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AUDIO ENHANCEMENT SYSTEM 

FOR USE IN A SURROUND SOUND ENVIRONMENT 

Background of the Invention 

This invention relates generaUy to audio enhancement systems and methods for inproving the realsm and 

dramatic affects obtainable from stereo sound reproduction. More panicularly, this invantion relates to apparatus 

and methods for enhancing sound generated in a surround sound environment having separate front and rear aucflo 

channels. 

The advant of stereo surround·sound audio systems, i.e., audio systems having separate audio channels for 

10 front and rear speakers, has brought a more realstic and enveloping audio experience to Hstenars. Such systems, 

such as Dolby Laboratories Pro·logic system, may use a matrixing scheme to store four or more separate audio 

channels on just two audio recording tracks. Upon dematrixing, the Pro-Logic audio system defwers distinct audio 

signals to a left-front speaker, a right-front speaker, a center speaker, and to surround speakers placed behind a 

listener. 

15 More recently, surround sound systems havtt emerged which can dalivar completely separate forward and 

rear audio channels. One such system is Dolty laboratories five·channel digital system dubbed "AC·3." An audio 

component which has Dolby AC·3 capabHity can deliver five discrete channels to speakers placed around a tistening 

environment (feft·front, center. right-front, left·surround, and right-surround). Unlike previous surround-sound systems, 

all five of the distinct channels of tha Dolby AC-3 system have full bandwidth capabi&ty. This allows for more 

20 dynamic and volume range of the rear, or "surround", channels. 

The d"tscrete full-bandwidth channels of the Dolby AC·3 system have been touted as increasing focafization 

of stereo sound effects within a sound field. This localization results from the distinct audio channels which feed 

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 ara not limited in audio bandwidth, all of 

25 the channels can be used for both ambient and direct sound effects. 

Although tacatization of sounds to some extent is beneficial and may greatly increase realism upon audio 

ptaybaclt, the capabilities of systems such as Dolby AC-3 and Pro-Logic are linited. For example, a sound field which 

sunounds a listener can be created by directing sounds to five separate speakers placed around the listener. 

However, the surround-sound field may be perceived by the listener as containing five discrete point sources from 

30 which sounds emanate. In certain surround-sound audio :Systems, sounds which are intended to move from one rear 

speaker to another rear speaker may seam, 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 a rear·left speaker may tikewise appear 

to leap across tha left sound stage. 

Despite the advances in audio reproduction systems, and particularly those having surround sound capability, 

35 there ·is a need for an audio enhancement system which can inprove upon the realism of these audio reproduction 

systems. The audio enhancement system disclosed herein fuffBls this need. 
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Summary of the Invention 

An audio anhancement 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 mult~channel 

audio surround systems. In a typical multi-channel audio enhancement system, four separate audio signals intended 

5 for the front and rear speakers are selectively grouped in pars. Each pair of audio signals is used to generate a 

pai of component audio signals mollfied relative to tha original pair of audio signals. 

The level and type of modification made to the component audio signals may vary to emphasize certain 

acoustical features of the original audio 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 

10 audio output signal is then fed directly to a ipeaker 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 least some of the original audio signals. 

15 

Brjef DescriDtion of the Drawings 

The above and other aspects, features, and advantages of the prlsent invention wHI be more apparent from 

the following particular description thereof presented in coniunction with the foUowing drawings, wherein: 

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 

20 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 a summing circuit for use with the invention disclosed in Figure 1. 

Figure 48 is a schematic diagram of a sumniing circuit for use with the invention disclosid in Figure 2. 

Figure 5 is a schematic block diagram depicting one type of audio enhancement system which may be used 

25 as shown in Figures 1 and 2 in order to generate a broadened stereo image. 

30 

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

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

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

4. 

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

4. 

