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AUDIO ENHANCEMENT SYSTEM
FOR USE IN A SURRDUND SOUND ENVIRONMENT

Backnround of the Invention

This invention relates generally to audio enhancement systems and methods for improving the realism and
dramatic effects obtainable from stereo sound reproduction. Mare particularly, this invention relates to apparatus
and methods for enhancing sound generated in a surround sound environment having separate front and rear audio
channels,

The advant of stereo surround-sound avdio systems, ie., audio systems having separate audio channels for
front and rear speakars, has brought a more realistic and enveloping audio experience to listenars. Such systems,
such as Dolby Laboratories Pro-Logic system, may use a matrixing scheme to store four or more separats audio
channels on just two audio recording tracks. Upon dematrixing, the Pro-Logic audio system delivers distinct audio
signals to a left-front speaker, a right-front speaker, a center speaker, and to surround speakers placed behind a
listener.

More racently, surround sound systems have emerged which can deliver completely separate forward and
rear audio channels. One such system is Dofby Labaratories five-channel digital system dubbed "AC-3." An audie
component which has Dolby AC-3 capability can deliver five discrete channels to speakers placed around a fistening
environment (eft-front, center, right-front, left-surround, and right-surcound). Unlike previous surround-sound systems,
all five of the distinct channels of the Dolby AC-3 system have full bandwidth capability. This allows for more
dynamic and volume range of the rear, or “surround”, channels.

The discrete fullbandwidth channels of the Dolby AC-3 system have been touted as increasing localization
of stereo sound effects within & sound field. This localization results from the distinct audio channels which fead
a separate speaker within the surround sound environment. As a result, sound information can be channeled to any
speaker within the system. Moreover, because the AC-3 audio channels are not fimited in audio bandwidth, all of
the channels can be used for both ambient and direct sound effects.

Although localization of sounds to some extent is beneficial and may greatly increase realism upon audio
playback, the capabilities of systems such as Doiby AC-3 and Pro-Logic are limited. For example, a sound field which
surrounds a listener can be created by diracting sounds to five separate speakers placed arcund the fistener,
Howaver, the surround-sound field may be perceived by the listener as containing five discrete point sources from
which soumds emanate. In certain surround-sound sudio systems, sounds which are intended tc move from one rear
speaker to another rear speaker may seem, from a listener's perspective, to leap across the rear sound stage.
Similarly, sounds which are intended to move from a forward-left speaker to 2 rear-left speaker may likewisa appear
to leap across tha left sound stage.

Despite the advances in audio reproduction systems, and particularly these having surround sound capability,
there is a need for an audio enhancamant system which can improve upon the realism of these audio reproduction
systems. The audio enhancement systam disclosad hergin fulfills this need.
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Summary of the Invention
An audio enhancement system and method is disclosed which is particularly designed for surround-sound

audio systems such as Dolby’s AC-3 five-channel audio system, Dolby’s Pro-Logic system, or similar multi-channe!
audio surround systems. In a typical multi-channe! audio enhancement system, four separate audio signals intended
for the front and rear speakers are selectively grouped in pairs. Each pair of audio signals is used to generate a
pair of compenent audio signals modified relative to ths original pair of audio signais.

The level and type of modification made to the component audio signals may vary to emphasize certain
acoustical features of the original sudio signals. Individual component audio signals generated from different pairs
of original audio signals are then selectively combined to create a composite audio output signal. The composite
audio output signal is then fed directly to a speaker for acoustic reproduction. The remaining audio output signals
are generated in a similar fashion by combining selected component audio signals. This creates a group of four audio

output signals which are enhanced as a function of at lsast some of the original audio signals.

Brief Description of the Drawings

The above and other aspects, features, and advantages of the present invention will be more apparent from
the following particular description thereof presented in conjunction with the following drawings, wharein:

Figure 1 is a schematic block diagram of an audio enhancement system for use in a surround-sound
environment. ' |

Figure 2 is a schematic block diagram of an alternative embodiment of an audio enhancement system for
use in a surround-sound environment.

Figure 3 is a high level block diagram of a preferred audio enhancement system.

Figure 4A is a schematic diagram of a8 summing circuit for use with the invention disclosed in Figurs 1.

Figure 4B is a schematic diagram of a sumniing circuit for use with the invention disclosed in Figure 2.

Figure 5 is a schematic block diagram depicting one type of audio enhancement system which may be used
as shown in Figures 1 and 2 in order to generate a broadened stereo image.

Figure 6 is a graphical dispiay of the frequency response of an equalization curve, derived from the audio

" enhancement system of Figure 4, which is applied to the ambient stereo signal information.

Figure 7 is a schematic diagram of a first embodiment of the audio enhancement system shown in Figure

Figure 8 is a schematic diagram of a second embodiment of the audio enhancement system shown in Figure

Detailed Description of the Preferred Embodiment
Figure 1 depicts a block diagram of a multi-channel audio enhancement system 10 for use in a surround-

sound environment. The audio enhancement system 10 operates in connection with a stereo :signal decoder 12
having multi-channe! audio source signals. The decoder 12 of Figure 1 is a six-channe) audio decoder which provides
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audio signals that ultimately drive a group of six speakers. Each of the six audio channels is intended for a diﬁerant"
one of the six speakers. In particular, an audio source signal 14, representing the center information le.g., dialogue),
is ultimately directed to & center speaker 18. An audio source signal 18 containing low-frequency sounds is
ultimately directed to a subwoofer 20,

The remaining four audio source signals 20, 22, 24, and 26 of the stereo decoder 12 reprasent the signals
ordinarily intendad for connection {after amplification) to a left-rear speaker 28, s ieft-front speaker 30, a right-front
speaker 32, and a right-rear speaker 34, respectively. However, as shown in Figure 1, the audio source signals 20,
22, 24, and 28 are instead selectively routed ta a group of audio enhancement devices 40, 42, 44, and 46. In this
manner, ait of the source signals are isolated in pairs such that na twa pairs are identical but two separate pairs
tmay contain the same source signal.

Spacifically, a first audio enhancement device 40 receives the laft-front source signal 22 {L), and the right-
front source signal 24 (Rg). The audio enhancement device 40 outputs a first enhanced component signal 50 {l¢)
and a second enhanced component signal 52 (Rgq). In @ similar manner but with different inputs, a second audio
enhancemant device 42 receives the left-rear source signai 20 (L) and the source signal 22 (L. In turn, the davice
42 outputs first and second component signals 54 {Ly,), and 56 {L,q).

Likewise, a third audio enhancement device 44 receives the source signal 24 (R} and the right-rear source
signal 26 (R,). The device 44 outputs first and sacond component signals 58 {Ry,) and 60 (R 4). Finally, a fourth
audio enhancement device 46 receives the source signal L, and the source signal 26 (R). The device 46 outputs
first and second component sigaals 62 {5} and 84 (R,). For ease of explanation and clarity, the enhancement
system 10 w shown having four saparate audio enhancement devices 40, 42, 44, and 46. It can be appreciated
by one of ordinary skill in the art that the resultant component signals may be generated by a single audic
enhancement device receiving all four source signals and modifying them appropriately.

