COURIER

SPECIAL ISSUE 1

July 1985 EMT-FRANZ GMBH




The first EMT 140 Reverberation Unit left our manufacturing facilities in 1957. The

very last unit was delivered only recently.

The first Epoch of
artifical Reverberation

When the reverberation unit attained
production readiness at EMT 25 years
ago, no one suspected that it would
help revolutionize the art of sound re-
cording. Before the unit existed, the re-
cording engineer depended on the a-
coustics of the recording space as a
nearly constant parameter. At most, a
reverberation chamber might have
been at hand; this frequently consisted
of a room in the basement in which a
loudspeaker and a microphone had
been installed. Such a chamber re-
quired @ minimum volume of 50 m?3,
while 100 m?® was preferable. It was
difficult to provide adequate isolation
from extraneous sound, and the acous-
tical properties of the chamber were
just as invariable as those of the re-
cording studio. Because of these dis-
advantages, such installations were
relatively uncommon. This ungratifying
circumstance was eliminated by an in-
genious invention of Dr. Walter Kuhl, a
scientist at the erstwhile Rundfunk-
technisches Institut (institute of

Broadcasting Technology) in Hamburg.

He proposed suspending a large, rec-
tangular steel plate at all four corners
and using a suitable transducer to ex-
cite it with bending waves that corre-
sponded with the signal to be rever-
berated (Fig. 2). Contrary to the case of
airborne sound, such bending waves
do not propagate with constant speed
in solid bodies, but instead exhibit dis-
persive properties. As a result, the
higher-frequency components of the
signal propagate at a higher velocity

Fig. 1

25 years separate the manufacturing dates of these two units. Naturally, the EMT 251
Digital Reverberation System affords much more extensive capabilities for altering

the acoustical event.

than those at lower frequencies. The
bending waves are reflected at the
sides of the plate in a manner similar to
that of sound waves at the bounding
surfaces of a room. In a plate excited
with bending waves, the number of re-

flections increases much more rapidly
as time continues than is the case in
one-dimensional configurations, e.g.,
in springs. For the time segments of
interest here, the ear detects nearly no
difference between the increase of re-
flections in the two-dimensional plate
and a three-dimensional room.

The vibrations of the plate are picked
up by a piezoelectric transducer and
transformed back into anelectrical sig-
nal, which is now reverberated. Only
one transducer was initially employed
for this purpose, as indicated; a second

Fig. 2

Bending waves are reflected at the sides
of the plate and arrive thus as reverber-

ation over many paths at the sound pick

up transducers of the EMT 140 Reverber-
ation Unit.
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transducer was later added for stereo-
phonic applications. Each of the two
transducers was positioned at a differ-
ent distance from the excitation trans-
ducer in order to achieve a statistically
distributed directional signal, as en-
countered in physical rooms.

In contrast to the earlier reverberation
chambers, however, the reverberation
time could also be varied by moving a
porous damping panel nearer to or
farther away from the plate. The panel
inhibits the movement of air molecules
which are excited by vibrations of the
plate, thereby reducing their kinetic
energy. This process, however, also
withdraws energy from the plate. The
closer the panel to the plate, the more
the vibrations are damped. In this
manner, the reverberation time may be
adjusted manually or by remote control
between 1 and § seconds.

This instrument enabled the recording
engineer tovary the levelandreverber-
ation time of the requisite reverbera-
tion according to his artistic percep-
tions. He was even able to dispense
completely with the reverberation
characteristics of the recording space.
He did this by selecting a recording
studio thatwasas “dry* as possible and
placing the microphone in the imme-
diate vicinity of the sound source. In
addition, he was able to neglect the
acoustical interplay of various instru-
ments in this space by recording the
individual sound sources separately on
individual tracks of a multiple-channel
tape machine at different times. The
practice of multichannel recording
thus came into being, and it represents

Fig. 4

Fig. 3

For the adherents
of reverberation
produced by ana-
log means, the
EMT 240 con-
tinues to be avail-
able.

the state of the art today, at least in
the field of popular music.

This development has had not only ar-
tistic consequences but also signifi-
cant economic advantages. If any in-
strument or group of instruments per-
forms unsatisfactorily, the entire re-
cording does not need to be repeated,
only the faulty portion. The other par-
ticipants in the recording session, who

A total of 4231 EMT 140 Reverberation Units were built by Geratewerk Lahr in the last
25 years. Today, EMT 245 and EMT 251 reverberation systems are produced in these

facilities.

are frequently highly-paid performers,
are not required to wait idly during the
interim. With the advent of stereo, an
additional advantage of the new re-
cording technique presented itself.
When the individual portions of a re-
cordingwere mixedtogether, thelocal-
ization of the various sound sources
could be altered in accordance with
the desired total artistic impression.
The two pick-up transducers of the re-
verberation unit delivered the non-
correlated reverberation signals re-
quired for this purpose.

The EMT 140 Reverberation Unit was
too large to be employed in mobile
vans because of the plate dimensions
of 1 x 2 meters and the size of the
cabinet thus necessitated. The de-
mand for a smaller unit consequently
arose, but its fulfillment proved tobe no
easy matter. Only 14 years later, in
1972, could the EMT 240 Reverb Foil,
with a 30 x 30 cm gold foil a mere
0.02 mm thick, be suitably developed
for commercial production. This dimin-
utive dimensions of the foil permitted
installation in a metal housing con-
sisting of two metal shells, which pro-
vided such a high degree of immunity
to airborne and mechanical vibrations
that the unit could be employed as re-
quired in mobile vans despite all inci-
dent acoustical disturbances. Opera-
tion was even possible adjacent to
monitor loudspeakers at sound pres-
sure levels exceeding 100 dB.




Today, reverberation is produced
mainly by extremely high-speed com-
puters, which calculate each reverber-
ation spectrum in an unimaginably

Dr. Eng. Walter Kuhl, the inventor of the
reverberation plate, is visibly pleased
that “his“ unit was produced for a quarter
of a century almost without modification.
In our fast-paced age, that is likely to
remain a rare exception.

