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Description

BACKGROUND OF THE INVENTION

[0001] In the production of recordings of music, lyrics
and spoken words and in the transmission of the sonic
signals related thereto, efforts have been made to
present to a listener as close as possible a representa-
tion of the original sound.

[0002] In many processes the analog sound signals
are digitized and reconverted to analog sound and
equipment for playing the sounds and, generally, not ca-
pable of producing a true representation of the sonic sig-
nals as originally produced in musical presentations or
ordinary speech. The equipment frequently, due to wear
and other factors affecting ability of to reproduce the
sounds is or becomes faulty, and efforts have been
made to enhance the sound reproduced in various sys-
tems which limit the faithful reproduction of the original
sound.

[0003] Much effort and development have been ex-
pended in the effort to improve the audio equipment in-
cluding speakers and multichannel reproducing devices
so as to distribute the sound waves in ways that are
compatible with the sound perceptions of a listening au-
dience.

[0004] All of these efforts are directed towards the
goal of improving the quality of sound as presented to
the listener.

[0005] The present invention is as claimed in the
claims.
[0006] The present invention is directed towards en-

abling adjustment of the quality of the sonic signals pro-
duced in sound transmission, listening, recording and
playback of sonic signals, by adding to the signals de-
sirable characteristics either not played or which im-
prove the sound received, for example by adding rever-
beration, balancing the signal and adding second har-
monics.

[0007] Thisinventionis applicable to systems for play-
back, transcription and transformation of sonic signals.
The invention is applicable to systems for transforming
sonic signals fed through headphone type output circuit
means including means for increasing, maintaining, or
decreasing the impedance to such signals received
from sonic signal headphone output circuit means and
for passing the signals, after adjusting the impedance
to them, as necessary, through microphone type input
means or recording input circuit means which are includ-
ed in a playback or record/playback means for sonic sig-
nals such as a magnetic tape cassette deck or a video
cassette recorder (VCR) or a compact disc player.
[0008] The invention is also applicable to processing
a sonic signal prior to its recordal on a chosen medium.
[0009] In preferred embodiments, these systems in-
clude headphone means that can be linked to the head-
phone output means of a system for playback and re-
cording of sonic signals. Preferably, such headphone
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means include means for increasing and/or decreasing
the impedance to sonic signals from sonic signal head-
phone output means. Such increasing/decreasing
means is preferably an adjustable potentiometer that
can provide at least 200 ohms, preferably at least 5 kilo
ohms in resistance to sonic signals from the headphone
output means. Such headphone means can also include
speaker means to which the sonic signals pass from the
potentiometer then pass to sonic signal microphone in-
put means or sonic signal recording input means, either
directly from the potentiometer means or from the po-
tentiometer means, via sonic signal headphone speaker
means to the microphone input means or recording in-
put means.

[0010] In some embodiments, the sonic signal trans-
forming means of this invention is linked, at one end, to
the headphone output means for a sonic signal record/
playback device such as a magnetic tape cassette deck
and, at the other end, to the microphone input means or
recording input means or even speaker means such as
a magnetic tape playback record means, a VCR or a
compact disc player.

[0011] The sonic signals coming from a source such
as magnetic tape, aradio, a record player, or digital com-
pact disc player can be improved by adjusting the
means for controlling the sonic signal level output from
the system including the relatively high sonic power lev-
el input circuit by adjusting the means for controlling
sonic signal level input to the system including the rela-
tively low sonic power level output circuit.

[0012] Preferred embodiments of such systems can
permit the sonic signal output level from the headphone
output circuit means to be as low as minus 71 decibels
and the input level at the microphone input circuit means
as high as plus 9 or 10 decibels. By appropriate adjust-
ment of the signal level at the headphone output circuit
means, and at the microphone input circuit means or
recording input means, signal-to-noise ratio in sonic sig-
nals to be played back or transcribed can be substan-
tially improved with substantially no reduction,in fidelity
or quality.

[0013] Embodiments of the invention include systems
which are self contained, say in a stereophonic tape or
disc player device, or other devices in which self con-
tained systems for enhancement of analog or stereo-
phonic sound is desired, based upon the circuit of Figure
5.

