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STEREO ENHANCEMENT SYSTEM

Field of the invention
This invention relates generally to audio enhancement systems, and especially those systems and
methods designed to improve the realism of stereo sound reproduction. More particularly, this invention
relates to -apparatus for broadening the sound image created from amplification of stereo signals through a

pair of loudspeakers, without introducing unnatural phase-shift or time-delays within the stereo signals.

Backaround of the Inventicn _
Those actively involved in audio or audio-visual industries have continually strived to overcome the

imperfections of reproduced sound. Presently', with the onslaught of interactive multimedia computer systems,
and other audio-visual advances, the concern over audio quality has heightened. Consequently, there are
renewed affdrts among the audio industry to develop technological improvements in sound recordings and their
reproduction. _

Imperfections of_ reproduced sound can result from, among other things, microphones which
ineffectively record sound, and speakers which ineffectively reproduce racorded sound. Attempts at sound
image enhancement by those in the relevant industries have resulted in methods which record and encode
the positional information of a sound’s origin along with the sound information itself. Such methods include
the multi-channel surround systems which operate using specially encoded audio information, and special
decoding systems to interpret the information.

Sound enhancement systems which do not require specially recorded sound are typically less
complex and much less expensive. Such systems include those which introduce unnatural time-delays or
phase-shifts between left and right signal sources. Many of these systems attempt to compensata for the
inability of a microphone to mimic the frequency response of a Ilunian ear. These systems may also attempt
to compensate for the fact that, because of the location of a speaker, the perceived direction of sound
emanating from that speaker may be inconsistent with the. original location of the sound. Although the
foregoing systems attempt to reproduce sound in a ore realistic and life-ike manner, use of such methods
have resulted in mixed results in the competitive audio enhancement field.

Other sound enhancement techniques operate on what are termed sum and difference signals. The
sum and difference signals represent the sum of laft and right stereo signals, and the difference between left
and right stereo signals, respectively. -

It is known that boosting the lavel of difference signal in a pair of stereo left and right signals can
widen a perceived sound image projected from a pair of loudspeakers, or other electroacoustic transducers,
placed in front of a listener. The widened sound image results from amplification of ambient or reverberant
sounds which are present in the difference signal. This ambient sound is readily perceived in a live sound
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stage at the appropriate level. In a reco_rded-pérfhtmancs, however, the ambient sounds are masked by the
direct sounds, and are not perceived at the same level as a live performance.

There have been many attempts to improve ambient sound information from a recorded performance
by indiscriminately i:n_crie,jsing the difference signal over a broad frequency spectrum. An indiscriminate

increase in the diffa;énqq signal, however, can undesirably affect a person’s sound perception. For example,

boosting of the difference signal in the mid-range of audio frequencies can lead to sound perception which

is overly sensitive to the'position of a listener's head. - _

A critically-acclaimed sound enhancement technique which processes the sum and difference signals
is disclosed in U.S. Patent Nos. 4,748,669 and 4,866,774 both issued to Arnold Klayman, the same inventor
for the invention :dischséd in: the present application. . o _

. As disclosed in both the ‘669 and the ‘774 pat"ants, a sound enhancement systam provides either
dynamic or fixed equaliz_é_tion of the difference signal in selemd'frequan;y bands. In such a system,
equalization of the difference signal is provided to boost the difference signal components of lower intensity
without oversmphas_izinn the stronger difference signal components. . The stronger difference signal
components are typically found in a mid-range of fraqueh__cies of approximately 1 to 4 KHz. These same mid-
range of frequencies correspond to those which the human ear has heightened sensitivity. The various
embodiments of the systems disclosed in the ‘B89 and ‘774 patents also equalize the relative amplitudes of
the sum signal in specific frequency bands to prevant'tho sum signal from bainj overwhelmed by the
difference signal. Moreover, the level of differance-signal boost provided by the *669 and ‘774 enhancement
systems is a function of the sum signal itself.

The specific advantages of selectively boosting the sum and diffafence signals in light 6f the human
auditory response c_haractitistics, is fully disclosed in detail in U.S. Patent No. 4,748,663 and U.S. Patent
No. 4,866,774. o |

- Even with the foregoing audio enhancement techniques, there is a need for an audio enhancement
system that can provide high quality stmﬁ;imaga enhancement and which can meet all of the demands of
the burgeoning computer multimedia market, and those of the audio and audio-visual markets in general. The

stereo enhancement system disclosed herein fulfilis this need.

: - Summary of the Invention
The apparatus and method disclosed herein for creating a wider sound image is an improvement aver

the related stereo enhancement systems disclosed in U.S. Patgnt Nos. 4,738,669 and 4,866,744, both of
which are incorporated by reference as though fully set forth herein. This improved system has already
achieved wide critical acclaim. For example, in the November 1984 issus of Multimedia World, one author
describes the prasent invention as something which "looks like it's going to be the_ﬁext big thing on the

. multimedia PC, and for good reason: It works.”" Moreover, with respect to the same steres enhancement
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system, the Septemhaf 1994 issue of PC Gamer magazine wiiféi:—-?-“Uf all the various advances in audio
technplngy over the past couple of years, none is as imprassive.”

Sound generated on multimedia computer systems is typically retrieved as digital information stored
on a CD-ROM, or on some other digital storage medium. Unlike analog sound-storage media, digital sound
information, and in particular stereo information, is more accurately stored across a broader frequency
spectrum. The presence of this information can have a significant impact on methods of stereo enhancement.
In addition, amplification or enhancement of such digitally-stored sound may tend to overdrive computer audio
amplifiers or computer speakers, which may be relatively "low-power” devices. This concern is particularly
relevant in the lower, i.e., bass, frequencies where over-amplification can cause amplifier "clipping,” and may
severely damage the low-power speakers of computer systems or television sats.