Selected pairs of the component signals (derived from different pairs of source signals) are combined at one
of four summing junctions 70, 74, 78, or 82. Specifically, the component signals Ly and Ly, are combined at the
summing junction 70 to create a composite enhanced output signal 72 {Lttenhanced)) for driving the left-front speaker
30. At the summing junction 74, the companent signals 52 (Res} and 58 (Ryy) combine to create a compasite
snhanced output signal 76 (Ryyanhancedyt To7 driving the right-front spasker 32. A composite enhanced output signal
a0 (l,(,m,m,) drives the left-rear spaaker 28. The signal Li{enhanced IS generated at the summing junction 78 from
companent signals L q and L,. Lastly, the companent signals 6D {R,() and 64 (R ,) are combined at the summing
junction 82 to create a composite enhanced obtput signal 84 Rrenhancedy  T0 summarize, Lygonancad) = Killpy
* Ligk: Retontanced) = K281 + Replt Uontrancen) = Kaflyy + Lygh 808 Rrgnancedy = K4(Ryy + Ry, where sach
of the component signals is generated as a function of two audio source signals. The independent variables KKy
are determined by the gain, if any, of the summing junctions 70, 24, 78, and B2.

In operation, the audic enhancement system 10 craates a set of four enhanced audio cutput signals 72,
76, 80, and B4. Each of these four enhanced audio signals is modified as a function of a plurality of the original
source signals 20, 22, 24, and 26. The enhancement system 10 operates on the decoded pra-amplified audio source
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signals which are dasignated for separate speakers placed within a istening environment. Accordingly, the resultant

_enhanced output signals 72, 76, 80, and 84 must be amplified before reproduction by the speakers 28, 30, 32, 'angl
34. Audio signal amplifiers are not separately shown in Figure 1 but may possibly be included in the spaakers 28,
30, 32, and 34, |

The enhanced output signal '-ﬂarmncadi is generated as a composite of signals Ly, and L. The signal Ly
is generated by the audio enhancement device 40 as a function of the two audio source signals Ly and Ry, Various
audio enhancement apparatus and methods may be used for the device 40. In a preferred embodiment, however,
the device 40 creates a signal L;y which, in connection with the signal Ry;, broadens a perceived spatial image when
these signals are played through the spaakers 30 and 32, respectively. This creates a more diffuse soundfield
between the speakers 30 and 32 and eliminates excessive localization of sound which can detract from realism.

In addition to the component signal L;;, a second component signal Ly, is generated by the audio
enhancement device 42. The signal Ly, is generated as a function of the audio source signals 20, L, and 22, L.
The signal Ly, represents one of a pair of audio signals (the other being L;4) which, in accordance with a preferred
embodiment, generate an enhanced spatial image when amplified and played through the speakers 28 and 30.

Accordingly, the composite enhanced left output signal, I'ﬂenllmud)' comprises a portion of the signal Ly
and the signal L;,. Thus, the acoustics genarated through the speaker 30 will be dependent upon both of the audio
source signals L, and Ry, which without the enhancement system 10, would be directly connected to the speakers
28 and 32, respectively. The signal Lf(eé:hahudl will thus create an improved spatial image which is dependent on
the front audio source signals, L; and Ry, and the left side audio source signals, L, and L;.

In a similar manner, the composite enhanced output signals Ryguaneady Lytanhanced) 87 Rrignhancedy 278
generated from component signals outputted from the enhancement devices 40, 42, 44, and 46. In particulas, the
signal "f(auhamd) is a function of the front source signals, L; and Ry, and the right side source signals, A; and R;;
the signal Lo nredy I8 @ function of the left side source signals, Ly and L, and the rear source signals, L, and Ry;
and the signal Riganeqy) IS 2 function of the right side source signals, Ry and R/, and the rear source signals, L,
and R,.

In accordance with the embodiment shown in Figure 1, each of the audio output signals supplied {aftar
amplification) to a respective one of the speakers 28, 30, 32, and 34 is a function of at least three of the audio
source signals 20, 22, 24, and 26. Thus, a given audio output signal played through a speaker becomes dependent
upon original source signals intended {hefore enhancement} for other nearby or adjacent speakers. By blending the
output signals in this manner an improved sound experience can be achieved. Depending on the level and type of |
audio enhancement devices used, the perception of speaker point sources can be eliminated, and instead, a perceived
array of loudspeakers is created. Thus, a sound reproduction environment originally intended as a "surroung™
environment can be made into an environment which envelops or immerses the listener in sound.

in addition to the enhancement of the source signals 20, 22, 24, and 26, the signals 14 and 16 may
requite level adjustment to balance these signal levels with those of the enhanced source signals 20, 22, 24, and
26. Such leve! adjustment may be preset and fixed or may be manually adjustable by a user of the system 10.
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Level control devices are common to one of ordinary skill in the art and would be placed between the decoder 12
and tha signal amplifier (not shown) used to power the appropriate speaker.

In some surround sound svstams; such as the Dolby Pro-Logic system, there is a single audio signal used
1o simulate surround effects. This single audio signal is transmitted to both of the rear speakers. in such systems,
the signals £, and R, of Figure 1 would be identical and there would be no need for the rear sudip aphancement unit
48,

Figure 2 depicts a muiti-channel audio enhancemeant system 100 which employs the techniques just described
in connection with Figore 1. In addition, the enhancement system 100 has two additional audio enhancement devicas
102 and 104, Like the other devices 40, 42, 44, and 48, the enhancement devices 102 and 104 provide component
signais which contribute to the final audio output signals 72, 76, 80, and 84. The component signals are determined
as a function of their respective source signals.

Unlike the other four enhancement devicas 40, 42, 44, and 46, the devices 102 and 104 provide crossover
audio enhancement. Crossover audio enhancement modifies sounds as a function of these source signals intended
for playback by speakers placed diagonally from each other. In particular, the enhancement device 102 inputs the
source signals L, and R;. The resultant component signals Ryy and L 4 are genarated by the device 102. The signal
R is combined at & summing junction 110 with two other component signals, Ryy and Rg,. This creates a
composite output signal 112 Rygnnanceq)) Which is modified as a function of all four source signals 20, 22, 24, and
25, Simiarty, the signal L, is combined at the junction 114 to generate the camposite signal 116 Ly anhanced)
which powers {after amplification) the left-rear speaker 28,

The operation of the sacond crossover enhancement device 104 is similar to that of the davice 102.
Specifically, the device 104 receives source signals L; and B, intended for diagonally positioned speakers 30 and 3.
The device 104 generates a first component signal 120 (R 5) which is combined at 2 summing junction 122 with
By and Bp to produce the final output signal 124 (R,anceq) Likewise, & second compenent signal 126 is
combined at a summing junction 128 with Ly and Ly to produce the final output signal 130 (Lyepy aneeay):

Figure 3 depicts the multi-channel audio enhancement system 10 connected to a host system 132 and a
storage media device 134. In the preferred embodiment, the host system 132 is an audio receiver which is
compatible with surround systems such as the Dolby Laboratories five-channel digital system dubbed "AC-3." in
other embodiments, the host system 132 is an audio raceiver which is compatible with Doiby Laboratories’ Pro-Logic
system. Furtharmore, whils a multi-channel surround system such as AC-3 is preferred, the present invention is not
fimited to surround saund systems and can be usad to enhance a wide variety of multi-channel sound systems. In
other embodiments, for instance the host system 132 may also comprise a laser disk system, a video tape system,
a stereo receiver, a tolavision receiver, a computer-based sound system, a digital signal processing system, a
Lucasfilm-THX entertsinment system or the like.