[0014] Thisinvention can be better understood by ref-
erence to the drawings, in which:

Fig. 1 shows a preferred embodiment of the system
of this invention including headphones with adjust-
able potentiometers linked, on one end, to the head-
phone output means of a magnetic tape cassette
record/playback device, and, at the other end to the
microphone input of a similar device;

Fig. 2 shows the wiring inside the headphones de-
picted in Fig. 1;
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Fig. 3 shows a system for playback of recorded son-
ic signals with improved fidelity and quality and im-
proved signal-to-noise ratio;

Fig. 4 is a block diagram of another embodiment of
the system of this invention for transforming the au-
dio portion of a television signal that includes both
audio and video portions by means of a video cas-
sette recorder; and

Fig. 5 is a schematic, illustrating the fundamental
components of the invention.

DESCRIPTION OF THE PREFERRED
EMBODIMENTS

[0015] In Fig. 1, a conventional sonic signal record/
playback device such as a cassette tape playback de-
vice is joined,via leads 2 and 3, to headphone set4 com-
prising headphones 5 and 6 joined to one another by
strap 7. Headphones 5 and 6 include adjustable poten-
tiometers having rheostats 9 and 10. Headphone 6 and
7 are linked, via leads 11 and 12, to the microphone in-
puts 12 and 13 of sonic signal record/playback device
14.

[0016] Fig. 2 shows the wiring inside each of head-
phones 5 and 6. Headphone input terminals 15 and 16
are linked to terminals 17 and 19 of adjustable potenti-
ometer 22 by leads 26 and 27. Potentiometer terminals
18 and 19 are linked to speaker input/output terminals
20 and 21 by leads 28 and 29. Speaker input/output ter-
minals 20 and 21 are linked, in turn, to terminals 24 and
25, by leads 30 and 31 to feed signals to microphone
inputs 12 and 13 of sonic signal record/playback device
14. If speaker 22 were not present, leads 28 and 29
would be wired directly to terminals 24 and 25. If nec-
essary or desirable, the speakers can be replaced with
one or more resistors.

[0017] Adjustment of potentiometer 23 by movement
of rheostat 9 permits adjustment of the impedance of-
fered to the sonic signals from headphone output termi-
nal 32, thus permitting adjustment of the signal-to-noise
ratio and improvement of the fidelity and quality of this
signal. Although sonic signal transformation means are
shown in figs. 1 and 2 as headphone external to record/
playback device 1, such a system could be internal to
tape record/playback device 1.

[0018] Fig. 3 shows a system for playback of a sonic
signal from a first source without recording of the signal,
but with improvement in its quality, fidelity, and signal-
to-noise ratio. In this system, headphones 50 are linked
by lead 51 to headphone output terminal 52 of sonic sig-
nal record/playback device 53 and, at their other end, to
microphone inputs 54 and 55 of sonic signal record/
playback device 56. In turn, the "play" terminals 59 and
60 at the back of the record/playback device 56 are
linked, via 57 and 58, to the tape input terminals 61 and
62 of amplifier 63. The speaker terminals 64 and 65 of
amplifier 63 are linked, by leads and 67, to conventional
speakers 68 and 69. By proper adjustment, preferably
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a reduction of the signal output level from record/play-
back device 53, and by proper adjustment of the signal
input at the microphone inputs of record/playback de-
vice 56, the signal-to-noise ratio, fidelity and quality of
the signals originating at record/playback device 53 can
be substantially improved.

[0019] Fig. 4 shows a system for recording a televi-
sion signal by means of a video cassette recorder. The
system includes means for transforming the audio por-
tion (but not the video portion) of the television signal.
The television signal enters the system on path 75, and
passes into tuner 76 for channel selection. The signal
then appears on path 77,and passes to intermediate fre-
quency amplifier 78, which removes the carrier, if any,
from the signal, and passes the audio portion of the sig-
nal to audio detector 79 and path 80 and the video por-
tion of the signal to video detector 81 on path 82. The
signal from the video detector 81 passes to low level
video amplifier 83 on path 84. Low level amplifier 83 pro-
duces an output video signal on path 85 to the video
cassette recorder and a signal for the automatic gain
control circuit 86 on path 87 to establish proper gain con-
trol by means of signals passing to tuner 76 and inter-
face 78 on paths 88 and 89, respectively.

[0020] The audio signal from intermediate amplifier
78 passes to audio detector 79 on path 80 and then to
the audio output amplifier 90 on path 91. The audio sig-
nal emerging from audio output amplifier 90 passes on
path 92 to output circuit 93, which, in turn, includes
means for transforming the audio signal for delivery on
path 94 to the microphone input jack of the video cas-
sette recorder.

