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Our present invention relates generally to gter-
eophonic sound systems, and more particularly
to improved methods of, and means for, providing
stereophonic effects.

Binaural hearing includes the faculty of lo-
cating a source of sound by means of the dif-
ference in the sound reaching each ear. Itis cus-
tomary to think of a binaural reproducing chan-
nel, then, as one in which sound from a source is
fed to each ear separately. This is usualiy done
with two microphenes, two amplifiers and sepa-
rate earphones for each ear. With such a system
by greater spacing of the microphones, the bin-
aural effect of locating a source can be increased,
as used for example in sound ranging. It is,
also, possible to mount the microphones in an
artificial head, and obtain results as though the
source was walking around the auditor. These
effects are well known, and have many other
interesting properties. Some of these are that
if two persons are speaking in one room it is pos-
sible to concentrate on either one, whereas it
would he quite difficult to do this with a single
microphone channel. Also, it may be possible
with use of two microphones to understand speech
in a room so reverberant that with a single micro-
phone speech would be unintelligible.

By stereophonic reproduction is usualiy meant
a reproducing system which appeals to the bin-
aural sense of the listener by reproducing scund
picked up by separate microphones with ssparate
speakers in separate locations. This includes such
setups as have been publicly demonsirated in
which sound, due to various instruments of an
orchestra, are reproduced in varicus locations of
a stage. The listener by his binaural sense can
then locate instruments, such as violing on the
left and cellos on the right, etc.

Stereophonic reproduction offers interesting
possibilities for enhancing the reproduction of
music in the home by either radio or phonograph.
In a home application this improvement is only
in part due to the different apparent sources of
various types of sound. A great part of the en-
hancement may be due to each channel aciing as
a delayed channel for the other, if the two micro-
phones are in the same room and can pick up
some sound from all instruments. This iatter
effect is not so well known, although it can be
explained from known ghbservations.

When g listener is in the same reom in which
a group of instruments are being played, he will,
if the room is at all suited for music reproduc-
tion, hear but a small portion of the total scund
direct. Probably 90% of the energy will reach

(CL

10

i5

20

30

35

40

50

65

179—100.4)
Z

him after being reflected from the walls, etc.
This reflected sound will reach him later, and
from a different direction than the direct sound.
Apparently the listener is not satisfied if it is not
50, because experience has taught him that there
is a definife optimum reverberation time for each
room and an optirium size room for each type of
musical presentation. Due to the binaural sense
there is a considerable difference between sound
arriving at different times from differant direc-
tions and sound of the same total amplitude ar-~
riving from one source. This can be proved by
placing a microphone in a very reverberant room
and listening to a person speaking. As stated
above, the reverberation may make it difficult to
understand speech, whereas no such diffculty
had been encountered when the listener himself
was in the same rcom.

The optimum “build up” and reverberation
time for various rooms, music and speech has
been determined and this knowledge can be em-
ployed in stereophonic sound reproduction. Of
particular interest is the finding of Benecke
(Analen der Physik, August, 1930) that the build-
up time for all rooms should be 9.06 second, and
that the ratio of reverberant to direct sound
should be as large as possible for any given size
room without exceeding the optimum buildup
time. Fulfillment of these two requirements re-
sults in an optimum reverberation time varying
as the cube root of the volume, if the process is
all in air. But with an electrical reproducing
system one is not bound to the cube root law, but
may follow the fundamental requirements as for-
mulated by Benecke.

When a single microphone is used with an
orchestra, similar defects are noted. A micro-
phone in the same location that would be se-
lected for good, direct listening position will pick
up more “room” than is considered desirable, To
overcome this the microphone is placed closer to
the orchestra than it otherwise would be. Now,
if a means is used to reproduce the reverberant
“rcom” sound and the direct sound separately,
then the impression upon the listener can be more
realistic. The effect has been pleasing to most
reople withessing such demonstrations. Part of
this effect cah be simulated with a single record
and two reproducing channels.

One of the important objects of cur present
invention is to provide a method of obtaining
binaural, stereophcnic or artificial reverberation
effects in phonocgraph reproduction by recording
the outputs of two independent audio frequency
channels on one record portion, and, preferably
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by a single pickup, reproducing the duplex record-
ing through independent channels feeding sepa.~
rate, spaced reproducers.

Another important object of our invention is
to provide a system of recording the outputs of a
pair of transducers, upon which may be applied
similar or dissimilar recordable material; the sys-
tem employing a first channel designed to pass
without frequency change the energy from one
transducer to a recording unit, a second channel
passing the energy irom the second transducer
to the same unit with signal frequency inversion,
and a recording unit providing a.common record
groove representative of the outputs of both
channels.

Another important object of our invention is
to provide a novel method of reproducing a record
of the type wherein different signals are recorded
in common grooves as a composite signal whose
components cover g wide frequency range.

‘Another important object of -our inventicn is
to record the outputs of a modulated carrier
‘channel and a separate standard audio channel
on a single record, preferably in such manner as
to provide a single record portion representative
of both such outputs.

Another important object of our invention is
to provide a method of, and nmieans for, repro-
ducing a record provided with a portion, e. g., &
record groove or a film sound track, representa-
tive of relatively lower and higher frequency
bands in .the audio frequency range, including
deriving from said portion audio frequency cur-
rents over the irequency range of both of said
bands, separating the audio frequency currents
into the respective bands of audio frequencies,
inverting the higher frequency band to a band
of lower audio frequencies commensurate with
the said other frequency band, and separately
reproducing the resultant bands of audio fre-
quencies.

Still another cbject of our invention is to.pro-
vide a method of, and means for, recording a
modulated carrier signal, wherein the carrier
amplitude is varied at the modulator in accord-
ance -with the modulating signal, and concur-
rently the modulating signal is compressed prior
to application to the modulator.

