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ABSTRACT

The technique of recirculating detays has served as the basis for reverberation
simulation in digital audic production ever since the publication of Manfred
Schroeder's ploneering work in 1862, The Schroeder reverberator prescribes small
units of recirculating delays in & configuration that is predominantly serial.
Extensions to this method by Chowning (1970) and Moorer (1978} have achieved
substantial improvements in realism and naturalness, while maintaining the basic
structure of the Schroeder model. These and other contemporary approaches to
reverberation attempt to replicate the global reverberation typical of large rever-
berant rooms like coneert halls without attempting to capture any of the exact
characteristies that distinguish one room from another. Since these methods do
not sctually model a room, matehing the reverberation to the characteristies of &
particular room is largely a matter of guesswork.

The “image model” of reverberation (Allen and Berkeley, 1979} provides a
method for predieting both the spatial and the temporal pattern of reflected
sound from the room dimensions and the positions of the sound source and the
listener within the room. Until now, the image model was computationally too
expensive for use in audio and musie production since it could only be imple-
mented by convolution with an entire simulated room impulse response. In the
process of creating the “spatial reverberation” technigue, Kendall and Martens
{1984) devised a reverberation petwork with recirculating delays that captures
the spatial and temporal distribution of reflected sound predicted by the image
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model. The network consists of recirculating delay units that are comnected
entirely in parallel with non-recirculating cross feeding. The “‘reverberation
stream” produced by each unit captures the temporal pattern of reflected sound
from a specific region of the room. The ensemble of reverberation streams pro-
duced by the entire network captures the spatial and temporal pattern of
reflected sound predicted by the image model. The ocutput of the reverberator
may be mixed to mono, lateralized to stereo, or spatialized into three-dimensions
as “'spatial reverberation.” Experience using the reverberator bave shown that it
is capable of achieving a high degree of realism with both large and small simu-
lated rooms as well as creating vivid illusions of source distance.

1. INTRODUCTION

The *“spatial reverberation’ process {Kendall & Martens, 1084; patent pending)
attempts to simulate the full range of spatial hearing cues present in natural
acoustical environments. The cues are largely of two types. First, there are cues
for directional hearing based on interaursl time difference, interaural intensity
difference, and the spectral shaping of the upper torso, head and pinna (outer
ear). Second, there are cues for distance and room scoustics based on aceurate
modeling of environmental reflected sound. It is the combination of directional
cues with environmentsl modeling that enables “spatial reverberation' 1o capture
the complete spatiotemporal pattern of sound in natural environments.

2. REVERBERATION SIGNAL-PROCESSING

2.1 Recirculating Delays and the Image Model

The technigue of recircuisting delays has served as the basis for reverberation
simulation in computer music and digital audio production ever since the publica-
tion of Manfred Sehroeder’s pioneering work in 1962. The Schroeder reverberator
prescribes small units of recirculating delays combined in a predominantly serial
network. Schroeder explains the reason for choosing the serial configuration:

“Previous investigators have suggested multiple feedback to produce a
higher echo density. However, multiple feedback has severe stability prob-
lems. Also, it leads to non-flat frequency responses and non-exponential
decay characteristics. A much easier solution to the echo demsity problem
would be at hand if one had & basic reverberating unit which one could con-
nect in series any desired number of times. In this manner, each unit would
effectively multiply the number of echoes produced by the preceding units.”

The complete reverberation network suggested by Schroeder comsists of four
comb filters in parallel Tollowed by two all-pass filters in series, Although the
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comb filters produce a series of spectral notches in the reverberated signal, the
four filters in parallel produce a density of notehes skin to that messured in real
rooms. Schroeder (1862) also suggests that the feedback coeflicients within the
comb flters be made frequency-dependent,

“If it is desired to make the reverberation time a function of frequency, . . .
& simple RC-section in each feedback loop will suffice. In this manner
further realism can be added to the artificial reverberation by making the
reverberation time larger for low frequencies.”

In 1670, Schroeder expanded his reverberation network to include an initial delay
bufler which replicates the kind of the early reflection pattern typical of coneert
halls. This model, including both the frequency-dependent recirculating delays
and the simulation of early reflections, was refined by Moorer (1978) who pro-
duced the best-sounding reverberation network of this type. A significant
advance in the goals of such networks was achieved by Chowning (1970), who
eombined the basic serial network of recirculating delays with time-variant con-
trols to simulate moving sound sources.

These and other contemporary aspprosches to reverberation attempt to replicate
the global reverberation typical of large reverberant rooms like copcert halls
without attempting to capture any of the exact characteristics that distinguish
one room from another. Since these methods do not actuslly model a room,
matching the reverberation to the characteristics of & particular room is largely a
matter of guesswork. Even Chowning's system for simulating moving sound
sources does not change the pattern of reflected sound in a way that captures the
changes typical of real rooms.