DetaHed Description of the Preferred Embodiment 

Figure 1 depicts a block diagram of a niulti·channal audio enhancement system 10 for use in a surround-

35 sound environment. The audio enhancement system 10 operates· in connection with a stereo ·iignal decoder 12 

having multi-channel audio source signals. The decoder 12 of Figure 1 is a six-channel 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 intende11 for a different 

;- 9ne of the six speakers. In particular. an audio source signal 14, representing the centar information le.g •• aialogue), 

is ultimately directed to a canter speaker 16. 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 1 Z represent the signals 

ordinarily intended tor connection (after amplification) to a left-rear speaker 28, a left-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 26 are instead selectivaly routed to a group of audio enhancement devices 40, 42, 44, and 46. In this 

manner, al of the source signals are isolated in pairs such that no two pairs are identical but two separate pairs 

10 may contain the same source aignat 

Specifically, a first audio enhancement device 40 receivas the laft·front source signal 22 tt,), and th& right· 

front source signal 24 (R,>. The audio enhancement device 40 outputs a first enhanced component signal 50 fln) 

and a second enhanced component signal 52 (Rn). In a similar manner but with different inputs, a second audio 

enbancemant device 42 receives Iha left-rear source signal 20 (L,J and the source signal 22 (4J. In turn, the device 

15 42 outputs first and second component signals 54 (lf2), and 56 CL,1). 

Likewise, a third audio enhancement device 44 receives the source signal 24 (Rt> and the right-rear source 

signal 26 tR,). The device 44 outputs fll'st and second component signals 58 (R12J and 60 (Rr1J. FinaBy, a fourth 

audio enhancement device 46 receives the source signal L, and the source signal 26 (R,J. The device 46 outputs 

first and second component signals 62 fL12) and 64 fRr2J. For ease of explanation and clarity, the enhancement 

20 system 10 is shown having four separate audio enhancamant 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 audio 

enhancement device receiving al four source signals and modifying them appropriately. 

Selected pairs of the component signals (derived from different pairs of source signals) are combined at one 

at four sunnning ;unctions 70, 74, 78, or 82. Specifically, the component signals 1f 1 and 42 are combined at the 

25 summing junction 70 to creata a composite enhanced output signal 72 lltcenhancecJll for driving the laft·front speaker 

30. At the summing iunction 74, the component signals 52 (Rnl and 58 (R12l combine to create a composite 

enhani:ed output signal 76 lRftanhancedt> for driving the tight·front speaker 32. A composite enhanced output signal 

8011.,(anhancedl) drives the left-rear speaker 28. The signal J,canhancadt is generated at the summing junction 78 from 

component signals L,1 and La· Lastly. the component signals 80 (R,1 I and 64 (R,2J are combined at the summing 

30 junction 82 to create a composite enhanced output signal 84 (Rrlenham:edt>· To summarize, 4tenhancedl - K1f41 

+ 42); Rf(anhancedl • KifRn + fft2J; lrlenhantadl - K,s(L,1 + 1r2li and RrtenhancadJ • K4(Rr1 + R,2J, where each 

of the component signals is generated as. a function of two auom source signals. The independent variables K1 ·K4 

are determined by the gain, if any. of the summing junctions 70. 74, 78. and 82. 
·' 

In operation, the audio enhancement ·system 10 creates a set of fourenhanced audio output signals 72, 

35 76, 80, and 84. Each of these four enhanced auf10 signals is modified as a function of a plurality of the original 

source signals 20, 22. 24, and 26. The enhancement syatam 10 operates on the decoded pra-amp&fied aud*IO source 
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signals which are designated for separate speakers placed within a listening environment. Accordingly, the resultant 

. enhanced output signals 72, 76, BO, and 84 must be amp6fied before reproduction by the speakers 28, 30, 32, in~ 

34. Audio signal amplifiers are not separately shown in figure 1 but may possi>ly be included in the speakers 28, 

30, 32, and 34. 