1)

in the-

brief period of time, and in which the
reverberation parameters may be
varied to a much greater degree. The
techniques employed have been de-
scribed in detail in an earlier EMT
Courier (1) with the example of the
EMT 250Electronic Reverberator Unit.
The progress of digital technology has
since led to a second, improved gen-
eration of reverberation units: the EMT
251 Digital Reverberation System (2)
and the EMT 245 Digital Reverberator
(3). Their versatility and convenience
in use has understandably resultedina
decline in requests for the large EMT
140 Reverberation Unit, so that the
production may no longer be econom-
ically justified. Nevertheless, many re-
cording engineers in the worid do not
wish to abandon the sound of reverber-
ation produced by analog means, es-
pecially the “golden sound” of the EMT
240. This unit continues to be pro-
duced for them in undiminished quan-
tities.

Still, one piece of news remains a deli-
cacy. The final EMT 140 Reverberation
Unit manufactured by EMT has arrived
in a country that is among the leading
proponents of digital technology in the

endeavor.
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field of electro-acoustics: it was deliv-
ered to the Hitokuchizaka Studio in
Tokyo.

The final reverberation unit has arrived at
the Hitokuchizaka Studio in the progres-
sive city of Tokyo, and its daily use con-
firms thatthe epochofanalogaudiotech-
nology will not soon be coming to an end.

(1) EMT Courier No. 26, June 1976
(2) EMT Courier No. 35, February 1981
(3) EMT Courier No. 36, April 1982

An honor has been bestowed by the Audio Engineering
Society that is particularly eminent by reason of its excep-
tional rarity: Wilhelm Franz, the founder of EMT who passed
away 12 years ago, has received this distinction posthu-
mously for his pioneering achievements in our field of
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The sound field of decaying reverbera-
tion may be described fairly accurately
with appropriate measurement data.
The most important quantity is the re-
verberation time, the interval during
which the energy of the sound field
decreases to one-millionth (=60 dB) of
its original value. Since the measure-
ment is restricted in practice by the
limited dynamic range of the trans-
mission channel (e.g., due to environ-
mental noise), the IEC procedure pre-
scribes that the range between -5 dB
and —-35 dB be evaluated and the re-
sultant measurement value doubled.
Since the reverberation time generally
proves to be frequency dependent, it
is measured at various third-octave
center frequencies; in this manner, a
series of data points is obtained that
may be joined to form a single, com-
prehensive curve ("Reverberation
Time as a Function of Frequency®).

While the measurement data are un-
doubtable of great significance for the
acoustical design considerations
weighed by architects, they are of very
little relevance in subjectively assess-
ing a reverberation signal (the primary
criterion for reverberation units in
practical studio use).

Because this contention is likely to be
surprising, the following elaboration is
provided.

Reverberation Time and Rever-
beration Duration

Acoustical events can be masked by
noise disturbances. Such disturbances
do not only consist of signals which are
invariably produced by noise sources
in the electrical channel or by environ-
mental effects. The sound signal which
is to be reverberated usually does not
cease abruptly but, e.g., in the case of
a melody, continues and may act as a
masking source.

The time which elapses before a de-
caying sound signal is covered by a
masking sourceis calledthereverbera-
tion duration. In this regard, two indi-
vidual reverberation processes with
different reverberation times may very

Reverberation data obtained in a physical room are seidom identical with the settings
employed to duplicate the same room. The question is thus often posed:

What’s wrong

with the Reverb Time ?

The following treatment is intended to clarify the relationship between reverberation
measurement data and the subjective aural perception of reverberation signals.

well exhibit the same reverberation
duration (Fig. 1).

In order to achieve the same reverbera-
tion duration with process A as with
process B, a relatively high reverbera-
tion level must be mixed in. This proce-
dure may lead to an undesired result;
a high-level reverberation component
in the direct signal may convey the
subjective impression that the sound
source is more distant (Fig. 2). The
desire to preserve a very direct sound
may compell the studio engineerto mix
in only a minimal reverberation com-
ponent; in this instance, an “unnatural-
ly long“ reverberation time must be
selected to achieve the same rever-
beration duration and therefore the
same subjective impression.

In practice, the effect of a constantly
changing masking source is particular-

A

Fig. 1

Two reverberation
processes with dif-
ferent reverbera-

ly noticeable at the conclusion of
events. It is necessary to vary the a-
mount of reverberation mixed in at the
end of a piece, because the masking
level decreases drastically, so that the
reverberation duration (for constant
reverberation time) increases.

In literature on the subject, the begin-
ning of a reverberation signal is cus-
tomarily identified as the event deter-
mining the reverberation time. This
relationship holds true, however, only
when a reverberation signal is heard
alone. With the practice of mixing the
direct signalwiththereverberation, the
beginning is very strongly masked by
the direct signal, particularly when the"
mix-in level is low, as in the case de-
scribed above. For this reason, the re-
verberationis in fact the quantity which
determines the subjective reverbera-
tion time.

MASKING SIGNAL T

tion times but the
same reverberation
duration

Fig. 2
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Frequency Response of the
Reverberation Time and the
Fletcher-Munson Curves

Due to the masking effect occurring
in the early part of the reverberation
process, the subsequent portions are
especially important for the listening
impression. These usually occurinlevel
ranges, however, in which the in-
creased sensitivity of the ear plays an
important role. As the loudness de-
creases, the ear becomes relatively
more sensitive to higher frequencies,
with the peak lying at approximately
5 kHz.

As a result, the higher frequency com-
ponents are perceived much more in-
tensely with a linear reverberation fre-
quency response. The recording engi-
neer is therefore obliged to attenuate
the higher frequencies to maintain
tonal balance. For this reason, all EMT
reverberation units are provided with
a high-frequency rolloff characteristic,
which is switchable in the digital units,
as well.

This effectis aided in nature by the fact
that the absorbant property of air is
more pronounced at high than at low
frequencies. This characteristic is per-
ceptible, however, only with long acous-
tical propagation paths in air. In studio
practice, therefore, the first factor
described above is of greater im-
portance.

Direct Signal and Reverberation
Component

The characteristics of the direct signal
and of the diffuse reverberation signal
components are illustrated in Fig. 2.
The greater the radial distance from a
sound source, the more the direct
component is diminished. By contrast,
the diffuse component increases, pro-
vided that the sound is propagatedina
room with enclosing walls rather than
in a free field.

For the studio engineer, this relation-
ship means that the impression of
distance may be manipulated for a
sound source by altering the compo-
nent mix.