The “image model” of reverberation (Allen and Berkeley, 1970) provides =
method for predicting both the spatial and the temporal pattern of reflected
sound from the room dimensions and the positions of the scund source and the
listener within that room. For this model, each ray of reflected sound is viewed
as originating from a “‘virtual sound source” outside of the actual physical room.
Each virtual sound source is contained within & "virtual room" that replicates
the physieal room or is a mirror image of it. We use threedimensional coordi-
nates (x,v,2} to specify individual virtual sound sources or virtual rooms {Fig. 1}
The pattern of reflected sound in the physical room ean be viewed as the compo-
site sound reaching the listener from all virtual sources. A vector connecting the
position of the listener in the physical room and these virtual sources will predict
the direction from which the reflected sound emanates and the distance that the
sound must travel before reaching the listener. Even though real walls usually
have irregularities that cause refiections to be spatially diffused, the image model
provides a good approximation of the direction and timing of the most important
reflections.
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Untit pow, the image model was computationally too expensive for use in audio
and music produetion since it could orly be implemented by convolution with an
entire simulated room impulse response. It has slso been generslly believed that
the image model could not be captured with recirculating delays. For example,
Moorer (1979} states:

“The only problem with these systems of recirculating delays is that they
can never correspond to the room reflection pattern in a real room. This is
because the reflections in & room, even & square one, do not typieally come
in regular sequences separated by equal amounts of time.”

In the process of creating the ‘‘spatial reverberation technique, Kendsall and
Martens (1984} devised o reverberation metwork with recirculating delays that
captures not only the temporal, but the spatial distribution of reflected sound
predicted by the image model. The creation of this network was motivated by a
different set of goals than those of Schroeder or Chowning. They state:

"“Our particular experience with refiected sound and pinna cues led us to the
design of a reverberation system with different assumptions and goals . . ..
We have concluded that in order to simulate the spatial cues of real environ-
ments, one must capture the total spatiotemporal pattern of reflected sound,
For this reason, we have sought s reverberator design that models an actual
room and which accurately replicates the spatial snd temporal distribution
of reflected sound. The design must differentiate between large and small
rooms and allow us to place the reverberated sound source anywhere in
three-dimensional space, not just at the speaker positions.”

2.2 Signal-Processing Overview

Although the Kendall-Martens network was conceived as part of “spatial rever
beration", the design is applicable to reverberation simulation in general and can
be realized in many different ways. A basic signal-processing network for spatial
reverberation requires two subsystems (Fig. 2). One is 8 reverberation subsystem
that takes an input signal and produces multiple outputs, each of which is a
different *‘reverberation stream.” The other is a directionalizer subsystem that
takes an input signal, superimposes directional cues and produces muiliple out-
puts. These direclional cues might involve panning the output between speakers,
but more likely involve using synihesized locational cues. Our discussion will
focus on the reverberation subsystem.

The input signal to the spatial reverberator is sent to the first directionalizer sub-
systemn and to the reverberation subsystem. The first directionalizer subsystem
determines the iliusory direction of the unmodified input signat, The reverberator
subsystem processes the inputl signal and produces a number of “‘reverberation
streams.” Each of these reverberation streams captures the temporal pattern of
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reflected sound coming to the listener from a specifie region of the room. These
streems are then sent to directionalizer subsystems which determine the illusory
direction of each reverberation stream. The output signals from each directional-
izer subsystem are mixed together to create s composite of the input signal and
the reverberation streams which create a three-dimensional sound field. The
ensemble of reverberation streams captures the spatiotemporal pattern of
reflected sound predicted by the image model. The number of separate audic
channels in the composite output is determined by the number of channels avail-
able for the sound reproduction, but should be at least two in order to present
different signals to the listener's left and right ears.

2.3 Delays for the Source and First- and Second-Order Reflections

This basic signal-processing network can be realized in 8 number of ways. Fig. 3
illustrates the version of the system implemented by the spacef8 program
currently in use at Northwestern Computer Music. The input signal to spacel8
is passed into three different non-recirculating delay buffers. Digital signal inter-
polation must be performed on ali buflers when the delay times change (Smith
1984). The first buffer captures delays for the source itsell. Its input is scaled
and fltered to capture intensity and spectral changes due o distance; its output
is passed directly to s directionalizer. The source signal enters the inner rever-
beration network through two delay buffers with multiple taps. Each buffer is
preceded by a filter which captures the spectral changes due to air and wall
absorption. The first buffer produces the delays for the six first-order reflections
predicted by the image model which emanate from virtual rooms behind the six
walls of the model room. These first-order virtual sources are contained in the
following virtual rooms:

(1,0,0) {0,1,0) (-1,0,0) {0,-1,0)
{0,0,1) {0,0-1)

The gain of each reflection is produced by multiplication with the secaling

coeflicients, a{1-8]. The signal from each of these delay taps is passed to the
inner reverberation network.

