.9s by 
reducing the surface absorption.  d/r decreases to -14dB. 

18.www.theworld.com/~griesngr/aes/ex18_cello_sm_re
fl_bsh.mp3 

This is more reverberant, but still not very enveloping.  
Maybe we can increase the envelopment by moving 
closer to the source and decreasing d/r:                                                             

19.www.theworld.com/~griesngr/aes/ex19_cello_sm_re
fl_bsh_closer.mp3 

20.www.theworld.com/~griesngr/aes/ex20_cello_sm_re
fl_bsh_closer.mp3 

Remarkable!  This sounds much less enveloping and 
less reverberant.  Why?  Trying other seat positions in 
this general area makes no difference.  The sound is 
much less reverberant than we would expect from 
simple exponential decay. 

As a sanity check, lets re-design the hall to be closer in 
shape to the Amsterdam Concertgebouw – more square 
in floor plan, with the instruments centered in the front 
wall, and the audience surrounding them.  With this 
plan the average distance to the listeners is less than in a 
BSH shape, and there is more delay between the direct 
sound and the first reflections.  Once again design for 
900 seats, but this time raise the ceiling to bring the RT 
to 1.9 seconds.  This is a simplified model of Boston’s 
Jordan Hall at New England Conservatory – a 1200 seat 
hall with fabulous acoustics for chamber music. 

21.www.theworld.com/~griesngr/aes/ex21_speech 
_sm_amst.mp3 

 
22.www.theworld.com/~griesngr/aes/ex22_cello_sm_a
mst.mp3 

No problem here.  The model sounds very good.  Why 
did the shoebox hall fail? 

The answer is not entirely clear as of this writing.  One  

of the reasons lies in the frequency dependence of the 
decay.  It is interesting to divide the impulse response 

into octave or 1/3 octave bands, and then plot the decay 
curves.  The curves by themselves are difficult to 
analyze without some kind of averaging, but standard 
averaging, such as reverse integration, is not helpful.  
The decay curves look closely exponential. 

But reverse integration of an impulse response is the 
equivalent of the decay of a very long note that abruptly 
ceases.  This is not what real notes do.  We need to 
window integrate the impulse response with a window 
that approximates the shape of a note or a phone.  
Figures 1 and 2 show the results of such an integration 
for a rectangular note of 100ms duration. 

SIA Smaart Acoustic Tools allows one to plot decay 
curves with different window integrations.  After some 
experimentation, a 2048 sample (50ms) window with a 
Hanning shape was revealing for this data. 

 

 

 

 

 

 

 

Figure 3:  Dashed line:  Decay in the small BSH hall in 
the 500Hz octave band, at a point 0.4 times the length of 
the hall from the front wall. A Hanning window of 2048 
points and 95% overlap was selected for the window 
averaging.  Solid curved line:  A similar plot from the 
full sized BSH at a point 0.7 times the length from the 
front.  d/r and RT for both plots is the same.  Note that 
in the larger hall the reverberation strength at 250ms to 
500ms is 6dB higher than in the smaller hall.  These 
curves are typical for seats in these areas.  A model of 
the Amsterdam hall gives very similar curves to BSH.  
In both halls the reverberant level in the 500Hz and 
250Hz octave bands at 200ms-400ms is larger than 
expected from exponential decay. 

A plot of the energy in the 2000Hz octave band does not 
show any difference between the normal size BSH and 
the smaller hall with more reverberant walls.  Plots such 
as figures 1 and 2 also show no difference. 
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Do actual measurements in BSH show the decay shapes 
in Figure 3? 

 

 

 

 

 

 

Figure 4.  Decay cure for BSH row R, 25ms rectangular 
window integration, 1000Hz octave band.  This picture 
looks plausibly like figure 2, at least in that the initial 
slope of the decay is faster than the later slope. 

 

 

 

 

 

 

Figure 5.  Decay curve for BSH in the 250Hz octave 
band.  There is no obvious similarity to figure 3, but this 
curve shows a much longer initial decay than figure 4. 

Due to seat variations in the decay curves it is not likely 
that any given curve will be typical of the hall or even 
the general seating area.  Unfortunately data from a 
large number of seats in the occupied hall are difficult to 
obtain.  But the curves shown above are provocative. 

 
8.    SPATIAL PROPERTIES OF REFLECTIONS  
 
We have studied how localization depends on the 
direction of early reflections.  There are some clear 
directional effects, at least when the d/r ratio is -10dB or 
less in a large hall.   
 
When the d/r ratio is higher than this it is possible to 
make the first 80ms of decay completely medial with 

very little change in the perceived azimuth or the 
perceived envelopment.  This is the case both with 
reverberation synthesized from decaying white noise, 
and from modeled reflections. 
 
However, the directional properties of reflections at 
time delays greater than 100ms become quite important.  
In order for the envelopment of a decaying noise 
segment to match the hall models it is necessary to 
reduce the separation at low frequencies, consistent with 
the correlation between the two ears of a dummy 
microphone when it is placed in a diffuse sound field, 
such as a reverberation chamber. 
 
Clearly the directional properties of reflections in this 
range are important to the perception of envelopment.  
In fact, if we do not correct for the low frequency 
correlation as described above, envelopment in a 
modeling experiment that uses independent random 
functions for the left and the right ear is both wider and 
in many ways more pleasant than envelopment in a real 
hall.  In a similar way, we notice that geometrical 
effects in a hall that reduce the energy in the time range 
of 200ms to 400ms reduce the perception of 
envelopment.  We would expect that geometrical effects 
that reduce the lateral component of sound energy in 
this time range would also reduce envelopment.  So far  
this effect has not been studied. 
 
9.    CONCLUSIONS 

It is too early in this research to come to firm 
conclusions.  We are looking for the right questions, not 
answers as to what geometrical features are likely to 
produce a good hall. 

But it is possible to say with confidence that the amount 
of time that the direct sound is stronger than the 
reflected sound is important to human perception.  As 
this time increases to 30ms or more our ability to 
localize the azimuth of soloists increases, the perceived 
sonic distance decreases, and envelopment increases. 

The ability to determine the azimuth of sound sources 
depends predictably on the rise-time of the sound, the 
delay before reverberation, and the frequency of the 
critical band.  Sounds with rapid onsets with harmonic 
content above 1000Hz are the easiest to localize when 
d/r is low. 

It is possible to reaffirm from this result that large halls 
are generally better for orchestral music than small 
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halls, regardless of geometry.  We can also conclude 
that small hall designs that favor squareish or 
semicircular seating patterns with high ceilings are 
likely to sound better than long rectangular ones.  The 
closer audience seating increases the d/r for the average 
listener, the delay before the onset of reverberation 
tends to be longer. 

We can conclude that envelopment depends primarily 
on the strength of reverberation at times 150ms and 
more after the direct sound, and is primarily perceived 
at frequencies below 1000Hz.  The hypothesis in 
reference [2] that perception of envelopment depends on 
the strength of fluctuations in the ITD and ILD that are 
created by interference at the position of the listener 
appears to be correct.  Why these fluctuations should 
require the observed time delay, and how this delay 
might depend on the geometry of the hall and the 
frequency modulation of the source, remains to be 
determined. 
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