The enhanced output signal lrlan11ancect) is generated as a composite of signals t,1 and t,2• The signal ln 

is generated by the audio enhancement device 40 as a function of the two audio source signals Lt and Rt. Various 

audio enhancement apparatus and methods may be used for the device 40. In a preferred embodinent, however, 

the device 40 creates a signal Ln which, in connection with the signal Rn, broadens a perceived spatial image when 

these signals are played through the speakers 30 and 32, respectively. This creates a more diffuse soundfield 

10 between the speakers 30 and 32 and eliminates excessive localization of sound which can detract from reatism. 

In addition to the component. signal a.,1, a second component signal 42, is generated by the audio 

enhancement device 42. The signal La is generated as a function of the audio source signals 20, ly. and 22, a.,. 
The signal t 12 represents one of a pair of audio signals (the other being t,,1 t which, in accordance with a preferred 

embodiment, generate an enhanced spatial image when amplified and played through the speakers 28 and 30. 

15 Accordingly, the composite enhanced left output signaL Lflanhani:ed)i comprises a portion of the signal 41 

and the signal 42• Thus, the acoustics generated through the speaker ·30 wll be dependant upon both of the audio 

source signals L,, and R1, which without the enhancement system 1 D, would be directly connected to the speakers 

28 and 32, respectively. The signal 4fenham:edl wil thus create an inprovad spatial inage which is dependent on 

the front audio source signals, 4 and R1, and the left side audio source signals. L, and 4-
20 In a simHar manner, the composite enhanced output signals ftttanhancadl• LrfanhlflC'ldl' and Rrfenhancedl' are 

generated from component iignals outputted from the enhancement devices 40, 42, 44, and 46. In particular, the 

signal Rflanhancadl is a function of the front source signals, 4 and Rt and the right side source· signals, At and A,; 

the signal Lrlanhancedl is a function of the left side source signals, a., and L,. and the rear source signals, L, and R,; 

and the signal Rrlanhancedl is a function of the right side source signals, Rf and Rr• and the rear source signals, 1r 
25 and R,. 

In accordance with the embodinent shown ·in figure 1, each of the audio output signals supplied (after 

amplification) to a respective one of the speakers 28, 30, 32, and 34 is e 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 dependant 

upon original source signals intended (before enhancema"t) for other nearby or adjacent speakers. By blending the 

30 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 originany intended as a •surround• 

environment can be made into an environm•nt which envelops or immerses the fistaner in sound. 

In addition to the enhancement of the source signals 20, 22, 24, and 26, the signals 14 and 16 may 

35 require level adjustment to balance these signal levels with those of the enhanced source signals 20, 22, 24, and 

26. Such level 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 tkiR in the art and would be placed between the decoder 12 

.and the signal ampUfier {n~t shown) used to power the- appropriate speaker. 

In some surround sound systems, such as the Dolby Pro·Logic system, there is a single audio signal used 

to simulate surround effects. This singta audio signal is transmitted to both of the rear speakers. In such systems. 

5 the signals Lr and Rr of figure 1 would be identical and there would be no need for the rear aud'm enhancement unit 

46. 

figure 2 depicts a multi·channel audio enhancamentsystem 100 which employs the techniques just described 

in connection with Figure 1. In addition, the enhancement system 1 DD has two additional audio enhancement devices 

1D2 and 104. like the other devices 40, 42, 44, and 48, the enhancement devices 102 and 104 provide component 

10 signals which contribute to the final audio output signals 72, 76, SD, and 84. The component signals are determined 

as a function of their respective source signals. 

Unlike the other four enhancemant devices 40, 42, 44, and 46, the devices 1 D2 and 104 provide crossover 

audio enhancem8l1t. Crossover audio enhancement modifies sounds as a function of those source signals intended 

for playback by speakers placed diagonally from each other. In particular, the enhancement device 1D2 inputs the 

15 source signals Lr and e,. The resultant component signals e,3 and i.,3 are generated by the device 1 D2. The signal 

Rf3 is combined at a sunning junction 110 with two other component signals, Rn and R12• This creates a 

cemposite output signal 112 (fftfenhanced)l which is modified as a function of all four source signals 20, 22, 24, and 

28. :Similarly, the signal Lr3 is combined at the junction 114 to generate the composite signal 116 llrtanhancedll 

which powers tafter ampfificationl the left-rear speaker 28. 

