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L INTRODUCTION

When an observer listens to an acoustical event in a
reverberant environment, a single auditory event is heard at a
given direction and distance. When the same event is recorded
with a single microphone and reproduced over loudspeakers,
the observer hears an event that is spatially :mpoverished.
None of the spatial information from the original acoustic
event has been preserved in the recording. This lost spatial in-
formation is captured in & binaural recording, but it is sulf
quite difficult 10 reproduce, even over headphones. What ex-
cites most people about listening to a binaural recording is the
sensation of the recorded event as a “first hand” experience.
The problematic feature of binaural recording is that it can
only capture first hand events, providing a kind of acoustic
documentary. Once spatial information is recorded, it cannot
be modified in any of its essential elements,

As we enter the 1990s, the rapid evolution of digital signal
processing (DSP) wechnology promises 1o close the gap be-
tween nafural acoustic events and synthesized events. This is
Jjust as true for spatial sound synthesis as it is for musical wone
synthesis, A DSP-based'spatial sound processor [ills the need
for a practical post-production tool to processes individual
sound macks and produce a result that creates three-dimen-
sional (3D} spatial imagery. Artistic decisions about the spa-
tial placement of sound can be completely decoupled from
the original performance setting. Rather than being limited
by the loudspeakers, sound sources appear to be positioned at
arbitrary locations in the space surrounding the listener. This
facilitates the exploration of new sonic possibilities driven by
creative needs which are not limited by the physical con-
straints of the recording process. With the development of
this DSP technology there will be liwde reason for using bin-
aural recording.

This paper focuses on the characteristics of a threg-dimen-
sional spatial sound processor under development for use in
loudspeaker applications such as music, television, and film
posi-production, and in headphone applications such as com-
puter-human interfaces (sce Fisher, 1989). The development
began at Nonhwestern University's Computer Music Studio
nearly nine years ago {sec Kendall and Martens, 1984). The
origingl goal of this work was o provide composcrs and oth-

er sound artists with a revolutionary creative tocl. At that
time, the work was carried out entirely in software on a large-
scale digital computer, Today, a real-time hardware devics is
being developed which completes and exiends the work be-
gun at Northwestern.

A primary goal for this project has been the creation of au-
ditory spatial images that have all the complexity and richness
of everyday experience in typical environments, Achieving
this goal requires the synthesis and control of the complete en-
semble of auditory cues used in human spatal hearing. The
computational model upon which this is based is called the
“spatial reverberator™ (Figure 1 is a very general instantia-
tion}, It is used to simulale the acoustics of the head and a
model room. Given specifications of the rcom dimensions,
sound source position, and listener position, it produces a very
close approximation of the signals that would reach the listen-
er’s ears in a real environment.

The development and evolutcn of the spatial reverberator
have been guided not only by acoustical consideratons, but
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Figure 1. Simple network for spatial reverberation with two au-
dic output channels.



KENDALL

Time Domain

Contralateral Ipsitateral
impulse Impulse
Hesponse Response
1o fl
] o
TD w :
I
0 1 2 c 1 2
Time {mses) Time {msec)

Figura 2. Tima domain reprasentation of impulsa respanses at
the ipsilateral and contralateral ears showing 1D and ITD,

also by the requirements of the perceptual system. Rather than
concentrale on extremely accurate simulation of physical
acoustics, the emphasis is placed on spatial image formation,
the perceptual process by which acoustic information is trans-
lated inlo the experience of events sumounding the listener.
There are two essential elements to a pratical system that ma-
nipulates spatial imagery. The first is the directionalization of
sound sources. Synthetic directional transfer functions (DTFS)
provide comprehensive control over perceived direction by
capturing the idealized features of measured head-related
transfer functions (HRTFs). The DTFs are implemented as fi-
nite impulse respone (FIR) filters and their percepal effec-
tiveness is refined through an iterative procedure, generating
and testing new sets of FIR filier coefficients. The second es-
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Figure 3. The cone of confusion describas the set of all possi-
ble directions _from which sounds can arriva when those
sounds shara a given degree of lateralization. Four sectors of
the cone are identiied, and a sound source localed to the front
and above the listener is illustrated.

sential element is the simulaton of environmental sound,
which provides the acoustic basis for the perception of dis-
tance, spaciousness, definition and spatial texture. Environ-
mental sound is also important for the naturalness of the com-
posite spatial image, especially when the sound source is
maving dynamically.

il. DIRECTIONALIZATION

A. Binaural Cues

The physical properties of the torso, head and pinna dater-
mine the acoustic inlormation available at the (wo ears from
which directional judgements are made. (The influence of
posture and other non-acoustic factors on localization has
been reviewed by Lackner [1983].) The separation of the
two cars provides the acoustic basis for the raditional psy-
choacoustical cues of interaural time difference (ITD) and
interaural intensity difference (IID). A tme domain repre-
sentation of the responses measured at the ipsilateral and
contralateral ears for an impulsive sound source located to
the right are shown in Figure 2. It can be easily seen that the
the contralateral response is later in time and less intense
than the ipsilateral response.