Accordingly, a stereo enhancement system is disclosed which produces a realistic stereo image
projected across a larger listening area. Th_e resulting stereo enhancement is particularly effective when
applied to a pair of speakers placed in front of a listener. Howaver, the enhancement system disclosed
herein may also be used with any of the current surround-sound type systems to help broaden the overall
sound image and remove identifiable point sources. '

Creating an award-winning stereo sound image which envelopes the listener is accomplished through
a surprisingly simplistic circuit structure. In a preferred embodiment, the stereo enhancement system
comprises a. circuit for isolating the ambient signal information, i.e., difference signal, and the monophenic
signal information, i.e., sum signal, froin left and right input source signals. The amplitude levels of the sum
and ditference signals may be fixed at a predetermined level or they may be manually adjusted by an operator

‘of the stereo enhancement system. In addition, the left and right input source signals may be actual or
- synthetically generated stereo signals.

The ambient signal information is spectrally shaped, or equalized, to enhance the frequency
components which are statistically of low-intensity. Equalization‘ of the low-intensity ambient signal
components occurs without inappropriately boosting the corresponding mid-range frequency components. In ‘
sound systems which may be unable to accommodate excessive ambient-signal gain among the bass
frequencies, a high-pass fiiter limits the amplification of these frequency components.

Shaping of the ambient signal information enhances the reverberant sound effects which may be
present in the ambient signal information but masked by more intense direct-field sounds. The equalized

~ ambient signal information is recombined with the manophonic signal information and the left and right input

signals, respectively, to generats enhanced left and right output signals.
The enhancement system disclosed herein may be readily implemented by a digital signal processor,
with discrete circuit components, or as a hybrid circuit structure. Because of its unigue circuit structure and

accommadation of low-power audio devices, the enhancement system is particularly desirable in audio systems
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- which are inexpensive, thosa which operate with relatively low-power output signals, and those which have

limited space for incorporating an enhancement system.

. Brief Description of the Drawings

The ghuve and other aspects, features, and advantages of the present invention will be mare

. apparent from the following particﬁlar description thereof presented in conjunction with the folldwing

drawings, whersin: L . _ :
. Figure 1 is a schematic block diagram of a stereo enhancement system for generating a broadened
stereo ,iniag'e from a pair of input stereo signals. _
| Figure 2 is a graphical display of the frequency response of a perspective enhancement curve applied
to the differenca:sighal sterao component. j _ _ |
 Figure 3 is a schematic diagram of a preferred embodiment of a stereo enhancement system for

.generating a broadened stereo image from a pair of input- stereo signals.

Figure 4 is a schematic diagram of an aiternative smbodiment of a stereo enhancement system for
generating a broadened stereo image from a pair of input stereo signals.

Detailed Description of rred Embodim

Referring initially to Figure 1, a functional block diagram is shown depicting a pr_aferred embodiment
of the present.invention. In Figure 1, a stereo enhancement system 10 inputs a left stereo signal 12 and
a right stereo signal 14. The left and right stereo signals. 12 and 14 are fed to a first summing device 16,
8.9, an electronic adder, along paths 18 and 20, respectively. A sum signal, representing the sum of the
left and right sterao signals 12 and 14, is generated by the summing device 16 at its output 22.

The left stereo signal 12 is connected along a path 24 to an audio fiiter 28, while the right stereo
signal 14 is connected-along a path 26 to an audio fiiter 30.. The outputs of the filters 28 and 30 are fed
to a second summing device 32. The suniming device 32 génara_tes a difference signal at an output 34
which represents the differencs_ of the filtered left and right input signals. The filters 28 and 30 are pre-
conditioning high-pass filters which are designed to reduce the bass components present in the differance
signal. A reduction 'in_' difference-signal bass components is performed in accordance with a preferred
embodiment for reasons set forth below. - S

The summing device 16 and the summing device 32 form a summing network having output signals
individually fed to separate level-adjusting devices 36 and 38. The devices 36 and 38 are ideally
potentiometers or similar variable-impedance devices. Adjustment of the devices 36 and 38 is typically
performed manually by a user to control the base level of sum and difference signal present in the output
signals. This allows a user to tailor the level and asﬁact- of sterso enhancement according to the type of
sound reproduced, and depending on the user’s personal preferences. An increase in the level of the sum
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signal emphasizes the' audio signals appearing at a center itﬁhi’ positioned between a pair of speakers.

- Conversely, an increase in the level of difference signal emphasizes the ambient sound information creating

the perception of a wider sound image. In some audio arrangements where the parameters of music type
and system configuration are known, or where manual adjustment is not practical, the adjustment devices
36 and 38 may be eliminated and the sum and difference-signal levels fixed at a predetermined value.

The output of the device 38 is fed into an equalizer 40 at an input 42. The equalizer 40 spectrally
shapes the difference signal appearing at input 42 by separately applying a low-pass audio filter 44, a high-
pass audio filter 48, and an attenuation circuit 46 to the difference signal as shown. Output signals from
the filters 44, 48, and the circuit 48 exit the equalizer 40 along paths 50, 54, and 52, respectively.

The modified difference signals transferred along paths 50, 52, and 54 make up the components
of a processad difference signal, (L-R),, These components are fed into a summing network compriging a
summing device 56 and a summing device 58. The summing device 58 also receives the sum signal output
from the device 36, as well as the original left stereo signal 12. Al five of these signals are addaed within
the summing device 58 to produce an enhanced left output signal 60.

' Similarly, the modified difference signals from the equalizer 40, the sum signal, and the original right
stereo signal 14 are combined within the summing device 56 to produce an enhanced right output signal 62.
The components of the difference signal originating along paths 50, 52, and 54 are inverted by the summing

" device 56 to produce a difference signal for the right speaker, (R-Llp, which is 180 degrees out-of-phase from
~ that of the left speaker.