An additional variable, the time delay
between the direct and the reverbera-
tion components, also contributes to
the impression created. The room size
is determined not only by the rever-
beration time and its frequency re-
sponse, but also by the time delay of
the first incident reflection. In large
rooms, a relatively long time elapses
before first incidence. Conversely, a
long reverberation time without delay
does not simulate a large room, but
instead a rather small chamber with
extremely hard walls.
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Fig. 4

Early reflections and
beginning of rever-
beration with the
EMT 251 Digital Re-
verberation System

Through an increased separation in
time of the first reflection from the
original signal, the masking effect is
continuously decreased, that is, the
direct/diffuse relationship in the first
reflection becomes more definite.
Since the first reflection can no longer
be separated from the reverberation
— both appear at the same output of
the reverberation unit — the recording
engineer cannot effect any additional
differentiation with the console faders.

It is therefore important that this dif-
ferentiation capability be afforded in
the reverberation unit itseif. For this
reason, the newly developed digital
units from EMT include amplitude con-
trols for the early reflections. In de-
scriptive literature, they are occasion-
ally designated as “"depth controls”, an
appropriate reference to the fact that
the projected depthintheroom, thatis,
the distance to the virtual sound
source, is determined by these con-
trols.

Adjustment in Time of Early Re-
flections

The adjustment in time between the
original signal and the beginning of re-
verberation, or the so-called “early re-
flections* which immediately precede
the beginning of reverberation, is nec-
essary not only for simulating a certain
room size but also for increasing the
presence. In this regard, experienced
studio engineers customarily select
much longer delay times than what
may actually be observed in physical
rooms.

10 20 30 1 (ma)

EARLY REFLECTIONS
Einzelreflexion

Inconcert halls, especially inthose with
good “listenability”, it often happens
that the first reflections in fact arrive
quite early (e.g., within 20 ms). How-
ever, these reflections transport very
little energy, and the time required for
a sufficient number of reflections to
provide a high average energy content
may be very long. With units which
produce reverberation artificially, the
distribution of energy over time cannot
be controlled. In order to locate the
maximum energy at approximately the
same point in time as in reality, very
long delay times are required.

In addition, the adjustment in time of
the reflections greatly influences the
spatial breadth of the acoustical event.
When a small difference in time (ap-
prox. 5 ms) is introduced between re-
flections in the left and right channels,
the signal is afforded great spacious-
ness. Comb filter colorations are not
observed with this method. Such dif-
ferences between the channels are
employed in EMT units, for instance,
with the reflection clusters (Fig. 3).
With the EMT 251 Digital Reverbera-
tion System, an intermediate reflec-
tion may also be added and likewise
distributed with a small difference in
time to both output channels (Fig. 4).

Further information concerning these
interrelationships may be found in the
article “Das Zusammenwirken von di-
rektem Schall, ersten Reflexionen und
Nachhall bei der Horsamkeit von Rau-
men und bei Schallaufnahmen" by
Dr. Walter Kuhl, published in the West
German journal “Rundfunktechnische
Mitteilungen”, Volume 9, Number 3.
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The design objective of any reverberation unit is to simulate natural room reverbera-
tion as accurately as possible. Additional requirements may also be satisfied, however.
With reverberation parameters which are separately adjustable over wideranges, a unit

can provide a multitude of individual room impressions.

The technique of individual micro-
phone placement (“close miking") has
largely superseded the use of room
microphones, particularly for record-
ing popular music. The necessary re-
verberation must be added during re-
cording or at mixdown. Two conceptu-
ally different design approaches are
available fortherequiredreverberation
unit. The first provides arelatively small
number of hardwired reverberation
characteristics of specific rooms se-
lected by the manufacturer. The

Digital Reverberator

The area of rapid concentration con-
stitutes the actual reverberation,
which is consequently delayed with re-
spect to the direct sound. The ampli-
tude and the delay time of the early
reflectionsinfluence the audial impres-
sion in various ways. All reflections
increase the loudness of the direct
sound but not necessarily its clarity,
which is improved only by reflections
which are delayed by less than 50 ms
(corresponding to an indirect sound
path of 17 m). An excessively short

Thelonger the first reflectionis delayed,
the larger the room is perceived to be.
Conversely, the sooner the reflection
arrives, the smaller the room seems.
Reflections delayed by more than
50 ms may be perceived as echos and
therefore should be employed gener-
ally only for special effects.

In addition to the delay time, the am-
plitude of the early reflections exerts
considerable influence on the resulting
aural impression. Increased ampli-
tudes result in an enlargement of the
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The Reverberation Time

As already mentioned, the sound ampli-
tude decreases exponentially asa func-
tion of time. With a (logarithmic) dB
scale,conventionally employedinelec-
troacoustics, the exponential function
is a straight line, as shown in Fig. 3.
When depicted in this manner, there-
fore, the sound level decreases con-
tinuously and linearly. The reverbera-
tion time is arbitrarily defined as the
time during which the sound level de-
creases by 60 dB. This objective stand-
ard does not always reflect the sub-
jectively perceived duration of a rever-
beration process. In contrast to the
measured reverberation time, the sub-
jective reverberation timeis influenced
by the loudness of the sound source
and of noise disturbances. Whenever
a physical room is to be simulated with
a reverberation unit, reference values
from room and architectural acoustics
may be applied to select the optimum
reverberation time. Such values clearly
do not pertain to the production of
special effects, particularly for modern
music; instead, the desired reverbera-
tionmust be determined experimental-
ly in this case.

The Frequency Response of the
Reverberation Time

The frequency response of the rever-
beration time exerts a significant in-
fluence on its quality. At low frequen-
cies, large rooms often exhibit longer
reverberation times and consequently
deeply toned reverberation coloration.
The high-frequency rolloff which is
characteristic of all larger rooms is
caused by the absorption of air. By
contrast, rooms with large window are-
as convey not only a visual but also an
aural impression of being “brilliant”.
Glass absorbs sound relatively poorly,
even at high frequencies, and for this
reason the high-frequency content of
the reverberation is relatively pro-
nounced. The frequency response of
the reverberation time in a physical
room is shown in Fig. 4.