Still other objects of our invention are to im-
prove generally. the. operation .of stereophonic
sound. systems, and more particularly to provide
sound record reproducer system of a highly effi-

- cient and economical construction.
Other objects and advantages-of-the invention
will best be understood by reference to the fol-
lowing description, taken in connection with the
‘drawings, in which we have indicated diagram-
matically -several circuit organizations whereby
our invention may be carried into-effect.
In the drawings:
Fig. 1 - schematicaily shows a recording system
in accordance with our invention;
Fig. 2 schematically illustrates g record repro-
ducing system for records of the type produced
“in the system of Fig. 1;
Fig. 3 shows in partial schematic a modified
form of recording system;
Fig. 4 schematically represents a modified form
“of record reproducing system;
Fig. 5 is a circuit diagram of a further modi-
“fication of a record reproducing system;

Fig. 6 is a circuit diagram of a signal-respon-
Cgive carrisr control system adapted for use in
“connéction with the modulator of Fig. 3;
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Fig. Ta shows the effect on the wave form of
the signal-responsive control; and

Fig. 7b is an illustrative modulated carrier
wave form at the modulator output circuit pro-
duced in the absence of the signal-response con-
trol.

Referring now to the accompanying drawings,
wherein like reference characters in the different
figures denote similar circuit elements, the sys-
tem of Fig. 1 comprises a pair of sources [ and 2
of alternating currents to be recorded. By way
of specific illustration it is assumed that the
currents are in the audio frequency range of
zero to 15,000 cycles per second. It is, also, as-
sumed that the sources are transducers, such
as microphones. Of course, the transducers § and
% could also be eleciric phonograph pickup de-
vices, detectors of radio broadcast receivers, or
any other devices capable of supplying audio
frequency currents. Moreover, the audio cur-
rent outputs of the sources § and 2 could be of
the same wave forms, or they can be of different
forms. That is to say, the microphones A -and
B may be spaced in a predetermined manner-and

5 subjected to a common source of sound to be

recorded. On the other hand, they could be iso-
lated from each other and subjected to respec-
tively different sound waves. )

In order to simplify the explanation of our
invention, and also to show the manner in which
our method simplifies stereophonic sound repro-
duction, it is assumed that a common sound
source actuates the respective diaphragms of
microphones A and B. These microphones may
be of any suitable and known construction. The
audio frequency currents produced at-the output
terminals of microphone A are amplified, as-ab
amplifier 3, and then applied to-a suitable low
pass filter §. The latter may be-of known con-
struction in the audic filter art, and - preferably
passes a band of frequencies from 50 up-to 8000
cycles per second. We -prefer a relatively sharp

-eut-off at 80600 cycles per second, although our

invention is in no way restricted to the specific
band of frequencies. The filtered output is then
applied to a suitable record cutting device 5 -of
known construction whose cutting -stylus 6 is
schematically represented. The turntable 7 and
a suitable record blank 8 are schematically repre-
sented, since those skilled in the art -of produc-
ingrecords are fully acquainted with the manner
of constructing these devices. -Moreover, by well
known means, the record could be made on film
instead of on record blank 8. ’
In accordance with one aspect of our present
invention, we cause the stylus 8, or-other record-
ing means, to be actuated in response to the out-
put of microphone B as well as to the output of
microphone A. This we accomplish-in the follow-
ing manner. The audio frequency current-output
of microphone B, after suitable amplification at
amplifier 8, is applied-to a low pass fiiter 18 which
passes a band-of audio- frequencies-of substan-
tially less width than that passed-by filter 4. ‘The
specific band passed by filter {8 is 50 to 5600 cycles
per second, the cut-off being relatively -sharp at
5000 cycles per second. The filtered current-out-
put of filter 18 is applied to an inverting mizer,
or modulator, {{. The mixer may be of any suit-
able construetion, and functions-to convert the
50 to 5000 eycle band of audio freguencies to an
inverted band -of audio freguencies - extending
from 8000 cycles per second up to approximately
13,000 cycles per second. This-is accemplished
by feeding the‘mixer I { with constant amplitude-
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donstant frequency oscillations of 13,000 cycles
(kc.) per second from oscillator 12 and by modu-
lation of the 13,000 cycle carrier frequency by
the 50 to 5000 cycle band.

The oscillator {2 may be of any well-known
and suitable construction. Those skilled in the
art of radio communication are fully acquainted
with the mode of operation of an inversion mixer.
Briefly, the output currents at the mixer i1 con-
sist of lower side band frequency components re-
sulting from the difference between the oscilla-
tion frequency (13,000 cycles per second) and
each frequency component of the 50 to 5000 cycle
band at the output of filter 16, A given audio
frequency is mixed with the 13 ke. carrier, and
sidebands are produced. One of these side bands,
the lower one, decreases in frequeney as the
audio freguency increases. For example, a 1000
cycle audio tone mixed with the 13,000 cycle car-
rier will produee a 12,000 cycle sideband in addi-
tion to a 14,000 cycle sideband, which can be re-
jected by a suitable filter. Similarly, a 2000 cycle
tone produces an 11,000 cycle lower sideband, and
a 5000 cycle tone results in an 8609 cycle lower
sideband. Hence, there is provided a form of
inversion in which an increasing audio frequency
produces a decreasing sideband frequency.

The mixer outputb current is applied to a band
pass filter {3, passing only a 8600 to 13,500 cycle
per second band of audic frequencies, so as posi-
tively to prevent the passage of frequency compo-
nents less than 8000 cycles per second, or more
than 13,000 cycles per second. Such lower and
higher components may well exist at the mixer
output terminals by virtue of the mixing process
per se. The filtered output energy of filter (2 is
fed to the cutter 5. Ience, the cutter § has ap-
plied thereto duplexed audic channels represen-
tative of common sounds, but composed of ad-
jacent audio frequency bands whose components
are inversely related. That is to say, the low
frequency sounds of channel B exist at the cutter
input terminals as components of the inverter
lower sideband frequencies. The high frequency
sounds of channel B exist as low frequency com-
ponents of the said inverted band. The stylus 5
cuts, or deforms, the record material in response
to the composite 50 to 13,000 cycle band. In
other words, the record 8§ is provided with a sin-
gle groove, or impression, representative of the
aforesaid duplexed audio channels. It is to be
understood that the record may be cut to have
vertical or lateral grooves, and that the particu-
lar technicue of record cutting is no part of our
invention. It is only required that there be em-
ployed a cutter adapted to respond faithfully
over the entire band of freguencies presented to
it. If the input to the cutter is kept at a reason-
able level no cross-modulation between the chan-
nels will be encountered.