These cues provide the auditory system with information
for judging the lateral position of a sound source along the in-
teraural axis, a one-dimensional, left-right axis defined by the
two cars. For example, given an [TD and ID favonng the
right side, a person will judge the sound event to be located on
the right. In headphone reproduction with ITD and D alone,
subjects report hearing images that are lateralized along the
interaural axis, but located inside the listener’s head.

With only TTD and 1D, a person cannot judge whether an
acoustic event is in front, above, behind, or below. Wood-
worth {1954) and many others have called this circular di-
mension at a given degres of lateralization the “cone of con-
fusion™ {see Figure 3). It turns out that the ambiguity of
spatial position on a cone of confusion is resolved by the
complex acoustic profiles at the ears created by the 1orso,
head and pinna. While the overall ITD and IID are at a rela-
tively constant value around a cone, the magnitude and phase
functions for each direction are unique. Figure 4 shows the
magnitude response at the ipsilateral and contralateral ears
measured at the eardrum for a single spatial focation. The in-
formation in the frequency domain representation cormre-
sponds exactly o the time domain representation in Figure 2.
An examination of all these cues leads o the conclusion that
azimuth and elevation angles, though convenient for specify-
ing direction, may not be the best for characierizing direc-
tional cues. Figure 5 illustrates the two dimensions that seem
betser suited w0 describing human directional perception: the
linear dimension of left-right laterality and the circular di-
mension of front / above / rear / below posilions on a cone.

Role of Head Movements. It should be pointed out that
dynamic ITD and 11D can provide effective cues to front /
back position when synchronized with head movements.
Figure 6 illustrates what happens when the head is wmed to
the right for two opposing sound locations. If the sound is
located in front of the listener, a right head wm introduces a
lateral shift in the sound source oward the left ear, The op-
posite happens when the sound is dircelly behind she listen-
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Figure 4. Frequency domain reprasentation of impulse re-
sponses at the ipsitateral and contralateral ears.

er: I1D and {TD shift the sound
saurce oward the right ear,

Wallach (1940) demonstrated the
dominance of dynamic ITD / [ID over
other directional cues in a serics of
classic experiments with multiple
loudspeakers. He used a mechanical
head-tracking system io control the
stimulus presentation, Ag illustrated in
Figure 7, if a sound starts on the right
and is then shifted through the loud-
speaker array at twice the rate of the
listener’s head rotation, the tme and
intensity differences shift as they would for a rearward shift-
ing sound source. The listener perceives an auditory image
that shifts rearward, even though the actual sound source has
moved toward the front. Though it is clear that the pinna plays
an important role in distinguishing between front and rear di-
rections when the head is immobile (Gardner & Gardner,

b

Figure § Lateralization and cones of confusion
combina 1o provida a system for identifying a
compiete sphere of sound source directions.
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Figure 8, Dynamx head movment and lront/hack disam-
biguation,
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1973}, the conflict been pinna cues and dynamic [TD /{ID is
resolved in favor of ITD and TID.

in headphone reproduction, manipulation of IID and ITD
typically moves an auditory image only left and right in-
side the head along the interaural axis. Swong front / back
distinctions can be supporied in headphone reproduction
when a head-tracking mechanism is used to sense the
movement of the listener’s head and IID and ITD are
changed accordingly. Figures 8 and 9 show how head-
tracking can disambiguate dynamic interaural cues. Figure
8 shows that without head-tracking, an image lateralized 10
the left ear will shift ioward the center of the head as the
11D is gradually decreased to zero (see figure capuon for
explanation). When, however, the 11D decreases to zero in
response 10 a 90 degree tumn of the head to the left, then the
image will unambiguously shifi toward the front, as illus-
trated in Figure 9 (see caption). This observation, taken (0~
gether with Wallach's resuits, sug-
gesls an imporiant caveat with
regard to the evaluation of DTFs
used in headphone systems. Good
front / back cuing is expected on
the basis of dynamic I1D and ITD
alone, Only by wming head-rack-
ing off, or by steering the source
from front to rear without turning
the head, can the potency of a par-
ticular set of DTFs front / back dis-
tinction be assessed.