While the storage media device 134 in the prefarred embodiment provides an AC-3 compatible bitstream,
ather embodiments can use a wide range of storage mediums and storage formats. The format of the AC-3
bitstream is definad by Dolby Laboratories and is well known to those of ardinary skill in the art. Thus, one of
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ordinary skill in the art will recognize that the storage media device 134 may include a wide variety of nptica;l
.Storage mediums, magnetic stnt_ége mhdiums, computer accessible storage systems or the like. For uxampla,'the
storage media device 134 may comprise laser disc players, digital video devices, compact discs, video tapes, audio
tapes, magnetic recording tracks, floppy disks, hard disks, etc. Furthermore, other embodiments of the storage media
device 134 support a wide variety of data formats such as analog frequency modulation, pulse code modulation and
the like. In addition, the storage media device 134 may be part of a cable broadcast system, an interactive video
device, a computer network, the Internet, a telavision broadcast system, a high-definition telavision broadcast system
or the fike. ' '

In the prefemd' embodiment, the multi-channel audio signal decoder 12 receives sound data from the host
system 132 or the storage media device 134 via a communications bus 136. For example, a composite radio
frequency signal containing an AC-3 bitstream is sent from the storage media device to the multi-channe! audio signal
decoder 12 via the communications bus 136. Howaver, one of ordinary skill in the art will recognize that the
communications bus 136 can be configured to carry a wide variety of audio signal formats.

In other embodiments, the host system 132, the storage media device 134, and the communications bus
136 may be intagrated into a single device. For-example, a digital video device may integrate the host system 132,
the storage media device 134 and the communications bus 136. In addition, as discussed in more detail befow, other
embodiments may integrate the host system 132, the storage media 134 and the systems 10 or 100 with discrete
analog components, a semiconductor substrate, through softvare, within a digital signal processing (DSP) chip, i.e.,
firmware, or in some other digital format. For exampls, an’ audio receiver may contain a digital signal procassor
which accesses the storage media 134 via communications bus 136, performs host system 134 functions and
performs the functions of systems 10 or 100 to produce enhanced signals.

Figures 4A and 4B depict the summing junctions disciosed in Figures 1 and 2. The two-signal summing
junction 70 of Figure 1 is represented by the circuit shown in Figure 4A. The remaining junctions 74, 78, and 82
are identical to the junction 70 except for the particular input signals received. The summing junction 70 is
configured as a standard inverting amplifier having an operational amplifier 142. The amplifier 142 receives the
signals Lfy and Lyy. Lyq and Ly, are then combined, or added together, at an inverting terminal 144 of the amplifier
142. The relative gain of the circuit 70 is determined by the resistors 146, 148 and 150. In a preferred
embodiment, the gain for each of the signals Ly, and Ly, will be unity. However, sight adjustments in gain may
be required depending on the particular audio environment and the personal preferences of a listener.

"Figure 4B depict# the summing junction 128 of Figure 2. The junction 128 and the junction 70 are similarly
configured as summing, inverting amplifier circuits. The junction 128, however, has an operational amplifier 152
which combines thres inputs, Lyy, Lo, and Ly, instead of just two inputs.

The audio enhancement techniques disclosed in Figures 1 and 2 imprave the immersive effect of a surround
sound audio system. The systems' 10 and 100 of Figures 1 and 2 dahict a typical home audio reproduction
environment having four primary speakers placed along the front and rear areas of a sound stage. However, the

concepts of the present invention are applicable to sound environments having additional speakers which may be
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placed at any location within a sound stage. For example, speakers may be placed along side walls or even at
Aifferent slevational levels from ona another or with respect to  listener. In addition, the concepts of the present
invention can be applied to any pair of audio source signals that may be sdlected for enhancement. The resultant
component signals are then combined with other component signals created from a sacond pair of audio source
signals. This same process may be continued for each possible pair of audic source signals generated by a stereo
signal decoder or the Jike.

The systems 10 and 100 may be implemented in an enalog discrete form, in a semiconductor substrate,
through software, within a digital signal processing (DSP) chip, ie., firmware, or in some other digital format.

The multi-channel audio snha_ncumnnt system 10 of Figure 1, or the enhancement system 100 of Figure 2,
may employ a varisty of audio enhancement devices for gensrating the component sudio signals. For example, the
devicas 40, 42, 44, 46, 102, and 104 may use time-delsy technigues, phase-shift tachniques, signal equalization,
of a combination of all of these techniques to achieve a desired audio effect. Morsover, the audio enhancement
tachniques applied by the individual enhancement devices 40, 42, 44, 46, 102, and 104 nesd not be identical.

In accordance with a preferred smbodimant of the present invention, the enhancement devices 40, 42, 44,
and 48 of Figure 1 equalize an ambience signal component found in a pair of stereo signals. As a result, many
sounts emanating from a given speaker will not be localized to that speaker. In addition, seunds intended to move
across the sound stage from one speaker to another, will do so gradually as if additional speakers were presant.
The ambience signal component represents the differences between a pair of audio signals. An ambient signal
component derived from a pair of audic signals is therefore often referred to as the “difference” signal component,

An example of ona audio enhancement device {and methods for implementing same) which is suitable for
use with the present invention is discussed in connection with Figures 5-8. Such a device broadens and biends a
pesceived sound stage generated from a pair of stereo audio signals by enhancing the ambient sound information.
The audio enhancement device and method disclosed i Figures 5-8 is similar to that disciosed in pending application
serial number 08/430751 filed on Aprif 27, 1995, which is incorporated herein by refarence as though fully set forth.
Related audio anhancement devices are disclosad in U.S. Patent Nos. 4,738,668 and 4,868,744, issued to Arnold
1. Klayman, both of which are also incorparated by reference as though fully set forth harein.

Referring initially to Figure 5, a functional block diagram is shown depicting an audio enhancement device
180. In a preferred embodiment of the present invention, the device 160 represents each of the devices 40, 42,
44, 46, 102, and 104. The enhancement system 160 receives first and second stereo source signals (S and S,)
at inputs 162 and 164, respectively. These stereo source signals are fed to a first summing device 166, .. an
elsctronic adder, A sum signal, representing the sum of the sterec source signals received at the inputs 162 and
184, is genarated by the summing device 166 at its output 368.

The signal S is also connacted to an audio fiiter 170, while the signal S, is connected to a separate audio
fitter 172. The outputs of the filters 170 and 172 are fed to a second summing device 174. The summing device
174 generates a differance signal at an output 176. The differance signal represents the ambient information present
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in the filtered signals S, and S,. The filters 170 and 172 are pre-conditioning high-pass filters which are designed
to avoid over-amplification of the bass components present in the ambient component of a pair of stereo siunals'.
The summing device 168 and the summing device 174 form a summing network having output signals
individually fed to separate level-adjusting devices 180 and 182. The devices 180 and 182 are ideally potentiometers
or similar variable-impedance devices. Adjustment of the devices 180 and 182 is typically performed manually by
a user to control the base levels of sum and difference signals present in the output signals. This allows a user to
tailor the lavel and aspect 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 signal emphasizes the audio signals appearing at
a center stage positioned between a pair of speakers. Conversely, an increase in the lavel 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 i:dn'fiuurition are known, or where manual adjustment

is not practical, the adjustment devices 180 and 182 may be eliminated and the sum and differance-signal levels fixed
at a predetermined value.

