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This invention relates to synthetic reverberation sys 
tems and particularly to improvements in electrical re 
verberation systems of the type having record means and 
selectively delayed playback means for continuously re 
cording and playing back a signal representative of sound 
energy to generate reverberation components, which are 
combined with an unrecorded portion of said signal to 
form a composite reverberated signal. 

Heretofore, record-playback reverberation systems 
have generally comprised means for recording a signal 
to be reverberated on an endless record material such as 
magnetic tape. A plurality of playback devices are dis 
posed about the path of travel of the recording medium 
in a manner such that the output signal components from 
each playback device have selected time spacings and 
amplitudes to form corresponding points on a selected 
reverberation time curve for the system. A portion of 
the signal output from one of the playback devices is 
usually fed back to the recording device so that it may 
be re-recorded and the whole cycle repeated. The sys 
tem thus provides a number of repetitions of the original 
sound which Successively decrease in magnitude to con 
form to the desired reverberation curve. 

It is customary in Synthetic reverberation systems of 
this type to initially align and adjust the system for a 
single, predetermined reverberation time. Since the out 
put signal from the record-playback device is combined 
with a direct signal, control of reverberation time is then 
effected by adjusting the magnitude of the signal which 
passes through the reverberation channel with respect to 
that which passes through the direct channel. When 
other than the predetermined reverberation times is de 
sired, the effect of controlling reverberation in this man 
ner has been generally unsatisfactory as the effect cre 
ated is unnatural and artificial. 

For such predetermined reverberation time adjust 
ments, each successive repetition decreases in amplitude 
a substantially uniform amount and thus usually con 
forms to the reverberation curve which closely simulates 
a desirable natural curve produced acoustically, since 
the original sound ceases at its maximum amplitude and 
fades away at a uniform rate. However, when control 
of reverberation time is attempted by merely reducing 
the signal level at the input or output of the channel 
which produces the repetitions, an abrupt change in 
sound level of considerable magnitude is heard by a 
listener to the system after cessation of the direct signal. 
Furthermore, the slope of the decay curve, though lower 
in absolute level, remains the same as at the initially 
selected reverberation time, since the differences in mag 
nitude between the repetitive signal components have not 
been changed by such a type of control. No parallel in 
nature can be found for this condition and the ear merely 
interprets it as the result of an abrupt cessation of sound 
followed by an echo. 

In order to overcome this problem, it has been pro 
posed to control the reverberation for time periods less 
than that initially predetermined as described above, by 
adjusting the amplitude of the feedback signal so that 
the second and all successive sets of repetitive signals 
initiated by the feedback control are commenced at an 
amplitude set selectively by the magnitude of the feed 
back signal. 
ment over merely reducing the gain of the reverberation 
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channel, yet it is still artificial in quality since the abrupt 
changes in magnitude between each set of repetitive sig 
nals initiated by the recording of the feedback signal 
produce sudden changes in signal level which are heard 
by the ear as a series of echoes with results similar to 
those of the system previously mentioned. 

It is therefore a primary requirement for a realistic 
synthetic reverberation system, if it is to have means for 
varying the reverberation time and yet simulate the effect 
occurring in the physical creation of sounds in rooms 
having different reverberation times, that the continua 
tion from each signal repetition to the next be substan 
tially uniform for all reverberation times. Thus, the 
decay curve must remain smooth, but its slope must 
change with shorter reverberation times, so that the sig 
nal decrement rate is constant commencing at the instant 
when the original, direct signal ceases. 

It is therefore an object of the invention to provide 
a synthetic reverberation system in which the slope of 
the reverberation decay curve is changed in response to 
selected changes in the reverberation time of the system. 

It is another object to provide a synthetic reverbera 
tion system having a variable reverberation signal decay 
time in which the difference in magnitude between suc 
cessive repetitive signals is substantially constant for each 
Selected decay time. 

It is still another object of the invention to provide 
means for smoothly varying the reverberation time in 
a synthetic reverberation system by changing the slope 
of the reverberation decay curve without introducing 
abrupt changes in magnitude into the reverberated signal 
Output. 
In accordance with the broader aspects of the present 

invention, means are provided for recording on an end 
less record material such as magnetic tape, a signal to be 
reverberated. A direct signal channel is also provided. 
A plurality of playback heads are positioned along the 
path of travel of the recording medium in a manner such 
that the output signal components from each playback 
head have a selected time spacing and amplitude. The 
signal from the last playback head is fed back to the re 
cording device at a selected amplitude. Means are fur 
ther provided for adjusting, with respect to the direct 
channel, the respective amplitudes of the signals from 
each of the playback heads, and from the feedback chan 
nel, such that the difference in amplitude between suc 
cessive signals is uniform. A reverberation time control 
for varying the reverberation time of the system is pro 
vided which varies the magnitude of each reverberation 
signal component accordingly while maintaining a uni 
form difference magnitudes of successive time spaced 
signals. Thus, for each change in the setting of the 
reverberation time control, the magnitudes of all rever 
beration signal components are changed an equal amount 
in order to maintain uniform the attenuation between 
successive signals. 
An additional feature of the present invention is the 

provision of a novel input and output gain control ar 
rangement for the system which maintains constant the 
gain and signal-to-noise ratio of the system over wide 
range of signal input magnitude variations. 

