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Abstract

This paper presenls a new type of digital reverberatos

which is based on closed petworks of interseeling wave-
guides. Cach waveguide is a bi-directional delay line, of
arbitrary length, and each inlersection {of any number of
waveguides) produces lossless signal seattering. Dy creating
s closed network of waveguides, the total signal energy in
the structure is preserved. A reverberator is constructed by
introducing small losses in the nctwork 1o achieve a desired
reverberation time. The inputs and outputs can be chosei
anywhere in the structure.

There are many reasons lo construct reverberators (or
any recursive digital filler for that matter) from lossless
waveguide networks: (1) the scattering junclions can be
made time varying withoul allering stored energy, (2) a0
werector aet™ for lossless petworks is oblained, allowing any
number of branches to be fitted togother in any desired
configuration (with changes allowed in real time), (3) limit
cycles and overllow oscillations are casily climinated, regard-
Jess of interconnection, {4) an exact physical interpretatica
exists for all signals in the structure, and (5) the imp'lerncn-
tation Is computstionally efficical.

Introduction

Digital reverberation hos been a standard post-processor
for digital music synthesls since Schrocder's original papera
in '61 and "62 [4,0]. Thebasic scouslics of reverberation and
the design of concert halls has a long history covering many
diferent spproaches [1-24]. The basic goal of digital rever-
beralion Is to arrive at a digital Gltering operation which
simulates the cllect of & good concert hall or “listening
space™ oo the source sound. This goal is made difficalt Ly
the fact thal typical listening spaces are inherently large-
order systems which cannot be preciscly simulated in real
{ime using commonly available compuling techniques. In
archilectural acoustics, the study of digital reverberation

ith good “acoustics.”

alds in the design of concert Lalls w
art ol

In digitally synlhesized muste, the reverberalor isap
the instrumentsl ensemble, providing a direct enrichment
1o the sound quality. This paper is concerned with the lat-
ter application; while there is no need for a detailed physi-
cal mode), it is desired to capture all musically important

qualities of natural reverberation.

Digital room simulation has been implemented by simulat-
ing specular reflection in actual concert-hall geomelries or
some approximation thereto [17,10,10,8,12]. It has Leen
found that the diffusive scattering of sound by patural lis-
tening environments cannot be neglected in high-quality
models [10]. llowever, models which accomodale diffusing

re beyond the reach of present computing power

reflections a
f poininal size over the

when applicd to listening spaces ©
audio frequency band.

Another implementation of digital reverberalion is lo
record an approximation to the impulse response between
two spatial points in real hall. The effect of the hall
on sound between these lwo poinis can be very accurately
simulated by convolving the measured impulse response
with the desired source signal [35]. Agnin this Jeads to 2
prohibitive compulational burden {two lo three orders of
magnitude out of real time for Lypical mainlrames).

\Ve can casily summarize the current slate of high-quality
digital reverberation: it is well understand, but Lloo expen-
sive Lo compule. It would seem that much progress is pos-
sible, because thero is much detail in natural reverberation

that is not important pereeplually. For example, it has
been noted that convolving an unreverherated soupd with
cxponentially decaying while noise gives the besl known
artificial reverberation [16]. The key to a successful digital
reverberator design is to replace the det ails of a qyantita-
tive physical mnodel by simple compulations whicl retain
all importnnt qualitative beliavior,



Some basie building blocks of presently pervosive digi-
tal reverberators, jntroduccd by Schrocder [0}, include cas-
caded allpass pelworks, recursive and non-receursive comb
filters, tapped delay lines, and lowpass filters. The carly
reflections can be exaclly matched {8,16) for fixed source
snd listenct position using & tapped delay line, and the
late reverberation can be qualitalively malched using a
combination of allpass chains, comb filters, and Jowpass
fitters [8,18). Using & lowpass filter in the fecdback loop
of & comb flter is used Lo simulate air absorption and nen-
specular reflection [16]. This overall stzalegy for reverhicra-
tion, or some subset of it, has Lcen the basis for rever-
beration design at CCRRMA for more than & decade [13,15].
While these elements do nut provide reverbernlion on par
with excellent natural listening cnvironments, they do a
goud job at providing some of the most essential aspects of
reverberstion-—especially for smoothly varying sounds st
Jow reverberation levels. ‘