The output of the device 182 is fed into an equalizer 184 at an input 186. The equalizer 184 spectrally
shapes the difference signal appearing at the input 186. This is accomplished by separately applying a low-pass
audio filter 188, a high-hass audio filter 190, and an attenuation circuit 192 to the difference signal as shown.
Output signals from the filters 188, 180, and the circuit 192 exit the equalizer 184 along paths 194, 196, and 198,
respactively. g ' '

The modified differenna'signals transferred along paths 194, 196, and 198 make up the components of a
processed difference signal, (SI-S'Z)p. These components are fed into a summing natwork comprising summing
devices 200 and 202. The summing device 200 also receives the sum signal output from the device 180, as well
as the original sterso source signal $,. Al five of these signals are added within the summing device 200 to
produce an enhanced audio output signal 204.

Similarly, the modified difference signals from the iqualiur 184, the sum signal, and the signal S, are
combined within the summing device 202 to produce an enhanced audio output signal 208. The components of the
difference signal originating along paths 194, 196, and 198 are inverted by the summing device 202 to produce a
processed difference signal for one speaker, (sz-s,)p. which is 180 degrees out-of-phase from that of the other
speaker.

The overall spectral shaping, i.e., normalization, of the ambient signal information occurs as the summing
devices 200 and 202 combine the filterad and attenuated components of the difference signal to create the audio
output signals 204 and 206. Accordingly, the audic output signals 204 and 206 produce a much improved audio
effect because ambient sounds are selectively emphasized to fully encompass a listener within a repreduced sound
stage. The audio output signals 204 and 206 are reprasented by the following mathematical formulas:

AUDID DUTy, = S, + KyfS; + S + KyiS,; - Sl m
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It should be noted that input signals S, and S, in the equations above are typically stereo source signals,
but may aisn be synthetically generated from a monephonic source. One such maethod of stereu synthesis which may
be used with the present invention is disclosed in 1.S. Patent No. 4,841,572, alsp issued to Arnold Klayman and
incorparated herein by referance. Moraover, as discussed in U.S. Patent No. 4,748,668, the enhanced output signals
represented above may be magnetically or electronically storad on various recording media, such a3 vinyl records,
compact discs, digital ar analog audio taps, or computer data storage media. Enhanced audio autput signals which
have been stored may then be reproduced by a conventional stergo reproduction system to achieve the same level
of sterap image enhancement.

The signal {8;'S,), in the equations above represents the processed difference signal which has been
spactrally shaped according to the present invention. In accordance with a preferred embodiment, modification of
the ditference signal is rapresented by the fraquency response depicted in Figure B, which is labeled the enhsncement
perspactive, or normalization, curve 210.

The perspective curve 218 is displayed as a function of gain, measored in decibels, against audible
frequencigs displayed in lop format. According to a preferred smbodiment, the perspactive curve 210 has a peak
gain of approximately 7 dB at a point A located at approximately 125 Hz. The gain of the perspective curva 210
decreases above and balow 126 Hz at a rate of approximately 6 dB per octave. The perspective curve 210 applies
a minimum gain of -2 dB to a difference signal at a point B of approximately 2.1 Khz. The gain increases above
2.1 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 210 is accomplished using high-pass and low-pass filters, it is possible to also
usg a band-rejection filter, having a minimum gain at point B, in conjunction with a high-pass filter to obtain 2 similar
perspective curve.

In a preferred embodiment, the gain separation between points A and B of the perspective curve 210 is
ideally designed to be 8 db. and the gain separation betwsen points B and C should be approximately 6 dB. These
finures are design constraints and the actual figures will likely vary from circuit to circuit depanding on the actual
value of components used. 1f the signal lavel devices 180 and 182 are fixed, then the perspective curve 210 will
remain constant. However, adjustment of the device 182 will slightly vary the pain separation batwsen points A
and B, and points B and C. In a surround sound environment, a gain separation much larger than 8 dB may tend
to reduce a listener’s perception of mid-range definition.

Tmplementation of the perspective cusve by a digita! signal processor will, in most cases, more accurately
reflect the design constraints discussed above. For an analog implementation, it is acceptable if the frequencies
corrasponding to points A, 8, and €, and the constraints on gain separation, vary by phss or minus 20 percent. Such
a deviation from the ideal specifications will still produce the desired sterea enhancement effect, although with less
than optimum results.

As can be seen in Figure 6, difference signal frequencies below 125 Hz receive a decreased amount of
boost, if any, through the application of the perspective curve 210. This decrease is intended to avoid over-
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amplification of very low, Le., bass, frequsncies. With many audio reproduction systems, and especially surround
sound audio systems, amplifying an audio difference signal in this low-frequency range can create an unpleasurable
and unrealistic sound image having too much bass response.

The stereo enhancement provided by the present invention is uniguely 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, i.e. steres, information throughout a broader frequency spectrum, including
the bass frequencies. Excessive amplification of the difference signal within these frequencies is therefore not
required to obtain adequate bass rasponse.

Figure 7 depicts a circuit 220 for creating a broadened stereo sound image. The audic enhancement circuit
220 corresponds to the device 160 shown in Figure 5. In Figure 7, the source signal S, is fed to a resistor 222,
a resistor 224, and a capacitor 226. The source signal S, is fed to a capacitor 228 and resistors 230 and 232,

The resistor 222 is connected to a non-inverting terminal 234 of an amplifier 236. The same non-inverting
terminal 234 is also connected to the sesistor 232 and a resistor 238. The amplifier 236 is configured as a
summing amplifier having an inverting terminal 240 connected to ground via a resistor 242. An output 244 of the
amplifier 236 is connected to the inverting terminal 240 via a fesdback resistor 246. A sum signal (S,+8,),

representing the sum of the first and second source signals, is generated at the output 244 and fed to one end of
a variable resistor 250 which is grounded at an opposite end. For proper summing of the source signals S, and S,

‘by the amplifier 236, the values of resistors 222, 232, 238, and 246 in a preferred embodiment are 33.2 kohms

while resistor 238 is preferably 16.5 kohms.

A second amplifier 252 is configured as a "difference” amplifies. The amplifier 252 has an inverting
terminal 254 connected to a resistor 256 which is in turn connected in series to the capacitor 226. Similarly, a
positive terminal 258 of the amplifier 252 receives the signal S, through the series connaction of a resistor 260 and
the capacitor 228. The terminal 258 is also connected to ground via a resistor 262. An output terminal 264 of
the amplifier 252 is connected to the inverting terminal through a feadback resistor 266. The output 264 is also
connected to a variable resistor 268 which is in turn connected to ground. Although the amplifier 252 is configured
as a “difference™ amplifier, its function may be characterized as the summing of the right input signal with the
negative left input signal. Accordingly, the amplifiers 236 and 252 form a summing network for generating a sum
signal and a difference signal, respectively.

The two series connected RC networks comprising elements 226/256 and 228/260, respectively, operate
as high-pass filters which attenuate the very low, or bass, fraquencies of the Jeft and right input signals. To obtain
the proper frequency response for the perspective curve 210 of Figure 6, the cutoff frequency, w,, or -3 dB
frequency, for the high-pass fiters should be approximately 100 Hz. Accordingly, in a preferred embodiment, the
capacitors 226 and 228 will have a capacitance of .1 micro-farad and the resistors 256, 260 will have an impedance
of approximately 33.2 kehms. Then, by choosing values for the feedback resistor 266 and the attenuating resistor
262 such that:
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the output 264 will represent a differance signal, (S,-S,), amplifisd by a gain of two. As a result of the high-pass
filtering of the inputs, the difference signal at the output 264 will have attenuated low-fraguency components below
approximately 125 Hz decreasing at a rate of 5 4B per octave. It is possibla to filter the low fraquency components
of the difference signal within the equalizer 184 {shown in Fig. 5), instead of using the fiters 170 and 172 (shown
in Fig. 5} to separately filter the input source signals. However, because the filtering capacitors for use at low
trequencies must be fairly large, it is preferable to perform this filtering at the input stage to avoid loading of the

“preceding tircuit.