The overall spectral shaping, i.e., normalization, of the differenca signal occurs as the summing
devices 56 and 58 combine the filtered and attenuated components of the differsnce signal to éreata the left
and right output signals 60 and 62. Accordingly, the enhanced left and right output signals 60 and 62
produce a much improved audio effect because ambient sounds are selectively emphasized to fully encompass
a listener within a reproduced sound stage. The left and right output signals 60 and 62 are represented by

the following mathematical formulas:

L = L + Ki(L+R) + K(L-R), : o
Ru = By + KiL+R) - KAL), 2

It should be noted that input signals L, and R, in the equations: above are typically stereo source
signals, but may aiso be .synthaticallvgenqlatad from a- monophonic source. One such method of stereo
synthesis which may be used witir the present invention is disclosed in U.S. Patent No. 4,841,572, also
issued to Arnold Klayman and incorporated herein by reference. - Moreover, as discussed in U.S. Patent No.

4,748,669, the enhanced left and right output signals represented above may be magnetically or electronically

stored on various recording media, such as vinyl records, compact discs, digital or analog audio tape, or



WO 96/34509 _ PCT/US96/05837

.10

15

20

25

30

35

3

computer data sthragg media. Enhanced left and right output signals which have been stored may then be

reproduced by a conventional stereo reproduction system to achieve the same level of stereo image

enhancement, . . _ _ :

The s,ignal:_(l.:'-._m, in the equations above represents the processed difference signal which has been
spectrally sha_pad . ;Iclinrding to the present invention. In accordance with a preferred embodiment,
modification of tha_-.dif_f_qrencn signal is represented by the frequency response depicted in Figure 2, which
is labeled !hs-anh_am:a_mpnt perspective, or normalization, curve 70. _

The perspg'qt_ivg_ curivp 70 is displayed as a function of gain, measured in decibels, against audible
frequanciés displayed in log format. . According to a preferred embodiment, the perspective curve 70 has a
peak gain of apprn:_timﬁtqu 10 dB at a point A Iocqtid_ at approximately 125 Hz. The gain of the perspective
curve 70 dﬁcreasés ahove and below 125 Hz at a rate of approximately 6 dB per octave. The perspactive
curve 70 applies a- minimum gain of -2 dB to the difference signal at a point B of approximately 2.1 Khz, .

_ The gain increases al':o'v_nlz.l Khz at a rate of 6 dB per octave up to a point C at approximately 7 Khz, and

then continues to increase up to approximately 20 Khz, i.e., approximately the highest frequency audible to
the human ear. Although the overall equalization of the perspective curve 70 is accomplished using high-pass
and low-pass filters, it is possible to also use a band-rejection filter, having a minimum gain at point B, in
conjunction with a high-pass filter to obtain a similar perspective curve.

_In a preferred émhndiment, the gain separation between points A and B of the perspective curve
70 is ideally designed to be 12 iIB, and the gain separation between points B and C should be approximately
6 dB. These fiuui__a;] are design constraints and the actual figures will likely vary from circuit to circuit
depending.on the a’r.ti_ial valus of components used.. If the signal lavel devices 36 and 38 are fixed, then the
parspacfiva curve 70 will remain constant. However, adjustmt_i_nt of the device 38 will slightly vary the gain

. separation between points A and B, and points B and C. If the maximum gain separation s significantly less

tha'p 12 dB,. tha;lsiukino_ effect is_an increase in the mid-range amplification which can create an

.uncomfortable ﬁstehinﬁ experience. Conversely, a gain separation much larger than 12 dB tends to reduce

a listener’s parception of mid-range definition.

__lmplementhtion of the perspective curve by a digital signal processor will, in most cases, mare
accurately reflect the design constraints discussed above. For an analog implementation, it is acceptable if
the frequencies corre‘_spdnding to points A, B, and C, and the constraints on gain separation, vary by plus
or minus 20 percent. Such a deviation from: the ideal specifications will still produce the desired stereo
enhancement effect, altﬁdug’h with less than optimum resuits.

As can be seen in Figure 2, difference signal frequencies below 125 Hz receive a decreased amount
of boast, if any, thr:uugh';tha application of the -pgr_sp_ectiva_' curve 70. This decrease is intended to avoid
over-amplification of veﬁ low, i.e., bass, frequencies. With many audio reprqddction systems, amplifying an
audio difference signal in this Iow~f_requenc'y_ range can create an unpleasurable and unrealistic sound image
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having too much bas’é"'-'-l'-"éi‘iponse. These audio reproduction syis include near-field or low-power audio

systams, such as multimedia computer systems, as well as homi stereo systems.

The stereo enhancement provided by the present invention is uniquely adapted to take advantage
of high-quality stereo recordings. Specifically, unlike previous analog tape or vinyl album recordings, today's
digitally stored sound recordings contain difference signal, ie. stereo, information throughout a broader
frequency spectrum, including the bass frequencies. Excessive amplification of the difference signal within
these fraquencies is thersfore not required to obtain adequate bass response.

Currently, there is a rapidly-increasing number of interactive multimedia computer systems owned

by the ordinary consumer and those in business afike. These systems often contain integrated audio

‘processors or peripheral sound devices, such as sound cards, to enhance their audio-visual effect. ‘Sound

produced by multimedia computers, and other near-field audio systems such as portable stereo systems, can
be of relatively low quality because of power limitations, spaaker-placement limitations, and listening-position
limitations imposed by such systems. Although these limitations make near-field systems viable candidates
for sound image enhancement, théf also impose unique problems which must be overcome by any sterso
enhancement system.

Specifically, a large draw of power in these systems may cause amplifier "clipping™ during periods
of high boost, or it may damage components of the audio circuit including the speakers. Limiting the bass
response of the difference signal also helps avoid these problems in most near-field audio enhancement

- applications.

Because the bass frequencies of the difference signal are not highly boosted in accordance with a

~ preferred embodiment, audio information in the very low frequencies will also be provided by the sum signal,

L+R, which is of course monophonic. In near-field systems this is of no concern because bass information
applied to a pair of speakers as a sum signal will create an acoustic image in between the two speakers -
precisely where the listener is expected th be. Nevertheless, the left and right signals do supply bass
information and provide bass directional cues in the near-field through their corresponding amplitude levels.

