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REVERBERATORS FOR USE IN WIDE BAND
ASSISTED REVERBERATION SYSTEMS

Matter enclosed in heavy brackets [ ] appears in the
original patent but forms no part of this reissue specifi-
cation; matter printed in italics indicates the additions
made by reissue.

TECHNICAL FIELD

The 1mvention relates to assisted reverberation systems
and PA or speech reinforcement systems that utilise rever-
beration devices.

BACKGROUND ART

Public address and speech reinforcement systems are used
to amplity and broadcast voice signals. In these systems,
microphones are placed close to the performers and the
microphone signals are amplified, processed and fed to
amplifiers and loudspeakers for broadcasting. In such
systems, the loudspeaker signals couple back to the
microphones, and 1f the gain 1s too high, the system can
become unstable. This feedback between the loudspeakers
and microphones 1s minimised by using directional micro-
phones and having the microphones close to the performers
to maximise the signal level.

An assisted reverberation system 1s used to improve and
control the acoustics of a concert hall (auditorrum). There
are two fTundamental types. The first 1s the 1n-line system, 1n
which the direct sound produced on stage by the
performer (s) 1s picked up by microphone(s), processed by
feeding 1t through delays, filters and reverberators, and
broadcast 1nto the auditorium from several loudspeakers
which may be at the front of the hall or distributed around
the walls and ceiling. In an 1n-line system acoustic feedback
(via the auditorium) between the loudspeakers and micro-
phones 1s not required for the system to work (hence the
term 1n-line). The PA and speech reinforcement systems
described above are simple examples of 1n line systems.

The second type of assisted reverberation system 1s the
non-in-line system 1n which a number of microphones pick
up the reverberant sound 1n the auditorium and broadcast 1t
back into the auditorium wvia filters, amplifiers and loud-
speakers (and 1n some variants of the system, via delays and
reverberators—see below). The rebroadcast sound 1s added
to the original sound in the auditorrum, and the resulting
sound 1s again picked up by the microphones and
rebroadcast, and so on. The non-in-line system thus relies on
the acoustic feedback between the loudspeakers and micro-
phones for 1ts operation (hence the term non-in-line).

In turn, there are two basic types of non-in-line assisted
reverberation system. The first 1s a narrowband system,
where the filter between the microphone and loudspeaker
has a narrow bandwidth. This means that the channel 1s only
assisting the reverberation in the auditorium over the narrow
frequency range within the filter bandwidth. An example of
a narrowband system 1s the Assisted Resonance system,
developed by Parkin and Morgan (1) and used in the Royal
Festival Hall in London. The advantage of such a system 1s
that the loop gain may be relatively high without causing
difficulties due to 1nstability. A disadvantage 1s that a sepa-
rate channel 1s required for each Irequency range where
assistance 1s required.

The second form of non-in-line assisted reverberation
system 1s the wideband system, where each channel has an
operating frequency range which covers all or most of the
audio range. In such a system the loop gains must be low,
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because the stability of a wideband system with high loop
gains 1s diflicult to maintain. An example of such a system
1s the Philips MCR (‘Multiple Channel amplification of
Reverberation’) system [2,3], which 1s installed in several
concert halls around the world, such as the POC Congress
Centre is Eindhoven. It has been shown [3] that the power
gain due to the MCR system 1s given by

1 (1)

1 — airer N

Pymer =

where o,,~ 15 the loop gain and N i1s the number of
microphone, loudspeaker channels. The reverberation time
1s 1ncreased by the same factor.

An improved wideband non-in-line assisted reverberation
system has been described in Pct Patent application NZ93/
0041[4-6]. In this system (FIG. 1) N microphones pick up
the sound 1n the primary room and the microphone signals
are fed into a secondary room and are reverberated and
scaled by the loop gain before being fed back into the
primary room. In practice the secondary room 1s replaced
with a reverberation matrix. This improved system allows
the apparent volume i1n the primary room to be altered
independently of the apparent absorption. The improved
system shall be denoted VRA (Variable Room Acoustics).

The power gain introduced by the system 1s given by

1 (2)

P —
VRA 1 — E};’%r RAN

where d.; , 1s the loop gain. The expression contains the
square of the number of channels N, compared with N 1n the
MCR system. This 1s due to the fact that the primary and
secondary rooms have an eflective power gain of N. Both
systems thus have the same mean power gain for

MCR

AVRA = (3)
VN

The Philips system provides a reverberation time boost
which 1s equal to the power gain. As a result, the reverbera-
tion boost 1s limited by the maximum attainable power gain
before instability. The VRA system, however, allows the
reverberation time to be boosted over and above the power
gain increase by controlling the reverberation time of the
secondary room (while holding 1ts gain constant). It has been

shown [ 6] that the VRA system gives a reverberation time
boost of

TESS _ ﬁ (4)
T, 2
1+ p—1
(S2)- (B2 + potaa?
where T _ 1s the assisted reverberation time, T, 1s the

unassisted reverberation time in the primary room and f3 1s
the ratio of the secondary room to primary room reverbera-
tion time. The gain in RT 1s equal to the power gain
(equation 2) for p=0, (the equivalent MCR case), and it rises
monotonically from the value as p increases.