-~ 'The variable resistors 250 and 268, which may be simple potentiometers, are adjusted by placement of
wiper ‘contacts 270 and 272, respectively. The level of the ambience signal component, i.e., difference signal,
present in the enhanced output signals may be controlled by manual, remots, or sutomatic adjustment of the wiper
‘contact 272, Similarly, the level of mono signal component, Le., sum signal, present in the enhanced output signals

“is deteriiiified in part by the position of the wiper contact 270,

The sum signal presant at the wiper contact 270 is fed to an inverting input 274 of a third amplifier 276
fhrough a series-connected resistor 278. The same sum signal at the wiper contact 270 is also fed to an inverting

“input 280 of a fourth amplifir 282 through » separate series-connected resistor 284, The amplifier 276 is
“configurat 'es 2 difference ampfifier with the inverting terminal 274 connected to ground through a resistor 286.

An-output 288 of the amplifier 276 is also connected to the inverting terminal 274 via 2 feedback resistor 280,
A positive terminal 292 of the amplifier 275 provides 2 common node which is connected to a group of

“Suiwning resistors 284 and i also connected to ground via a resistor 296. The leval-adjusted difference signal from

the Wigier contact 272 is transferred to the group of summing resistors 284 through paths 300, 302, and 304. This

“restlts in Yhree separately-conditioned difference signals appearing st points A, B, and C, respectively. These

tonditiofidd difference signals are then connected to the positive terminal 292 via resistors 306, 308, and 310 as
‘shiown.

At point A along the path 300, the level-adjusted difference signal from wiper contact 272 is transferred
to the resistor 306 without any frequency-response madification. Accordingly, the signal at point A is merely
‘attenuated by the voltage division batween the resistor 306 and the resistor 206, ldeally, the level of attenuation
at Tiode A will be -8 dB relative to a O dB reference appearing at node B. This lavel of attenuation is implemented

“by the resistor 306 having an impedance of 100 kohns and the resistor 296 having an impedance of 21 kobms.

The signal at node B represents & filtersd version of the level-adjusted difforence signal appaaring across a capacitor
312 which is connacted toground. The RC network of the capacitor 312 and 2 resistor 314 operate as a fow-pass
fiiter ‘with a cutoff frequancy teterminad by the time constant of the network. In accordance with a prefarred
embodient, the cutoff fraguency, or -3 dB frequency, of this low-pass filter is approximately 200 Hz. Accordingly,
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the resistor 314 is preferably 1.5 kohms and the capacitor 312 is .47 microfarads, the drive resistor 308 is 33.2
kohms, and the feedback resistor 280 is 121 kohms.

In surround sound audio systems, there is often an abundance of bass er low-frequency information resulting
from the subwoofer and the addi_tional speakers. Therefore, it may be desirable to separately control the level of
low-frequency difference signal appearing at node B. As should be apparent to one of ordinary skill in the art, this
can be accomplished by connecting the eutput 264 of the amplifier 252 to a second variable gain resistor which,
instead of the wiper contact 272, directly drives the resistor 314. In this manner, the time constant of the jow-pass
filter is maintained and the lower frequencies of the difference signal can be more precisely and directly controlied.

At node C, a high-pass filtered difference signal is fed through the drive resistor 310 ta the non-inverting
terminal 292 of the amplifier 276. The high-pass filter is designed with a cutoff frequency of approximately 7 Khz
and a relative gain to node B of -6 dB. Specifically, a capacitor 316 connected between node C and the wiper
contact 272 has a value of 4700 picofarads, and a resistor 318 connected betwesn nods € and ground has a value
of 3.74 kohms.

The modified difference signals present at circuit locations A, B, and C are also fed into the inverting
terminal 280 of the amplifier 282 through resistors 320, 322 and 324, respectively. The amplifier 282 is configured
as an inverting amplifier haiing a positive terminal 332 connected to ground and a feadback resistor 334 connected
between the terminal 280 and an output 336. To achieve proper summing of the signals by the inverting amplifier
282, the resistor 320 has an impedance of 100 kohms, the rasistor 322 has an impedance of 33.2 kohms, and the
resistor 324 has an impadance of 44.2 kohms. The exact values of the resistors and capacitors in the audio
enhancement system 220 may ba altered as long as the proper ratios are maintained to achieve the correct lavel
of enhancement. Other facters which may affect the desired value of the passive components are the power
requirements of the enhancement system 220 and the characteristics of the amplifiers 236, 252, 275, and 282.

in operation, the medified difference signals are recombined to generate output signals comprised of a
processed difference signal. Specifically, difference signal components found at points A, B, and C are recombined
at the terminal 292 of the difference amplifier 276, and at the terminal 280 of the amplifier 282, to form a
processed difference signal (S,-S,),. The signal (S,-5,}, represents the difference signal which has been equalized
through application of the perspective curve 210 of Figure G. Ideally then, the perspective curve is characterized
by a gain of 4 db at 7 Khz, a gain of 7 dB at 125 Hz, and a gain of -2 dB at 2100 Hz.

The amplifiers 276 and 282 operate as mixing amplifiers which combine the processed difference signal with
the sum signal and aitber the left or right input signal. The signal at the output 288 of the amplifier 276 is fed
through a drive resistor 340 to produce an enhanced audio output signal 342. Similarly, the signal at the output
336 of the amplifier 282 travels through a drive resistor 344 to produce an enhanced audio output signal 346. The
drive resistors will typically have an impedance on the order of 200 ohms. The enhanced output signals 342 and
346 can be expressed by the mathematical squations (1) and (2} recited above. The value of K, in equations (1)
and (2) is controlled by the position of the wiper contact 270 and the value of K, is controlied by the position of
the wiper contact 272.
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Al of the individual circuit components depicted in Figure 7 may be impiemented digitally through software
ren on a inicroprocessor, or through a digital signal procassor. Accordingl_y, an individual amplifier, an equalizes, or
ather components, may be rdalized by @ corresponding portion of softward or firmware.

An alternative emhodimsnt of the audio enhancemant davice 220 is depicted in Figure 8. The device 350
of Figura B is similar to that of Figure 7 and represents another method for applying the perspective curve 210
{shown in F‘m 8) to a pair of sterss audio signals. The audio enhancement system 350 utfizes an alternative
summing network configuration for generating a sum and difference signal.

in the aiternative smbodiment 350, the audio source signals S, and S, are ultimately fed into the negative
input of mixing amplifiers 352 and 354. To generate the sum and difference signals, however, the signals S, and
8, are first fed through resistars 356 and 358, respectively, and into an inverting terminal 360 of a first amplifier
362. The amplifier 362 is configured as an inverting amplifier with a grounded input 364 and a feedhack resistor
386. The sum signal, or in this case the inverted sum signal -{L+R), is generated at an output 368. The sum signal
component is then fed to the remaining circuitry after being levek-adjusted by the vatiable resistor 370. Bacause the
sum signal in the alternative embodiment is now inverted, it is fed to a non-inverting input 372 of the amplifier 354.
Accordingly, the amplifier 354 requires a current-balancing resistor 374 placed between the non-inverting input 372
and ground potential. Similarly, a currant-balancing resistor 376 is placed between an inverting input 378 and ground
potential. Thess slight modifications to the amplifier 354 in the alternative embodiment are necessary to achieve
correct summing to generate the enhanced audio output signal 380.