Even if an audio system is not a near-field system, ie, it has widely separated speakers and a large
listening area, the perspactive curve depicted in Figure 2 will still provide adequate low-frequency image
enhancement. Spacifically, bass frequencies have very large wavelengths which raquire a large listening aréa
to effectively perceive a broadened bass sound image. For example, a frequency of 30 Hz has a wavelength
of approximately 39 feet. A listener attempting to perceive direction in such bass frequencies would require
a listening area of the same order. Consequently, stereo enhancement accomplished with the perspective
curve of Figure 2 is also suitable for homs sters and other far-field applications.

In the absence of sum-signal eqdalizatinn, stereo enhancement can be achieved, in accordance with

the acoustic principles discussed herein, with a minimum of components given the proper circuit design. The
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present invention, therafore, can be readily and inexpensively implemented in numerous applications including
those having limited available space for housing a sterso ahhancament circuit.

Figure 3 depicts. a circuit for creating a broadened stereo sound image in accordance with a

- preferred embodiment of the present invention. The stereo enhancement circuit 80 corresponds to the system

10 shown in Figure 1. In Figure 3, the left input signai 12 is fed to a resistor 82, a resistor 84, and a
capacitor 86.  The right i_nput signal 14 is fed to a capacitor 88 and resistors 90 and 92.

The resistor 82 is in turn connacted to an inverting terminal 94 of an amplifier 96. The same
inverting terminal 84 is also connected to the resistor 92 and a resistor 98. The amplifier 96 is configurei
as a summing amplifier with the positive terminal 100" connected to ground via a resistor 102. An output
104 of the amplifier 96 is connected:to the positive input 100 via a feedback resistor 106. A sum signal

- {L+R), representing the sum of the left and right input signals, is generated at fhe output 104 and fed to

one end of a variable resistor. 110 which is grounded at an opposite end. For proper summing of the left
and right input signals by. the amplifier 98, the values of resistors 82, 92, 98, and 106 in a preferred
embodiment are 33.2 kohms while resistor 98 is preferably 16.5 kohms.

A sacond amplifier 112 is configured as a "difference” amplifier. The amplifier 112 has an inverting

- terminal 114 connected to a resistor 118 which is in turn connected in series to the capacitor 86. Similarly, -

a positive terminal 118 of the amplifier 112 receives the right input signal through.the series connection of
a resistor 120 and the capacitor 88. The terminal 118 is also connected to ground via a resistor 128. An
output terminal 122 of the amplifier 112 is connected to the im)ening terminal through a feedback resistor
124. - The output 122 is also connected to a variable resistor 126 which is in turn connected to ground.
Although the ampiifier 112 is configured as a "difference" amplifier, its function may be characterized as the
summing of the right input signal with the negative left input.sighal. Accordingly, the amplifiers 96 and 112 -
form a summing network for generating a8 sum signal and a diff_erem: signal, respectively.

-~ The two series connacted Hc networks comprising elements 86/116 -and 88/118, respectively,
operate as high-pass filters which attenuate the very low, or bass, frequencies of the left and right input
signals. To obtain the proper fréquancy response for the perspective curve 70 of Figurs 2, the cutoff

_ frequency, w,, or -3 dB frequency, for the high-pass filters should be approximately 100 Hz. Accordingly,

in a.prefarred embodiment, the capacitors 88 and 88 will have a capacitance of .1 micro-farad and the
resistors 116, 120 will have an impedance of approximately 33.2 kehms, Then, by choosing values for the
feedback resistor 124 and the attenuating resistor 128 such that:

Rm,ﬁf . | ®

RIZS Ri24

the output 122 will represent the right difference signal, (R-L), amplified by a gain of two. As a result of

the high-pass filtering of the inputs, the difference signal at the output 122 will have attenuated low-
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frequency companents Eéibiiv approximately 125 Hz decreasing afar%te of 6 dB per octave. It is possible

 tofilter the low frequency components of the difference signal within the equalizer 40, instead of using the
-~ fiiters 28 and 30 (shown in Fig. 1), to separately filter the left and right input signals. Howaever, because
- the filtering capacitors at low frequencies must be fairly large, it is preferable to perform this filtering at the

input stage to avoid loading of the preceding circuit.

It should be noted that the difference signal refers to an audio signal containing information which

s present.in one input channel, i.e., either left or right, but which is not present in the other channel. The

particular phase of the difference signal is relevant when détermining the final makeup of the output signal.
Thus, in a general senss, the differenca signal signifies both L-R and R-L, which are merely 180 degrees out-
of-phase. Accordingly, as can be appreciated by one of ordinary skill in the art, the amplifier 112 could be

* configured so that the difference signal for th left output (L-R) appears at the output 122, instead of (R-L),
as fong as the difference signals at the left and right outputs are out-of-phase with respect to each other.

The variable resistors 110 and 126, which may be simple potentiometers, are adjusted by placement
of wiper contacts 130 and 132, respectively. The level of difference signal present in the enhanced output
signals may be controlled by manual, remote, or automatic adjustment of the wiper contact 132. Similarly,
the level of sum signal present in the enhanced output signais is determined in part by the position of the

" wiper contact 130.

The sum signal present at the wiper contact 130 is fed to an inverting input 134 of a third
amplifier 136 through a series-connected resistor 138. The same sum signal at the wiper contact 130 is
also fed to an inverting input 140 of a fourth amplifier 142 through a separate series-connected resistor 144.
The amplifier 136 is configured as a difference amplifier with the inverting terminal 134 connected to ground
through a resistor 146, An output 148 of the amplifisr 136 is aiso connected to the inverting terminal 134
via a feedback resistar 150.

A positive terminal 152 of the ampiifier 136 provides a common node which is connected to a group

‘of summing resistors 156 and is also connected to ground via a resistor 154. The level-adjusted differsnce

signal from the wiper contact 132 is transferred to the group of summing resistors 156 through paths 160,
162, and 164. This results in three separately-conditionad difference signals appearing at points A, B, and
C, respectively. Thesa conditioned difference signals are then connectad to the positive terminal 152 via

- resistors 166, 168, and 170 as shown.