B. Data Development

One approach 10 producing directionalized sound images
would be 10 make non-reverberant impulse response measure-
ments at the eardrumns of a dummy head or human subject and

Wallach's (1940) Headiracking Display

What's Perceived: Shift from Right to Rear

Figure 7. Wallach {1940} prasented a broadband sound
source 1o a listener via an array of ludspeakers, the signais to
which wera linked o head mavemants, The upper panel
shows the sound starting at the loudspeaker located 1o ths
right of the listener and shifting lo the loudspeaker located in
front of tha listener as the listener’s head is turned 50 degrees
1o the laft, The lowar panel shows the perceptual result, a shift
in the image toward the rear of the listener,
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Figure 8. Headphone presentation of changing 11D rasutts in
frant / back uncertainty whan this dynamic cue is not associat-
ed with head rotation. The upper panel depicts an 1D favoring
the left sar attime 1, and gradually shifted to zero interaural
difference at time 2. The lower panel reprasents the pezceptual
result of the presantation. Between time § and time 2, the im-
age shifts from the left sar toward the canter of the head.

use thess recorded data directly as the cosfficents of an FIR
filter. This approach would yield exactly the same directional
cues as 2 binaural recording without the environmental sound.
QOur experience with direct use of such measurements sug-
gests that Lhey provide a basis for directional judgements but
their success varies greatly among individuals and reproduc-
tion strategies.

An aliernative approach is to develop idealized DTFs that
deviate from measured HRTFs but support comparable or
improved localization. Figure 10 illustrates the process
through which DTFs are developed for the spatial sound pro-
cessor. Direct measurements are made of HRTFs which are
then transferred to a digital computer which is used o ab-
stract general features of the data. Spectral band data is sub-
mitted to a staristical précedure called principal components
analysis, The analysis results are manipulated 1o create “ide-
alized” DTFs. These new DTFs are evaluated over head-
phones and loudspeakers and the resulis lcad to revised
strategies for idealization.

Measurements. All of our measurements of head-related
wansfer functions over the last eight years have been made
through Time-Delay Spectometry (TDS) using the Crown
TEF-10 analyzer. A sine-wave sweep was delivered from an
MDM TA-2 loudspeaker at a fixed location relative to the ref-
erence microphone or the head of the subject. We have {ound
it very important, and at times very difficult, to remove envi-
ronmental sound from the measurements, and have therefore
made most measurements in the anechoic chamber at North-
western University. Figure 11a shows the measurement setup.
The Kemar manncquin was mounted laterally and turns 360
degrees about the mounting arm. When the mounting arm
was perpendicular to”an imaginary line drawn between the
loudspeaker and the center of Kemar's head, the loudspeaker
was in Kemar's horizontal plane, Changing the angle between
the mounting arm and the imaginary line changes the ¢leva-

Figura 9. A frontward shift in the apparent direction of the
sound source occuts when the dynamic auditory cue is gener-
ated in response 1o a valunlary head rotation. The upper panel
depicis an [ID favoring the left ear at time 1 that is shifted lo
zero attime 2 in accordance with a head turn sensed by a
headtracking system. The lower panel reprasents the percep-
tual result of the presentation. Between time 1 and tima 2, the
listener turns loward a spatiaily stablized image that starls on
the listener's jeft and ands in front of the listener.
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Figura 10. Flowchan of development of data for idealized
D7Fs.

tion of the loudspeaker relatve to Kemar. This procedure en-
abled us 10 keep the loudspeaker and Kemar’s head in the ex-
act same positions within the room while recording an entire
sphere of data. Our measurements of Kemar were collected at
10-degree resolution in both azimuth and elevation. Tests for
repeatability showed that measurements made for the same
angle at different limes varied by no more than two dB.

We have also made measurements with human subjects
using a different equipment setup. Subjects were seated on
a plaiform that rotated 360-degrees in 10-degree incre-
ments. In this case the vertical position of the loudspeaker
was adjusted 10 provide a complete range of elevation an-
gles. Measurements were taken with a Knowles BT-1759%
microphone embedded in a waxy couon plug placed inio
the subject’s ear canal and molded {lush to the ear-canal en-
trance. This is referred 1o as the “blocked meatus™ measure-
ment. This method was chosen over the raditional probe
tbe echnique because it provided repeatable resuits. Probe
tube measurements often suffer from the problem that it is



Figure 11. a) Experimental setup for HRTF measurement with
the Kemar mannequin mounted laterally in the Northwestern
University Anechoic Chamber b} Experimental setup for
referenca measurement,

very difficult to repeat the exact positioning of the end of
the probe wbe near the ear drum and the measurements
vary considerably with changes in position. Our blocked
meatus measuremenis proved to be nearly as repeatable as
the Kemar measurements.