In Fig. 2 we have shown, as another aspect of
our invention, a system for reproducing a record
8’ which is to be understood as being a copy of
the master record 8. 'The turntable 7’ is driven
in any suitable manner, and is provided with a
device for converting the groove variations into
corresponding audio frequency currents. As is
well known, a tone arm !4 is provided with a
pickup head which employs a needle or stylus 15
to ride or scan the record grooves. The current
output of the pickup device, preferably of the
piezo-electric type although any other known and
suitable type may be used, is applied to a pair
of filters 16" and I71. Filter 16’ is a low pass filter
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constructed to pass a band of from 50 fo 8000
cycles per second, while filter {7 is a band pass
filter designed to pass an 8000 to 13,000 cycle
band. In the practice of the invention with a
disc record 8’, it may be preferable to employ a
frequency modulation arrangement to provide the
wide range of audio frequencies from the record
grooves. Such a frequency modulation arrange-
ment is disclosed and claimed in application Se-
rial No. 459,375, filed September 23, 1942, now
Patent No. 2,481,886, granted September 13, 1949,
by C. M. Sinnett. When using such an arrange-
ment the pickup head is preferably provided with
a ribbon type of capacity pickup device of the
type disclosed and claimed in application Serial
No. 414,305, filed October 9, 1941, by C. M.
Sinnett, now Patent MNo. 2,376,456 granted May
22, 1945. The numeral {5 designates a sche~
matic representation of such a capacity pickup
device. The capacity pickup iz, as disclosed
in the aforesaid Sinnett application, connected
across the resonant tank ecircuit of a high
irequency oscillator {7’ of suitable construc-
tion. The condenser 1§ has one of its electrodes
mobile and responsive to displacements of the
needle §5. In this way displacements of needle
{8 are converted into corresponding changes of
the capacitance of condenser 8. These capaci~
tance variations, in turn, produce corresponding
frequency variations of the oscillator §3’. The
oscillator {7’ may produce oscillations of the
order of 30 megacycles (me.) per second, al-
though the latter frequency value is merely illus-
trative.

The resulting frequency modulated oscillations,
whose frequency variations are in accordance
with amplitude variations of the modulating sig-
nal, are applied to discriminator-detector 18
whose typical frequency response characteristic
is depicted. The network for the discriminator-
detector is well known, and functions to derive
from the frequency modulated oscillations corre-
ponding amplitude modulated currents which
are detected to provide the audio freguency cur-

> rents. The latter, of course, are those represen-

tative of the grooves or impressions of record &’.
However, as stated previously, the capaecity pick-
up device {8 and network {3’ and 12 may be
omitted, and any other suitable transducer may
be employed at the fone arm head directly to
translate displacements of needle {5 into corre-
sponding audio frequency signals.

An amplifier {8, having a frequency resconse
substantially flat up to 13,000 cycles, may be em-
ployed to amplify the audio frequency currents
prior to separation of the adjacent bands by fil-
ters 16 and {7. It will be obvious that the low
pass filter 16’ separates from the output of am-
plifier {8 the band of audio frequencies corre-
sponding to the audio frequency currents pro-
duced at the output terminals of low pass filter
4 of Fig. 1. 'This band of audio freguensies ex-
tending up to 8000 cycles per second is further
amplified by an amplifier 23. The amplified out-
put of amplifier 2§ is then applied to any suitable
reproducer, such as a loud speaker 24. The
speaker 21 is designated “speaker A” to denote
that it corresponds to microphone A,

The band pass filter 17 is designated to have a
relatively sharp cut-off at 8000 eycles per second
and 13,000 cycles per second. Accordingly, the
audio frequency currents at the output terminals
of filter {7 correspond to the audio currents pro~
duced at the output terminals of the filter {3 of
Fig. 1. Since the latter currents are inverted
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relative t6 the audio frequency currerits produced
at the output términals of filter 18, there is em-
ployed in the systein of Fig. 2 a means for re-
inverting the sighals back to a band of 50 to 5000
cycles per second. This is accomplished by using
a.source 22 of oscillations of a frequency of 13,000
cycies per second. Here, again, the oscillations
produced by oscillator 22 are of constant ampli-
tude and constant frequency, and are fed to re-
inversion mixer 23. ]

The mixer 23 has applied to it the audio fre-
quency currents at the output terminals of filter
{7. At the mixer 23; which may be of any known
and suitable construction, the reinversion proe-
:ess takes place. The mixer 23, as a matter of
fact, may be of the same construction as the
mixer H{ of Fig. 1, and functions to provide dif-
ference and sum frequency components of the
audio frequency components and the fixed-fre-

quency oscillations from source 22. That is, low-

er and upper side bands are produced. In other
werds, the low frequency component of 8000 cy-
cles per second beating with the 13,000 cycle os-
cillation would produce a difference frequency

component of 5000 cycles per second, while the -

high frequency component of 13,000 cycles per
second would beat with the 13,060 cycle oscilla-
tions to provide zero ¢ycle component. It will be
evident, therefore, that at the output terminals
of the re-inversion mixer 28 there is provided
side bands whose components are audio frequen-
cy currents which correspond to the audio cur-
rents existing at the output terminals of low
pass filter 19 of Fig. 1. This band of 50 to 5000
cycle components is subjected to detection and
amplification at 28. The amplified band of audio
energy is then reproduced by a suiiable speaker
25. Here the reproducer 25 is designated “speak-
er B” to represent that it corresponds to the mi-
crophone B.