At point A along the path 160, the Iiveladiusted difference signal from wiper contact 132 is

.transferred to the resistor 166 without any frequency-response modification. Accnrdinuly, the signal at point
" A is meraly attenuated by the voitage division between the resistor 166 and the resistor 154 Ideally, the
~ lavel of attenuation at node A will be -12 dB relative to a 0 dB reference appearing at node B. This level

of attenuation is implemented by the resistor 166 having an impedance of 100 kohms and the resistor 154
having an impedance of 27.4 kohms. The signal at node B represents a filtered version of the level-adjusted
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differenc_e_ signal appearing across a capacitor 172 which is cnri,nacted to ground. The RC network of the
capacitor 172 and a resistor 178 operate as a low-pass filter with a cutoff frequency determined by the time
constant of the natwq,rk_'.' . In accordance with a preferred embodiment, the cutoff frequency, or -3 dB
frequency, of this low-pass filter is approximately 200 Hz. Accordingly, the resistor 178 is preferably 1.5
kohms and the capacﬁoi 172 is .47 microfarads, a_hd_ the drive resistor 168 is 20 kohms.

AtnodeC, a ,h_i’q_;_hfp_ass filtered diffarence signal is fed through the drive resistor 170 to the inverting

.terminal 152 of the a_ti_gpli'ﬁqr 136.. The high-pass filter is designed with a cutoff frequency of approximately

7 Khz and a relative ga_:_li_n_' to node B of -8 dB. Specifically, the capacitor 174 connected between node C and
the wiper bonta_ct 132 has a value of 4700 picofarads, and the resistor 180 connected between node C and
ground has a value of ;3,?4 kohms. _

- The modified@if_fgtsncq_s_ig_nal_s present at circuit locations A, B, and C are also fed into the

_inverting terminal 140 of the alppli_fi_et.uz through resistors 182, 184 and 186, respectively. The three
- modified_difference signals, the sum signal and the right input signal are provided to a group of summing

resistors 188 which are in turn connected to the _impliﬁ_ar’ 142, The amplifier 142 is configured as an
inverting amplifier having a positive terminal 190 connected to ground and a feedback resistor 192 connected
between the: terminal 140 and an output 1'9_4._ To.achieve proper summing of the signals by the inverting
amplifier 142, the resistor 182 has an imped'ance of 100 kohms, the resistor. 184 has an impedance of 20
kohms, and the resistor 188 has an impedance of 44.2 kohms. The exact values of the resistors and
capacitors in the stereo énhancement system may be altered as long as the proper ratios are maintained to
achieve the correct level of enhancement. Other factors which may affect the value of the passive
components are the -pm)_:et_ requirements of the enhancement system 80 and the characteristics of the
amplifiers 104, 122, 136; and 142. ,

In operation, the modified difference signals are.iecnmbined to generate output signals comprised
of a processed difference signal. Specificallv. difference signal companents found at points A, B, and C are
recombined at the terminal 152 of the difference amplifier 136, and at the terminal 140 of the amplifier 142,
to form a processed difference signal (L-R),. The signal (L-R), represants the difference signal which has been
equalized through applic'étinh_of the perspective curve of Figure 2. Ideally then, the perspective curve is

- characterized by a gain of 4 db at 7 Khz, a gain of 10 dB at 125 Hz, and a gain of -2 dB at 2100 Hz.

The amplifiers 136 and 142 operate as mixing amplifiers which combine the processed difference
signal with the sum signal and sither the left or righ_t input signal. The signal at the output 148 of the
amplifier 136 is fed through a drive rasistor 198 to produce the enhanced left output signal 60. Similarly,
the signal at the .outpﬁt. 194 of the ampli_fier 142 travels through a drive resistor 198 to produce the
enhanced right output signal 62. The drive resistors will typically have an impedance on the order of 200
ohms. The enhanced left and. right output signals can be expressed by the mathematical equations (1) and
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(2) recited above. The Vaiué of K, in equations (1) and {2) is ébnffﬁii&é"bi the position of the wiper contact
130 and the value of K, is controlled by the position of the wiﬁai' contact 132.
All of the individual circuit components depicted in Figure 3 may be implemented digitally through

| software rim on a microprocessor, or through a digital signal processor. Accordingly, an individual amplifier,
an equalizer, etc., may be realizad by a corresponding portion of software or firmware.

An alternative embodiment of the stereo enhancement circuit 80 is depicted in Figure 4. The circuit

 of Figure 4 is similar to that of Figure 3 and represents another method for applying the perspective curve

70 (shown in Fig. 2) to a pair of stereo audio signals. The stereo enhancement system 200 utilizes an

alternative summing network conﬁguratimi for generating a sum and difference signal.

In the alternative embodiment 200, the left and right input signals 12 and 14 are still ultimately
fed into the negative input of mixing amplifiers 204 and 226. To generate the sum and difference signals,
however, the left and right signals 12 and 14 are first fed through resistors 208 and 210, respectively, and
into the inverting terminal 212 of a first amplifier 214. The amplifier 214 is configured as an inverting
amplifier with a grounded input 216 and a feedback resistor 218. The sum signal, or in this case the

_ inverted sum signal -{L+R), is generated at the output 220. The sum signal component is then fed to the

remaining circuitry after being level-adjusted by the variable resistor 222. Because the sum signal in the
alternative embodiment is now inverted, it is fed to a non-inverting input 224 of the amplifier 226.
Accordingly, the amplifier 226 now requires a current-balancing resistor 228 placed between the non-inverting
input 224 and ground potential. Similarly, a current-balancing iesistnr 230 is placed between an inverting
input 232 and ground potential. These slight modifications to the amplifier 226 in the alternative embodiment
are necessary to achieve correct summing to generate the right output signal 62.

To generate a difference signal, an inverting summing amplifier 236 receives the left input signal

~ and the sum signal at an inverting input 238. More spacifically, the left input signal 12 is passed through

a capacitor 240 and a resistor 242 before arriving at the input 238. Similarly, the inverted sum signal at
the output 220 is passed through a capacitor 244 and a resistor 246. The RC networks created by.
components 240/242 and components 244/246 provide the bass frequency filtering of the audie signal as
described in conjunction with a prefemd embodiment.