In both measurement setups, reference measurements were
taken with the microphone held in free space at the same posi-
tion as the subsequent measurement (see Figure 11b). Mea-
surements were transferred from the Crown TEF analyzer o a
network of general-purpose computers (Pyramid 90X and
SUN workstations), In order © obtain free-field HRTEs, the
reference measurement for the combined microphone-loud-
speaker-room response were divided out, and impulse re-
sponses were obtained through application of the discrele in-
verse Fourier wansform.

Acoustic characteristics. The resulting measurements can
be displayed in varioys formats. Figure 12a shows a two di-
mensional view of a series of frequency domain mcasure-
ments for the horizontal plang in 10-degree increments from
0-degrees azimuth at the bottom of the plot to 180-degrees
azimuth at the top. Figure 12b shows a contour plot of the
same serics of frequency ‘domain measurements. Despiic the
fact that the pinna wansfer funclions are highty complex,
they exhibit some casity identifiable specwal features. A
quick cxaminaton roveals spectral notehes and peaks whose
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Figure 12. a) Fres-field magnitude response measured at the
eardrum posiion for 18 sound sources azimuth angles on the
harizontal plana. The curva at the bottom of the graph was
measured al 0 degraes azimuth {front) and the curve al the lop
of the graph was measured at 180 degrees azimuth (rear).
Each successive curve is shifted up by 10 dB for graphical com-
parison. b) Contour plot of the magnitude response curves plot-
led in “a.” Isomagnitude conlours are plotted at § dB intervals.

frequencies are dependent on the incidence angle of the
source signal and migrate in a coherent manner with chang-
ing azimuth. It is imporiant © cxaming the temporal behav-
ior of the HRTFs, since it has been long supposed that there
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Figure 13. a) Energy-Tima Curves (ETCs) measured at the
sardrum position for 36 sound.sources azimuth angles on the
horizontal plana, The curve at the bottom of the graph was
measured at 0 degrees azimuth (front) and the curve halfway
up the graph was measured at 180 degrees azimuth {rear).
Each succassive curve is normalized then shifted up for graph-
ical comparisan. b) Contour plot of the ETCs plofted in "a.”
Isoenargy contours are plotted at intervals of 0.2 normalized
anargy unils.

are also directionally-dependent features in the ume domain
(Batieau, 1967).

Figure 13a shows a set of energy-time curves (ETCs) for
HRTFs in the horizontal plane similar 10 those measured by
Hiranaka and Yamasaki (1983). Figure 13b shows a coniour
plot for the same set of ETCs. Notice how the primary arrival
time of the main energy varies as a function of direction. The
arrival time is shortest when the ear is closest to the sound
source at ¥0-degrees and longest when the ear is tumed away
on the contrakateral side at 270-degrees. in fact, just beyond
270-degrees one can observe the combination of delays wrap-
ping around the {ront and the back of the head. Secondary en-
ergy peaks are also shown here w vary across azimuth, but
again in a coherent manner with the prmary peaks.

Individual differences. Almost every researcher has noted
that HRTFs vary tremendously from one individual ear to
the next. Careful examination reveals that despite the variety
of details, there are numerous common trends. For example,
on the frontal plane (the plane defined by the left / night di-
mension and the above / below dimension}, the frequencies
of the two mast prominent spectral notches generally in-
crease with increasing elevation. The exact shapes of the
HRTFs can differ, as shown in Figure 14 {or subject MDL
and subject GSK, but both show the same wend in the mi-
gration of these spectral notches. This might suggest that the
directional information supplied by the pinna can be largely
characterized in terms of these spectral notches, although
there are several other observable trends involving spectral
peaks and the overall speciral contour, In fact, one can sepa-
rate o some extent the individual spectral features contribut-
ed by the head and the pinna.

Numerous authors (Butler & Belendiuk, 1977; Morimoto &
Ando, 1983; Wightman & Kistler, 1989) have demonstrated
that it is quite possible for one person to utilize the directional
hearing cues recorded with another person’s ears. Results in-
dicate that some ears provide better basis for directional
judgements than others. This also suggests that there is some
universality int the acoustical basis of directional hearing, but
the issues of how the auditory sysiem evaluates the complex
spectral profile at the two ears has not been adequately inves-
tigated at this time.