It will now be appreciated that the speakers
- A and B respectively reproduce the sounds which
were applied to microphones A and B. Accord-
ingly, there is' provided a means for preserving
and re-creating the spacial effect which existed
originally by virtue of the spacing of microphones
A and B. It is only necéssary to place the speak-
ers A and B in a relative relation analogous to
- that which existed between the microphones.
The listener will have the sensation of stereo-
phonic sound reproduction. The fact that one
of the speakers reproduces up to 5090 cyeles per
second. whereas the other reproducer reproduces
up to 5000 cycles per second will not substantially
affect the resultant effect on the listenei. Stereo-
rhonic reproduction is provided in the case of
the system of Fig. 2, because we have provided
here a reproducing system which :appedls to the
binaural sénse of the listener by reproducing
sound picked up by separate microphones A and
B with separate speakers A and B in separate
locations. In effect, the speakers A and B act
as if one of them reproduced the direct sound
(that is, the sound reaching the sars of the listen-
er directly), while the other reproduces the re-
verberant sound. Due to the kinaural sense of a
listener there is a considerable difference be-
tween sound arriving at different times from
different directions and sound of the same total
araplitude arriving from one source. By means
of the recording and reproducing systenis of Figs.
1 and 2 there is provided a method of simulating
stereorhonic effects with & singie record and du-
plex reproducing channels.

It is to be understood, however, that the pres-
ent method’ is not restricted to simulating stereo-
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phonic effects. Besides stereophonic reproducs
tion and artificial reverberation effects, the
method can be employed to provide the equivalent
of four-sided records instead of the usual two-
sided reeord. This is readily seen when it is re~
alized that it is only necessary to use micro-
phones | and 2 for separate sound selections, such
as different musical selections; and recording as
shown in Fig. 1 on one face of record 8. Sub=
sequently, the record 8 is reversed and upon its
opposite face there would be recorded a pair of
different musical selecticns separately and con-
currently, applied to microphones { and 2. Such
a recording would be readily reproduced as four
successive musical selections in the system of
Fig. 2 by providing switch 28 in the connection
27 to the input terminals of filter i7. In other
words, the musical selection applied tc micro-
phone { on each face of ths record would be re-
produced by speaker 2{, the switch 25 being open
in that case. Closure of switch 2€, but opening
a switch as for example 28 located anywhere in
the line feeding speaker 21, will provide reproduc-
tion of the musical selection applied to micro-
phone 2.

It will, also, be seen that additional music rec-
ords, such as orchestra accompaniments and solo

‘parts, can be recorded through the separate A and

B chennels. Then, in the system of Fig. 2 one
can sslectively switch from solo to accompani-
ment, or with switches 26 and 28 both closed
the accompaniment could be had with the solo
reproductions. Again, it would be possible to
record two versions of the same selection on each
facé of a recerd. In that case a suitable
adjustment of switch 28 and switch 28 will
provide a means for compering the separate
versions of eath selection.

As stated previously, it is not essential t¢ em-
ploy microphones as the source of audio frequen=-
¢y currents in the recording systéms. In Fig. 3
we have shown a modified system for recording
duplex channel-single groove records from sepa-
rate piezo-electric pickup devices 85 and 3{. These
pickup devices may be of any suitable known
construction, and are assuzied to be reproduc-
ing similar or different records (net shown). The
sudio frequency current outputs of the respective
pickup devices are applied to rezpective low pass
filters 32, 33. Each filter is designed, by way of
example, to cut off at 4000 cycles per sscond. The
output of filter 82 is amplified by amplifier 84, and
the amplified currents ars then fed to the en-
ergizing coil of the cutter 25 The latler is sche-
matically represented, and may be of any suit-
able construction.

The filtered cutput of flter 33 is subjected to
the inversion step described in Fig. 1. Thus, the
audio transformer 86 couples the output of filter
38 to the amplifier 37. Tha poitentiometer 38,
shunted across the secondary winding of trans-
former 26, has its slider 89 connscted to the sig-
nal control grid of amplifier 7 whereby there
is provided a control over the amplitude of sig-
nal fed to inversion mecdulator 49. he ampli-
fied augdio output of smpiifier 37 is applied
through coupling condenser 4{ to the signal in-
pub grid €2 of pentagrid tube £8.

The tube 48, which may be for czample of the
88SAT type, has its cathode grounded, while its
oscillation control electrode 43 and its signal in-
put electrode 482 are provided with suitabie nega-
tive biasss from any suitable direct current source.
'The plate 44 of tube 44 is connected to the +B
términal- of the direct curreént supply source
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through the primary winding of audio transform-
er 48, The source of oseillations is designated by
the numeral 48, and it is to be understood that
the source of oscillations produce oscillations of
constant amplitude and fixed frequency of 10,000
cycles per second. These oscillations are applied
over lead &7, blocking condenser 43 angd resistor
49 to the grid 49 of tube 48. Tt will be recognized
that the modulation or mixing process taking
place in tube £8 is the so called “electron coupled”
type. There is produced in the plate circuit of
tube 48 the sum or difference coraponents of the
input frequencies and the 10,000 cycle oscillation
frequency. Since it is desired to utilize solely the
difference {reguency cemponsents i. e., the lower
side band components in the frequency range of
6,000 to 10,900 cycles per second, the secondary
of transiormer 45 fesds into the input terminals
of a high pass filter §8 constructed to pass only
frequency components above 6090 cycles per sec-
ond. Although the carrier frequencies and the
upper carrier frequenciss and the -uppser side
vands are also passed by the filter, as shown,
they are above the sudio frequency range and
are therefore not objectionable in the record-
ing. Imertia of the cutter itself will also act in
the same manner ag a low pass filter cutting off
frequencies above the range of about 106,000 eycles
per second, :
Modulator tube 48 accordingly functions as an
inversion device in the same manner described
in connection with the inverting mixer 1! of Fig.
1. It is te be clearly understood that the inversion
medulator 43 may be employed as the inverting
mixer {1 of Fig. 1 due allowance being made for
the differences in the signal frequencies suppled
to the respective grids 42 and 48. The ampli-
fied output of filter 58 is applied to the cutter de-
vice 38 by connections 5 to the input terminals
of amplifier 34. It will, therefore, be appreci-
ated that in general the recording system shown
in Fig. 3 is similar to that shown in Fig. 1. How~
ever, the specific nature of the input transducers
are different; the specific frequency bands of the
low pass filters ars the same in the case of Fig.
3 whereas in Fig. 1 they are different; and a
specific inversion modulator is shown in Fig. 3.
In ¥Fig. 4 we have shown a modified system for
reproducing s duplex channel-single groove rec-
ord produced by sither of the system of Figs, 1
and 3. I will be noted that the essential differ-
ence between the reproducing system of Fig. 4
and that shown In Fig. 2 is the fact that the 5YS~
tem of Figz, ¢ does not utilize an oscillator and a
re-inversion mixer. Instead, there is utilized a
simple rectifier. Referring to Fig. 4, which is in
block diagram form since the various networks
are well knewn fo those skilled in the art, the in-
dividual channe! record will, as explained in con-
nection with Fig. 2, be associated with a pickup
devies schematically represented at 69, As pre-
viously explained the pickup device 88 msay be
of any suitable construction, it being preferable
to utilize one which is adapted advantageously
to transduce gignals having frequencies up to at
least 10,508 cye The audio fre-
quensy electrical nals produged hy pickup de-
vice 88 are fed to a low pass Blter 54 and a sepa-
rate high pass filter 82. The low nase filter is
designed to havs a sharp cut-of at 4000 cycles per
second, while the high pass filter has a sharp
cut-off 5000 cycies second and passes the
frecuency components above 8000 cycles per sec-
ond. The output energy of low pess flter &1 is
amplified by amplifier 3, and is subjected $o fur-