For a better understanding of the invention, together 
with other and further objects thereof, reference is made 
to the following detailed description taken in connection 
with the accompanying drawings, in which: 

FIG. 1 is a block diagram of a synthetic reverberation 
system constructed according to the invention. 
FIGS. 2a, 2b are graphs illustrating reverberation char 

acteristics obtainable with prior art apparatus. 
FIG. 3 is a graph illustrating reverberation character 

istics obtainable with the system of FIG. 1. 
FIG. 4 is a schematic diagram of a synthetic rever 
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beration system constructed according to the present 
invention. 

Referring now to the drawings, there is shown in 
FIG. 1 in block schematic form, a reverberation system 
in accordance with the present invention which has a 
direct channel 10 and a reverberation channel 12. The 
direct channel 10 has a pair of input terminals 11 to 
which may be connected any suitable source of Sound to 
be reverberated such as a radio receiver, or an electronic 
musical instrument. Channel 10 also has a pair of out 
put terminals 16 which may be connected to other am 
plifiers or incorporated into an audio system or may be 
connected directly to loudspeakers, if desired. Termi 
nals 11 are connected to the input of an isolation ampli 
fier 18, the output of which is connected to a conven 
tional amplifier 20 which may be a cathode follower am 
plifier to provide a low impedance output, if desired. As 
the signal applied to input terminals 11 passes through 
direct channel 10 without alteration, then, if the remain 
der of the system becomes inoperative, the original sig 
nal will be heard without change. 

Also connected to the input of isolation amplifier 18 
is the input of a second isolation amplifier 22 which may 
be a conventional voltage amplifier and which serves to 
isolate the input to the reverberation channel from the 
direct signal channel. The output of isolation amplifier 
22 is connected through a variable attenuator 24 to the 
input of a conventional recording amplifier 26, the out 
put of which is connected to a recording head 28. Re 
cording head 28 is suitably positioned along the path 
of travel of endless recordable material 30, which for 
example, may be magnetic tape as shown in FIG. 1, or a 
rotatable drum with magnetic material on its outer pe 
rephery. However, any type of recording apparatus 
having a continuous recording characteristic and on 
which an original signal may be impressed at one point 
and recovered at one or more later points, may be em 
ployed. For example, an electrostatic recording system 
or a photoelectric-phosphorescent system may be used, if 
desired. 

Endless magnetic tape 30 is supported by idler rollers 
32 and is adapted to be driven by a constant speed 
motor 34 in the direction indicated by the arrows. Also 
mounted adjacent the path of travel of tape 30 are a plu 
rality of playback heads 36, 38, 40 and an erase head 
42 which may be located at any selected position along 
the path of tape travel between playback head 40 and 
record head 28. Erase head 42 is adapted to continuous 
ly erase any signal recorded on tape 30 immediately 
prior to the recording of a new signal by recording head 
28 and is accordingly connected to a convention bias 
erase oscillator 44. This oscillator may operate at a 
frequency of 25 kc. or above, and also furnishes a bias 
signal to record head 28. 

Since by definition, reverberation comprises multiple 
repetitions of sound, physically caused by multiple re 
flections which the ear interprets as a prolonged decay of 
the sound after the source has ceased, then an artificial 
system must furnish a number of repetitions of the origi 
nal sound; and the period of the repetitions and decre 
ment thereof must be carefully selected. Thus, the in 
tervals between repetitions should be substantially con 
stant while the periods between repetitions should be 
sufficiently long so that the unnatural effect of a small 
room with excessive reverberation is not produced. On 
the other hand, if the period between repetitions is too 
long, then pulse-like sounds such as speech, or music 
with staccato notes, tend to produce discrete repetition 
pulses which are heard as discrete echoes. 
. However, it has been found by experiment that repeti 
tions in the range of 100 to 150 milliseconds are a satis 
factory compromise. By adjusting the spacings between 
record head 28, and playback heads 36, 38 and 40 respec 
tively, in cooperation with a selected speed of tape 30, 
the desired repetition period may be achieved. For exam 
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4. 
ple, if the speed of tape 30 were 7% inches per second, 
then for a selected reverberation period of 110 millisec 
onds the spacing between heads 28, 36, 38, 40 respec 
tively, would be approximately .82 of an inch. 