To generate a difference signal, an inverting summing amplifier 383 receives the signal S, and the sum
signal at an inverting input 384. More specifically, the source signal 8, is passed through a capacitor 386 and a
resistor 388 before arriving at the input 384. Simitarly, the inverted sum signal at the output 368 is passed through
a capacitor 390 and a rasistor 382, The RC networks created by components 386/388 and components 3901392
provide the bass frequency filtering of the audio signal as described in conjunction with a preferred smbodiment.

The amplifier 382 has a grounded non-inverting input 394 and a feedback resistor 396. A difference signal,
8,8, is generated at an output 398 with impedanca values of 100 kohm for the resistors 356, 358, 366, and 388,
impedance values of 200 kohms for the resistors 382 and 396, a capacitance of .15 micro-farads for the capacitor
390, and a capacitance of .33 micro-farads for the capacitor 388. The differance signal is then adjusted by the
variable resistor 400 and fed into the remaining circuitry. Except as described above, the remaining circuitry of
Figure 8 is the same as that of a preferred embodiment disclosed in Fipure 7.

The entire audio enhancement system 220 of Figure 7 uses a minimum of components. The system 220
may be constructed with only four active components, typically oparational ampiifiers corresponding te amplifiers 236,
252, 276, and 282, These amplifiors are readily available as a guad package on a single semiconductor chip.
Additional components needed to construct the sudio enhancemant system 220 include only 29 resistors and 4
capacitors. The system 350 of Figure 8 can also be manufactured with a quad amplifier, 4 capacitars, and only
29 resistors, including the potentiometers and output resistors. Becaus of its unique design, the audio enhancement

systems 220 and 350 can be produced at minimal cost utiizing minimal component space and stilt provide
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ur" ~lievable broadening of an existing stereo image. In fact, the entire system 220 can be formed as a single
semiconductor substrate, or integrated circuit. ’

Apart from the smbodiments 'depinted in Figures 7 and B8, there are conceivably additional ways to
interconnect the same camponents ahd obtain perspective enhancement of stereo signals as described herein. For
example, a pair of amplifiers configured as difference amplifiers may recsive a pair of source signals, respectively,
and may also each receive the sum signal. In this manner, the amplifiers would generate a first difference signal,
L-R, and a second difference signal, R-L, respectively, -

In addition, still other embodimams of audio enhancement devices may not separately generats a difference
signal at all. Of main importance is the fact that ambignt information, information represented by a difference signal,
is properly squalized. This can be accomplished in any number of ways without specifically generating a difference
signal. For example, the isolation of the difference signal information and its subsequent equalization may be
performed digitally, or performed simuitanaously at the'input stage of an amplifier circuit.

The perspective modification of the difference signal resulting from the enhancement systems 220 and 350

has been carefully engineered to achieve optimum rasults for a wide imrietv of applications and inputted audio

signals. Adjustments by 8 user currently include only the level of sum and difference signals applied to the
conditioning circuitry. However, it is conceivable that patentiometers conld' be used in place of resistars 314 and
318 to allow for adaptwa equalization of the difference s:gnal

Other audio enhancement apparatus and mathods which may be used as the devices 4, 42, 44, 46, 102,
and 104 include time-dslay techniques as disclosed in U.S. Patent No. 4,355,203 (incorporated herein by reference
as though fully set forth), and phase-shifting techniques as disclosed in U.S. Patent No. 5,105,462 (incorporated
herein by reference as though fully set forth). |

Through the foregeing description and accompanying drawings, the present invention has been shown to
have important advantages over current steren reproduction and enhancement systems. While the above detailed
description has shown, described. and pointed out the fundamental nove! features of the invention, it will be
understood that various omissions and substitutions and changes in the form and details of the device illustrated may
be made by those skilled in the art, without departing from the spirit of the invention. Therefore, the invention
should be limited in its scope only by the following claims.

——"___________,—___'_
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WHAT IS CLAIMED 1S:
1. An audio enhancement device which broadens the percaived spatial image of sound signals in a

surround sound anvironmnt%afﬂ autio enhancement system comprising:

i il et R, O

a right-front audio signal; + L' Hoos

2 loft-rear audio signal;

a right-rear audio signal;

a front enbhancer in communication with sajd left-front audio signal end said right-front audio
signal, said front enhancer configured to medify the ambient information in said left-front audio signal and
said right-front audio signal in a manner which generates a plurality of front component signals;

a left enhancer in communication with said left-front audio signal and said left-rear audio signal,
said left enhancer configured to modify the ambient information in said left-front audio signal and said feft-
rear audio signal in 2 manner which generates a plurality of left component signals;

a rear enhancer in communication with said left-rear audio signal and said right-rear audio signal,
said rear enhancer configured to modify the ambiant information in said left-rear audio signal and said right-
rear audio signal in a maoner which generates a plurality of rear component signals;

a right enhancer in communication with said right-rear audio signal and said right-front audio
signal, said right enhancer configured to modify the ambient information in said right-rear audio signal and
said right-frant audio signal in @ manner which generates a plurality of right component signals;

a laft-front junction configurad to combine one of said left component signals and one of said front
component signals to generate a left-front output signal;

a left-rear junction configured to combine one of said left component signals and one of said rear
component signals to generste a lsft-rear output signal;

a right-rear junction configursd to combine one of said right component signals and one of said
rear component signals to generate a right-reer eatput sigeal; and

a right-front junction configured to combine one of said right component signals and one of said
front component signals to generate a right-front output signal,

2 The audio enhancement device of Claim 1 further comprising a first crossover snhancer, said first
crossover enhancer in communication with said right-front audio signal and said left-rear audio signal, said first
crossover enhancer configured to modify the ambient information in said right-front audio signal and said left-rear
audio signal in a manner which peneratas a first crossover component signal and a second crossover component
signal,

3 The sudio enhancement device of Claim 2 wherein said right-front junction is further configured
to combine said first crossover compunent sipnal, ona of said right component signals and one of said front

component signals to generate said right-front output signal. —_
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4, The audio enhancement device of Claim 2 wherein said left-rear junction is further configurad to
_combine aid second crossover component signal, one of said left 'cn:mpnnent signals and one of said rear component
signals to generate said left-rear output signal. g

b. The audio enhancement device of Claim 2 further comprising a second crossover enhancer, said
second crossover enhancer in communication with said left-front audio signal and said right-rear audio signal, said
second crossover enhancer configured to modify the ambient information in said left-front audio signal and said right-
rear audio signal in a manner which generates a third crossover componant signal and a fourth crossover component
signal.

6. The audio enhancement device of Claim 5 wharsin said left-front junction is further configurad to
combine said third crossover component signal, one of said left component signals and one of said front compenent
signals to generate said left-front output signal.

7. The audio enhancement device of Claim 5 wharein said right-rear junction is further configured to
combine said fourth crossover component signal, one of said right component signals and one of said rear component
signals to generate said right-rear output signal.