Operation of the EMT 245 Digit-
al Reverberator

The front panel of the EMT 245 Digital
Reverberator includes operating con-
trols for adjusting all reverberation pa-
rameters. The most prominent control
knob (Fig. 5) permits the reverberation
time to be selected in sixteen steps
between 0.4 and 4.5 sec. Optimum re-
verberation times generally cannot be
determined, because the require-
ments placed upon them are quite
complex, changing according to the
nature of the acoustical event and the
expectations of the listener. For vocal
presentations, the requirement of in-
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telligibility is frequently of prime impor-
tance, necessitating short reverbera-
tion times. Values between 0.4 and 1
sec. deliver satisfactory results in such
cases. Reverberation times between
0.8 and 1.5 sec. are optimum for clas-
sical and modern music. Romantic
musicoftenrequirestimesonthe order
of 2 sec. As a rule, the reverberation
time in churches is noticeably longer,
generally exceeding 2.5 sec. Naturally,
no specification can be made for con-
temporary music productions, since in
principle not the simulation of a room
but a particular sound is required.
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The frequency response graph (Fig. 6)
next to the reverberation time selector
clearly illustrates the capabilities of the
EMT 245 Digital Reverberator for mod-
ifying the frequency response of the
reverberation time. In modern concert
halls and studios, architectural means
have been employed to minimize fre-
quency response effects of the rever-
beration time. Such environments are
simulated by leaving both switches in
the linear position. As already men-
tioned, the sound level is diminished at
high frequencies in physical rooms due
to air absorption. This phenomenon
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may be taken into account with the
right-hand switch on the EMT 245 Dig-
ital Reverberator. Deeply structured
stone walls, such as found in churches,
exhibit longer reverberation times in
the bass region and a corresponding
reverberation coloration. The switch
mounted to the left enables such con-
ditions to be simulated.
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The interdependence of the early re-
flections and their amplitudes, as de-
scribed above, is reflected in the loca-
tions of the rotary controls provided
for their adjustment (Fig. 7). Because
of the numerous parameters associ-
ated with microphone placement and
selection, general rules for the com-
bined effect of both controls cannot
be formulated. After some practice,
the proper adjustments may easily be
made for simulating a room with pleas-
ant acoustical characteristics.

Arrangement and Remote Con-
trol of the EMT 245 Digital Rever-
berator

As illustrated by the outline with phys-
ical dimensions in Fig. 8 (page 8).the
EMT 245 Digital Reverberator may be
readily installed in existing equipment
cabinets, even where space is limited.
Under some circumstances, however,
it may be impossible to preserve opti-
mum accessibility of all control ele-
ments.

In such cases, the EMT 245 Digital Re-
verberator affords various possibilities
for remote control:

e All functions may be activated with
switches and an appropriate number
of parallel leads, without any addi-
tional equipment.

Fig. 7
Detail of Delay and Reflection Amplitude
controls

Fig. 6
Detail of frequency response graph of
EMT 245

olf an EMT 140/240 B Remote Con-
trol Unit is available from previous
installations, it may be used to set
the reverberation time. A special
adapter board (Interface 2) is re-
quired for this purpose.

e The EMT 245 S Remote Control Unit
(Fig. 9) is contained in a fader case
of one-haif normal height and is par-
ticularly suited for locations with
limited space.

The EMT 245 S controls all functions
of the EMT 245 Digital Reverberator
through a single audio line from a re-
mote location. All indications of opera-
ting states are communicated back
through the same line. Theremote con-
trol unit is built around an 8748 micro-
processor, which calls up the settings
in cyclic sequence and transmits the
resulting information in serial form
through the audio line. In addition to
control and indicator elements, the
EMT 245 S Remote Control Unit also
employs a storage unit in which ten
separate combinations of all param-
eters may be stored and recalled at
any time. This storage unit, a CMOS
RAM, is buffered with a lithium battery
for retaining the stored information for
approximately ten years.

Fig. 9
The EMT 245 S Remote Control Unit




In combination with the EMT 245 S
Remote Control Unit, the EMT 245 Dig-
ital Reverberator may be universally
employed. The free selection capabil-
ity of all reverberation parameters
affords the appropriate flexibility. The
storage provision for ten complete
reverberation programs with push-
button selection also permits the unit
to be used as a reverberation system
with fixed settings. This capability is
advantageous when a decision must
be made during mixdown between two
reverberation characteristics using
A/B comparison. In mobile use, an
application for which the digital rever-
berator is particularly suited becauge
of its compact dimensions, reverbera-
tion parameters selected for special
purposes may be instantaneously
switched in.

Incontrast to other units, allsuchrever-
beration settings are not specified by
the manufacturer; instead, they may
be freely selected from the multitude
of possible settings.
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Colleagues not yet familiar with the techniques of digital audio sometimes ask us:

What actually is an algorithm?

This term is encountered again and
again - in mathematics, in computer
applications, and more recently in the
field of audio, e.g., for the production of
reverberation by digital means. Its
definition may be simply expressed:

An algorithm is a finite number of
precisely described instructions to
be performed with given data in a
certain order to determine a solution
toa problem.

An algorithm for the production of
reverberation is thus nothing else than
all the instructions, or computing steps,
with which the data at the input of the
reverberation unit are used for cal-
culating the output data in such a
manner that the desired reverberation
results.

The word "‘algorithm’ may be traced
back to a corruption in medieval Latin
of the name al-Khwarizmi, the Arabian
writer whose most famous treatise aiso
gave us another term: algebra. He lived
in the 9" century, at about the same
time as Charlemagne. In a further work,
translated with the Latin title De
numero Indorum (On Numbers of the
Indians), al-Khwarizmi presented the
rules for calculating with the numbers
used by the Hindus. As time went on,

however, their contribution was forgot-
ten, and al-Khwarizmi came to be
considered the author of these rules.
His Europeanized name, Algorithmus,
became a synonym for the rules of ad-
dition, subtraction, multiplication, and
division with the decimal system of
numbers adopted from the Arab world.

Bex
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One very significant improvement af-
forded by this numerical systems was,
incidentally, the introduction of a sym-
bol for zero, which did not exist in the
Roman system.

The proponents of the new methods of
calculation were called algorists, while
supporters of the classical system
were known as abacists after the
Roman calculating instrument, the
abacus.

Itis aninteresting fact of experience that rever-
beration sounds different when it has been cal-
culated differently. Various algorithms distinguish
the reverberation programs of the EMT 250
Electronic Reverberator Unit from those of the
EMT 251 and EMT 252 Digital Reverberation
Systems. The program of the EMT 250 is now also
available for the EMT 252.