The main difficulty with non-in-line systems 1s that they
can become unstable, due to the feedback between the
microphones and loudspeakers. The problem 1s minimised
by using a large number of channels and keeping the loop
gain in each channel low. For example the Philips system
typically uses between 60 and 100 channels. However, even
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with large numbers of channels and low loop gains the sound
in the hall can sound ‘coloured’. In a natural room, the sound
decay at any position in the room consists of the sum of an
infinite number of room modes. Typically all of these room
modes have the same or similar decay rates, and as a result
the decay in dB is linear [7]. In a non-in-line assisted
reverberation system, this similarity of decay results 1s
reduced. As a result, some room modes have longer decay
rates, and after a certain time those room modes with the
longest decay times dominate the sound of the decay. The
decay 1s perceived as containing one or more ‘ringing tones’,
or being ‘coloured’. Those modes which produce ringing
tones occur at frequencies where the loop gain through the
system 1s high and where the phase 1s a multiple of 27. The
teedback at such frequencies i1s thus positive.

In-line systems attempt to minimise the feedback between
loudspeakers and microphones, but the problem 1s never
climinated completely. Thus, the problem of colouration
also occurs 1n 1n-line systems.

The improved non-1n-line VRA system described in PCT
patent application NZ93/00041 provides an increase in the
reverberation time over previous systems for the same loop
gain. However, the loop gain 1n the system 1s more complex,
due to the fluctuating frequency response of the secondary
room matrix. As a result, the improved system will produce
a higher degree of colouration than the MCR system for the
same loop gain (equation 3). It would therefore be desirable
to design a reverberation matrix that has a low degree of
fluctuation 1n 1ts frequency response.

In the same manner, an in-line system that utilises a
reverberator will have a greater propensity to become
unstable since the reverberator produces a fluctuating loop
gain that at some frequencies 1s higher than the loop gain
without the reverberator. Again, a reverberator with a lower
degree of fluctuation in its frequency response will reduce
the problem.

In the ease of a single microphone, reverberator and
loudspeaker 1t 1s obvious that a low degree of fluctuation
requires that the reverberator have a constant magmtude at
all frequencies, 1e it 1s allpass. Most reverberator structures
do not produce such a response, however, since they consist
of a parallel connection of comb filters [8]. Allpass comb
filter sections are often used following these parallel con-
nections of comb filters to increase the echo density [8,9];
however, 1t 1s not likely that a series connection of allpass
comb filters alone would produce a reasonable reverberation
because the configuration does not simulate a simple sum of
decaying exponential modes as occurs 1n a room.

In the multidimensional case the definition of ‘low fluc-
tuation’ 1s more complicated since the reverberation matrix
contains N~ transfer functions and each output is the sum of
N 1nput signals transmitted through N transfer functions.

DISCLOSURE OF INVENTION

The present mvention provides a class of multichannel
reverberator which produces a low degree of tluctuation in
a multidimensional sense. The class of reverberator allows
the VRA system to produce identical or at least similar
colouration performance to the MCR system for the same
power gain. It also allows the colouration 1n 1n-line systems
and PA/speech reinforcement systems to be reduced.

In broad terms the invention comprises:

multiple signal iputs, one for each input channel,

a number of comb filter networks connected one to each
signal input, each comb filter network including a feed
forward stage,
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4

a cross-coupling network cross-coupling the comb filters
to increase the reverberation echo density, and

multiple signal outputs, one for each output channel.

BRIEF DESCRIPTION OF DRAWINGS

The invention will now be further described with refer-
ence to the accompanying drawings, by way of example and
without intending to be limiting. In the drawings,

FIG. 1 shows a VRA assisted reverberation system:;

FIG. 2 shows a single channel comb filter which 1s the
basis for many conventional digital reverberators;

FIG. 3 shows a single channel all pass comb filter which
1s the basis for the reverberation system of the invention;

FIG. 4 shows a common structure for a conventional
multi-channel reverberator; and

FIG. 5 shows a structure for an all pass vector comb filter
reverberator system of the invention.

