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L. INTRODUCTION

Finding the completely natural sounding electroacoustic system, one which raises the
reverberant level or reverberation time with no artificial artifacts - has been like a quest
for the Grail. The goal is clear, always just in sight, but never completely achicved. In the
company of musicians electroacoustics has a deservedly poor reputation. Invariably the
cause is acoustic fcedback between the microphones and the loudspeakers. Even il it is
possible to design a system which is (mostly) stable, it ean be shown {10) that in the
presence of acoustic feedback the reverberation time of an clectroacoustic system will be
diffcrent for different frequencies - such that the frequency density of reverberant modes
thins out as the sound decays. The result is a metailic clang, The mathematics of this
problem has been understood since the wark of M. Schroeder (1), and is common to both
sound reinforcement and acoustic enhancement systems. A conclusion from this apalysis -
that if coloration is to be avoided a cardicid microphone in a single channel system must
be placed within | meter of the sound source - is unfortunatcly inescapable. (2, 3, 4)

Many partial solutions have been found and utilized. One of the best is MCR - Multi
Channe] Reverberation - which reduces feedback by using an enormous number of channels,
each with a very low loop gain. The effectiveness of MCR at reducing the problems of
feedback is proportional to the square root of the number of channels, and often 50 to 100
are uscd. The most common MCR system uses no digital processing in each channel, but if
you add a reverberator of some kind the multichannel approach still works, You only have
to find some way of positicning 50 or more microphones in the vicinity of the stage.
Another idea - Schroedes’s pitch shifter - increases gain before feadback by shifting the
pitch of the sound a [raction of a semitone between the microphone and the loudspeaker.
Mathematically this induces a phase modulation inside the loudspeaker microphone transfer
function, which reduccs the height of the peaks in the response (and thus increases the gain
before feedback) by about 6dB. Pitch shilting works great for speech, but is a disaster for
music. -

We have developed a method of digital electronic processing which allows us to combine the
advantages of both these techniques. The result - multiple time variant processing - allows
us to make an acoustic enbancement system with unprecedented freedom from acoustic
feedback and coloration - typically 18dB better than a single channel system, We call our
system LARES - Lexicon Acoustic Reinforcement and Enhancement System. The Grail has
not been cxactly found - you do not find this grail, you build it. But with LARES
cquipment the building job can be surprisingly successful, and less painful than you might
expect,
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Unlike several other recent electroacoustic enhancement systems, LARES is open. We are
cquipment manufacturers. We are happy to show you how a LARES system works, how to
build one, and will help you ptan and adjust it. But the fascinating task of figuring out
what the customer wants and needs, of design, specification, and installation, can be done
by a competent independent acoustician or contractor, We need you.

2. A LARES SYSTEM
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Figurc 1. Block dingram of a LARES system

A typical LARES installation consists ol a small number of directional microphones (2 to
4) hidden in the forward part of a hall, one or two LARES processing {rames, and a
distributed loudspeaker system with at least four independent channels, Because of the
enormous improvement in gain before feedback provided by LARES the microphones can
be far enough into the hall that the ¢ntire stage ¢an be covered by a small number. The
microphones ¢can be up to a factor of two further from the sound sources than the critical
distance {the hall radius). The microphones connect through the usual preamplifiers, eq and
limiters to one or more Lexicon LARES processors.

Each LARES processing frame has two independent inputs and four independent outputs.
Each output must be connected to a scparatc loudspeaker bank. The output banks are
interleaved in the hall, such that no adjacent neighbor of a particular speaker is driven
from the same output channel. The inputs are usually driven by one microphone cach.
Each frame contains & independent time variant processors, one lor each connection path
between the two inputs and the two outputs. When two LARES [rames are vsed the two
inputs of each are usually driven in parallel, giving a 2 input 8 output system with 16 time
varying processors in total, The processors are all {lexibly controlled through a single small
MIDI controller. The hardware used for LARES is also used in a Lexicon standard product,
the 480 reverberator. Parts and service are available worldwide.