The amplifier 238 has a grounded non-inverting input 248 and a feedback resistor 250. A
ditference signal, R-L, is generated at an output 252 with impedance values of 100 kohm for the resistors
208, 210, 218, and 242, impedance values of 200 kohm for the resistors 246 and 250, a capacitance of
.15 micro-farads for the capacitor 244, and a capacitancs of .33 micro-farads for the capacitor 240. The
difference signal is then adjusted by the variable resistor 254 and fed into the remaining circuitry. Except
as described above, the remaining circuitry of Figure 4 is the same as that of a preferred embodiment
disclosed in Figure 3.
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~ The entire stereo enhancement system 80 of Figure 3 uses a minimum of companents to implement
acoustic principles and genarate award"winhing stéren sound. The system 80 may be constructed with only

four active components, typlcallv operatlnnal ampllflers corresponding to ampllfms 104, 112, 136, and 142.

‘These amplifiers are readily avallahle as a quad package on a smnle semiconductor chip. Additional

components needed to co_mp_let_e_ _the _.:gegen enhancement system 80 include only 29 resistors and 4
capacitors. The Systpm 200 ___l:_ii!l;l_j_ﬂ_l:;ﬂ_-l_lile' manufgqtﬁnd_ with a quad ampiifier, 4 capacitors, and only 29
resistors, including the potentiu_mejt_ég;_ and output rﬁ;ist_nrs, Because of its unique design, the enhancement
systems 80 and 200 can. be proﬂucéd at minimal 'cnéi utilizing minimal component space and still provide
unbelievable broadening of an exlstmg stareo unage In fact, tha entire system 80 can be formed as a single

semiconductor substrate, or mtegrated mrcult

~ Apart from the embodmnts deplmd in Flgutes 3 and 4, thers are cum:emhly additional ways to
interconnect the same ;qmpqnegl;s obtain .pgrspgptwe enhancement of stereo signals. For example, a pair
of amplifiers configured as diffarenca'implifiars may"re'l:eiv)u the (sft and right signais, respectively, and may
also each receive the sum signal.. ln thls manner, tha amplifiers would gensrate a left difference signal, L-R,
and a right dlffaram:n signal, H L, raspuctmly - . _

The perspective modmcatwn of the dlfferenco slgnal rasultmg from the enham:sment systems 80
and 200- has been carefully englneered tn achieve nptlmum results for a wnda variety of applications and
inputted audio signals. Ad|ust_me_n,ts_; I_)_y 8 user cu_rte__l_ltly include.only the level of sum and difference signals
applied to the.conditioning circuitry. :HQWQVBt, itis conceivable that potentiometers could be used in pizce
of :asistofs 178 and 180 to allow;fog adaptive equalization of the difference signal.

Through the furag'n_ing descnptmn and aci;qmp'_any_inq draviin_gs. the present invention has been shown

~ to have important advantages over current ster'au.:enhanne_ment systems. While the above datailed description

has shown, described, and pointed out 'thé funﬂamant'al nﬁvel féaturas of the invention, it will be understood
that various omissions and suhsmutmns and changas in the form and details of the device illustrated may
be made by those skilled .in the art. without depanmn from the spmt of the invention. Therefore, the
mventlon should be limited in its scopa only by the fnilowmq claims.
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1. A system for enhancing a pair of audio left and right stereo signals comprising:

a first high-pass filter having a first cutoff frequency, said first high-pass filter receiving said Iéft
and right sterao signals for providing modified left and right stereo signals having reduced bass information;

first means for isolating the ambient signal information representing the difference of said modified
left and right stereo signals;

second means for isolating the monaphonic signal information representing the sum of said left and
right stereo signals; _

a second high-pass filter having a second cutoff finquem:v greater than said first cutoff frequency,
said second high-pass filter operating on said ambient signal information to provide a first modified signal;

a low-pass filter having a third cutoff frequency greater than said first cutoff frequency and less
than said second cutoff frequency, said low-pass filter operating on said 'ambiant signal information for
providing a second modified signal;

~ third means for combining said first modified signal, said second modified signal, said monophonic
signal information and said left signal to provide an enhanced stereo left output signal; and

fourth means for combining said first modified signal, said second modified signal, said monaphonic
signal information and said right sidnal to provide an enhanced stereo right output signal.

2. The enhancement system of Claim 1 wherein said first means comprises an operational
amplifier configured as a differenca amplifier for combining said left and right stereo signals to isolate said
ambient signal information. ' |

i The enhancement system of Claim 1 wherein said first means comprises an operational
amplifier configured as an inverting amplifier for combining said left sterao signal and said sum signal to
isolate said ambient signal information.

4, The enhancement system of Claim 1 wherein said first cutoff frequency of said first high-

 pass filter is in the range of 125 to 200 hz, said second cutoff frequency of said second high-pass filter is

in the range of 5.8 to 8.4 khz, and said third cutoff frequency of said low-pass filter is in the range of 160

- to 240 ha.

5. The enhancement system of Claim 1 further including attenuation means for attenuating
said ambient signal information substantially across all audible frequency levels, said attenuation means
connected to said third and fourth means for providing said left and right enhanced output signals comprising
said attenuated ambient signal information. '

8. - The enhancement system of Claim 1 further including means for manually adjusting the
level of said ambient signal information. -
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7. The enhancement system of Claim 1 wherein said first, second, third and fourth means

. are operational amplifiers. and said low- pass filter and said fxrst and second high-pass filters are first-order

RC filters comprising passive circuit componants . :

8. The enhancemant system of clan'n 1 wherem said system is implemented in digital format
within an audio signal processor formed as an integrated cm:mt.

8. The enhancement system of Claim 1 wherein said stereo left and right signals are
synthetically generated from a monophenic audio signal source.