Spectral Band Analysis. In preparation for statistical anal-
ysis, the HRTF data were down-sampled by paritioning the
data in the frequency domain representation, both magnitude
and phase, into 34 bands that approximate critical band
spacing. The values within these bands were averaged 10
provide a sequence of 34 values of magnitude and of phase
for each HRTF, We have also used lechnigues that modeied
¢nitical-band filter charcteristics more accurately (Palersen,
1980; Swaumer, 1983), but have found this extra complexity
10 be unnecessary.

For completeness, we should also mention that we have
used pole-zero filter design techniques o reduce HRTFs 10 a
set of pole-zera locations in the complex z-plane. Fourth-or-
der approximations were described by Kendall and Rodgers
{1982). In the period from 1984 1o 1987, cighth- {0 twelth-or-
der approximations were used. An automatic {ilter design pro-
gram was interactively supervised Dy a user who could stap
the automatic process and inlervene when it got inle rouble.



Eventually, the user began to design {ilters with very litde pro-
gFam assistance. The pole-zero filiers were constrained by the
need W assure smooth migration of spectral features from one
directiona! filter 10 the next, which was accomplished by in-
terpolating pele and zero positions continuously. We eventual-
Iy found this approach unwieldy since every new filter had to
be designed with consideration of its neighbors. It was also
the case that the pole-zero specifications did not easily lend
themselves to further analysis and redesign.

Idealized DTFs. Principal components analysis (PCA) isa
multivariate statistical technique which is well suited 1© the
task of quantifying directionally-dependent trends in mea-
sured HRTFs (Manens, 1987). The variation in HRTF mag-
nitude and phase across spectral bands was submitted Lo
PCA, and the obtained principal components typically cap-
wred the directional distinctions made by the acoustic infor-
mation contained in a set of HRTFs. Generally, a few com-
ponents captured all of the directional variation on a given
plane. Each principat component determines a spectral band
weighting sequence that defines the contrast in spectral fea-
teres that accouns for one of the directional distinctions
made by HRTFs, When the scores on all components are
matrix-multiplied by the obtained weighting sequences, the
original HRTF spectral band data is reconstructed exactly.

PCA results were used o produce experimental DTFs mak-
ing idealized directional distinctions. Novel DTFs were syn-
thesized from a unique set of scores on the three or four prin-
cipal components that supported primary directional
distinctions such as ipsi vs. contra, front vs. back, atc. Compo-
nent scores were weighted so as 10 emphasize or deemphasize
particular directional distinctions, eliminating others, ete. This
process is summarized in Figure 15. The resulting novel spec-
tra were based upon measured acoustics, but were not derived
from manipulating an acoustic model. Strategies taken toward
the synthesis process depended upon the target direction, and
the resulting idealized spectra could vary considerably from
measured data.

Once these novel spectra were created they were evaluated
subjectively. Qur evaluation inclyded both headphone and
loudspeaker reproduction. Neither mode of reproduction can
be considered neutral 1o the data. Headphone reproduction
minimally requires that the novel spectra be equalized w re-
move the spectral characterstics of the heapdhones and their
coupling 1o the head. In our experience, more active process-
ing is required 1o place images reliably in front of listeners.
This experience is consistent with the difficulty obtaining
frontal imagery experienced throughout the long history of
binaural recording (Sunier, 1986). Loudspeaker reproduction
requires equalization and an active approach 1o deal with
crosstalk, For these reasons, our spatial sound processor siores
separate sets of DTFs for headphones and for loudspeakers.

C. The Loudspeaker Reproduction Setting

The effect of the reproduction environment has been an often
overlooked aspect of spatial sound. Auditory research requires
a controlied environment in which the acoustics-are under-
stood and quanuficd. An ancchoic chamber is a controlled en-
vironment, but subjects find it uncomforable and its relation-
ship w0 more typical reproduction spaces s questionable.
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Figure 14. Head-related transfer functions for two subjects ii-
fustrating trends in the spectral features for incraasing source
slevation in the frontal plane, The source source was located 2
meters io the laft of the subjec and was moved from sar level
{O-degraes) to an elevation of 30 degrees above ear level {sol-
id line - 0 deg., kong dashes - 10 degreas, short dashes - 20
degrees, and dotted lina - 30 deg.).