Fig. 1 BI



Five years have passed since EMT introduced the EMT 250 Electronic Reverberator
Unit, the first and, for a long time, only unit ofits kind in the world. Since then, many new
developments have been made in the field of semiconductor technology, particularly
in Large Scale Integration. It has therefore become appropriate to replace the discrete
processor of the EMT 250 with an integrated configuration. The advantages: more
natural reverberation with nine adjustable discrete refiections and a full audio band-
width, as well as new sound effect programs by higher clock frequency and larger

memory capacity.

Digital Reverberation System
Microprocessor controlied
with graphic display of
reverberation parameters

Although modern microprocessors af-
ford high-capacity performance, their
operating speed is about ten times too
slow for audio signal processing. A sin-
gle microprocessor is therefore not ca-
pable of satisfying the requirements
placed on a reverberation unit.

allow the use of a 16 bit digitallanguage
for the analog/digital conversion proc-
esses in both directions. A substantial
improvement in the signal-to-noise ra-
tio is thereby achieved.

The result of these developments is a
digital reverberation unit with technical

=== A solution to the problem is provided specifications which greatly e)gceed
by a program architecture based on  those of its predecessor, and with an
the use of a number of microproces- expanded reverberation program.
sors. Computations which would be
conducted serially by a single micro- Block Diagram
processor in slow control applications )
are distributed here among a group The unit executesallprogramsaccord-
of processors. This techniqueresultsin  ing to the block diagram of Fig. 1.
a system which not only is faster than
its predecessor but also enables more  The audio input is balanced and exhib-
versatile programs to be included. It its conventional studio characteristics.
:ment af- also has been possible to raise the Following the input stage, a low-pass
ams was, sampling frequency, significantly in- filter prevents frequency products
of a sym- creasing the transmission bandwidth.  from forming between components of
ist in the New, highly integrated components the input signal and the sampling fre-
ethods of
sts, while
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Fig. 1 Block diagram of the EMT 251 Digital Reverberation System




quency. An integrate-and-hold circuit
and the analog/digital converter are
arranged after the filter. According to
the sampling theorem, the sampling
frequency must be at least twice as
high as the highest frequency to be
transmitted. Inthe EMT 251, therefore,
a frequency of 32.75 kHz is employed.
The program signal, now converted in-
to a uniform 16 bit code, is routed to
the processor itself.

The type and sequence of operations
is determined by the Read Only Mem-
ory (ROM). Intermediate results are
stored in a Random Access Memory
(RAM). The processor is followed by a
digital/analog converter, from which
two non-correlated signals appear.
These are conducted through sample-
and-hold circuits and low-pass filters
to the line output amplifiers. The four-
channel version, available as an option,
contains a second D/A converter with
corresponding sample-and-hold cir-
cuits, low-pass filters, and output am-
plifiers.

Data Integrity

Data integrity and error recognition
are achieved in the EMT 251 using
so-called CCRC's (Cyclic Redun-
dant Check Codes). Check bits are
added to data blocks of a certain
length. enabling errors to be recog-
nized and corrected. The effective-
ness of the data-checking proce-
dure is expressed by the Hamming
distance. (The concept of Ham-
ming distance is explained in the
"EMT Courier” No. 32, May 1977,
page 5) A Hamming distance of
4 has been realized in the EMT 251
Digital Reverberation System; that
is, any single bit error within a data
block can be located and correct-
ed. If two errors occur, they will be
signaled but not corrected.

An error signal is indicated by an
LED on the operating panel.

The error-detection capability also
allows the localization of an error
and thus the indication of defective
chips in the RAM memory. Replace-
ment of a defective chip eliminates
the source of recurrent errors.

The Reverberation Program

The total storage time of the EMT 251
Digital Reverberation System has been
increased to allow the production of a
number of discrete reflections with a
combined length of up to 120 msin ad-
dition to the pure reverberation. Three
of the reflections may be individually
adjusted for time and amplitude. One
each is assigned to the right and left
channels, while the third can be routed
to either channel through a panorama
potentiometer. The delay times are se-

E4

Fig. 2

Distribution of refiec-
tions as a function of
time withthe EMT 251

Early Reflection

|IJJ

Refiection Cluster

Reverberation

lected with individual linear potentio-

meters, the amplitudes with rotary con-

trols.

A fourth linear potentiometer controls
the delay of a group of reflections with
fixed relationships to one another,
known as a reflection cluster, and de-
termines the initiation of the reverber-
ation program in time. The cluster con-
sists of six individual reflections with
decaying amplitude and fixed temporal
relationships that determine the transi-
tion of discrete reflections to reverber-
ation. The corresponding amplitude
control potentiometer determines the
proportion of direct to reverberative
sound at the beginning of reverbera-
tion, thereby establishing the reverber-
ation. radius. This capability thus ena-
bles the control of an essential record-
ing parameter which previously had re-
mained fixed.

Fig. 3
The selected frequency response of the reverberation time and the amplitude/time
distribution of the first reflections are identifiable at a glance on the display of the
EMT 251

Display

An additional new feature is the comprehensive indication of all selected para-

meters on a liquid crystal display.

The frequency response of the reverberation time as well as the amplitude-time
distributions of the first reflections are indicated simultaneously by two curves.

't

A time diagram can be produced for
the entirety of reflection amplitudes
that very nearly approximates the con-
ditions encountered in natural rooms.

The reverberationtime itself can be ad-
justed between 0.4 and 4.5 seconds. In
addition, the magnitude of the rever-
beration time can be varied over awide
range as a function of frequency, ex-
pressed as a factor of the basic rever-
beration time:

for bass frequencies (300 Hz),
a factor of 0.5to 2;

for midrange frequencies
(4 kHz), a factor of 0.2 to 0.85;

for treble frequencies (8 kHz),
a factor of O to 0.85.

The user can therefore inform himself of the selected values at a glance.

Specia
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Special Programs

In addition to the reverberation program itself, the EMT 251 is provided with a
considerable number of special programs for the production of particular effects.