The image model predicts a tolal of eighteen second-order reflections. Skx of
these second-order reflections originate in virtual rooms directly behind the first-
order virtual rooms and will be produced within the inner reverberation network.
The remaining twelve second-order delays originate in second-order virtual rooms
that extend from the junction of two walls in the model room. Twelve taps from
the second delay bufler replicate the time-delays for these refleciions and the gain
of each reflection is produced by multiplication with the sealing coefficients, b[l-
12, The signals are passed directly into the inner reverberation network where
they are used Lo generate reverberation streams thal begin with these second-
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order reflections. These second-order virtusl sources are contained in the follow-
ing virtual rooms;

(1,0,1) (0,1,1) (-1,0,1) {01, 1)
{1,1,6) (-1,1,0} {(-1-1,0) {1,-1,0)
(1,0-1) (0,1,-1) (-1,041) {0,-1-1)

The exact delay and direction of each reflection is computed from the position of
the listener in the model room and the position of the virtual sound source.

Fig. 4 shows s two-dimensional slice of image rooms for the horizontal plane.
Virtual sound sources in the darkiy shaded virtual rooms are captured by the ini-
tial non-recirculating delays.

2.4 Units Within the Inner-Reverberation Network

There are two types of recirculating delay units within the reverberation subsys-
tem which will be referred to as the “Ri-unit’ and the “RZ-unit.” Both units
include a path for the input signal from the delay buffers to be added directiy
into the output; this path passes the first- and second-order reflections from the
non-recireulating delays into the reverberation streams. There is also an input
for signais generated in the cross-feeding process (described below) to be passed
into the recireulation. The remainder of the Ri-unit is a recursive comb flter
simitar to that discussed by Schroeder {1962). Schroeder’s original version con-
tained a delay bufler and a feedback loop. The amount of feedback was poverned
by a feedback coeflicient in the loop. Moorer {1978) implemented a digital reali-
zation of Schroeder’s suggestion for a RC-section in the fredback loop by incor-
porating a one-pole, low-pass filter. The response of the &Her in the Ri- and R2-
units is scaled by the attenuation factor for the ferdback. Other aspects of the
filter is discussed below. The design presented in Fig. 5a places a feedback Glter
at the end of the delay buffer, but in other respects mimics the Schroeder design.
As shown in Fig. 5b, the R2-unit contains a pair of delay buffers with a feedback
filters. The actual feedhack oceurs after the second delay bufler and its feedback
filter. The output of the unit is the sum of the outputs of each delay-buffer pair
after filtering. This unit produces a pattern of a2iternating long and short delays
which is essential o capturing image model reverberation.

A signal-processing network for spatial reverberation requires a different structure
than the Schroeder reverberator, because it must produce parallel streams of
reverberation. Schroeder, Moorer and others use combinations of reverberation
units in parallel and series with the final oviput mixed down to a single rever-
beration stream. Even in cases where the processing path separates at the end
and distinguishes the reverberation streams sent to the individual reproduction
channels, the basic combination of reverberation units is in series. The general
solution to the problem of producing multiple streams is to place reverberatlion
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units in parallel where each unit produces a unique reverberant stream.

BEach of the delay taps from the buffer for first-order reflections is fed into the
input of & R2-unit. Esch R2-unit is associated with s reverberani stream
emansating from a second-order virtual room directly behind the first-order room.
For example, second-order room { 2, 0, 0) is directly behind first-order room { I,
0, 0). The delay lengths in the R2-units are taken from the time of arrival
difference of first- and second-order reflections and of secord- and third-order
reflections respectively. For the unit associated with room ( 2, 0, 0), the delay
times are given by:

delay_I = T{2,0,0)-T(1,0,0)
delay 2 = T{3,0,0)- T({ 2, 0,0)

where T{ x, ¥, 2} is the predicted time of srrival for a virtual sound source from
the virtual room { x, ¥, z). As shown in Fig. 4, the pattern of reflections emanat-
ing from image rooms behind the first-order rooms has a characteristic patiern of
alternating short and long delays, especially when ihe sound souree is near a wall.
The RZ-unit recreates this pattern and thus captures the reverberation for the
series of image rooms extending from every wall in the model room.