A New Approach

‘I'he proposed technique is to build digital reverberators

as closed networks of lossless digital waveguldes [40,47].
Such a nctwork can be constructed from any given num-
ber of multiplics, additions, and delay clements. The avail-
able mulliplies and sddilions determine how many signal-
implemented, and the avsilable
he total delay which can be dis-
terconnecting the various

scatlering nodes can be
delay elemeols determine t

tributed smong the branches in
nodes. Ny choosing the numher of intersecting branclics

and scallering coefficienls appropriately, multiplies can be
climinated completely [-m.-n] {the rcallering coellicienls are
reduced lo a power of two or a simple funclion of powers of
two such as 3/4 =1/2+ 1/4). There are simple rules for
connecting branches to nudes in a way which preserves sig-
nal encrgy. The design variables (in the lossless prototype)
are branch-conneclion topotogy, delay léngths, and [he char-
acleristie impedances of the individual wnvrguhlos:-‘

pe reverberalor is augmented by one
ot mose simple loss faclors {of the form 1— 2-", typlenlly)
1o set the reverberstion decay line to any desired value,
That is, Teo (the time over which the reverberation decays
80 d¢B) s infinite in the protolype, but arbitrary in the
inal network. This decoupling of reverberation time from
structural aspects incurs no loss of gencralily.

Some branches can be fixed to givo speeific rn-rly reflee-

tions, while other branches may be chosen to provide a
desirable texture in the late reverberation. An oplimality

The losslesa prototy

roverberation is to maximize homogen-
se (inake it look like exponentially
decaying white noisc). Waveguide nctworks allow cvery
signal palh to appear 83 3 feedback branch around every
other signal path. 'liis conneclivity richness facilitates de
velopment of dense late reverberation. Furthermore, the
ropertics of Lhe waveguide networks can
ase [-lG,-l?l; this allows
lale reverberatiun by

ctlterion for the late
eity of the jmpulse respen

energy conserving p
be maintained in the time-varying ¢
the breaking up of “patterns” in the
sublly changing the reverberator in s way that does nod
modulate the reverberation decay profile. Finally, the ex-
pliclt conservation of signal energy provides an easy way 1o
completely suppresd limit cycles and overflow osciltations.

Losslens Networka

A nelwork iz a closed inlerconncction of Li-directiona!
The signal paths are called branches and

signal paths.
ints arc called nodes. An example

the interconneclion po
diagram of a simple network is shown in Fig. 1.

Nede L Mode 2
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Mguro 1. An cxample network diagram

Each signal path is bi-directional, meaning thal in each
branch there is a signal propagating ia ouc direction and
al propngaling in the olher ditection,

an Independent sign
it is partialty refiected Lack

\Vhen o sigoal reaches o node,
along the same branch, and partially transmilled intn the
other branches connected (o the unde. The relative strengths
of the plcces of the ugeallored” signal are determined by
the relotive choracteristic impedances of the intersecting

waveguides.

A waveguide is delined a3 2 lossless bi-direclinnal signal
branch. Io the simplest case, cach lgunch in » waveguide
petwork fs merely 8 bi-direetional delay line. The only come
pulations in the pelwork take place al the branch intersees

tion points (nodes} More generally, a waveguide branch
ade allpass flters, For prac-

may conlsin sny chain of casc
also introduce losses in the

tical reverberator design, we
form of gain faclors less than 1 and/or lowpass Glters wilh
frequency response strictly bounded by 1.