8. An audio enhancement device which broadens the perceived spatial image of sound signals, said
audio enhancement device comprising: o '

at least three audio source signals;

a plurality of audio enhancers, each of said audio enhancers in communication with at least two
of said audioc source signals, each of said audio enhancers configured to modify the ambient information
in said audio source signals in a manner which generates a plurality of component signals; and

a plurality of combining junctions, each of said combining junctions in communication with at least
two of said component signals, said combining junctions configured te combine said component signals to
generate a plurality of output audio signals such that said plurality of output audio signals broadens a

~ perceived spatial image when said output audio Signals energiza a plurality of speakers.

8. The audio enhancement device of Claim 8 wharein at least one of said audio enhancers modifies
said ambient information in said audio signals by inserting a time delay within said ambient information.

10. The audio enhancement device of Claim 8 wherein at least one of said audio enhancers modifies
said ambient information in said audio signals by phase shifting said ambient information.

1. The audio enhancement device of Claim 8 wherein at least one of said audio enhancers modifies
said ambient information in said audio signals by selectively emphasizing relative amplitudes in said ambient
information.

12. The audic enhancement device of Claim B wherein at least one of said combining junctions adds
said component signals together to generate said plurality of output signals.

13. The sudio enhancement device of Claim 8 wherein at least one of said combining junctions

comprises an inverting amplifier.
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14. The audioc enhancement device of Claim 8 wherain at least one of said combining junctions

comprises an operational amplifier.

15. A computer syStem which broadsns the perceived spatial image of sound signals, said computer

system comprising:

a computer procsssor configured to access audio data stored on a computer accessible storage
medium, said computer processor further configured to transfer said audio data to a data bus;

an audic decoder in communication with said data bus, said audio decoder configured to gensrate
at least four audio source signals;

a plurality of audio enhancers in communication with said audio source signals, each of said audio
enhancers in communication with at least two of said audio scurce signals, each of said audio enhancers
configured to modify the ambient information in seil audio source signals in 2 manner which generates a
plurality of component signals; and

a plurality of comhining junctions, each of said combining junctions in communication with at least
two of said companent signals, said combining junctions configured to combine said component signals to
generate a plurality of output audio signals,

18. The computer system of Claim 15 wherein said audio decoder is a digital signal processor.
17. The computer system of Claim 15 wherein said audio signals are AC-3 compatibie audio signals.
18. The computer system of Claim 15 whersin sach of said four audio signals corresponds to 8

discrate, full bandwidth audio channel.

disk.

disk.

18. The computer system of Glaim 15 wherein said computer accessible storape madium is a hard disk.
20. Ths computer system of Claim 15 wherein said computaer accessible storage medium is a compact

21, The computer system of Claim 15 wherein said computer accessible storage medium is a laser

22, An sudio enhancement system which broadens the perceived spatial image of sound signals, said

audio enhancement system comprising:

an audio receiver, said audio receiver configured to access audio signals stored on a recording
medium, said audio receiver further configured to transfer infarmation from said recording medium to a
communication bus;

an audio decoder, said audio decoder connected to said communication hus, said audic decoder
configured to generate at least four audio source signals;

a plurality of audio enhancers in communication with said audio sousce signals, each of said audio
enbancers in communication with at least two of said audio source signals, each of said audio enhancers
canfigured to modify the ambient information in said audio source signals in a manner which generates a
plurality of component signais; and
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two of said component signals, said combining junctions configured to combine said component signals to

generate a plurality of output audio signals.

23. The audio enhancement system of Claim 22 wherein said avdio receiver transfers an audio
bitstraam to said communication bus. '

24. The audio enhancement system of Claim 22 wherein said audic receiver transfers an AC-3
compatible bitstream to said communication bus. '

25. The audio enhancement system of Claim 22 wherein said audio decoder gensrates said audio
source signals by transforming said information on said communfcation bus inte at least four discrets, full bandwidth

audio channels.

26. The audio enhancement system of Claim 22 _whnrein said recording medium is a compact disk.

217. The audio enhancement system of Claim 22 wherein said racording medium is a laser disk.

28. The audio enhancement system of Ciaim 22 wherein said recording medium is 3 magnetic storage

medium. '
29, The audic enhancement system of Claim 22 further comprising a video tape device which is in

communication with said audio decoder.

30. The audio enhancement system of Claim 22 wherein said audio receiver aiso proi:esses telavision

31.  An audio enhancement system for use in a surround sound reproduction environment wherein the
surround sound environment has at least four separate sudio source signals designated for spaakers situated within
the reproduction environment and placed around a listener, the audioc enhancement system modifying the audia seurce
signals to generate at least four enhanced output signals for creating an immersive sound experience for the listener
when the 'enhancad output signals are amplified and played through the speakers, the audio enhancement system
comprising:

a first enhancement device receiving a first pair of said sudio source signals, said first
enhancement device madifying said first pair of source signals to create first and second component signals
representative of said first pair of source signals; '

a second enhancement device receiving a second pair of said audio source signals, said sscond
enhancement device modifying said second pair of source signals to create third and fourth component
'signals representative of said second pair of source signals;

a third enhancement device receiving a third pair of said audio source signals, said third
enhancement device medifying said third pair of source signals to create fifth and sixth component signals
representative of said third pair of source signais;

a fourth enhancement device receiving a fourth pair of said audio source signals, said fourth
enhancement device modifying said fourth pair of source signals to create seventh and eighth component

sipnals representative of said fourth pair of source siunak;kk_
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maans for combining said component signals to generate said at lsast four enhanced output signals
for providing an immarsive and realistic sound field for a listener, said at laast four enhanced vutput signals
comyprising:

a first output signal representing a compusite of said first component signal and said
third componant signal;

3 second output signal representing a composits of said second component signal and
said fifth component signal;

a third output signal rapresenting a composite of said fourth component signal and said
seventh component signal; and

a fourth output signal representing a composite of said sixth component signal and said
eighth component signal.

32 The audio enhancement system of Claim 31 wherein said at least four audio source sipnals
comprise a signal, L,, designated for a left-front speaker; a signal, R, designated for a right-front speaker; a signal,
L, designated for a left-rear speaker; and a signal, R, designated for a right-rear speaker.

33 The audio enhancement system of Claim 32 wherein said first palr of source signals comprises
the signals L, and R; said second pair of source signals comprises the signals L, and L; said third pair of source
signals comprises the signals R, and R; and said fourth pair of source signals comprises the signals L, and R,

K2 % The audio enhancement system of Claim 31 wherein said means for combining said componant
signals is-an electronic adder.

35. The audio enhancement system of Claim 31 further comprising:

a fifth enhancement devica receiving a fifth pair of said audio source signals, said fifth
enhancement device modifying said fifth pair of source signals to creats ninth and tenth component signals
rapresentative of said fifth pair of source signals;

a sixth enhancement device receiving a sixth pair of said audio source signals, said sixth
enhancement device modifying said sixth pair of source signals to create eleventh and twelfth component
signals representative of said sixth pair of source signals; and wherein:

said first output signal represents a composite of said first component signal, ssid third
component signal, and said eleventh component signal;

said second output signal represents 8 composite of said second component signal, said
fifth component signa!, and said tanth component signal;

said third output signal represents a composite of said fourth component signal, said
seventh component signal, and said ninth component signal; and

said fourth output signal regresents a composite of said sixth component signal, said
eighth componant signal, and said twelfth component signal.

36. The audio enhancement system of Claim 31 wherein

————————
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said first, sacond, third, and fourth enhancement devices modify said corresponding pairs of source signals by
selectively emphasizing the ambient information within said corresponding pairs of source signals. )

37. The audio enhancement system of Claim 31 wherein said audio enhancement system if formed
upon a semiconductor substrate. .