[0021] In Fig. 5 there are shown the three fundamen-
tal components 100, 200 and 300 of the sound enhanc-
ing system, as applied to a system for reproducing ster-
eo sound applied to left and right inputs and for repro-
duction following processing of the sound signals for de-
livery to appropriate playing or recording means at left
and right outputs.

[0022] The first component 100 of the system com-
prises a circuit typical of headphone output circuits
which produce signals of relatively low impedance but
high signal power levels at the left and right inputs. Each
of the input circuits is capacitor 102 coupled to a low
value resistance and due to sound order effect in the
capacitor where high current is flowing, causes a rever-
beration effect when played through components 200
and 300 to a playback device.

[0023] At the second fundamental component 200 of
the system, the left and right high level signals are var-
iably adjustable by adjusting a potentiometer 104 caus-
ing a low to relatively center the stereo signal image and
control the creation of a second harmonic. In each side
of the circuit a 10 ohm resistor has been selected and
this resistor has the effect of drawing a large current
through the capacitor and forming a low frequency cor-
ner, as signals are balanced and supplied to a circuit
typical of low signal power level output circuit means
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300, enabling the signal to be applied to microphone in-
put circuit meters.

[0024] This is the third fundamental component 300
in each circuit and it is the pre-amp circuit. At each side
of the circuit, this comparatively low signal power level
circuit has means including means for causing and con-
trolling the addition of a second harmonic to the proc-
essed signal in response to adjustment of the level of
the relatively high signal power level supplied to the po-
tentiometer since the transistor produces harmonic dis-
tortion diminishing with each higher harmonic.

[0025] In some circuits of the type herein described,
the circuit components may cause some loss of signal
separation due to proximity or otherwise. However, in
this case, it is desired to cause a center channel effect
at 400 by including a bidirectional low pass filter means
below the two circuits.

[0026] The low level output circuit signals are at both
the left and right outputs carried to appropriate ampli-
tude adjusting means for playing or recording.

[0027] By enhancing certain aspects of a sonic signal,
it can sound better than the original. This invention en-
hances, among other aspects, the ratio of second har-
monic that is in phase with the fundamental. Once a cer-
tain percentage of second harmonics have been
reached, a further addition in second harmonic content
does not produce an additional improvement in sound
quality and this invention controls the levels of addition.
[0028] Adding second harmonics to a sonic signal
whose principle energy content is below 1500 Hz (which
is the case for the preponderance of recorded music and
spoken words) results in a signal whose perceived in-
crease in volume is greater than a strict mathematical
comparison of the original and enhanced versions
would indicate. This is because the human ear has an
increasing sensitivity to frequency from the lowest per-
ceivable (say 20Hz) up to approximately 3 kHz where it
begins to decrease. This increase is approximately 6 dB
per octave and this is believed to be the reason why the
sonic signals that are processed by the method of this
invention sound "sharper" and in better "focus" than the
original.

[0029] The combination of resistors at component
200 that connect the output means of the first compo-
nent 100 to the input means of the third component 300
function as an attenuator, so that the amount of desired
attenuation is increased accordingly. The combination
of resistors used in this invention supply on the order of
40dB of attenuation, a ratio of 100 to 1 in voltage so that
a wide range of possible input and output impedances
is possible. Advantage is taken of this fact to provide a
low impedance from the first circuit means 100 compo-
nent and a medium impedance to the third circuit com-
ponent 300.

[0030] The circuit shown in Fig. 5 produces the four
effects that result from the use of the method taught
herein as a result of the interaction or synergy between
the components of the circuit. There may be others that
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occur and produce useful effects which may be adopted
with the present invention.

[0031] The high current buffer is a circuit capable of
putting an audio signal of nominally IVrms into a low im-
pedance (less than 100 ohms). This differentiates it from
an ordinary line level buffer amplifier which is designed
to only provide low current suitable for driving a high im-
pedance load (greater than 600 ohms and usually 10K
ohms).

[0032] The capacitor coupling means in circuit 100
consists of a suitable type of capacitor, preferably an
aluminum electrolytic type. This capacitor, when used
for coupling in series with a low value resistor that pro-
vides a low frequency corner of nominally 12Hz and
when driven with high current (i.e. tens of mA), produces
a second order nonlinearity that is referred to as "rever-
beration effect". The term reverberation effect is used
because the effect on the sound is similar to an echo of
short time delay or to reverberation.