The adjustment of the LARES frames and the arrangement of the loudspeakers depends on
the acoustic requirements. Ideally the loudspeakers are arranged to create a diffuse sound
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ield. In the Elgin Theater, Toronto, (1500 seats) one frame controls 53 loudspeakers in the
eiling of the hall, and another frame controls 53 loudspeakers under the balcony. Both
rames are sct to the same reverberation time, but different reverberant levels, In a small

hus the essence of LARES is:

A small aumber of microphones placed up to 2 times the hall radius
from the sound sources

One or more LARES processing lrames

Four or morc interleaved loudspeaker banks with enough loudspeakers to
provide a diffuse sound field throughout the audience area.

e cost for o LARES system can vary from about $50,000 complete to over $250,000.
3. Prior Systems

evious types of acoustic enhancement system are covered in {10). I will give only a
mmary here,

Closely Miked Systems (CMS)

ese systems consist of one or two channels of artificial reverberation fed by a micropheone
ay mixed into mono or sterco. Many loudspeakers are vsed, driven in parallel. Stability
these systems is low, with the maximum source to microphone distance given by 0.17
¢3 the enhanced hall radius divided by the square root of the number of microphones
ed together. In general cardioid microphones must be within 1 meter of the source.
th greater microphone distances the reverberant level created by the system will be too
all to be heard while the music is playing, coloration will be high, or both.

Assisted Resonance (AR)

utilizes 50 to 100+.narrow band channels, each onc of which is carefully adjusted to be
t within the margin of srability, Systems are expensive, complicated, and are limited in
bre by the number of channels used.

Multi Channel Reverberation (MCR)

R uses a 50 to 100 broad band channels, cach one of which s limited to about a loop
n of -20dB. If the channcls can be arraigned so they operate without correlation each
nnel is capable of raising the reverberation time of the room by about 1%. These
lems are expensive, and tend to coloration at the end of decays.

RODS - Peter Barnctt’s system as marketed by Jafle
D5 uses a tapped delay line and a set of switches (variable attenuators). While the input
sical level is rising or constant the input to the delay line is open, and the outputs from

delay line are off. When the music is decreasing in level or ceases, the input is
dually) cut-off and the outputs arc turned on. The switches are effective at increasing
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stability and reducing coloration, but the system _is inherently incapable of increasing the
reverberant level or lateral energy while the music is running.

5. Acoustic Control Systems (ACS)

With ACS we get to a more modern system. Many input microphones are used, and many
loudspeakers. In theory these are connected together through a delay matrix the elements
of which are calculated from an image model of an ideal hall drawn around the real hall.
In published papers on this system some type of time variance is claimed in at least some
of the matrix clements - how this can be consistent with the method of calculating delays
is not explained. In practice ACS could be quite close to LARES - except we think our
reverberation algorithms are superior, as is our careful implementation of time variance to
both minimize pitch artifacts and maximize gain before [eedback., Because LARES lacks
some of the theorctical trappings it is likely to be ¢asier and less expensive to install,

6. System for Improved Acoustic Performance (SIAP)

The author does not know encugh about SIAP to comment on jt. Perhaps we will lcarn
more at this conference. The system appears to be similar to both LARES and ACS.

4, HOW LARES WORKS

Note that LARES, ACS, and SIAP all depend on an extension of the idea first proposed by
Franssen for MCR - that with multiple channels system performance can be improved. Both
ACS and SIAP explicitly use a large number of input and output channels, and depend on
the multichannel effect to achieve a realistic reverberant level with practical microphone
placements. ACS uses a matrix te connect the microphones to the loudspeakers, so there is
an clectrical connection between each microphone and each loudspeaker channel. The
matrix was developed to try to create the reverberant field of a different space, but it
yields interesting results when it is analyzed for stability.

The analysis which led to LARES recognizes that mathematically there is a different
transfer function created by the hall between cach microphone and cach loudspeaker bank.
Lets assume weé have M microphones and N loudspeaker banks, Then there are M*N
acoustic transfer functions. If electronics are postulated which connect each microphone
to each loudspeaker bank we wiil nced M®N connections, or matrix elements. I these
matrix clements are lixed - not time variant - then the N acoustic paths associated with
cach microphone are not independent. They add to form a single transfer function. The
total stability of the system will then be determined by the smaller of the two numbers N
or M. ‘

However, if make the matrix elements vary in time sufficiently quickly that they have a
completely different transfer function after a time short compared to the natural
reverberation time of the hall, the N acoustic paths associated with cach microphone behave
independently. For system stability they behave as if there were a scparate microphone
driving each, In addition, the phase modulation which results from the time variance ¢an
baoost the gain befare fecdback associated with each path.