A lossless network preserves total stored signal euergy.
Energy Is preserved if at cach lime instant the lotal encrgy
stored in the nclwork is the same as al any other lime in-
stant. The lolal encrgy st any time instant is found by
summing the instantancous power thronghout the network.
sample within the network contributes lo in-
stantabeous power. The instantaheous power of a stored
sample is the squared amplitude times a scale factor, sny
g. 11 the signal is in units of “pressuze,” or cquivalent, then
g = 1/Z, where Z Is the characteristic Jmpedance of the
waveguide medium. If the signal sample Instead represents
a “Now” variable, such as volumevelocity, then g = Z. In
cither case, the stored cnergy isa weighted sum of squared
values of all samples stored in tho digital network memory.

Each sigoal

An N-port is & network io which N branches, called
tk to provide inputs and outpuls.
mple of & network willh one port
d two ports designated for oulput.

porls, leave the nelwo
Figure 2 gives 8n exa
designated for inpul an

our 1.

IN —¢
our 2

Figura 2. Example 3-port

Such & structure is suitable, for example, for providing
stereo revesberation of a single chanuel of sound. Notg,
however, that really there arc three inpuls and three oul-
puts. In aan N-port, each braneh leaving the nelwork pro-
vides both anin
It is common practice in digital filtering applications [30]

to use only ons direction on a port branch as an inpul ot

output and ignore the other dircction.

An N-pott is lossless il at any time instant, Lthe cnergy
lost through Lhe outputs (so far), equals Lhe total energy
supplied through the inputs (so far), plus the tolal stored
encrgy. A lossless digital filter is obtained from a lossless
N-port by using every port as both an Input and o

An N-port is linear il superposilion holds. Superposition
holds when the oulput in response to the sum of two input
signals equals the sum of the outpuls in response lo each
individual input signsl. A network Is Jincar if every N-
port derlved from it is linear. Only lincar nctworks can
be restricted to a large and well-understood class of enetgy

conserving systamas.

put and an output (because it is bi-dircetional).

utput. *

Lossleas Seattering

Consider s parallc! junction of N lossless waveguides

of characteristic impedance 7 (characteristic sdinittance

T; = 1/Z;) ss depicted in Fig. 3.

Figure 8. A junction of 2. waveguidea.

1l the incoming troveling pressure waves are denated by
Pti= . .
¥, i =1,..., N, the oulgoing pressure waves are given

by [46,47)

P; =P;=-P; (1)
where Py Is the resullant junclion pressure,
N p.pt
Py = 2—-——-—’-2";J il (2

The series flow-junction is equivalent to the parallcl pres-
sure-junction. The serics pressurc-junction or the parallel
flow-junction can be found by use of duality [48,47|.

Equatlon (1) is a compulationally efficient way to imple-
ment an N-port scatleriog junction. [ the case N = 2,
the well-known one-multiplicr laltice flter sectivu {minus
its unit delay) is obtained inunediately from (1) hlure
generally, an N-way interscelion requires N multiplies snd
N =1 additions Lo oblain 3, and oue sddition fur vach
outgolng wave, for & total of N multiplies and 2N — 1 ad-

ditions.
Normalized Waves

\Ve can normalize the pressure and flow variables Ly the
square root of Lthe charaeleristic impedance lo obtaia prop-
agation waves in unils of root power:

P} AP},
U7 AUIVE

Py APTVT 31
U; AUTVZ;

Dy restricting all wavcguides (o normalized waves, we ul-
fain & generalization of the normulized ladder structure fur
digital filters [34,36,30]. ‘The stored power in cach section is
unchenged if the characteristic impedance is changed {the
pressure and flow variables are seuled in a complementary
fashion). The use of normalized waves yields digital filter



o3 whose signal energy is not modulated by time-

struclur
d “cocflicicat

varying coefMicients |46,47). Signal power an
power® aro decoupled.