DETAILED DESCRIPTION

Power Gain 1n Multichannel Linear System

Consider an N channel system X(w) which 1s excited with
unit mean power white noise bandlimited to B Hz at all
inputs. If the mput signals are all uncorrelated, 1t can be
shown that the mean power output 1s given by

Foue = lfBIIX 12 d =
Dl_]t_ﬁ _n (td) w

where the itegrand 1s the (Frobenius) norm squared of the
transier function matrix frequency m. Thus the power gain,
P_ /N, 1s governed by the average squared norm. In order to
study the power gain of the system, at a single frequency, we
consider exciting the system with a vector signal consisting
of unit power complex sinusoids at all N inputs; s(t)=exp
(o, tu, where

a=(c/*t, /2, WYY (6)
If the phases of the sinusoids are samples from an underlying
probability distribution P(¢,, ¢, . . . ¢, 1n which the phase
random variables are independent then 1t can be shown that
the sum of the variances at the N outputs 1s given by

0*=UX (0, U (7)
Thus the squared norm of X(w) divided by N 1s the ‘phase
avenged’” power gain. This function allows a definition of

‘low fluctuation’ of the response of an N channel system. An
ideal multichannel reverberator for use in a non-in-line

assisted reverberation system will have a constant norm for
all frequencies. In the multichannel case, such a reverberator
may be loosely termed Allpass.

Unitary Systems
Consider a matrix X which 1s unitary, 1e

(8)

X'x=]

where 7 denotes the conjugate transpose. The rows (and
columns) of X are thus orthonormal vectors. The norm
squared of X 1s given by
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N N (9)
IXIP = > XXl = ) b =N
k=1 k=1

Hence may unitary matrix has a norm squared equal to the
matrix dimension. The wideband or phase averaged power
gain 1s thus equal to core. It will now be shown that for the
unitary case the power gain 1s also one for constant sinusoids
at one Ifrequency applied to all inputs. Suppose the matrix X
represents the value of a transfer function at frequency
w_—y(t)=exp(jmw t)Xu (see equation 6) and the total power 1n
the output 1s

Yty Q)= ¥ (10)

where the time dependence cancels. Thus the output power
1s equal to N for constant sinusoidal excitation and 1is
independent of the input phases. The power gain 1s thus
unity at all frequencies. Hence: A linear multichannel system
may be termed unitary 1if 1ts transfer function matrix 1s
unitary at all frequencies. A unitary system has a constant
norm and unit power gain for all frequencies.

A unitary system 1s 1deal for use in the VRA system since
it has the same power gain at all frequencies and thus will
not increase the colouration. It may also be inserted " an
MCR system without altering the loop gain. The power gain
of the VRA system with a unitary reverberator 1s given by

b o (11)
VR%nitary B 1 — {1’% ARN

which equals P, . for d,, =0, ».

Most digital reverberators are based on the comb filter,
shown in FIG. 2 [8-10]. This circuit produces an impulse
response that 1s 1n exponentially decaying sequence of delta
functions occurring at multiplies of the delay time r=IL/1,
where 1, 1s the sample rate. The output may be taken from
the summer, the delay or the multiplier outputs. The transier
function for the comb filter with output taken from the delay
output 1s

7 - (12)

X(z) =
z) 1+ puz L

The single channel comb filter can be made to have a
constant magnitude verses frequency response (termed an
allpass response) by incorporating a feedforward section
into the circuit. An eflicient one multiplier form of the
allpass form is shown in FIG. 3 [8,9]. The transfer function
1s given by

)u+z_L (13)

X(2) = 1 + pz L

The magnitude squared at Z=exp(j0) 1s

1 + pz + 2cos(L) (14)

1 + p? + 2cos(LO)

X(el?)* =

which 1s unity, as required.

Early forms of reverberator were constructed using a
number of comb filters 1n parallel, with the summed outputs
being fed into a number of allpass sections to increase the
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6

echo density [8]. A more recent structure for multichannel
reverberators is as shown in FIG. 4 [9,10]. This structure is
an extension of the single channel comb filter which
achieves a high echo density by the cross coupling of a
number of single channel comb filters, via the cross coupling
matrix G. Subsequent allpass sections are not required. The
response of the vector comb {filter may be determined by
assuming that the unput 1s a vector ot discrete signals u/(n)
with a vector spectrum

U@)=(U,(2),Ux(z), . . . , Un(2)|" (15)

The vector spectrum at the output of the adders 1s given by

V+(z)=U(z)-uGD(z)V+(z) (16)

where D(z) 1s a diagonal delay matrix

D(z)=diag[z*',z7%2, . . . z7tV] (17)

Solving for V+(z) allows the output vector spectrum V(z)
to be found:;

v(z)=D(Z)(1+nGD(z)) ' U(z) (18)
It can be shown [9, 10] that if the gain matrix G is
orthonormal, ie G'G=I, then the system is stable for p<l.