[0033] The low impedance load means at 200 is pref-
erably a 10 ohm resistor. The low value insures that the
high current buffer will drive a relatively large current
through the coupling capacitor means in order to pro-
duce the optimum reverberation effect.

[0034] The signal adjusting means, in the illustrated
series circuit are used to achieve two things:

1) to control the amount of second harmonic energy
added to the signal, and 2) to "center" the stereo image.
The amount of second harmonic added to the signal var-
ies directly with the amplitude of the signal driving the
transistor amplifier stage shown in Fig. 5.

[0035] The two potentiometers 104 are adjusted for
the desired amount of enhancement and balanced so
that the perceived center of the stereo image is half way
between the speaker associated with the left and right
outputs. Because the second harmonic added varies di-
rectly with amplitude, and because of the psychoacous-
tic characteristics of the human ear, small changes in
the difference of amplitude between left and right speak-
ers produce a more exaggerated difference in the per-
ceived position of the sound.

[0036] The second harmonic augmentation means at
300 consists of a single transistor amplifier so designed
that it adds a small amount of second harmonic energy
to a sine wave at the amplitude designated as maximum
but limits addition of undesired third harmonic.

[0037] The phantom center channel means at 400
consist of R44, R45, and C20 as shown in Fig. 5. The
generation of phantom center channel consists of mix-
ing a portion of the left channel into the right channel
and vice versa. This often occurs in stereo equipment
not deliberately but as an undesired artifact of the par-
ticular circuitry and construction. This was the case of
the equipment used in the preferred embodiment of the
original application. Further research revealed that the
mixing of left and right channel signals was due to two
main sources: 1) a low frequency component due to de-
coupling circuit design and 2) a high frequency compo-
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nent due to the physical layout of the circuitry. It was
discovered that a certain proportion of lower frequency
(i.e., less than 1KHz) mixing improved the subjective en-
joyment of the effect, and that the high frequency com-
ponent did not. Hence, in the preferred embodiment of
the device shown in Fig. 5, the phantom center channel
circuitry only couples the low frequency portion of the
left and right channel signals to each other.

[0038] The signal output means is context specific.
Depending on whether or not the amplitude of the signal
appearing at the output of the single transistor amplifier
is compatible with the level required by the follow stage
of the specific application (i.e., VCR, stereo, telephone)
an amplifier may be added to increase or decrease the
level of the signal. Similarly, depending on whether or
not the signal needs to be driven a long distance or driv-
en through cables, an amplifier is added capable of driv-
ing the additional load presented by the cables with neg-
ligible distortion. The amplifier shown in Fig. 2 labeled
"Output Amplitude and Impedance Adjustment" accom-
plishes both tasks.

[0039] The circuit shown in Fig. 5 is a preferred em-
bodiment of the patent for a stereo application. It con-
tains circuitry that reproduces each of the four distinct
effects that occur to a sonic signal when a typical head-
phone type circuit output means is connected through
a network of resistors to a typical microphone type circuit
input means as taught herein.

[0040] A typical headphone output means can supply
tens of milliamps of current and has a large aluminum
electrolytic capacitor whose value is on the order of
220uF. A typical microphone input means uses a single
transistor amplifier. The circuit in Fig. 5 uses a single
transistor amplifier typical of the type ordinarily used in
a microphone input circuit.

[0041] The significance of "increasing, maintaining or
decreasing" the impedance is twofold. By lowering the
impedance to the sonic signals, more current is drawn
through the coupling capacitor means in the headphone
type output circuit means. This has been observed to
increase the reverberation effect. By controlling the sig-
nal level to the microphone type input circuitit is possible
to control the ratio of desired second harmonic to unde-
sired third harmonic that is generated by the one tran-
sistor microphone preamplifier.