Energy and Power

The instanlaneous power in a waveguide conlaining in-
stantancous pressure /> and flow U is defined as the product

of pressure and flow:

P PU (P + P HU 4 U )= P 4P (1)

where
Pt =P = 2P =T(P'P ' )
P =P U = “Z(U P = ~I(P)?

define the right-going and lefi-going power, respectively.

For the /N-way waveguide junction, we have, using Kircholl's

node equations [28,27,46,47),
N N N
PrAY PU;= S PyUi=P; SoUi=o0 (0)
e (=1 i=1

Thus, the N-way junction is logsleas; no net power, aclive
or resclive, flows inlo or away from the junction.

Quantization Effects

While the ideal waveguide junction is Jossless, finite word-
fength effects can make exactly lossless networks unrealiz-
able. In flxed-point arithmetic, the product of two nuin-
bers requires more bits (in general) for exact represcutation
than either of the multiplicands. I there is a fecdback
loop around a product, the pumber of bils needed to rep-
resent cxactly e circulating signal grows without bound.

Therefore, some sort of round-off rule must be included in

a finile-precision implemnentation. The guaranteed absence

of limit eycles and overfiow oscillations is lantamount to
ensuring that all Ninitewordlengih effects resull in power
absorplion at each junction, and never power crealion. IT
magnitude {runcation is used on all outgoing waves, then

limit cycles and overflow oscillations are suppressed |32].

Magnitude truncation resulls jn greater Josses than peces-

sary lo supp

ress quantization effects. More refined schemes
are possible. In particular, by saving and accumulating the
low-order half of cach multiply al a junction, energy can be
exactly preserved in spite of finite precision compulations

[46,47). : .
Conclusjons

A construction was prescnted paramelzizing sll lossless
linear networks. The construction is free of overflow oscil-
lations and limit cycles, and a valuable energy decoupling
property is oblained for time-varying nclworks. The added
complexily relative to the best pre-existing recursive flter
architectures is ncgligible. Therelore, these structures are
likely to become standard in the near {uture,

In addition to implementing robust revetberation and
digital dltering, waveguide structures can provide accurate
models of coupled vibrating strings, wind instruments, reed
{nstrumenta, and many other physical systems. In these
spplications, the signals propogating in a waveguide are
coupled lo a ponlinear “excitation element,” such a3 a veud,
bow, awitching air-jel, or lips {41].
the excitation element, another waveguide network can be
used Lo model thie player windway, how assembly, or other

interacting resonating system.

On the other side of



In this appendix,

Appendlx—)\ppllcntlon Notes

some practical tips as

taining good reverberation.

1000 echors per sccond is considered sufficiently dense
for late reverberation [0, P. 219].

Decause ale absorplion increases with spatial fre-
quency, lowpasas filters should be used here and there
in the wavcguides to give qualitatively the correct
relative time constanls of decay versus frequency.

The scattering coeflicients can bo randomly modu-
lated to better approach an cxponentially decaying
white noise impulse response. This places Lhe signal
in a closed, randomly changing maze.

Modulating the scattering cocMicients with sinusoids,

FM, or other complex wayelforms, produces an Ap-
pealing =yndulating” reverberator. A physica! anal-
ogy is time-verying absorption cocllicients in the walls
of » concert hall (plus magic tunncling of ahsorbed
energy ioto vibrational modes elsewhere). Iucreasing
the modulation frequency to sudio rates causts .
kind of “sidehand” gencration in the reverberated
sound, corresponding Lo weak amplitude modula-
tion. This can he understood by considering that as
a signal is reflecting from a junction, the smplitude

of the reficction is directly proportional to the reflection
nt mndula-

coefficient. Therefore, all scaltering coellicie
tion (random or not) should occur st frequencics
below audible ANf modulalion rates in order:to avoid
this effcet. Random swilching should occur st sub-
sudio rates osnd cmploy proper audio fade-in/fade-
out {e.g. 100ms fade time). '

The reverheration is generally Jess *colored™ {6] when
esch oulput of the reverberatar ls taken lo be o

resultant pressure I’y at a junction of multiple wave-

guides.