Chorus

This program produces a multiplicity of
voices or instruments. The effect is
based on the recognition that the im-
pression of a large sound source is
partially due to individual sound signals
with different propagation times. Even
when all the musicians of Fig. 5 play at
the same time with the microphone
placement shown, the sound waves

from their instruments reach the micro-

phone at different moments because
of the various distances necessary in
positioning the musicians. In addition,
smallrelative differences occurin pitch
and beat. These effects, together with
natural differences in propagation
times, produce the impression of a
large sound source. The block diagram
of Fig. 6 depicts the electronic simula-
tion of these processes in the Chorus
program. The signal is conducted
through four delay circuits with the
various delay times t1..t4, which are
continuously altered by four random
signal generators kji..k4. The subse-
quent level controls Ay..A4 allow the

Fig. 5

The individual sound sources lie at differ
ent distances from the microphone, re-
sulting in different propagation times.

Ausgan. ’
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Fig. 6
Block diagram of the Chorus program

delayed signal to be mixed in such a
way that the levels fall with increasing
delay time.

The provision of the required level con-
trols represents a significant advan-
tage over the EMT 250 predecessor.
With that unit, it was necessary to
occupy four inputs of the mixing con-
sole to realize the same control func-
tion. ‘

Non-Lin

If anacousticaleventisrepeatedwithin
a very certain range of time, the ear
does not detect the repitition but rath-
er perceives an increase in loudness
because of the increased energy con-
tent. This effect is preferred for com-
pressing audio signals. Indriving power
amplifiers and radio transmitters, how-
ever, it also affords the advantage of
increasing the volume without raising
the required power. Previously, the
necessary signal delay was accom-
plished with a fixed propagation time.

Fig. 4 The control panel of the EMT 251

This method, known as Automated
Double Tracking (ADT), has the disad-
vantage that the processed audio sig-
nal sounds somewhat unnatural. The
Non-Lin program of the EMT 251
avoids this difficulty by employing sta-
tistically distributed delay times, ie,
reverberation. By combining tworever-
beration processes, the reverberation
is barely diminished over an interval of
0.5 seconds; afterwards, it decays rap-
idly. In this manner, the impression of
excessive and thus disturbing rever-
beration is prevented.

Delay Program

The original signal appears at both out-
puts with as many as nine separate
delay times. Three of the delayed sig-
nals may be individually controlled for
time andamplitudeand are assignedto
the left or right channel or to the pan
pot for stereo positioning. The remain-
ing delayed signals comprise the clus-
ter which is also used in the reverbera-
tion program.

The maximum delay time is 480 ms: the
amplitudes may be varied between 0
and 100 %.

Doppler-Reverb

With this program, the pitch of the per-
ceived reverberation signal can be
appreciably changed. An illusion is
thereby created that the reverberated
sound is moving within the room. The
impression of shifting images is pro-
duced by utilizing the Doppler effect.
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Space

This sound effects program affords a
reverberation time of maximally 18 sec-
onds. The high-frequency control may
be used to alter the frequency re-
sponse and coloration. Such longrever-
beration times do not occur in our
natural environment, and since the
program is often used for science fic-
tion productions, it has been named
“Space”.

1 ausgang I
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Fig. 7 Block diagram of the Echo program

Echo

The Echo program is implemented by
loops which are variable in time be-
tween 0 and 440 ms and are adjustable
forOto 60 dB attenuation perreflection.
A main loop is followed by three auxilia-
ry loops, thus enabling different effects
to be selected for each of the two
channels.

Fig. 8

The digital board is lo-
cated behind the front
panel of the unit.

Constructional Details

The appearance differs little from that
of the predecessor. The form of a free-
standing unit with switching levers has
proven to be extremely practical, as

has the arrangement of system compo-

nents (Fig. 8). The power supply is
located in a chassis at the bottom of
the unit and is shielded to prevent
disturbances of the sensitive electron-
ics. The analog and digital sections are
mounted in the center of the unit and
separated from each other by aninter-
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nal partition. Both side panels may be
opened, affording good accessiblity to
all components (Fig. 8 and 9). The
external panels are made of black
anodized aluminum for dissipating
heat fromtheinterior of the unit. On the
narrow right-hand side, the heat sink
for the control circuitry is located to-
gether withthe operating controls. The
EMT 251 Digital Reverberation System
is provided with a mains filter and with
fiters atthe audio inputs and outputs —
as are all new digital units from EMT.

Front and rear are made ac-
cessible for service by open
ing the respective panel.
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Remote Control and Remote
Indication

All programs and the reverberation
parameters of the unit are not only
selectable by remote control, but they
can also be stored as preset valuesina
potentiometer array. In this manner,
optimum adjustments for a particular
application can be recalled by push-
button. The DISPLAY lines also appear Fig. 10 The connector board of the EMT 251 with remote control and remote display
on a multiple connector, allowing an

additional indicator to be located any- |

where in the control room. The se- Literature

lected parameters can be stored in a " e e "

computer or recorded on tape through (1) gﬁusl;,,ﬂghl\ Stereo Digital Sound Recorder*; BBC Research Development Report
a dc interface. The unit can then be

controlled from the computer or tape (2) Nakajima, H., and T. Dol, Y. Tsuchiya, A. Iga, “A New PCM Audio System as an

during mixdown. Adapter of Video Tape Recorders®; Preprint 1352 (E-11), 60th AES Convention,
1978, Los Angeles.

A Brief Chronicle of EMT Artificial Reverberation

may be

;E'Bl'%:g Before the development of reverberation units, it was possible to obtain additional
‘f black reverberation only by using an appropriate chamber.

sipatin )

. Cp)nthg 1957 EMT introduced the EMT 140 Reverberation Unit, which was developed in
sat sink close.cooperation with Dr. W. Kuhl and the Institute for Radio Technology
ated to- (IRT) in Hamburg. The unit employed a steel plate 2 m2 in area and 0.5 mm
‘ols. The thick on which bending waves were produced by a dynamic transducer. This
Syétem was to remain the only reverberation unit of studio quality in the world for
ind with the next ten years.

itgyﬁ - 1961 The EMT 140 Reverberation Unit was equipped with two microphone

systems, enabling two largely uncorrelated signals to be obtained. The
reverberation became stereophonic.

1971 EMT delivered the EMT 240 Reverb Foil. The surface of the vibrating 0.02 mm
gold foil measured only 30 X 30 cm. The foil was contained in a double
enclosure affording very highisolation from airborne and solid-borne disturb-
ances, sufficient to allow placement of the EMT 240 even in mobile units
or — at a sound pressure level of 105 dB — next to monitor loudspeakers.