Playback head 36 is connected to the input of playback 
amplifier 46, the output of which, in turn, is connected 
through resistor 48 to the input of control amplifier 50 to 
form playback channel it 1. The output of control am 
plifier 50 is connected through resistor 52 to the output 
of isolation amplifier 18. Likewise, playback head 38 
is connected to the input of a playback amplifier 54, the 
output of which, in turn, is serially connected with vari 
able attenuator 56 and resistor 58 to the input of control 
amplifier 50 to form playback channel it 2. Playback 
head 40 is, in a similar manner, connected to the input 
of playback amplifier 60 the output of which, in turn, is 
connected through a variable attenuator 62 to the input 
of a control amplifier 64 to form playback channel i3. 
The output of control amplifier 64 is connected through 
resistor 66 to the output of isolation amplifier 18. Also 
connected in parallel with the input to control amplifier 
64 is the input of a feedback amplifier 68, the output of 
which in turn is connected through a resistor 70 to the 
output of isolation amplifier 22. 

In operation the signal recorded on tape 30 by record 
head 28 is detected after a selected time interval has oc 
curred, such interval corresponding to the chosen repeti 
tion period of the reverberation system, amplified by am 
plifier 46, control amplifier 50, and is mixed with the 
direct signal appearing at the output of isolation ampli 
fier 18. In a like manner, after an additional time interval 
has occurred, the signal is detected by playback head 38, 
amplified by amplifiers 54 and 50, and is also mixed with 
the direct signal appearing at the output of isolation am 
plifier 18. 

Similarly, the signal detected by playback head 40 is 
amplified by amplifiers 60 and 64, and mixed with the 
direct signal appearing at the output of isolation amplifier 
18. In addition, the signal appearing at the input of con 
trol amplifier 64 is transmitted to feedback amplifier 68 
where it is amplified and mixed with the direct signal ap 
pearing at the output of isolation amplifier 22. The 
feedback signal is thus re-recorded to establish cyclic 
repetitions of the original signal with each repetition oc 
curring at successively lower amplitudes. 
An important feature of the invention is the arrange 

ment of the attenuating devices in the record, playback 
and feedback channels so that (1) the magnitude of each 
repetition signal is less than the magnitude of the next 
preceding repetition signal by a substantially uniform 
amount regardless of the number of complete cycles of 
repetition, and (2) the uniformity of difference between 
signal levels is maintained, and only the slope of the rever 
beration curve is changed, when the variable attenuation 
controls 24, 56, 62 are manipulated to secure reverbera 
tion times less than maximum. These objectives are 
graphically shown in FIGS. 2a, 2b and 3. 

In FIG. 2a, the effect of attempting to control rever 
beration time by merely attenuating the amount of rever 
berated signal mixed with the direct signal, a Well known 
prior art technique, is graphically illustrated by curves 
202, 204. Assuming that the direct signal is at a Zero 
db reference level, that three playback heads are provided, 
and that the attenuation between each playback head is 
fixed at 1 db, then for maximum reverberation time only, 
the reverberation curve 202 will be a substantially smooth, 
straight line having a slope of 1 db per .11 second rever 
beration time. This is only true for maximum reverbera 
tion time. 

If the output of the reverberation channel is merely re 
duced in an attempt to reduce the reverberation time, then 
an attenuation curve such as 204 results. An excessively 
large and unnatural drop in output level occurs imme 
diately after the direct signal ceases, for example, the 
illustrated -8 db drop, and then the slope of the repeti 
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tive signal curve remains the same as the curve 202 ob 
tained for maximum reverberation time. This sudden 
drop in volume without change in attenuation slope is 
wholly unnatural and unobtainable under natural rever 
beration conditions. 

Another prior art system is shown in FIG. 2b wherein 
there is graphically shown an attempt to control rever 
beration time by increasing feedback attenuation. Such 
attempts produce distinctly audible drops in signal level 
for each cycle of repetition. Examples of curves obtained 
by two different adjustments of controls in such a sys 
tem are shown in curves 206, 208. It will be noted that 
while both curves 206, 208 have a relatively smooth initial 
attenuation from the level of the direct signal for the first 
cycle of repetition signals provided by the three heads, 
yet upon the commencement of the Second cycle at point 
210, there is an audible drop in signal level provided by 
the increased attenuation of the feedback control. Then 
the second repetition cycle commences with the same 
attenuation slope as for the first cycle. In the case of 
curve 208 shown in dotted outline, the audible drop at 
point 210 is even greater, since, in the example illustrated, 
the feedback signal is attenuated 4 db. Controlling rever 
beration time by this system produces an unnatural rever 
beration signal having audible discontinuities due to the 
non-uniform attenuation curve. 