at
awu

2y

o T

o=

10

15

20

25

30

35

40

5(

frnd

50

80

85

70

s

10
ther push-pull amplification 64, if desired. A
switch 65 may be inserted bstween the output
terminals of amplifier €2 and the subsequent
speaker.

The output energy of high pass filter §2 is ap-
plied to a rectifier 68. The rect:fier may be, for
example, a simple diode, or it may be of the
specific type to be described in connection with
Fig. 5. The overall wave presented to rectifier or
detector 68 may he treated as an amplitude modu-
lated 10 ke. carrier wave. The amplibude modu~
lations are detected, that is, separated from the
carriers by rectifier 66 to reproduce the desired
audio compenent without requiring a separate in-
verter. Thus, a 5000 ¢ycle per second signal gen-
erated at pickup 88 from a recording of an in-
verted signal of 1600 (10,000—1000) cycles per
second, is detected as a 1000 cycle per second side
band of the 10 ke. carrier. Similarly a 6000 cycle
signal picked up from a recording of an inverted
4500 cycle signal is detected as a 4000 cycle signal.
Filter 87 blocks passage of the carrier after de-
tection.

As indicated, the filter 58 and 62 may have an
extended high frequency response and pass both
the low and the high side-bands of the moduiated
oscillations. The amplifier 58 may be used to
ampl'fy the output energy of filter 87, and a
switch 48 may be inserted in the output con-
nections between amplifier 88 and the subse-
quent loud-speaker. It will be understood that

" the recording and reproducing systems of Figs. 3

and 4 may be utilized for precisely the same funec-
tions as described in connection with the systems
of Figs. 1 and 2. Switches 85 and 88 in Fg. 4
may be employed in the manner deseribed in con-
nection with respective switches 28 and 28 of
Fig. 2.

In Fig. 5 there is shown the circuit diagram of
a reproducing system which may be employed for
reproducing records made with the system of Fig.
3. In general, the reproducing system of Fig. 5
utilizes a single pickup device and a single loud-
speaker. Swifching means are provided for se-
lectively permitting reproduction of either of the
recorded audio channels. Reference to the sys-
tem of Fig. 3 shows that one of the channels, or
band, of audio frequencies covers s range from
zero to 4000 cycles per sscond, while the other
channel covers a band of from 6030 to 19,000
cycles per second. As disclosed in the system of
Fig. 4, the first step in reproducing the double
channel-single groove record is to separate the
two bands by proper filtering.

Hence, in the system of Fig. 5 the pickup 78,
which is of the piezo-electric type, has its out-
put electrodss connected to the opposite ends of
the potentiometer resistor 7i. The sider 12 is
connected to the control grid of an amplifier tube
¥3, and the cathode 74 of the tube is connected
to the grounded side of potentiometer resistor
¥1 by a load resistor 75. The plate 76 of tube 73
is connected by lead 77 to the +B terminal of
any suitable direct current source. It is to be
clearly understood that tube 7% may be of any
suiteble type. For example, the electrodes of

“tube 12 may be included in the same tube en-

velepe with the electrodes of the following am-
plifier tube 8. In that case a twin triode tube
of the 8F3 type may be employed.

The resistor ¥8 functions as the output load of
amplifier 73, and the voltage acrosg resistor 75
may be applied to either of two channels by vir-
tue of a switch whose adjustable element 78 is
connected fo the cathode end of resistor i5. The
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contacts A’ and B’ desiguate the respective in-
pub terminals of the low audio frequency and
high audio frequency channels of the recording.
The contact B’ is connected to the ungroundgd
end of the primary winding of transformesr 78
through a plurality of series-connected condens-
ers, and the winding is shunted by a plurality of
coils. The reference character H generally des-
ignates that these series condensers and shunt
coils cooperate to provide a high pass fitter hav-
ing a relatively shaip cut-off at 8006 cycles.

Tt will be noted that the last of the series con-
densers is shunted by a coil, and that the filter
has an appropriate terminating resistance. The
condensers cf the filter elements are chosen to
provide the desired high pass filter characteris-
tic. The secondary winding of transforrer 19
hag its ungrounded end connected to the control
grid 81 of amplifier tube 88. It will, therefore, be
appreciated that when switch element 78 is ad-
justed into contact with the terminal B’, there
will be transmitted to the input grid 81 sclely
the band of frequency components between 6009
and 10,000 cycles per second.

The cathede 82 of amplifier tube 83 is con-
nected through a load resistor 83, lead g4 and
slider 85 to a desired point on the cathode re-
sistor 80 of the output amplifier tube &i. The
cathode end of load resistor 83 is connected iG

the contact point B’” of a second switch whose 3

78’

adjustable element is denoted by numeral 757,
The contact point A’’ associated with switch ele-
ment. 18’ is connected by lead 88 to the slider
87 of potentiometer resistor 86. The upper end of
resistor 88 is connected by lead 88 to contact
point A’, while the lead 89’ connects the lower
end of resistor 88 to ground. It is to be under-
stood that when the switch element 78 contacts
point A’, then switch element 18’ is in contact
with contact A’’, and switch elements 78 and
78’ will be adjusted concurrently to contact points
B’ and B’.