In a LARES system we have M*™N acoustic paths, and in series with each path is a time

variant device which provides both statistical independence and sufficient phase modulation
1o increase the gain before feedback by 6dB. We can lind the total improvement in stability
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over a single channel system by adding to this 6dB the additional gain we get from the
multiple channels, the square root of M*N. For a system with 16 reverberators the result
is an improvement of 18dB! (This is an cnormous number - demonstrations of LARES
appear magical to pcople familiar with electroacoustics or sound reinforcement.) Naturally
we must have M*N indcpendent matrix elements - but these can be cheaper than M*N
microphones, amplifiers, and loudspeakers.

5. THE LARES REVERBERATORS

Figure 2, Response of a single time varying reverberator to a
positive impulse. The first and second graphs were
made | minute apart. 50ms/division

These advantages only occur if' the matrix elements vary completely and quickly, Figore
2 shows two impulse responses from a LARES matrix ¢lement separated in time by about
1 minute, As you can see there is nothing in common. The actual rate of change is much
faster. Typically after | second the sutocorrelation of one reverberator with itsell is zero.
The trick is to create such a high degree of change with minimal piteh shift. Even with
a special algorithm the adjustment is critical. When we adjust for best feedback
performance there can be a slightly noticeable pitch uncertainty in solo piano. A
compromise must be made. Other instruments appear to be fine.

High gain before feedback is not the only requirement for these matrix clements. You also
want smooth, dense decays with no audible coloration. Here we are helped by our nearly
15 years as the world’s primary source for high quality studio reverberation. The trick is
to preserve this performance in the presence of acoustic feedback, and the time variation
in the LARES algorithms does this, -

We have given the reverberators a great deal of [lexibility. The rate of build-up of
reverberation, the time over which the reverberation holds relatively constant, and the
eventual decay can all be sepavately set. The reverb time can be adjusted in three
frequency bands, The delay before the onset of reverberation can also be set. Recent
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theories of the perception of reverberation (11) predict that these adjustments should be
sulficient to duplicate any desireable acoustic space - from hall to stage. Qur experience
so far indicates this is correct. Note we do NOT try to simulate strong fixed reflections, -
even though these exist in some halls. The software can do it - but a fixed delay in this
system triggers feedback. We have theoretical and experimental evidence that strong fixed
delays are both unnecessary and undesirable.

Reverberation is not the only trick the LARES software can do. Therc is also a program
called "anti-feedback® which applies the LARES time variance to as few as two delays. This
program can be used to reduce feedback in a sound reinforcement system with four or more
output channels. It is currently being used on a soundstage in Disneyworld, Florida, and
will soon be installed at Eurodisney.

6. DECAY COMPENSATION

Even with the LARES time variation we found at the Elgin Theater Toronto that high
amounts of acoustic feedback in the system could cause an audible coloration on speech, and
a non-exponential decay. To reduce these problems a dynamic compensation circuit was
developed which works in a fashion similar to RODS, but with the opposite sign. When the
system detects the input signal has dropped below the reverberant output of the system -
that is when the system itself is producing the only audible sounds - the input to the
reverberators is attenuated. Coloration is greatly reduced. The action is transparent - the
circuit only operates when there is no direct input, which is the only time coloration on the
tail of the decay is audible. As soon as any new sound appears full gain is restored.

7. VOICE DETECTION

An additional feature is the ability to detect the level patterns which differentiate human
speech and music. A circuit can be activated which raises the reverberant level as much
as 6dB when continuous music is present. This circuit works amazingly well in opera, and
was used in the last season by the Opera Atelier in Toronto, They liked the full 6dB. I do
not recommend more than 3B for regular classical music.