In FIG. 3 is shown a plurality of curves 212, 214, 216 
respectively, obtained with the reverberation system of the 
present invention. Regardless of the length of the re 
verberation time, the attenuation curves are smooth and 
free of bumps, since only the slope is changed, a natural 
occurrence and analogous to physical reverberation 
changes. These curves are obtainable, as pointed out 
above, by changing uniformly the attenuation between 
the several playback heads and feedback head so that the 
difference therebetween is always the same. In curve 
212, the attenuation between each reverberation time sig 
nal, spaced .11 second, is 1 db. In curve 214, the at 
tenuation between signals is 2 db, thus providing a dif 
ferent slope than curve 212, whereas in curve 216 the at 
tenuation shown in 4 db, again providing a shorter rever 
beration time than either curve 212 or 214. 

Referring again to FIG. 1 the novel attentuation ar 
rangements of the several signal channels in the reverber 
ation channel to achieve the results shown by the curves 
of FIG. 3, will now be explained in detail. 

It will be noted that attenuators 24, 56 and 62 are vari 
able, and may be conventional potentiometers with se 
lected tapers. When these controls are set in an “off” 
position and thus do not attenuate the signals passing 
through the associated circuits, the reverberation channel 
12 will then be adjusted for maximum reverberation. The 
slope of the maximum reverberation signal attenuation 
curve will then be determined by the permanent attenu 
ating devices still operative in the system when controls 
24, 56, 62 are "off.” These permanent attenuating de 
vices are all adjusted so that each recorded signal differs 
in magnitude from an adjacent, time-spaced signal by the 
Sane amount. 

For example, assume that each signal repetition differs 
in magnitude from the next preceding repetition signal 
by 1 db. Then the gain of amplifiers 46, 50 and the pro 
portioning of voltage dividers 48, 58 and 52, 66 are such 
that the signal picked up by the playback head 36, 110 
milliseconds after it is recorded by record head 28, ap 
pears at the output of isolation amplifier 18, 1 db lower 
than the direct signal output of this amplifier. Likewise, 
the signal picked up by playback head 38, 220 millisec 
onds after it has been recorded by record head 28, is ad 
justed in magnitude by adjustment of the gain of play 
back amplifier 54, the proportioning of voltage divider 48, 
58, the gain of control amplifier 50 and proportioning of 
voltage divider 52-66, so that the signal appearing at the 
output of isolation amplifier 18 is 1 db less than the sig 
nal provided by playback head 36 and 2 db less than that 
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6 
of the direct signal applied to input terminal 11. It is 
assumed that attenuator control 56 is in the straight 
through or "off’ position. 
Three hundred and thirty milliseconds after it has been 

recorded by record head 28, the signal picked up by 
playback head 40, is adjusted in magnitude by adjusting 
the gain of playback amplifier 60, control amplifier 64, 
and the proportioning of voltage divider resistors 52, 66 
So that the signal appearing at the output of isolation am 
plifier 18 is 1 db less than the signal originating from play 
back head 38 or 3 db less than the direct signal applied 
to input terminals 11 and appearing at the output of isola 
tion amplifier 18. In this instance, variable attenuator 
control 62 is in the straight through or “off” position. 
The signal from playback head 40 is also amplified by 

feedback amplifier 68 and transmitted through resistor 70 
to join the direct signal at the output of isolation amplifier 
22, but the gain of feedback amplifier 68 and the value 
of resistor 70 are so designed that the feedback signal 
appearing at the output of isolation amplifier 22 is 3 
db less than the direct signal at the same point, obtained 
from the input of amplifier 22. The signal from feed 
back amplifier 68 is accordingly amplified by record am 
plifier 26 and re-recorded by record head 28 to thus start 
a second cycle of repetitive signals. 
As in the case for the first cycle, the re-recorded feed 

back signal is picked up by the playback head 36 amplified 
by playback channel #1 and again appears at the out 
put of isolation amplifier 18. As channel # 1 provides 
1 db attenuation with respect to the magnitude of the di 
rect signal, and as the feedback signal has been recorded 
at a level 3 db less than the direct signal, the resulting 
magnitude of the re-recorded signal provided by playback 
channel #1 to the input of amplifier 20 is therefore minus 
4 db with respect to the direct signal arriving at the same 
point. It will be seen that in a like manner, the repe 
tition provided by playback channel #2 on the second 
cycle will be attenuated 5 db, and likewise the signal pro 
vided by playback channel #3 will be attenuated 6 db. 