10. Tﬁe enhancement system nf'CIaim 1 wherein said stereo left and right signals are part
of an audio-visual compasite signal.. | _ |

11. . An audio enhancement system fur creatlng a broader stereo image from stereo left and |
right signals played through a pair of loud;peakars comprising:

a first amplifier receiving the left and right sinﬁa_l_s_and providing a difference signal representing
the difference between said left and right signals; _

a second amplifier receiving the left and right signals and providing a sum signal representing the
sum of-said left and right signals; ' s _

a low-pass filter receiving said difference signal from said first ampiifier;

a high-pass filter receiving said difference signal from said first amplifier;

a third anip_lifier having a fifst input connected to an-output of said low-pass filter and connected
to an outpﬁt of said high-pass filter, said third amﬁ_lifipr having a second input connected to said left stereo
signal and said sum Signal wherein said output of said low-pass filter, séid output of said high-pass filter,
said left signal, and sanl sum signal are combined by said third amplifier to generate a left composite output
signal; - _
a fourth amplifier receiving said output nf_ said low-pass filter, said output of said high-pass filter,
said right signal, and said sum signal, wherein said output of said low-pass filter, said output of said high-
pass filter, said right signal and said sum signal are combined by. said fourth ampiifier to generate a right

-composite output signal.

12, The audio enhancement system of Blalm 11 wheraln said first, second, third and fourth
amplifiers are opetatlnnal amplifiers.
3. The audio enhancement system of Claim 12 whersin said operational amplifiers are formed

on a semiconductor substrate. _ . _
14, The audio enhancement system of Claim 11 wherein said audio snhancement system is

, implémsnted in digital format by a digital signal processor.

15. The audio enhancement system of Claim 11 further comprising an attenuator for
attenuating said difference signal by a fixed amount substantially across an audible frequency spectrum,
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wherein said third and: fourth amplifiers input said attenua'ted.g-;‘_i_lj_fffbtance signal, and said left and right

composite output signals comprise said attenuated difference signé_l_.

16. The audio enhancement system of Claim 11 furtherlcomprising a potentiometer connected
between said output of said first amplifier and said low-pass and high-pass filters for adjusting the level of
difference signal provided to said low-pass and high;pass filters.

17. . The audio enhancement system of Claim 11 further comprising a first bass filter connected
between said left signal and said first amplifier, and a second bass filter connected between said right signal
and said first amplifier, said first and second bass filters attanuating very low fraquency components of said
left and right signals. _ '

18. The audio enhancement system of Claim 17 wherein said first and second bass filters have
a cutoff frequency in the range of 125 to 200 hz.

19. The audio enhancement system of Claim 11 wherein said low-pass filter has a cutoff
frequency in the range of 160 hz to 240 hz and said high-pass filter has a cutoff frequency in the range of
5.6 Khz to 8.4 Khz.

20. The audio enhancement system of Claim 11 wherein said system comprises no more than
four active amplifiers, no more than four capa;itors and no mﬁre thén 30 resistors.

21. - A sterso enhancement system for creating a wider stereo image from a pair of stereo
signals denoted as left and right input signals, said left and right input signals modified by said enhancement
system and converted into sound by an electroacoustic transducer to producs an audio image, whereby the
amount of stereo information present in the left and right input signals is represented by a difference signal
equaliing the difference between the left and right stereo signals and the amount of center stage information
present in the left and right input signals is represented by a sum signal equalling the sum of tha left and
right stereo signals, said steres enhancement system comprising:

a circuit for modifying the frequency response of said steras information to create processed stereo
information characterized by a maximum gain and a minimum gain, the gain of said processed stereo
information varying with respect to the frequency component of said prncasséd stereo information, said circuit
comprising: o _

a first audio filter for attanuaﬁng, relative to said maximum gain, bass audio components
present in said stereo information; '

a second audio filter for attenuating, relative to said maximum gain, a mid-range of audio
fraquencies of said stereo information to create said processed stereo information, said mid-range

.of audio frequencies corresponding to those frequencies to which a human ear has increased

sensitivity;

- a first amplifier for combining said processed stereo information and said sum signal with
said left input stereo signal to create an enhanced left output signal; and
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a second amplifier fbr:cbmhininy?:_séid processed stereo information and said sum signal
with said right input sterea signal to m’éia an enhanced right output signal.

22, Tha stereg enhancement system nf Claim 21 wherein the first audio filter has a cutoff
frequency in the range of 125 to 200 hertz. . . o

23. The stereo enham:emant system of Claim 21 wherein said circuit |s constructed within a
digital signal processor. . f

24. The stereo enhancemant system 'nf Claim 21 wherein the sacond audio filter comprises
a low-pass fiiter and a hugh -pass filter having a cutoff frequency greatet than a l:utoff frequency of said low-
pass filter. _ . '

25, Thn'_stareo enhancement sys’tem'-o;f Claim 24 wherein said cutoff frequency of said low-
pass filter is within a range of 160 to 240 hz and -':siaid cutoff frequency of said high-pass filter is within a
range of 5.6 to 8.4 kHz. -

26. A stereo enhancement system for creating a wider stereo image from a pair of stereo
signals denoted as left and right input signals, said laft and right input signals modified by said enhancement
system and converted into sound by an thtroacoﬁiiic transducer to produce an audio image, whereby the
amount of stereo information present in the left and right inmit signals is represented by a difference signal
equalling the difference between the left and right stereo signals, and whereby the sum of said left and right
signals is denoted as a sum signal, said stereo snhancement system comprising:

a circuit for normalizing the frequency response of said difference signal to create a procasssd
ditference signal charactsrized by a maximum gain and a minimum gain, the level of normalization applied to
said processed difference signal varying with respect to the frequencv component of said processed difference
signal, said circuit comprising: S

a first audio filter for attenuating, relatwe to said maximum gain, bass audio components
present in said difference signal to create a first modified difference signal;

- sacond and third audio filters for attenuatmg, relative to said maximum gain, a mid-range
of audio frequencies of said first modified difference signal to create second and third mndifiéd
difference signals, said miﬂ-ranga of audio frequencies corresponding to those frequencies to which
a human ear has increased sensitivity, said pfncassad difference signal comprising the sum of said
first, second, and third modified difference signals;

a first amplifier for'combining said first, second and third modified difference signals with
said sum signal and said left input stereo signal to create an enhanced left output signal; and

a second amplifier for combining said first, second and third modified difference signals
with said sum signal and said right input stereo signal to create an enhanced right output signal.