It will be further appreciated that amplifier
tube 80 is also of the cathode follower type, &8
is the case with tube 13, since the plate of tube 8§
is connected by lead 188 to the +B terminal. The
audio freguency voltage is developed across the
cathode resistor 83. The switch eiement I8’ is
connected to the ungrounded input terminal of a
low pass filter L composed of a plurality of series-
connected coils and shunt condensers having &
suitable terminating resistance {8{. It will be
understood that the low pass filter Lt has a rela-
tively sharp cut-off point at 4000 cycles per sec-
ond, and that its constants are chosen to pro-
vide the desired low pass flter characteristic.
When the switch elements 78 and 7§’ respectively
connect with contacts A’ and A’’, then there will
be developed at the output terminals of low pass
filter L the band of audic freguencies between
zero and 4600 cycles per second, as shown at the
output terminals of network 84 of the system of
Fig. 4. The potentiometer &7, 88 may be adjusted
to provide the proper intensity of input signal
to the input terminals of the low pass filter.

On the other hand, when the switch elemenis
78 and 78’ are selectively connected to their re-
speetive contact points B’ and B’’, then there
will be developed at the ocutput terminals of the
low pass filter I. the band of audio freguencies
as indicated at the output terminals of network
87 in the system of Fig. 4. In other words, tube
83 functions as the rectifier 86 of ¥ig. 4. It is s
be understood that the pickup device 78 should
be capable of developing faithfully the audio fre-
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guency components up to 10,000 cycles per second.
The output of the pickup device in that case i3
fed to the conirol grid of a triode which is cathode
coupled to the switching device. When the
switching device is in position A’, as pointed out
before, the triode 73 feeds directly into the input
terminals of the low pass filter L, provided switch
element 72’ is at position A’’. In this case no
components of 6800 to 10,000 cycle band will be
present at the output terminals of filter L. In
other words, the modulated carrier channel will
not be applied to the input electrodes of the am-
plifier tube {62. However, when the switch ele-
ments 78 and 78’ are in the respective contact
positions B’ and B’ the voltage across output re-
sistor 75 is fed to the high pass filter E, which,
in turn, feeds through transformer 79 to the input
electrodes §4 and 82 of triode 82.

Triode .89 has a bias applied to grid 8f such
that with no sienal applied thereto the anode or
plate of the tube draws very little space current.
In cther words, an initial negative bias is applied
to signal grid 81 of triode 88 such that in the no-
signal state a very small amount of plate cur-
rent flows and the triode 88 functions as a biased
detector. The output voltage developed across
resistor 83, being rectified, is cathode coupled into
the input terminals of the low pass filler L which
does not transmit the carrier. The cathode cou-
pling of the first two tubes is chosen to provide a
low impedance output, and this allows the use of a
filter employing air-core reactances or coils. it
will be noted that resistor 83 is arranged in series
with a portion of the cathode load 99 of tube 8i.
The slider 85 is adjusted to a point on resistor 85
such that the desired negative bias will be applied
to grid §! to bias tube &8 as a detector. The
slider 85 is bypassed to ground for audio fre-
guencies by condenser 85”.

The amplifiers {82 and §{ may be of any suit-
able construction, as for example types 6J7 and
615 regpectively. The screen and plate electrodes
of each of these tubes are connected to the 43
terminal of the system. Resistor 82 in the plate
circuit of tube 192 functions as the output load
of the amplifier 162. 'The plate end of resistor
§2 is connected through coupling condenser 93 to
the input grid 84 of tube 9¢. The input grid 54
is returned to the grounded end of cathode re-
sistor 98 by resistor §5. The output transformer
88 couples the plate circuit of tube 81 to the repro-
ducer 97. .

It will now be seen that the duplex channel
record may have its separate selections repro-
duced by selective adjustment of switch elements
T8 and 718’. The single pickup device 78 will feed
the entire zero to 16,000 cyele band to amplifier
78, but the adjustments of switch elements 78
and 78’ will determine which one of the two chan-
nelg will be reproduced at reproducer 91, An
outlet jack 88 has its leads 29 connected to the
input terminals of high pass filter H. This jack
msay be used for stereophonic reproduction. by
connecting it with a system including a low pass
filter (cut-off at 4000 cycles), subsequent ampli-
fiers and a final sound reproducer. This would
provide stereophonic sound reproduction when
the switches 78 and 18’ are in position B’ and B”’
respactively, as explained in connection with
ig. 2.

o avoid the necessity for using special record
cutters which can tolerate the extended applica-
tion of the entire output of oscillations having
frequencies as high as 10,000 cycles per second
the amplitude of the injected oscillations (the
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carrier) may be varied in accordance with the
signal intensity thersby enabling the use of the
normal present-day cutters.

Fig. 6 shows such an exemplification of a circuit
that can be substituted for the circuit pocrtion
between transformers 28 and 45 of Fig. 3. The
modulator tube {{9, which may be of the 6SA7
type for example, has its cathode {1! connected
to a suitable positive potential point on direct
current voltage supply resistor combination {i2.
The screen {12 and plate 114 are respectively con-
nected to successively higher positive potential
points on the resistor combination. The inner
grid 115 is couplad to the plate cireuit of oscillator
tube {18 by blocking condenser {i7, resistor {18
and tank coil {18, while resistor {20 returns grid
i15 to the cathode {41!, The signal grid {21 is
coupled through condenser 122 to the plate 123
of a tube {24, of the 6SK7 type, for example, which
functions as a gain compressor and is s¢ desig-
nated. The oscillator tube {18 may be of any
suitable construction, and generates counstant
amplitude-constant freguency oscillations of
10,000 cycleg per second,

The cathode 125 of the tube {15 is connected to
ground by bias resistor {28, while the grid 127 is
returned to ground through resistor 128. 'The
plate coil 148 is coupled to grid {27 by condenser
{25, and the center tap on coil 119 is connected
to the 4B terminal.