We designed a different kind of controlied listening envi-
ronment at the Northwestern University Computer Music Stu-
dio (Jones, Kendall, & Martens, 1984). Without actually con-
structing a “live-end, dead-end” (ILEDE) studio monitoring
mom, we set about controling the early reflected sound in or-
der 10 insure a jong initial ime gap between the arrival of the
direct sound from the speaker and the armival of reflected
sound from the room. Cur goal was a room that was anechoic
between the Joudspeakers and the listening position while oth-
erwise reverberant and perceived by subjects as a “normal”
acoustic environment
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Prior to construction, a computer program was used (o se-
lect dimensions that fit within the available space and mini-
mized the effect of room modes. After the room was con-
structed, sound absorbent material was attached to stiff
foam-core panels. Both the walls of the room and the backs
of absorbent panels were covered with Velcro strips that
made it possible to position sound absorption anywhere with-
in the room. - :

The next step in the process was to determine the exact
placement of the panels that would eliminate early sound re-
flections between the loudspeakers and the listening positicn.
Figure 16a shows the inital state of the room with one loud-
speaker in the comer, the microphone in the listening posi-
tion, and no absorption on the walls. Figure 16b shows the
corresponding energy-time curve (ETC) measured with the
Crown TEF analyzer. The time window starts at 6.3 ms and
ends at 26.2 ms. The {irst spike represents the energy of the
direct sound arriving at 7.05 ms. This is the time required for
sound to travel from the loudspeaker 1o the microphone. The
remainder of the spikes represent room reflections arriving at
the microphone position. Figure 16¢ is an energy-frequency
curve (EFC) which shows the comb filtering produced by the
early reflections,

The sound absorption panels were placed in the room s0 as
to eliminate individual early reflections. The gencral arcas on
the walls and ceiling from which reflected sound was amiving
were deicrmined by simple geometry, The exact positions

were confirmed by comparing the ETCs with and without a
particular panel in place. Figure 164 shows the initial place-
ment of the panels in the room while Figures 16¢ and 16
show the respective time- and frequency-domain responses of
the room in this configuration, Through trial and emror the
placement of subsequent panels was determined 3o as 1o elim-
inate all reflections inside the Ume window within 30dB of
the direct sound. This required a relatively small number of
panels, as shown in Figure 16g. The ETC and EFC, shown in
Figures 16h and 161, respectively, then confirned the im-
proved performance of the room at the listening location at
the end of this procedure. Having completed the process for
one loudspeaker, new absorbent panels were placed in sym-
metric positions which eliminated the refllections for the other
loudspeaker. The improvement in sound imagery was obvious
10 everyone who listened.

While this fully-treated room provides an idealized repro-
duction setting, it can also be used with the sound-absorption
panels removed, repositioned, or replaced by sound-diffusing
panels (D' Antonio & Konnert, 1985). This re-enables selected
early reflections and permits judgements of sound imagery
under non-idealized yet still guantifiable circumstances
{Jones, Marens, & Kendall, 1983},

[l ENVIRONMENTAL SIMULATION

The spatial reverberator algorithm is designed 1o provide
directional cues for a sound source and for environmental
sound, Environmental sound provides the acoustical basis for
much of the perceprual richness of spatal hearing. A sound
source in a natural environment is accompanied by a ensem-
ble of reflections whose intensity, ime of amrival and direc-
tion are dependent on the position of the sound source and
listener within the environment. Figure 17 shows two views
of the first-order reflections in a small rectangular room. The
upper panel shows a top view of the paths of four first-order
reflections bouncing off the walls and amiving at the listen-
er's location. The lower panel shows a side view with the
front and back walls and the ceiling and floor. The intensity,
time of arrival and direction of these reflections uniquely
characterize a pair of source and listener positions in the
roomt. The spatiotemporal distribution of reflections provides
the context in which the spatial image is formed. Not only
does environmental sound provide support for perceived di-
rection, but ¥ also provides the primary cues o distance, to
the spaciousness of the environment and other characteristics
of the auditory spatial image.

Figure 18 illustrates how the spatictemporal distribution
changes in response 10 changes in the location of the sound
source, The side wall reflections are leading in intensity and
time toward the side on which the sound source is located
{toward the right in the upper panel and toward the left in
the lower panel). The front and rear reflections shift direc-
tion oward the side on which the sound source is localed.
This sort of pattern is particularly important in supporting
perceived direction when other cues are weak such as the
cues for distinquishing between {ront and rear positions.
Thus, a primary goal of the spatial reverberator is to provide
the kind of spatially disiibuted reflected sound that will help
lisieners localize sound.
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Figure 16, Sound room configuration and measurements: The
top panels show an unfolded view of the soundmom with a) no
sound absorption, d} the sound absorption placed for the initial
measurement, and g) the final configuration of sound absorp-

tion on the walls, floor, and cailing of the soundroom. Panels b,

The electronic simulation of reflected sound has been
evoiving ever since the publication of Manfred Schroeder’s
(1961, 1962) pionesring articles. Most contemporary ap-
proaches to reverberation generation share a number of basic
assumnptions about the particular quality of the reverberation
they intend to produce. First, they attempt to replicate the
kind of global reverberation that is typical of large reverber-
ant rooms such as concert halls. Second, they auempt to cap-
ture the general characteristics of reverberation without at-
templing to replicate any of the exact characteristics that
distinguish one room from another, Third, they make no at-
iempt 10 localize the reverberany sound anywhere other than
at the loudspeakers. Thus, ancther goal of the spatial rever-
berator is that it impart w the lisicner a strong spadal im-
pression of the exact environment being simulated.

|
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g, and h show energy-time curvas {(ETCs) for configurations a,
d, and g, respectively. The bottom panels ¢, {, and i show the
corrasponding anergy-frequancy curves (EFCs) for those con-
figurations.