38. The audic enhancement system of Claim 31 wherein said audio enhancement system is
implemented by a digital signal processor. |

39. The audio enhancement system of Claim 31 wherein each of said output signals is amplified and
diracted to a plurality of speakers situated around a listener within the surfaund sound environment.

40. An audio enhancement system for use with a stereo sign"hl decoder having muitiple audio signals
designated for playback through a group of speakers situated within a surround sound fistening environment, said
audio enhancement system comprising: .

an snhancement apparatus for urbuping a plurality of the multiple audio signals from the signal
decoder into separate pairs of audio signals, said enhancement api)aratus modifying each of said separate
pairs of audio signals to gensrate separate pairs of component siﬁ_'nals: and

a circuit for combining said component signals to hnncraia enhanced audio output signals, each
of said enhanced audio sutput signals comprising a first componaht signal from a first pair of component
signals and a second component signal from a second pair of component signals.

41. The audio enhancement system of Claim 40 wherein said enhancement apparatus comprises four
separate enhancement devices, each of said enhancement devices receiving one of said separate pairs of audio
signals.

42, The sudio enhancement system of Claim 41 wherein said plurafity of multiple audio signals
comprises a left-front signal, L;; a right-front signal, R; a lft-rear signal, L; and a right-rear signal, R, and wherein
a first pair of said audio signals includes L, and R;; a second pair of said audio signals includes L; and L; a third pair
of said audio signals includes R, and R; and a fourth pair of said audio signals includes L, and R.

43. The audio enhancement system of Claim 40 wherein said plurality of multiple audio signals
comprises four separate signals and said enhancement apparatus numpre# six separate enhancement devices, sach
of said enhancement devices receiving one of said separate pairs of audio "siunals. _

44, The audio enhancement system of Claim 40 wherein said enhancement apparatus isolates ambient
information of said separate pairs of audio signals and inserts a time delay within said ambient information.

‘45, The audio enhancement system of Claim 40 wherein said enhancement apparatus isolates ambient
information of said separate pairs of audio signals and phase shifts said ambient information.

46. The audio enhancement system of Claim 40 wherein said enhancement apparatus isolates ambient
information of said separate pairs of audio signals and selectively emphasizes relative amplitudes of said ambient

information.
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47. An audio enhancement system for use with 2 stereo signal decoder having multiple sudio signals
designated for playback through a group of speakers situated within a surround sound listening environment, said
audio enhancement system comjifising:

means for grouping at least some of the multiple audie signals of the signal decader into separate
pairs of audio signals, ssid means for grouping further including means for modifying each of said separate
pairs of audic signals to generate separate pairs of component signals; and

means for combining said component signals to generate enhanced audio output signals, each of
said enhanced audio output signals comprising a first component signal from a first pair of component
signals and a second component signal from a second pair of companent signals.

48. An audio enhancement apparatus for use with a stereo signal decoder praviding four distinct audio
source signals designated for playback through a group of speakers situated within a listening environment, said audio
enhancement apparatus comprising:

an electronic device inputting the audia source signals and modifying the audio scurce signals to
create a group of component audio signals, each audio source signal modified as a function of at least one

" other audio source signal;

an elsctronic summing circuit receiving the component audio signals and selactively combining said
component audio signals to create enhanced audio output signals corresponding to said audio source signals,
each enhanced audio output signal comprising componant signals which have been modified as a function
of a corresponding audio source signal.

49, A method of enhancing sound in a surround sound reproduction environment wherein the surround
sound environment has at least four separate audio source signals designated for speakers situated within the
reproduction environment and placed arsund a listener, the method of enhancing comprising the following steps:

providing four audio source signals generated from a stereo signal decoder during playback of a
recorded audio signal; and

modifying said four audio source signals to create four corresponding enhanced audio signals
wherain each of the four enhanced audio signals is modified as a function of its corresponding audio source
signal and at lsast two additional audio source signals, said enhanced audio signals creating an immersive
sound exparience for the listener when the enhanced audio signals are amplified and played through
speakers of 2 reproduction environment,

50. Tha method of Claim 49 further nomprising the additionai step of amplifying said enhanced audio
signals o allow for reproduction by speakers within the surround sound reproduction environment.

1R The method of Claim 49 wherein each of said audio source signals is modifisd as a function of
said at least two additional saurce signals to create two component signals, and wherein said component signals
which correspond to a common audio source signal are combined to form said enhanced sudio signals.

52, A method of snhancing a group of audio source signals generated for playback in a surround seund
environment wherein the audio source signals are designated for speakers placed around a listener, the audio source
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signals comprising a left-front signal (L), a right- front signal {R,), a left-rear signal (L), and a right-rear signal lﬁ )
the method of enhancing comprising the following steps:

generating first and second component signals from the saurce signals L, and R, wherein the first

and second component signals are modified as a function of the source signals L, and R, the first

component signal corresponding to the signal L, and the second component signal corresponding to the

signal R,; N

generating third and fourth component signals from the source signals L, and L, wherein the third
and fourth component signals are modified as a function of the source signals L and L, the third
tomponent signal corresponding to the signal L, and the fourth component signal corresponding to the signal

L;

generating fifth and sixth component signals from the source signals R, and R, wherein the fifth
and sixth component signals are modified as a function of the source signals R, and R, the fifth component

signal corresponding to the signal R, and the sixth component signal corresponding to the signal R;

generating seventh and eighth component signals from the source signals L, and R, wherein the
seventh and eighth component signals are modified as a function of the source signals 1, and R, the
sevanth component signal cotresponding to the signal L, and the eighth component signal corresponding to
the signal B; '

combining the first and third component signals to generate a composite and enhanced left-front
output Signal, Ly fOr reproduction in said surround sound environment;

combining the second and fifth component signals to'geherate a composite and enhanced right-
front output signal, Byyuees for reproduction in said surround sﬁund environment;

comﬁining the fourth and seventh component signals to gena}ata a composite and enhanced left-
rear output signal, L g f0r reproduction in said surround sound enivironment: and

combining the sixth and eighth component signals to generate a composite and enhanced right-rear
output signal, R fOr reproduction in said surround sound environment.

53. The method of enhancing a group of audio source signals as recited in Claim 52 wherein each of
said eight component signals contains ambient signal information which has besn equalized, relative to ambient
information in said corresponding source signal, to obtain a broader perceived sound stage with respsct to any two
of said enhanced output signals.

54, A method of enhancing a group of audio source signals generated for playback in a surround sound
environment wherein the audio source signals are designated for speakers placed around a listener, the audio source
signals comprising a left-front signal {L)), a right-front signal {R,), a left-rear signal {L), and a right-rear signal (R),
saitl method of enhancing comprising modifying said audio source signals to create four corresponding enhanced audio
signals wherein each of the four enhanced audio signais is modified as a function of its corresponding audio source

signal and at least two additional audio source signais in accordance with the following equations:
Lm - K'{Mlﬂ-’, n') + M)"-f; l'»r
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Ruses = KoMolLy, ) + MR, RY, —
e [T
Rinmarcas = KdMAR,, R + MglL, R)),
where M,-M, are independant variables which dictate the {evsl and type of modification ta the audio source signals,
and K,-K, are independent variables which determine the gain of the enhanced audio signals.
B5, The method of enhancing a group of audio source signals as recited in Claim 54 wherein the

independent variables M,-M, represent equalization of ambient audio information present in the corresponding audio
source signals.