The signals passing low pass filter 33 (from zerc
to 4000 cycles per second) are applied through
transformer 38, potentiometer slider 138 and cou-
pling condenser (3{ to the signal grid 182 of
compressor tube {24, The potentiometer resistor
130’ shunis the secondary winding of transformer
38. The screen and plate of tube {24 are con-
nected through respective resistors §22 and 124
to the +B terminal of the direct current supply
source. The audio voltage develeped across re-
sistor 134 and covering a band of from zero to
4000 cycles per second, is applied to sighal grid
£2f. The signal grid {32 is returned to the
groundsd end of cathode resistor {35 nver a path
ineluding resistor (38, lead 127, slider 138 and
resistor £38. The latisr resistor is the output
load of diode rectifier 148, {4i. The signal grid
12§ of modulator {48 is returned to the grounded
end of cathode {{l over a path comprising re-
sistor 162, lead 143, slider 144 and resistor (46,
The latter resistor is the output lcad of dicde
rectifier 146, {47. Each of load resistors {39 and
145 is shunted by respective audio frequency by-
rass condensers 139’ and 145,

The signals applied o grid 121 and osecillations '

applied to grid {i5 are mixed by virtue of elec-
tronic coupling in tube 140, There is produced
in the plate circuit of tube 1{8 the sum and dif-
ference components of the signal frequencies and
oscillator frequeney. The transformer 25 applies
these components to high pass filter 58. The
inversion of the 0-4009 cycle band to a 6000
10,000 cycle band is accomplished in this manner.

To carry out the contrel funetion, a predeter-
mined magnitude of input signal at transformer
2§ is amplified by cascaded amplifier tubes {48
and {49. Potentiomster {58, connected across
the secondary of transformer 38, controls the
intensity of signal applied to the grid t8{. Tri-
odes 148 and {4% may be, for example, of the
8J5 type, and the plates thereof are connected
through like resistors 152 and 152’ to the +R
terminal, The signal grid of tube {48 may be
adjustably coupled to coupling resistor 153 whose
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upper end is connected by blocking condenser 154
to the plate end of resistor {52.

The amplified audio voltage across resistor 152’
is applied by coupling condenser {53 to the rec-
tifiers 149, {4i and 146, {47, The rectifiers may
be separate tubes, or may have the electrodes
thereof located in a common tube envelope {56,
as in the case of a 6H6 type tube. The cathode
{41 is connected to the output terminal of con-
denser 155, while anode {435 is connected to the
ungrounded end of load resistor (239. Accord-
ingly, there is applied to signal grid {32 a recti-
fied voltage which becomes increasingly negative
in polarity as the signal amplitude at transformer
26 increases. The anode (46 of the second dicde
is connected to condenser (55, while its cathode
i47 is connected to the upper end of load resistor
t48. The signal grid 12! will, therefore, have
applied thereto a rectified voltage which becomes
increasingly positive in polarity as the signal am-
plitude at transformer 38 increases.

The signal grid {21 is given a normal negative
bias (adjustment of slider 112’) such that only a
small amount of 10,080 cycle oscillatory voltage
may be developed at plate {{4. In other words,
the normal negative bias on grid 12¢ causes the
space charge in front of grid {15 to increase
thereby to reduce the effect of the 10,000 cycle
carrier on the electron stream flowing to plate
fi4, When the signal amplitude at transformer
3% is low the rectified voltage across resistor 145
is small and the positive bias applied to grid 124
by this resistor is also small. When the signal
strength at transformer 2§ increases, the bias of
zrid ¢2{ becomes more positive. Hence, the bias
of grid {2{ will vary to permit signals of higher
intensity to increase the effect of the oscillator
on the electron stream of tube #1480,

The average bias of grid {12! is thus varied in
direct dependence on the input signal amplitude.
There is always provided sufficient carrier at the
modulator to permit modulation. The purely
pictorial wave forms of Figs. Ta and 7b show the
effect of control of the average bias of control
grid (21. Fig. Ta shows the wave form of moedu-
lated carrier output of modulator {{® when con-
trol is applied, whereas Fig. 7b shows the same
wave form in the absence of control. It will be
noted that in Fig. 70 low intensity modulations
are carried by large carrier amplitudes, whereas
in Fig, Tq the carrier amplitude shows a pro-
nounced drop with low intensity modulation.

As the carrier effect is varied in response to
signal amplitude variation, the modulator out-
put is no longer proportional to the original
audio modulating voltage. To overcome this de~
fect, the signal grid of compressor tube 124 is
provided with the signal-responsive bias de-
veloped at resistor 138. The control in this in-
stance is in a polarity sense such as to decrease
the gain of tubs {24 as the signal amplitude in-
creases and the modulator output increases.
Hence, the increase in modulation amplitude of
the modulator tube due fo “expansion” is re-
duced or offset by “compression” in the tube 124,
However, the effect of compression at tube 124
is merely to reduce the effective signal intensity
at grid (2! as the effect of the carrier voltage
at the modulator tube increases.

Summing up the action of the control sys-
tem of Fig. 8§, the effect of a bias change on grid
{21 is to vary the ratio of audio to carrier, rather
than to vary the oscillator output. We have
found that without the system of Fig. 6, the
noise level of the reproduced signals is too high
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at low levels of modulation.  ‘With the .control
system a high modulation level is maintained at
a1l times.

- While we have indicated and described several
systems for carrying our invention into effect,
it will be apparent to one skilled in the art that
our invention is by no means limited to the par-
ticular organizations shown and described, but
that many modifications may be made without
departing from the scope of our invention.

What we claim is:

1. In a stereophonic sound reproducing sys-
tem, a spacsd »nair of transducers for providing
separate sais of signals corrssponding to the
sound waves reaching them, recording device, a
low pass filter connected to one of the itrans-
ducers and to said recording device and passing
a predetermined band of sudis freguencies, a
filter connected to the second transducer and
adapted to pass a similar band of audio frequen-
cies, inverting means for inverting the frequen-
eies of the second band, and means for feeding
the inverted band of audio frequencies to said
cutter device. .