27.  The étmn enhancement system of Claim 28 further comprising a third amplifier for
generating said difference signal and whersin said first audio filter comprises a first high-pass filter connected
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between said left inﬁi-ii:'gi'i'gnal and said third amplifier for attéiiuating bass components of said left input
signal, and wherein said first audio fiiter comprises a second 'hidh-’ﬁass filter connected between said right
input signal and said third amplifier for attenuating bass components of said right input signal.

28. The stereo enhancement system of Claim 27 wherein said first and second high-pass filters
have a cutoff frequency in the range of 125 to 200 hz:

29, The stereo enhancement system of Claim 26 wherein said second audio filter is a low-pass
filter having a cutoff frequency in the range of 160 to 240 hz.

30. 'The sterso enhancement system of Claim 26 wherein said third audio filter is a high-pass
filter having a cutoff frequency in the range of 5.8 to 8.4 khz.

_ 31 A method of generating enhanced left and right stereo output signals from left and right
stereo input signals to create a broadened stereo image when said left and right output signals are played
through a pair of speakers, said method equalizing ambient signal information present in left and right signals
substantiaily across the audible frequency spectrum to create processed ambient signal information, said
processed ambient signal information having a varying frequency response, said frequency response
characterized by a maximum gain within the fraquency range of 100 to 150 hz and ahove 7 khz, and said
frequency response characterized by a minimum gain within the frequency range of 1680 to 2520 hz and
below 30 hz. |

32 The method of generating enhanced left and right stereo output signals of Claim 31
wherein separation between said maximum gain and said minimum gain is adjustable between a level of 10
decibels (dB} to 14 dB.

33, The method of generating enhanced left and right stereo output signals of Claim 31
wherein separation between said maximum gain and said minimum gain is fixed at approximately 12 dB.

3. A stereo sound recording having audio information stored thereon, said audio information
reproducible to create an enhanced stereo effect, said stereo sound recording comprising:

a recording medium containing said audio information wherein said audio information is accessible
to an audio reproduction device for creating left and right stereo output signals, said left and right output
signals having a difference signal component representing the difference between the left and right output
signals, said difference signal having a modified frequency response characterized by a maximum gain within
a first frequency range of 100 to 150 hz and characteriud.by a minimum gain within a second frequency
range of 1680 to 2520 hz and below a third frequency of approximately 30 hz; and-

wherein said frequency response decreases at a rate of approximately 6 decibels per octave below
said first frequency range and above said first frequency range up to said second frequency range, said
frequency respanse increasing at a rate of approximately 6 decibels per octave above said second frequency

range.
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35.  The stereo sound recording of' Claim 34 wherein said recording medium is an analog or

digital optical storage medium. o
- 38.  The stereo sound recording of Claim 34 wherein said recording medium is an analog or

digital magnetic tape medium. _
5 37. The stereo sound recording of Claim 34 wherein the_ separation between said maximum

gain and said minimum gain is within the range of 10 dB to 14 dB.
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AMENDED CLAIMS
[received by the International Bureau on 25 October 1996 (25.10.96);
original claims Sland34amcnded,remamingclamsunchanged(l page)]

R

-~

hetween said left input aignal and said thltd' smplifier for attenusting bass components of said leit input

. signal, and whersin ssid ficat eudlo fiter comprises o second high-ass filter connected betwaan said right

inout tignal and said third amplifier for attanuating buss camponents of said right input signal.

28.  Tha sterso enhancement system of Claim 27 wherein said first and sacoad high-pass filters
have 2 cutoff frequancy in the range of 125 to 200 he.

29.  Thesterso enhancement system of Claim 26 wherein said secand audio fiter is a low-pess
filter having a cutoH frequency in the range of 150 to 240 ke

30.  The stereo anhancement system of Claim 28 wherein said third audio filter is e bigh.pass
filter having & cutoff freguancy in the range of 5.6 16 8.4 kiu,

8. A rmsthod of generating snhanced left and right sterso gutput signals from lsft and right
sterso input signals to craate a breadensd stereo image when said left and right output signals ané played
through o pair of sﬁnkm. said method equafizing smbizat signel informatian presant in teft and right signals

. substantialy across the audile frequency spectrums to Create procassed amblent signal information, sald

processsd ambient signel information having s varying frequency response, said fraquensy response
charactarized by & maximom gain within the frequency renge of approximately 50 10 200 h2 and shove 7
kha, and said fraquency response characterizad by & minimum gain within the frequency ranpe of

- appreximately 1500 o 3000 hz and below 30 e,

32, The methed of genarating enhanced laft and right steres output sigaals of Claim 31
wharein separatio betwasn said maximum gsin and said minimum gain is adjustable batween a level of 10
decels (d8) to 14 dB.

3. mummmmmmmmm:wmmmafcmm _

wherein saparation batween said maximum gain and said micimum gein is fixed at approximately 12 dB,

84, A stereo sound recarding having audio information stored thereon, said audia information
reproducible to creats an enhanced sterea effact, said stersa sound recording comprising:

& recording medium containing said sudio information whereln ssid audia informetion is accessitle
ta s audio raproduction davics far ereating Isft and right steres output signels, said left and right output

 signala having a difference signal componest representing the giference betwesn the keft and right cutput

gignals, seid ditfersoce signal having « modified frequency responss characterized by & maximum gam within
a first frequency range of 100 ta 150 bz and charscterized by & minimum qein within a sacond frequancy
rangs of approzimataly 1500 to 3000 hz and balow a third frequancy of approximately 30 he; and

wharein said freguency response decreasas at 3 rate of approximatsly & dechbals per actave balow
suid first frequency range and abova said fiest frequancy resge up to said sacond frequency range, seid
frequency respense incraasing at @ rats of approximately 8 decibals pac octave above said secand fraquency
range.

AMENDED SHEET (ARTICLE 19)