1972 Digital technology entered the field of reverberation production. Previously,
magnetic tape loops which were unreliable in continuous duty had repre-
sented the only way to produce artificial first reflections between the direct
sound waves and reverberation. This function could now be discharged by
the EMT 440 Electronic Delay System.
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1973 The quadrophonic EMT 140 Q Reverberation Unit with four pickup trans-
ducers was introduced for creating a homogenous impression of a room.

1975 After four years of computer-supported development efforts, EMT achieved
an ambitious goal: the production of reverberation by entirely electronic
means with the EMT 250 Electronic Reverberation Unit, the first unit of its
kind in the world.

1978 The EMT 440 was followed by the EMT 444 Electronic Audio Delay System,
which featured a greater dynamic range and longer delay time. In the same
year, a smaller and simplified version of the EMT 250 was first produced, the
EMT 244 Digital Reverberation Unit.

1980 The EMT 251 Digital Reverberation System represented a significant im-
provement over the EMT 250. It is described in detail in this issue.

1981 The EMT 244 is replaced by the EMT 245 Digita!l Reverberator. The main
advantage compared with its predecessor is an adjustable predelay time.
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The EMT 252 Digital Reverberation System is the successor to the well-known EMT 251. On the
basis of that standard unit, which provides local operation with potentiometers, lever switches,

and LCD indication, a unit for 19" rack mounting with remote control has been developed.

Remote Control of Reverberation Parameters:

EMT 252 Digital Reverberation System

Newly included are the 128 storage lo-
cations of the remote control. Half of
these are preprogrammed with fixed
programs; the other half allow free pro-
gramming by the user. A tool has there-
by been provided that significantly sim-
plifies the task of finding appropriate
settings quickly and repeatedly.

The fixed programs are oriented to-
ward musical instruments and rooms.
In the reverberation program, for in-
stance, settings are provided for saxo-
phones, stringed instruments, brass
and woodwinds, solo vocalists, choirs,
and background choirs, as well as for
the acoustical characteristics of var-
ious-size rooms with different rever-
beration times.

Printed block diagram

Operation

On the main unit, only the power
switch, level indicators, and two status
indicators are located. After the panel
section (printed with the block dia-
gram) has been opened, the input and
output levels may easily be adjusted at
the front panel. Regular operation is
controlled, however, entirely from the
EMT 252 S Remote Control Unit. First,
the program is selected. In addition to
the main program for reverberation, six
effect programs are provided, as fol-
lows:

DELAY: Program for delaying four
signal paths, with time and

ECHO:

CHORUS:

NON LIN:
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amplitude control. The ma-
ximum delay time is 480
ms.

The repetition time and
feedback factor of four
echo loops may be pro-
grammed; three of the echo

loops are connected in
parallel behind the first
loop. The longest loop

duration is 440 ms.

Program for multiplying in-
dividual voices or instru-
ments (orchestra effect).

Program with nonlinear
reverberation decay curve.
The signal is held nearly
constant for 200 ms (very




long reverberation time);
thereafter, it decays extre-
mely rapidly (very short re-
verberation time). The pro-
gram serves to concentrate
individual voices or instru-
ments without conveying
the impression of exces-
sive reverberation.

DOPPLER

REVERB:

Effect reverberation with
long reverberation times

the Doppler effect (fre-
quency shifting), an im-
pression is created of mo-
ving sound sources within
the room.

SPACE: Effect reverberation with
long reverberation times
and linear frequency re-
sponse of the reverbera-
tion time.

The various parameters may be varied
within a program by selecting the

ranges for buttons [ through IV are pro-
vided in the table on the program
selection field.

These parameters are always indi-
cated. For the reverberation program,
the value shown is the reverberation
time at 1 kHz (large display) in the
range 0.4 s to 4.5 s with the multipli-
cation factors for

low frequencies
(below 1 kHz) 05-2

he ma- and linear frequency re- ¢ o " e a . midrange frequencies
z ppropriate button
is 480 :gg"ﬁ%eOmeiuri"ngera; and changing the value with the pa- (1kHzto8kHz) Ga~am
' 9 € O rameter lever. The functions and value high frequencies
\;9 fand (8 kHzto 15 kHz) 0-09
f  four
e pro- In the middle section of the control
1e echo field, the delay times and amplitudes of
ted in a number of discrete reflections may be
e first EMT 252 S Remote Control Unit set. (Refer to the block diagram
t loop of the REVERB program.) The ampli-
tudes are indicated in percent (“%"’),

fm - the times in milliseconds (‘*‘ms”’). The
. reverberation time may be varied in
Insir- the reverberation program between
‘ect). prog etwee

‘r EMT 252 S FIX/UBER RCL— CLR — 8TQ IMMEDJATE O ms and 80 ms; however, 40 ms may
nlinear REMOTE CONTROL o9 also be added to all reflections
© curve. ("+40 ms" button), so that the time
sn;avz;rz @ rearsren C pnoey || wrwonr B B \e range lies between 40 ms and 120 ms.

The selectable time range is indicated
in the TIME SCALE field.
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LEVEL STATUS PROGRAM MEMORY

The PAN reflection is distributed to the
two output channels with a panorama
control. The adjustment is performed in
11 steps between 5 left through O cen-
ter to 5right.

,——TIME—|

The signal path designated as

CLUSTER produces a group of six

reflections in a fixed relationship to one

I e s another, three of which appear in suc-
cession at each output.

The initial delay set for the cluster is
also the setting of the initial delay of the
reverberation in the classical sense.
Subjectively, however, the perceived
initial delay depends on the relation-
ship in time of the remaining reflections
to the beginning of the reverberation.

L ampLITUDE

TIME BCALE
1- 4 DELAY

b i ECHO
L TG cHoRus
NON-LIN The manifold possibilities for setting
D-REV reflections allow — independent of the
reverberation time -room characteris-
tics to be simulated, such as room
size, reverberation radius, distance
from the sound source, strongly or
weakly reflective bounding surfaces,
speech intelligibility, and acoustically
very asymmetrical rooms.