§. WHERE CAN LARES BE USED?

LARES can be used whenever it is desired to INCREASE the reflected energy level or
reverberant level in halls or rooms. There arc many obvious applications in medium size
(1500 seat) halls and theaters which serve multiple functions. The installation in Toronto
is a finc example. Here the reverberation time and the reverberation level can be made
similar 1o o shocbox concert hall, even in the under balcony seats. The cflect is quite
impressive. With the ability to instantly and silently change the acoustics the hall really ¢an
be utilized for Shakespeare or romanti¢ symphonics.
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Figure 3. Lateral sound cnergy under the Elgin Theater Balcony
system off - 180ms per horizontal division - 1000Hz octave band
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Figure 4. Lateral sound energy under the Elgin Balcony
system on - 180ms per horizontal division - 1000Hz octave band
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explore creative solutions to loudspeaker placement.
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In a Iarge hall LARES can increase both lateral sound energy and lovdness. Here the
problem is likely to be loudspeaker placement, A-shocbox hall has a strong prompt lateral
field, and you cannot in general create such a field from surfaces 30 meters from the
. audience. Small speakers can be used, but they must be diffuse and close. We look forward
to working on such a project, especially with a consultant and 2 customer who is willing to

In a smal] hall - such as cur installation in Concord - LARES must be used in concert with
the addition of considerable absorption to the room. Smali halls frequently have too much
short time delay reverberation, which makes the sound Joud and muddy (12). In Concord
we added at least 1000 sq ft of absorption in the vicinity of the orchestra, which greatly
increased the ability of the musicians to hear themselves, We were only able to do this
because the LARES system supplied the needed reverberation. The sound now is clear,
bright, and with the reverberant level and reverberation time typical of 2 much larger hall.

1. M SCHROEDER ’Die Statistischen Parameter der Frequenzkurven von Grossen Raumen®

2. H KUTTRUFF 'Uber die Frequenzkurven électroakustisch gekoppelter Raume und ihre

3. A KROKSTAD ’Electroacoustic Means of Controlling Auditorium Acoustics' University
of Trondheim report number 408507 The Norwegian Institute of Technology Division of

188



Proceedings of the Institute of Acoustics

UNCOLORED ACOQUSTIC ENHANCEMENT

4. N V FRANSSEN 'Sur I'Amplilication des Champs Acoustiques’ Acoustica, Vel 20 Heft
6, 1968, p 316

5. ] J FIGWER 'An Electronic System for Enhancement of Reverberation at Kresge
Auditorium, M.1.T., Cambridge, Mass." Acoustical Society of America, §7th Mccting, Session
N, 24 April 1974 - Pnper received through the courtesy of Tom Horrall of Acentech Inc. 125
Cambndgcl’ark Drive, Cambridge, MA 02140.

6. PH PARKIN & K MORGAN ™Assisted Resonance” in the Royal Festival Hall, London:
1965-1969' J. Acous. Soc. of Am., Vol. 48, April 1970, p1025

7. § D DE KONIG "The MCR system-multiple-channel amplification of reverberation®
Fhillips Technical Review, Yol. 41, #1, 1983/84 p 12

8. EJ VOELKER & CL MUELLER & D KITTLER 'Electronic Modification of the Room
Acoustics in a Concert Hall' J. Audio Eng Soc Vol. 24, Sept. 1976, p 572

9. A] BERKHOUT 'A Holographic Approach to Acoustic Control’ J. Audlo Eng. Soc, Yol.
36, #12, |988 December p 977

10. D GRIESINGER 'Improvmg Room Acoustics through - Time-Variant Synthetic
Reverberalion® Presented at the 90th convention of the AES, Paris 1991. Preprint 3014

11. D GRIESINGER "IALF - Binaural Measures of Spatial Impression and Running
Reverberance’ Presented at the 92nd convention of the AES, Vienna 1992 Preprint 3292

12. A GADE 'Practical Aspects of Room Acoustic Measurements on Orchestra Platlorms’
- 14th ICA Beijing 1992

186 Proc.l.0.A. Vol 14 Part 2 (1892)




ISBN 1873082347 {