There has been relatively little research on the perceptual
effects of environmental sound and consequently the under-
lying relationships are stll not well understood. The stimu-
lus is extremely complex, and it is difficult to isolaie the
acoustical parameters are most important in predicting what
the listener will perceive. The refation between stimulus
and response is difficult to address because both the stimu-
lus and the perceptual response to natural environmental
sound is multidimensional (Yamaguchi, 1972). Though
many terms have been used by researchers of subjective
room acoustics 1o describe the various properties of spatial
images {sce Rasch and Plomp, 1982, for a review), Kendali
and Mariens (1984) idemify only four basic properties in
addition to source direction which are important in audio
production and reproduction:
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Figure 17. A 1op view (lop panei} and a side view (bottom pan-
s} of discrete sarly raflections arriving at the listener’s kocation,
aach with a distint angle of incidence and dalay relative to the
direct sound.

1) Distance - the immediate percept of ego-centric
distance;

2) Definition - perception of sound-source characteristics
such as spatial extent or focus;

3) Spaciousnsness - perception of environmental character-
stics such as liveness, size, and shape; ~ -

4} Spatial texture - the perception of the interaction of the
sound with its environment.

Distance. The best undersiood cue 1o apparent distance is
the level ratio of the direct sound arriving from the source
and the indirect sound arriving from the environment. Gea-
erally, as a sound source moves further away from the listen-
er, the level of the direct sound diminishes while the rever-
beration level stays constant. This is iHustrated in the graph
at the bottom of Figure 19. Thus, the indirect to direct (i/d)
ratio is a good predictor of apparent distance, A signal pro-
cessing network 1o control this parameter is shown at the top
of Figure 19. It provides simultaneous and continuously-
variable control over the inténsity and the apparent distance
of the sound source,

This simple perspective glosses over factors that make.sig-
nificant contributions o auditory distance perception, espe-
cially in non-reverberant environments which are dominated
by a few discrele early reflections. Sheeline (1982) showed

Figure 18. A top view (top panel) and a side view (bottom pan-
el) of changes in early reflections that cceur as a sound source
moves away from the istener through four distinct distances.

that i/d with a reverberant sound field provides only relative
cues o apparent distance, in contrast o the absolute sense of
distance listeners experience in everyday listening. Mershon
& King (1975, 1879) showed that absolute distance judg-
ments were very nearly accurate, even in a small space with
relatively short reverberation time.

Figure 20 illustrates why this could be the case. As the
sound source moves away from the listener there are changes
in the spatioternporal pattern of reflections. The propagation
time from source location to listener position increases (as
shown by the nearest four concentric circles) as does the prop-
agation time for the first reflection off the left side wall {(as
shown by the cutermaost concentric circles). But the propoga-
tion tme for the reflection does not grow as quickly as for the
direct sound. The inital tme gap between the direct and re-
flected sound will decreass with increasing source distance as
is shown in the four graphs at the botiom of the figure. (The
initial ime gap has often been regarded as a cue only o the
size of the space in which the listener is located.) A sound
source moving away from the listener is also accompanied by
some reflections that become less lateralized, shifuing orward
the source as i recedes into the distance. Thus, the apparent
direction is directly influenced by discrete reflections.

The initial software for the spatial reverberator utilized
Allen and Berkeley's (197%) image model of room reverber-
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Figure 19. A signal processing network to control apparent dis-
tance independent of the loudnass of the input sound. The
graph at the batiom shows how the intensity of the source de-
croases with distance relative 1o a reverberation level that
dass not vary with the distancs of the sound sourcs.