The poles of the system are distributed 1n the z plane around
a circle with radius less than unit.

The multichannel reverberator circuit can be made to have
allpass properties if a feedforward action 1s incorporated into
the circuit, as 1n the one dimensional case. An eflicient form
with a single vector gain element (u) and single cross
coupling matrix G, 1s shown in FIG. 5. The output vector
spectrum 1s given by

v(z)=[pl+GD(2) [ 1+pGD(z)[ 'U(2) (19)

The order of the gain and delay matrices may be reversed
without altering the allpass properties of the circuit. It may
be verified that the transfer function maxtrix 1s equation 19
1s unitary at all frequencies as follows:

At any given frequency m, the matrix transfer function has
the form
x=[uI+GD[1+pGDT™ (20)

where D=diag|exp(jo,).exp(id,), . . . , exp(j¢p.|. Now the
product GD 1s a unitary matrix since

(GD)N(GD)=D'GTGD=I (21)
The eigenvalues decomposition of GD 1s thus
GD=QAQ (22)

where QQ 1s a unitary matrix and A 1s a diagonal matrix of
eigenvalues. Since GD 1s unitary the eigenvalues have unit
magnitude, 1¢

A=diag[e/®l g2 . | &foN] (23)

X may now be written

X=[u+QAQ [ 1+pQAQTT <[ Q(uI+A)QTIIQ(1+pA)QT]'=Q(uI+
A)Q QA QT=AUI+A) (I+pA) 'QT=QAQT (24)
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where A has the diagonal allpass form
Cu+ el g+ e u+ e’oN (235)
A = diag — — ... . .
1+ ped®l 1+ ped2 1 + pe*N |
We can now write
XTX=QATQTQAQ'=QA*AQ" (26)

Hence the transier matrix X 1s unitary at all frequencies. The
unitary system 1s formed from a set of N independent single
dimensional allpass filters with a precoupling matrix Q(w)
and a post coupling matrix Q(m).

The foregoing describes the imnvention including preterred
forms thereof. Alterations and modifications as will be
obvious to those skilled in the art are intended to be
incorporated 1n the scope hereof.
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I claim:

[1. A multi-channel reverberation system comprising:

multiple signal mputs, one for each input channel;

a number of feed back comb filter networks connected
one to each signal mnput, each comb filter network
including a feed forward stage to provide a substan-
tially constant multi-channel power gain at audio ire-
quencies;
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a cross-coupled network cross-coupling the comb filters
to increase the reverberation echo density;

and multiple signal outputs, one for each output channel.]

[2. A multi-channel reverberation system according to
claim 1, wherein the feed forward stage of the comb filters
provides a transfer function matrix which 1s umtary at each
frequency in the audio range.]

[3. A multi-channel reverberation system according to
claim 1, wherein the cross-coupling matrix 1s an orthogonal
cross-coupling matrix cross-coupling a number of single
channel allpass comb filters, positioned immediately belore
or after the delay lines, to create a multi-channel allpass
comb filter with a unitary transfer function matrix at all
frequencies.}

4. An assisted reverberation or room acoustic enhance-
ment system, cOmprising.

multiple microphones positioned to pick up reverberant
sound in a room,

multiple loudspeakers to broadcast sound into the room,
and

a multichannel veverberator, comprising:

multiple signal inputs, one for each input channel and
which receive similar bandwidth signals from the
microphones;

a number of feed back comb filter networks connected one
to each signal input, each comb filter network including
a feed forward stage to provide a substantially constant
multi-channel power gain at audio frequencies;

a cross-coupling network cross-coupling the comb filters
to increase the reverberation echo density;

and multiple signal outputs, one for each output channel.

5. An assisted reverberation or voom acoustic enhance-
ment system according to claim 4, wherein the feed forward
stage of the comb filters provides a transfer function matrix
which is unitary at each frequency in the audio range.

6. An assisted rveverberation or room acoustic enhance-
ment system according to claim 4, wherein the cross-
coupling matrix is an orthogonal cross-coupling matvix
cross-coupling a number of single channel allpass comb

filters, positioned immediately before or after the delay lines,

to create a multi-channel allpass comb filter with a unitary
transfer function matrix at all frequencies.
7. A multi-channel unitary veverberator comprising:

multiple signal inputs, one for each input channel,

a number of feedback comb filter networks connected one
to each signal input, each comb filter network including
a feed forward stage to provide a substantially constant
multi-channel power gain at audio frequencies,
whevrein there is one multiplier in each channel vesiding

in both the feed forward and feedback networks,

a cross-coupling network cross coupling the comb filters
to increase the reverberation echo density, and

multi signal outputs, one for each output channel.

¥ o # ¥ ¥



	Front Page
	Drawings
	Specification
	Claims