DENSITY DECAY . LOW PASS =
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PARAMETER

The fixed programs may be called up
from the PROGRAM MEMORY and
user settings stored. The memory is
divided into the sections “FIX" (for the
fixed programs) and “USER" (for the
freely programmable storage posi-
tions).
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REVER
BERATION ™ DISCOR-

For the effect programs, eight fixed
programs and eight USER programs
are available. For the reverberation
program, 16 of each are provided. With
the reverberation program, either Bank
A or Bank B must be selected by
pushing the selector button twice.
Occupied memory positions are indi-
cated by the "LOADED" LED.

The SET function is activated in the
upper right-hand section of the control
field. In the “Permanent Set’' mode all
parameter changes are executed im-
mediately by the processor, while in
“Immediate Set" the changes are
shown on the display, but executed
only when the “IMMEDIATE" button is
pressed.

Particularly during the production of
radio plays or films, it can be important
to recall sequences of preprogrammed
settings rapidly. This may be ac-
complished with the "“"PARAMETER"
lever. By pressing down on the lever,
the function ‘‘Recall Next Memory
Position” is executed and a SET
pulse automatically generated.
Sequences may also be recalled in this
manner by remote control, for which a
foot switch may be connected.

The level indicator and several status
LED's are located on the upper left. The
"0 dB" LED indicates the calibrated
nominal level and is set to 6 dB
below the overdriving point (“REGIS-
TER'' LED). The “REGISTER" LED is
also activated if the processor is over-
driven.
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The status LED's have the following
significance:

MEMORY ERROR

An error has occurred in the dynamic
RAM on the digital board, or a storage
unit is defective. The error is suppres-
sed by the automatic correction cir-
cuit and remains inaudible. A defective
storage chip is indicated by a row of
LED’s on the digital board and thus
may easily be replaced.

MEMORY OVERFLOW

In the echo program, times may be set
with loops switched in series that can-
not be realized in the memory. The LED
then indicates that the maximum stor-
age time has been exceeded.

TRANSMISSION ERROR

The error detection circuit has deter-
mined that an error has occurred on the
transmission path between the remote
control unit and the reverberation sys-
tem.

TEMPERATURE ALARM

If the temperature rises excessively
inside the EMT 252, the LED blinks. A
recording in progress need not be
interrupted, since a sufficient safety
margin exists to protect the circuitry.

After the recording has been com-
pleted, however, the cause of the alarm
should be investigated. Usually, either
the air intake or exhaust is blocked,
or one of the fans is defective.

Design and Construction

The EMT 252 Digital Reverberation
System employs (as does the
EMT 251) an extremely fast signal
processor with bit-slice circuits. By
means of “pipelining” and paraliel
processing, extremely rapid process-
ing times are achieved, so that an audio
bandwidth of 15 kHz with high-quality
reverberation can be attained.

The unit is provided with one input and
two outputs that are balanced, exhibit
conventional studio impedances, and
allow matching to a wide range of mix-
ing console levels.

The audio range is limited by high-
quality 11-pole Cauer filters with delay
time compensation, insuring that no
aliasing effects will be heard. The au-
dio signals are converted by 16-bit

The highly accessible circuit boards of the EMT 252
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converters that afford a high dynamic
range. Further operations are per-
formed in the processor, in part with a
word length of 20 bits.

The dynamic RAM, in which the audio
signals are temporarily stored, em-
ploys a high-performance error correc-
tion circuit that can eliminate 1-bit er-
rors and recognize 2-bit errors. The
memory is organized to enable correc-
tion of all errors when a storage unit
becomes inoperative. In addition, the
position of the defective storage chip is
indicated.

The unit is designed for easy servicing.
The digital board is located horizontally
under the top cover plate, while the an-
alog board and the remote control in-
terface have been inserted through the
front panel. An extension board is in-
cluded in the unit as standard equip-
ment.

The power supply with all fuses and ad-
justment components is easily acces-
sible from below.

The remote control unit is connected
through a two-conductor balanced line.
The information is coded in 10-kHz
tones. This interface point has been
developed by EMT especially for studio
data transmission and has already
been employed (for the first time) in the
EMT 245 S Remote Control Unit. The
advantages of this transmission tech-
nique lie in the low signal level of ap-
prox. - 20 dB and in the signal spec-
trum itself, which rolls off at approx.
12 dB/octave above 10 kHz, thereby
preventing the crosstalk problems of
digital signals with absolute certainty.
The signal contains no DC component
and may be transmitted via patch fields
like normal modulation. Distances of
over 100 meters may be spanned.

The remote control unit contains a mi-
croprocessor which interprets the but-
ton signals, drives the displays, and
implements communication with the
main unit.

Transmissions proceed in two direc-
tions: the level information and status
are transmitted from the main unit to
the remote control, while program se-
lection and parameter values are sent
to the main unit.

The fixed programs and the USER pro-
grams are stored in a CMOS-RAM that
is buffered with a lithium battery. The
data are thus protected for approx. 10
years, allowing the remote control unit
to be taken into another studio.

For distances up to 20 meters, the re-
mote control unit is connected directly
to the EMT 252 Digital Reverberation
System using the cable provided with
the unit. Power is supplied through the
cable.

For greater distances, an external
power supply must be connected
ahead of the remote control unit. In ad-
dition, the remote control unit may be
connected to an existing EMT 251 Di-
gital Reverberation System. In this
case, an interface and an external
power supply are required.

Cable {8-conductor, 20 m) 7 252 135

8-pin XLR jD[
AT TERTAL [EMT 252§
[ |
a EMT 252
o

Connection of the EMT 252 S Remote Control Unit to the EMT 252 Digital Reverberation System for cable

lengths up to 20 meters

Audio cable
(2-conductor, shisided) max. 100 m

External Power Supply
9252 001

3-pin XLR

8-pin XLR
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8-pin XLR
Cable (8-conductor, 3 m) 7 262 213

6-pin XLR
EMT 252 S
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Connection of the EMT 252 S Remote Control Unit to the EMT 252 Digital Reverberation System for fong

cablelengths (max. 100 m)

Interface
9251 005 Audio cable

External Power Suppiy
9252901

max. 100 m

1¢
= 3-pin XLR

3-pin XLR In l:

8-pin XLR

Cable (8-conductor, 3 m)
8-pin XLR 7252213

]
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Connection of the EMT 252 S Remote Control Unit to the EMT 251 Digital Reverberation System
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