Each of the delay taps from the buffer for second-order reflections is fed into the
input of & Rl-unit which is associated with & reverberation stream emanating
from a fourth-order virtual room directly behind a second-order room at the june-
tion of two walls. For example, the fourth-order room ( 2, 2, 0} is directly behind
second-order room { 1, 1, 0). As shown in Fig. 4, the pattern of reflections
emanating from the wall junctions also demonstrates this pattern of short and
long delays. However, the long-short pattern is only exaggerated when the sound
source is in the corner, and the reflection stream from the wali junction becomes
high-order twice as fast as the wall reflection stream. Therefore, for the sake of
efficiency we chose to implement these delays with the R1-unit, even though it
cannot produce & long/short delay pattern. (If greater accuracy is desired, an
alternative realization of the inner reverberation network can be created using
R2-units in place of the Rl-units.) The time delays for the Rl-units are taken
from the time of arrival difference of second- and forth-order reflections. For the
unit associated with virtual room ( I, 1, 0), the delay times are given by:

delay = T(2,2,0)-T(1,1,0)

The lightly shaded virtual rooms in Fig. 4 are accounted for by the R1- and R2-
units. Together, the 18 reverberation units produce reverberation streams for 18
directions in three-dimensional space. Six streams emanate from walls, and
twelve streams emsnate from the junction of walls.
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2.5 Crossfeeding of Reverberation Units In Parallel Combination

The elements of the inner reverberation network explained so far replicate all
reflections originating in the 18 lines of virtual rooms extending behind each wall
and behind each junction of two walls. Even though this accounts for s large
number of reflections, it omits those reflections predicted by the image model
that originate in virtual rooms that lie between those 18 directions. Close to the
source room, there are very few missing rooms. As reflections emanate from
farther away in higher-order image rooms, the number of missing rooms greatly
outnumbers the rest. Without the “in-between™ rooms, the density of reflections
does not increase with {ime.

In order to capture the missing reflections, the output of the Rl-units must be
fed into the R2-units for spatially adjacent streams. The crossfed signal is added
into the initial summation node for each unit. Fig. 6 represents the cross feeding
process for a single quadrant of a two-dimensional plase. Fig. 6a shows all of the
image rooms up to the fifth order for this region; the source room is to the left.
The sequence of reflections emanating from the image room behind the wall, (1,
0, 0), is captured by the R2-unit. The sequence of reflections emanating from
rooms behind the two wall junctions, { I, 1, 0) and { 1,-1, 0), are produced by
Ril-units. When the cutput of each Ri-unit is fed immediately into the R2-unit,
each reflection is delayed by the R2 delays, The R2 delays are approximately
equal to the delays between the R1 reflections and those from the next adjoining
image rooms to the right. For example,

T(2,1,0) =~ T{1,1,0)+ R2_delayl

where R2 delayl = T{ 2, 0, 0) - T( 1, G, 0). As the RZ-unit recirculates its
input, it creates the sequence of reflections whose delay is approximately equal to

those emanating from the next set of image rooms between the R1 and R2 rooms.
For example,

T(8,1,0) = T(1,0,0)+ R2_delayl + R2_delay?

where R2 delay2 = T( 3, 0, 0) - T( 2, 0, 0}. As the process continues, the
number of reflections is exactly that predicted by the image model. The delay
times are entirely accurate for first- and second-order reflections; reflections
beyond the second are approximately correct. The cutput of each R2- and R1-
unit can be directionalized toward the leading first- or second-order reflection; the
reverberation streams produced are those shown in Fig. 6b. Although the exact
spatial position of the “in-between rooms’ is lost, relative spatial position is cap-
tured. Spacel® provides accurate spatial placement for the source and the initial
reflection in each reverberation stream, ie., 8 total of 19 scund direetions.

The crossfeeding illustrated in Fig. 6 is easily extended to all three dimensions.
The R2-units that are each crossfed from swo spatially adjacent R1-units in the
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horizontal two-dimensional plane (Fig. 8) and are crossfed themselves into the
Ri-units that are spatislly sdjacent in the vertical two-dimensional plane. For
example, the R2 stream emanating from the virtual room { 1, 0, 0} is spatially
sdjacent to Rl-units sssociated with the second-order virtual rooms: (1, 0, 1)
and (1, 0, -1). Reflections are created for sl of the “missing” virtual image rooms
from all three dimensions {with the exception of eight third-order rooms}. A
more intuitive understanding of how the system operates can be gained from Fig,
7 which shows a three-dimensional representation of the network. The spacel8
programn provides accurate spatial placement for the source and the initial
reflection in each reverberation stream, ie., & total of 19 sound directions.

3. CONCLUSION

The spatial reverberator is the first reverberation system which recreates the spa-
tiotemporal sound field of & natural environment. This reverberator is also the
first using recirculating delays to create reverberation based on the image model.
Having & model simplifies the user's task of specifying intentions, but it also
requires an extensive software support in order to manage the data about the the
acoustical space. It is our intention that the physical modeling of acoustic space
will provide a point of departure for a more perceptually oriented study of spatial
hearing and its relationship to audio reproduction. A physieal model is only use-
ful to the extent that it aids the user in reslizing creative intentions. A great
deal still needs to be learned about the relationship of spatiél sound pereeption to

music perception in general. It is our hope that spatiasl reverberation will be a
tool in this study.
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