ation to produce a comprehensive and coherent description
of early reflection patterns in a simulated rectangular room,
Figure 21 shows a top view of how a second-order specular
reflection within a room is mapped through multiple mirror
image rooms 0 reveal a virtual source location, If striking
the wall had no effect upon the reflection, then there would
be no basis for discriminating whether the sound arriving at

the listener had been reflected within the model room {dark -

grey path), or had originated at the virtual source position
outside the room (light grey path). Each nth-order reflection
is captured by a virtual image of the sound source in a virtu-
al room that is an nth-order mirror image. The spatial rever-
berator effected continuous varation of the intensity, delay,
and direction of all first-order and second-order reflections
as the specified location of the sound source and/or the lis-
tener was varied (Kendall & Mariens, 1984). This image
model is a simple method of approximating environmenial
sound and can be exiended 1o solve for the refllection pat-
terns resulting within polyhedral enclosures of arbitrary con-
figuration (Borish, 1984).  ~

Definition and Spaciousness. These two subjective
properties of room acoustics are ofien described as comple-
menlary (0 one another; that is, a high degree of definition
precludes a high degree of spaciousness (Rasch & Plomp,
1982). Definition is generally defined as the property of a
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Figura 20. A top view of changes in a single early reflection
that cccur as a sound source maves away from the listener
through four distinct distances. Differencas in the propagation
time for sound reaching the listener directly from the source
and from a side-wall virtual sourca {reprasented by the con-
centric circles cantered at the listener's position). The time of
arrival of direct sound and reflectad sound are graphed balow
for each of the four source distances.

sound object having to do with the width or focus of its im-
age {also referred 10 as “spatial extent” by Blaven, 1982).
Spauciousness is defined as a propenty of the sound environ-
ment itself. There are many terms that have been used inter-
changeably with spaciousness such as “ambience,” “pres-
ence,” and “reverberance.” They all refer o the perceived
size of the space and how live or reverberant it seems.

The apparent size of the space is most strongly influenced
by the reverberation lime, while the apparent shape is deter-
mined by the spatial distribution of reflecied sound. The
sense of breadth is most strongly influenced by the interau-
ral cross-correlation (IACC) of the two ear’s signals
(Kurozumi & Ohgushi, 1983), but all three of these factors
interact in forming the overall impression of the space. For
example, apparent size can be manipulated without any
change in the reverberation time through compensatory ad-
justments of the spatial distribution and IACC. Definition
also depends strongly upon TACC. The degree to which the
definition of the source is separated from the spaciousness
of the environment, depends on the degree to which the lis-
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Figure 2%. A top view of virtual rooms and the path taken by a
virtual source whosa spatial posttion can ba used o calculate
the direction and delay of a second order refiection.

tener is able to segregate the sound image of the direct
sound from reflected sound.

Spatial texture. Qur expericnce with the spatial reverber-
ator has led us to expand the perceptual dimensions de-
scribed in the room acoustics literature. We have identified
an additional dimension which we refer {o as “spatial tex-
ture” which captures the guality of the sound source within
its environment. Although this property is a function of en-
vironmental sound (like definition), it is perceived as a qual-
ity of the sounding object interacting with its environment. It
is a quality imbued 10 the sounding object due to its position
in the environment and changes with different locations and
with different kinds of rooms. We can give it the kind of
negative definition often given to timbre: Whereas timbre
has been described as the quality which differs between two
tones having the same pitch and loudness, spatal texture
may be described as the quality which differs between two
spatial images having the same distance; definition, and spa-
ciousness. Figure 22 illustrates a situation in which a sound
source revolves 90 degrees around the listener in a fixed en-
vironment at a fixed distance. But the spatiotemporal pattern
of the reflected sound changes constantly and induces
changes in spatial texture. For example, the idiosyncratric
reflection patterns that occur in the comers of rooms creates
an idiosyncratic spatial texmre,

V. CONCLUSIONS AND OBSERVATIONS
At the begining of this paper, it was stated that the goal of this
project was the “creation of auditory spatial images that have
ali the complexity and richness of everyday experience in nat-
ural environments.” To that end, we have discussed a compu-
tational mode! called the “spatial reverberator” which incor-
porates two essential elements: directionalization and
environmental simulation. A process has been described
whercby idealized directional transfer functions (DTFs) are
created through application of principal componenis analysis.
These DTFS can deviate quite substantially from measured
HRTFs and stll provide the auditory system with ali the infor-
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Figure 22. A top view of changes in a early reflection patterns
that oecur as a sound source moves around the listenar’s po-
sition at a fixed egocentric distance.

mation necessary 10 the formation of a robust spatial image.
Also described has been the perceptual importance of simulat-
ing the spatiotemporal distribution of reflected sound. This
simulation supplies the richness of spatial imagery typical of
real world experience. The combination of these two elements
within a digital sound processing device enables sound artists
and recording engineers o create auditory images that capture
the quality of “first hand™ experiences and stongly suggests
the development of new artistic idioms.
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