. 2. A sound reproducing system comprising in
combinstion, a recording device having an ex-
tended freguency response range, a first trans-
fer network connected to said recording device,
input elements connected to said first transfer
network for providing a first set of signals, a
band pass filter conneeted in said first transfer
network for passing a first predetermined band
of frequencies, a second transfer network con-
nected to said recording device, input elements
connected to said second transfer network for
providing a second sst of signals, and inverting
means connected in said second transfer network
for inverting the frequencies of the second set
of signals whereby the inverted frequencies oc-
cupy a second limited band of frequencies with-
in said response range bui distinct from said
fArst predetermined band.

3. A sound reproducing system as defined by
claim 2, in which the second transfer network

also includes a hand pass filter circuit, one of 45

said band pass circuits being a high pass filter
adapted to transmit solely the band of higher
frequencies in said response range and the other
band pass circuit being a low pass filter adapted
to transmit solely the band of lower audio fre-
guencies in said response range.

4, A sound reproducing system as defined by
claim 2, in which the inverting means includes
a mixer circuit connected in said second trans-
fer network and an oscillator circuit connected
to said mixer . circuit.

5. A sound reproducing system as defined by
claim 4, in which a band pass filter is connected
between said mixer and said recording device in
said second channel for selecting signals within
said second limited band of frequencies from the
output of said mixer.

6. A sound reproducing system comprising in
combination, a recording device having an ex-
tended freguency response range, a first trans-
fer natwork connected to said recording device,
input elements connected to said network for
providing a fvst set of audio frequency signals,
a band pass filter connected in said network for
passing only a first band of frequencies within
said response range, a second transfer network
connected to said recording device;, input ele-
ments for providing a second set of-audio fre-
quency signals connected to said second transfer

cireuit,; a mixer circuit connected in said second :
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transfer circuit, an oscillator circuit connected
to said mixer, and a band pass filter -circuit
connected in said second transfer network to the
output of said mixer to select a band of inverted
frequency signals corresponding to said second
set of signals and within said response range.

7. A sound reproducing system as defined in
claim 6, in which the first transfer network in-
cludes a band pass filter passing a band of sig-
nal frequencies within said response range but
distinet from the inverted frequency signal band.

8. A sound reproducing system as defined in
claim 7 in which the filter in said first transfer
network has a high pass band charactetristic, and
the filter in said second transfer network has a
low pass band characteristic.

9. A sound reproducing system as defined in
claim 8 in which a third band pass filter is con-
nected in said second transfer network succeeding
said mizxer circuit having a pass band including
the frequency of oscillations in said oscillator
circuit.

10. A system as defined in claim 7 in which
means is provided for automatically controlling
and reducing the oscillator circuit output level
at low modulation levels thereby relieving sus-
tained high intensity high frequency operation
of said input elements.

11, A sound reproducing system as defined in
claim 6 including means for varying the average
amplitude of signals in said second transfer net-
work in accordance with signal amplitude at said
mixer circuit.

12. In a stersophonic sound reproducing sys-
tem, o spaced pair of reproducers for reproduc-
ing separate sets of signals corresponding to
sound waves, a record device, a means for pick-
ing up signals recorded on said device within an
extended frequency response range, a band pass
filter connected between said means and one of
said reproducers for passing a band of signals
within said range, a second filter connected be-
tween said means and the second of said re-
producers for passing a different band of sig-
nals within said range, and inverting means con-
nected to one of said filters for inverting the fre-
quencies of the signals within the band of the
said filter.

13. A sound system for reproducing records of
different sets of signals recorded within an ex-
tended frequency response range on g single re-
cording comprising in combination, record trans-
ducing means having a frequency response range
corresponding to said extended range, a signal
transfer network connected to said transducing
means, a signal reproducing means connected
to said transfer network for reproducing signals
in one of said sets, a band pass circuit connected
in said network, frequency inverting means con-
nected in said network, and a selective filter cir-
cuit connected in said network for passing to
said reproducing means signals in only one of
said sets.

14. A sound system as defined in claim 13 in
which a second signal transfer network is pro-
vided including a band pass circuit connected
with the transducing means for directly passing
to.the reproducing means signals in the second
of said sets.

15. A sound reproducing apparatus for records
having recorded an extended frequency range of
signals including separate bands devoted to ‘in-
dividual signal sets, record transducing means
having a frequency response over said exfended
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frequency range, signal reproducing means, a
signal transfer network including a band pass
circuit connected between said transducing means
and said reproducing means, said band pass cir-
cuit for passing a band of signals correspond-
ing to one of said individual signal sets, recti-
fying means connected in said transfer network,
and g band pass filter connected between said
rectifying means and said reproducing means,
a second fransfer network including a second
band pass circuit connected between said trans-
ducing means and said reproducing mesns, said
second band pass circuit for passing a band of
signals corresponding to a second of said sepa-
rate band of signals.

16. Apparatus as defined in claim 15 having
a second transfer network including a second
band pass circuit connected between said trans-
ducing means and said reproducing means, said
second band bass circuit for pasging a band of
signals corresponding to a second of said separate
bands of signals.

17. Apparatus as defined in claim 15 wherein
said last mentioned band pass filter has a sharp
high frequency cut off characteristic.

18. Apparatus as defined in claim 15 having
means for selectively connecting to saig repro-
ducing means either said first or said second
transfer network.

19. A stereophonic sound reproducing system a0

comprising in eombination, a plurality of spaced
signal reproducers for independently reproduc-
ing separate sets of stereophonically related sig-
nals, a record transducing means having a fre-
quency response of wan extended frequency
range, a signal transfer network connected be-
tween said transducing means and one of said

forl
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reproducers, a first band pass circuit connected
in said network, a rectifying means connected
in said network, and a second transfer nstwork
including a second band pass circuit connected
between said transducing means and a second of
said reproducers for directly supplying a dif-
ferent stereophionic signal set.

20. A system as defined in claim 18 in which
the first band pass circuit has a low pass char-
acteristic and a low frequency cut off, said rec-
tifying means is connected to said low band pass
circuit, a third high pass band circuit is con-
nected between said rectifier and said reproducer
t0 pass substantially only demodulated signals,

15 and said second band pass circuit has a high pass

characteristic and a high frequency cut off.
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