[0042] As indicated above, if desirable, the speakers
of the headphone can be replaced with one or more re-
sistors as seen in Fig. 5 by a 10 Ohm fixed 10K Ohm
variable, and 560 Ohm fixed resistor combination coop-
erative with the capacitor. The 10 Ohm resistor in con-
junction with the 220 uF capacitor forms a 12 Hz low
frequency corner which optimizes the reverb effect.
[0043] Phasing, as used herein, refers to overall de-
lay, delay at one frequency, relative delay between two
channels, or delay between all fundamentals and their
respective second harmonics. The potentiometer will in-
crease the amount of second harmonics present that is
in phase with their respective fundamentals.
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[0044] It will be apparent that the circuitry of Fig. 5
may be readily incorporated in various devices for re-
producing and enhancing sonic signals in which either
a means for producing an analog sonic signal or for con-
verting a digital signal to an analog sonic signal is asso-
ciated with the left input, as indicated in 500, or with the
input as indicated at 600. Also in certain applications
means 5600 may be provided for coverting digital to an-
alog signals supplied at both inputs simultaneously for
purpose of production of stereophonic sounds. Similar-
ly, at the outlet side, analog signals may be converted
to digital signals at converters 700 or 800 at one of the
outputs or by a means 7800 for analog to digital conver-
sion of the stereophonic signals.

[0045] Therefore the circuitry of Fig. 5 is ideally suited
for incorporation, say, in an analog cassette player or a
digital compact disc player in which only the impedance
adjustment may be made by external, manual adjust-
ment. This produces a relatively compact and econom-
ically advantageous record player by incorporation of a
circuit board and or chip construction containing the es-
sential components 100, 200, 300, and 400.

[0046] The opposite sides of the circuitry in Fig. 5 may
also be readily applied to telephone receiver/transmitter
devices by employing one side of the circuit in the re-
ceiving side of the phone, and, if desired, applying the
other side of the circuit to the transmitting side of the
phone. In such case all of the advantages of signal en-
hancement, including the reverberation effect, and the
second harmonic effect may be tuned as to the imped-
ance either externally of the phone unit or at the phone
factory under test conditions.

[0047] Other uses may include dual channel compu-
ter sound cards and other digital applications, broad-
casting and the like.

Claims

1. A sonic signal processing device comprising:
relatively high sonic power level input circuit means,

comparatively low signal power level output cir-
cuit means,

means for applying a relatively high sonic pow-
er level signal to said input circuit means,
means for receiving a comparatively low sonic
signal power level signal from said output cir-
cuit means, and

means between said input circuit means and
said output circuit means for establishing at a
set level the level of said sonic signal causing
enhancement of the quality of the sonic signal
as received.

2. Asonicsignal processing device as defined in claim
1 for processing, for example prior to reproducing
or recording, multichannel sound, wherein said in-
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put circuit means, said output circuit means and
said means for supplying and means for receiving
sonic signals are provided for separate channels,
said means for establishing at a set level the level
of said sonic signal being applied to each channel
for causing enhancement of the quality of the mul-
tichannel sonic signal at the means for receiving
said sonic signals.

A sonic signal processing device as defined in claim
1 or 2 wherein said high signal power level input
circuit means includes a capacitor for causing a re-
verberation effect in the sonic signal.

A sonic signal processing device as defined in any
one of claims 1 to 3, wherein said low signal power
level output circuit means includes means operable
in conjunction with said means for establishing at a
set level the level of said sonic signal to cause a
second harmonic effect in the sonic signal.

A sonic signal processing device as defined in claim
2, including low pass filter means interconnecting
the respective channels for producing a phantom
center channel effect.

A sonic signal processing device as defined in any
preceding claim, including a digital to analog con-
verter at said input circuit means.

A sonic signal processing device as defined in claim
6, also including an analog to digital converter at
said output means.

A sonic signal recording device including one or
more sonic signal processing devices as claimed in
any of the preceding claims, arranged to process a
received sonic signal prior to recordal of the proc-
essed sonic signal.

A sonic signal reproducing device including one or
more sonic signal processing devices as claimed in
any one of claims 1 to 7 arranged to process a pre-
recorded or received sonic signals prior to being
output to a listening user of the device.

A method of processing a sonic signal comprising
the steps of:

applying a relatively high sonic power level sig-
nal to a relatively high sonic power level input
circuit means; and

applying the output of the input circuit means
to a comparatively low signal power level output
circuit means via means for establishing at a
set level the level of said sonic signal causing
enhancement of the quality of the sonic signal
as received.
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11. A method of processing a sonic signal as claimed

in claim 10 including any or all of causing a rever-
beration effect in the sonic signal, causing a second
harmonic effect in the sonic signal or, for multichan-
nel sonic signals, producing a phantom center
channel effect.
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