Accordingly, every repetition of every cycle differs 
in magnitude from adjacent time spaced signals by the 
Same amount. However, as reverberation time is defi 
inition is the time required for a repetition signal to be 
60 db less than the direct signal from which it originated, 
then in the example just given, as each repetition is 1 db 
less than the immediate preceding repetition, 60 repeti 
tions are required to fulfill the definition. As the time 
delays between repetitions are arbitrarily chosen at .11 
Second, then for this example the maximum reverberation 
time is 60X.11 or 6.6 seconds. 
The operation of the system to maintain uniform the 

attenuation differences between adjacent signal repetitions 
for reverberation times shorter than the maximum of the 
system will now be described. 
The reverberation time is easily shortened from the 

maximum reverberation time set for the system to 0 by 
simply varying attenuators 24, 56 and 62, which pref 
erably are ganged together for tandem operation. These 
attenuators may be a plurality of series connected re 
sistors with switchable output taps between each resistor, 
or potentiometers with selected tapers if a continuous 
adjustment from maximum to 0 is desired. 
Although the maximum resistance values of the at 

tenuator controls may be different due to different im 
pedance requirements of the circuits in which they are 
connected, they have definite relationships to each other 
with respect to the amount of attenuation for given ro 
tational positions, or switch positions. As will be ex 
plained in detail below, for a system having three play 
back channels, controls 24 and 56 have the same rate of 
attenuation in db per degree of shaft rotation or for each 
Switch position, whereas control 62 has twice the rate 
of attenuation of controls 24 and 56. In the case of 
four playback channels, the attenuation control therein 
corresponding to control 62 would have a rate of attenua 
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tion triple the attenuating rate for control 24 and 56. 
Thus, for example, in a three playback channel system, 
if rotation of the ganged attenuators 24, 56, 62 introduces 
an attenuation of 5 db into the direct channel and play 
back channel #2 respectively, then attenuator control 62 
will have an attenuation of 10 db. - 

To better understand this operation, assume that a 
reverberation time of 3.3 seconds is desired, which in 
the case of three playback channels requires that each. 
signal repetition be 2 db less than the immediately pre 
ceding signal. To fulfill the reverberation definition, 30 
repetitions are required at .11 second time spacing there 
between to provide a reverberation time of 3.3 seconds. 
It will be remembered that the permanent attenuation with 
respect to the magnitude of the direct signal for playback 
channels it 1, #2 and #3 as -1 db, -2db, -3 db re 
spectively. Of course, any other absolute value of at 
tenuation per channel may be selected as desired, pro 

Reverberation 
Timc (seconds) 

3.3----------- 

vided the uniformity of difference in attenuation between 
adjacent channels is maintained. 
Then, if the signal provided by playback channel #1 

is to appear at the output of isolation amplifier is with 
a magnitude of 2 db less than the direct signal appearing 
at this point, control 24 must introduce 1 db loss into 
the record channel. The -1 db so provided, in addition 
to the -1 db permanent attenuation provided by play 
back channel #1 will give the desired 2 db attenuation 
to the output signal of playback channel it. As the 
output signal from playback channel it 2 must be 2 db 
less than the output signal of channel it, or 4 db less 
than the direct signal, control 56 must introduce -1 db 
to playback channel #2. This is due to the fact that 
the signal level in playback channel #2 is reduced 1 db 
due to the record level of the signal provided by the record 
channel and 2 db by the permanent attenuation of play 
back channel 2 so that control 56 must provide 1 db 
for the required 4 db total attenuation. 

In a like manner the signal level of playback channel 
#3 must be reduced 6 db with respect to the direct sig 
nal appearing at the output of isolation amplifier 18, 
or 2 db less than the signal provided by playback channel 
#2. As the record signal is reduced 1 db by control 24, 
and the permanent attenuation of playback channel it 3 
is 3 db, then control 62 must contribute 2 db to fulfill the 
-6 db requirement. It will thus be seen that the attenua 
tion value of control 62 is twice that of controls 24 
and 56. 
As the attenuation of the feedback signal is the same 

as that of the signal level of playback channel #3, as 
mentioned above, the signal furnished by feedback ampli 
fier 68 to be rerecorded is therefore 6 db less than the 
direct signal at the output of amplifier 22. This -6 db 
signal is additionally attenuated by the 1 db provided 
by control 24, recorded by record head 28, picked up 
by playback head 36, and fed through playback channel 
i1 where it is further attenuated 1 db by the permanent 
attenuation of this channel and appears at the output 
of isolation amplifier 18 at a level 8 db less than the 
direct signal. 
A second repetition cycle has thus commenced with 

the uniformity of difference in magnitude between adja 
cent repetition signals still being preserved. Accord 
ingly, curve 214 of FIG. 2c is produced with the signal 

3. 
level provided by each playback head being 2 db less 
than the immediately preceding signal. The relative 
output levels in db attenuation provided by the controls 
24, 56, 62 and the db decrement between repetitions is 
summarized in the following table for several selected 
reverberation times. 