Setting Lranch delays o an interva
series has given good resulls [45).
reflection coellicicnts at & junction

1 of a Fibonacci

Choosing equal
Jeads to an even encrgy distribution the
petwork. (A beam incident on the junction is scal-
tered cqually in all dircctions.) I the scattering
coeflicienis are too disparate, “hot spols” or nearly
lossless sub-paths moay sppear in the network. A
unilorm energy distribution helps to minimize the
probability of overflow.

Duality can bo used to imprave the dynamic range.
In high-inpedance waveguides, pressure tends to be
large, while in low-impedance waveguides, flow is

e listed for ob-

oughout the

large (for & given signal power). Therefore, switch-
ing belween pressure and flow for the propagsting
variable in cach waveguide allows maximum use of
the available dynamic range. This is the same thing
as choosing Lhe sign parameters in standard lattice
filters [36). Use of sormalized waves climinates Lhe
need lo decide on pressure versus low, and the sig-
nal level s always proportional to the root-power,
jndependent of the characteristic impedance.

Clicosing a power af two for the number of branches
of equal characteristic impedance intersecting al 2
node yields a multiplier-free realization.

Physicol anologics con give considerable insight into
the operation of & waveguide network. For example,
placing a finger on the midpoint of & freely vibrat-
ing string (inoking the tone risc one oclave) is &
physieal analog to introducing 8 junction with rising
reflcetion cocfficient in the middle of a single wave
guide with reflecting terminalions. Another anulogy
is an optical waveguide cantaining beam-splitters in
the form of parlially silvered partitions. Visualizing
mare Lhan {wo intersections is less easy; one example
is to imagine waves along many Laul wires of varying

thickness welded together al & common peial.

It is possible to create the effect of maving walls by
smoollly varying the delay-line Iengths as well a9
the scatlering cocfMicients. The basic technique fur
this is described in [44]. One way lo avoid encrgy
modulation is to effectively “slide” a junction along
a line formed by two waveguidcs mecling at that
junction. The delay lost by one waveguide is given

o the other.

A dosirable reverberator properly is that the den-
sily of resonant modes between any inputfoulput
poink grow as the square of frequency {1]. The sum-
ber of complex modes in any nondcgenerate digi-
tal filter is cqual to the total number of delay cle
ments. Thus, a closed waveguide nelwork always
has ns many complex resonances as there are stored
samples. Finding cxactly where the resonances are
tuned as a function of the interconnection topology
and seattering cocflicients scems to be a difficult
problem, Whenever a new input or outpul point
is chosen, Lhe zeros of transmission are changed.
The poles of the point-to-point transfer function,
however, are invariant under general conditions. Con-
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scquently, il s realistic mode distribulion is found, it
can be used with a wide variety of input and output
porls.

Picking n; in the branch loss factors gy == 1—

as a funclion of Tao sppears hard to do encll"x. An
approximate formula is to choose n; 50 that g;*° Dt
close to 0.001, where D; is the delay of the ith wave
guide in sceonds.

Reverberation Is realistically diffuse if the steady-
state reverberator response to & sinusoidal input sig-
nal has s Rayleigh distributed amplitude throughout
the dclay clements of Lhe roverberator {20]. 1qui-
valently, tho intensity is exponcntislly distributed,
phase is uniformly distsibuted, and the real and im-
aginary parts of the sinusoidal response phasor are
Gaussian distributed [20]. These distributions cor-
respond physically to the excitation of many modes
of vibration in the hall, yiclding plane waves travel
ing in “all dircctions™ with independent random phases.

Sce also {1,7].

Assuming a Rayleigh amplitude distribution sllows
caleulation of probability of overflow as a function
of the number of guard bils provided.

g-ni
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