Controls -db Playback Head 
-db Decre- Attenuation Outputsidb 

Reverberation ment Per Attenuation 
O Time (seconds) Repetition 

#24 i56 - #62 #1 #2 i3 

6.6 O O 0. 2 3 
3.3 2 l 2 2 4. 6 
i. 6 5 5 10 6 12 18 

I5 

Summarized below are the attenuations obtainable if 
a system having 5 playback heads is employed and a 
reverberation time of 3.3 seconds is desired. 

Playback Head 
-db Decre- Controls - d.b Attenuation Outputs-db 
ment, Per Attenuation 
Repetition 

#24 #56 #62 (#4) (#5) #1 #2 #3 #4, #5 

- - - - - - 2 1 1. 2 3. 4 2 4 6 8 10 

Based on the foregoing, the attenuation requirements 
for the several channels forming the overall reverberation 
channel 12 may now be summarized and expressed in 
general mathematical notations as follows: 

(1) The variable attenuation control of any channel, 
VAN(db) = (N-1) XA1 

where 

N=the playback channel number, and 
A=the variable attenuation of the first playback chan 

nel (with respect to the direct signal). 
(2) The permanent attenuation of any selected play 

back channel 

40 

PAN=NxPA 
(3) The selected total attenuation for playback chan 

nel #1, with respect to that of the direct channel, de 
termines the minimum permanent attenuation for all play 
back channels. 

Referring now to FIG. 4, a schematic circuit diagram 
of a reverberation system in accordance with the pres 
ent invention having 3 playback channels, is shown. 
Where units are identical, the reference numerals of FIG. 
1 are used. A signal from a source of audio signals 
such as an electronic musical instrument is fed to input 
terminals 11 through potentiometer 302 by means of 
movable arm 304 to the input grid of an electronic valve 
306. Potentiometer 302 is connected in series with a 
resistor 308 to ground, and the control electrode of valve 
306 is connected to the junction point thereof. Valve 
306 is included in the circuitry of isolation amplifier 22, 
which serves to separate electrically, reverberation chan 
nel 2 from direct channel 10. 
The control electrode of valve 310 forming part of 

isolation amplifier 18, is also connected to the control 
electrode of valve 306 to enable the input signal appear 
ing across resistor 308 to be fed to isolation amplifier 
18 of direct channel 10. The direct signal is amplified 
by valve 310 and fed through capacitor 312 to an out 
put level adjusting potentiometer 314 which has one ter 
minal connected in series with a resistor 316 and ground. 
The movable arm 317 of potentiometer 314 transmits 
the signal developed thereacross through capacitor 318 
to the control electrode of a valve 320 included in out 
put amplifier 20, which is connected in a cathode follower 
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configuration. The output of amplifier 20 is fed through 
a capacitor 322 to a pair of output terminals 16. 
An important feature of the present invention is the 

arrangement of the input and output gain controls in 
order to minimize the system noise wherever possible. 
It will be noted that the movable arms of potentiometers 
304, 317 of potentiometers 302, 314 respectively, are 
ganged to each other. These potentiometers are prefer 
ably, substantially identical in taper although they need 
not be necessarily identical in absolute resistance value. 
However, the ratio of the resistance of resistor 308 to 
the resistance of control potentiometer 302 is preferably 
substantially identical to the ratio of the resistance of 
resistor 316 to its associated potentiometer 314. For 
example, potentiometers 302, 314 may be one hundred 
thousand ohms whereas resistors 308, 316 may be ten 
thousands ohms. Thus, the input and output voltage may 
be adjusted over a range of approximately 11-1. 

In operation, it is preferable to adjust control 302, 
314 to as low a point with reference to ground as pos 
tible, which accordingly will provide, due to voltage di 
vider action, maximum expected signal to reverberation 
channel 12. When it is desired to apply maximum input 
signal to terminals 11, movable arms 304, 317 are at 
maximum resistance positions of potentiometers 302, 314, 
with respect to ground. Under this condition, the input 
signal will be attenuated to the level required for the 
maximum recording signal in reverberation channel 12, 
whereas the output control 314 is set to provide maxi 
mum signal output to terminal 16. The gains of ampli 
fiers 18, 20 are such that under this maximum output 
condition, the output signal is at the same level as the 
input signal for direct channel 10. 

If only a minimum signal is available for application 
to input terminals 11, then movable arms 304, 317 are 
set to a minimum resistance position for potentiometers 
302,314, with respect to ground. Because of the voltage 
divider action of these controls, the full input voltage is 
applied to both the reverberation and directs channels. 
The maximum voltage is then still delivered to reverbera 
tion channel 12. However, since the gain of this system 
remains unchanged, the location of movable arm 317 
at low resistance point of its ossociated control thereby 
causes the direct signal to be attenuated so that the 
signal output from channel 10 appearing across output 
terminal 16 again remains the same as the input signal 
level. However, under these conditions, any noise or 
hum which may have originated in the system is also 
attenuated. 
Thus, it will be seen that in accordance with this feature 

of the invention, for high level input signals, no attenua 
tion of internally generated noise is provided, since none 
is needed under high signal level conditions. On the 
other hand, when the input signal is at a low level, maxi 
mum noise attenuation is provided. Thus, the signal 
to-noise ratio of the system remains substantially constant 
over a large range of available input signals, rather than 
decreasing with signals of smaller amplitude. 

Continuing with the description of the circuitry of 
reverberation channel 12, the signal developed across re 
sistor 308 and applied to the input electrode of valve 
306 is amplified thereby and appears across series con 
nected resistors 324, 326 which are connected to a Source 
of positive voltage 327. Voltage divider action is pro 
vided by resistors 324, 326 so that the signal, at re 
duced output level, is transmitted through capacitor 328 
to one terminal 329 of control. 24. 

Control 24 comprises a plurality of serially connected 
resistors 330, 332, 334, 336, 338 with the last terminal 
of the series string connected to ground. The junction 
points between the serially connected resistors 330-338, 
are connected to taps which are selectively engaged by 
movable arm 340. Also connected to terminal 329 is 
the output signal from valve 394 of feedback amplifier 
68, which is developed across resistor 342 and fed through 
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capacitor 344 and resistor 346 to terminal 329. The 
combined gains of isolation amplifier 22 and feedback 
amplifier 68 are preferably adjusted so that the signal 
appearing at terminal 329 has an amplitude operative 
to drive recording amplifier 26 to the maximum output 
required by the record head when movable arm 340 
engages tap 329 in the Zero attenuation position of con 
trol 24. - 
The reverberation signal is next amplified by record 

amplifier 26 and fed through capacitor 343 and trans 
former 345 to record head 28. Valve 347 functions as 
a conventional bias and erase oscillator operating at a 
frequency suitable for the heads in use. Thus, the erase 
signal is fed to erase head 42 through capacitors 348, 
350 respectively, and bias signal for record head 28 is 
fed thereto through transformer 345. As the circuit ar 
rangements for record amplifier 26 and bias and erase 
oscillator 44 are conventional and well known in the art, 
no further description thereof is necessary. 
The recorded signal from the tape is picked up by 

playback heads 36, 38, 40, each connected to associated 
amplifiers 46, 54 and 60 respectively, which are conven 
tional two-stage voltage amplifiers. The output of ampli 
fier 46 is fed through capacitor 352 and isolation resistor 
48 to the input electrode of valve 356. One output ter 
minal of amplifier 54 is connected through a capacitor 
358 to a terminal 372 of attenuator control 56. This 
control comprises a plurality of serially connected re 
sistors 362, 364, 366, 368, 370 connected between ter 
minal 372 and ground. The junction points between 
resistors 362-370 are connected to taps which are en 
gaged by wiper arm 374 which in turn is serially con 
nected through an isolation resistor 58 to the input elec 
trode of valve 356. The output signal from amplifier 54 
is thus developed across attenuator resistors 362-370, 
and by voltage divider action, is applied to the input 
electrode of valve 356 through a circuit path comprising 
a selected tap of attenuator 56, wiper arm 374, and re 
sistor 58. The signal from playback amplifier 60 is fed through 
capacitor 376 to terminal 378 of attenuator 62, which 
comprises a plurality of serially connected resistors 380, 
382,384, 386, 388 connected between terminal 378 and 
ground. The junction point between each resistor is con 
nected to an output tap which is engaged by a wiping arm 
390 which is connected to the input electrode of valve 
392 of control amplifier 64. 
The input electrode of valve 394 of feedback amplifier 

68 is also connected to the input electrode of valve 392. 
The signal received therefrom is amplified by valve 394 
and fed to the input of record amplifier 26 in the manner 
described hereinbefore. The permanent attenuation of 
the signal is, of course, set to the point described herein 
before, by adjustment of the impedances of amplifier 68, 
such as resistors 341,346 and capacitor 344. 
The outputs of control amplifiers 50, 64 are respectively 

fed through capacitors 354, 360 to resistors 52, 66 which 
have a common junction point connected to the higher 
resistance terminal of output level potentiometer control 
314 where the signal output from reverberation channel 
12 is mixed with the direct signal input from isolation 
amplifier 18 of direct channel 10. 

Resistor 58, associated with playback amplifier 54, is 
so adjusted in magnitude with respect to resistor 48 asso 
ciated with playback amplifier 46 that, when all of the 
shunt impedances of the two amplifiers are considered, the 
signal appearing at the control electrode of valve 356 
derived from amplifier 54 is 1 db less than that derived 
from amplifier 46, which is the permanent attenuation 
mentioned above and provides 1 db attenuation between 
playback channels if desired. Likewise, the values of 
output resistors 52, 66 are so adjusted that the voltage 
divider action provided thereby is operative to cause a 
permanent attenuation of 3 db with respect to the direct 
or recorded signal in order that the additional 1 db 
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attenuation between playback channel 2 and playback 
channel 3 is achieved. 
As there are three playback channels, the values of 

resistors 378-388 of attenuator control 62 should be 
selected so that for each setting of the ganged attenuator 
controls 24, 56, 62, the attenuation in decibels provided 
by control 62 is twice that of the other controls. 
While step attenuators having six positions are shown 

for purposes of illustration, it will be understood that 
attenuators having more or less positions may be used, 
if desired, or ganged potentiometers with suitably Selected 
tapers and having an infinite number of positions may 
also be used. 
Although a reverberation system utilizing three play 

back channels has been described for purposes of illus 
tration, it will be understood that by following the princi 
ples of the present invention, additional playback chan 
nels including heads and amplifiers, may be added if de 
sired, or even a two-channel playback system may be 
employed. 
While the present invention has been disclosed by 

means of specific illustrative embodiments thereof, it 
would be obvious to those skilled in the art that various 
changes and modifications in the means of operation 
described or in the apparatus, may be made without de 
parting from the spirit of the invention as defined in the 
appended claims. w 
What is claimed is: 
1. In a synthetic reverberation system having input 

terminals coupled to a direct-signal channel and to a 
reverberation signal channel and having means for com 
bining the outputs of both channels to provide output for 
the system, and the reverberation signal channel including 
delay means combined with plural means for generating 
from an input signal successive series of time-spaced 
signals of decreasing amplitude, and further including 
feedback means coupled to receive the last of the gen 
erated signals in each series and reintroduce it into said 
delay means to generate a new series, improved variable 
attenuating means for controlling the amplitudes of Said 
spaced signals comprising: 

(a) separate variable attenuation means controlling 
the relative output amplitudes of said signals from 
the plural generating means to said combining 
(means; 

(b) means at the input of the reverberation signal 
channel for adding the feedback and the input signal 
together; 

(c) variable attenuation means coupling the adding 
means to the delay means; 

(d) means for ganging together all said attenuation 
means for simultaneous adjustment to multiple 
selectible positions; and 

(e) the attenuation means coupled to the adding means 
having an attenuation characteristic tapered to co 
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12 
operate with matched tapers of the attenuation means 
which are coupled to the generating means for mak 
ing the amplitudes of all delayed signals in successive 
series always decrease along a smooth curve with 
respect to time for all said positions. 

2. In a system as set forth in claim 1, said variable 
attenuation means being adjustable to equal zero, and 
fixed attenuation means in series therewith and selected 
to provide a predetermined minimum attenuation be 
tween successive signals, and the variable attenuation as 
sociated with each of said generating means after the first 
thereof being substantially equal to (N-1) A1, where: 
N=the number in succession of the generating means 

other than the first one, and 
A=the variable attenuation of the first of said generat 

ing means beyond said predetermined attenuation. 
3. In a system as set forth in claim 2, the fixed attenua 

tion of any of said generating means other than the first 
thereof being substantially equal to NXPA1, where: 
PA 1=the fixed attenuation of the first of said generating 

learS. 

4. In a system as set forth in claim , the attenuation 
means for said adding means and for the first of said 
generating means having Substantially identical tapers, 
and the other attenuation means having tapers equal to 
(N-1) multiplied by the taper of the adding means 
attenuation, where N=the number in succession of the 
generating means other than the first one. 

5. In a system as set forth in claim 4, the variable 
attenuation means of the adding means being common 
to both the direct input to the reverberation signal channel 
and the feedback signal input to the reverberation signal 
channel and the feedback signal input to the reverberation 
channel. 
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