20 The aperation of the second crossover enhancement device 104 is similar to that of the davice 102. 

SpacHically, the device 104 receives source signals t., and Rr intended for diagonaly positioned speakers 30 and 34. 

The device 104 generates a first component signal 120 (Rr3l which is combined at a summing junction 122 with 

R11 and B,,i to produce the final output signal 124 f8rtanbanced)). Likewise, a second component signal 126 is 

combined at a summing junction 128 with Ln and 42 to produce the final output signal 130 (4tenhanc..nl· 

25 figure 3 depicts the multH:hannal audio enhancement system 10 connected to a host system 132 and a 

storage media device 134. In the preferred embodment, 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 receiver which is compatible with Dolby Laboratories' Pro-Logic 

system. Furthermore, whila a multi-channel surround system such as AC·3 is preferred, the present invention is not 

30 timited ·to surround sound JYStems and can be used to enhance a wide variety of mult~channel sound systems. In 

other embodiments, for instance the host system 132 may afso comprise a laser disk system, a video tape system. 

a stereo receiver, a television receiver, a computer-based sound system, a digital signal processing system, a 

·LucasfBm·THX entertainmant 1ystem or the like. 

While the storage media device 134 in the preferred embodiment providas an AC-3 compatible bitstream, 

35 other embodiments can use a wide range of storage mediums and storage formats. The format of the AC-3 

bitstream is defmed by Dolby Laboratories and is wall known to those of ordinary skill in the art. Thus, one of 
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.. 
ordinary skil in the art will recognize that th!I storage media device 134 may include a wide variety of optical . 

. storage madiums, magnetic storage mediums, computer accessible storage systems or the like. For example, 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 embodinents of the storage media 

5 device 134 support a wide variety of data formats such as analog frequency modulation, pulse code modulation and 

the fike. 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 television broadcast system, a high-definition television broadcast system 

or the like. 

In the preferred embodinent, the mult~channel audio signal decoder 12 receives sound data from the host 

10 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-channel audio signal 

decoder 12 via the communications bus 136. However, one of ordinary ski 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 

15 136 may be integrated 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 below, other 

embodiments may integrate the host system 132, the storage media · 134 and the systems 1 O or 100 with discrete 

analog components, a semiconductor substrata, through software, within a digital signal processing (DSP) chip, i.e., 

firmware, or in some other digital format. Far example, an audio receiver may contain a digital signal processor 

20 which accesses the storage media 134 via connnunications bus 136, performs host system 134 functions and 

performs the functions of systems 10 or 100 to produce enhanced signals. 

Figures 4A and 48 depict the summing junctions disclosed in figures 1 and 2. The two·signal swnming 

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. Tha su•ing junction 70 is 

25 configured as a standard inverting amptifier having an operational amplifier 142. The amplfier 142 receives the 

signals Ln and 42. Ln and 42 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 tha resistors 146, 148 and 150. In a preferred 

embodiment, the gain for each of the signals Ln and lf2 wHI be unity. However. sight adjustments in gain may 

be required depending on the particular audio environment and the personal preferences of a Ustener. 

30 ·Figure 48 depicts the summing junction 128 of Figure 2. The junction 128 and the junction 70 are similarly 

configured as summing, inverting ampfifier circuits. The junction 128, however, has an operational ampifier 152 

which combines three inputs, 41, 42, and Lf3, instead of just two inputs. 

The audio enhancement techniques disclosed in Figures 1 and 2 improve the immersive effect of a surround 

sound audio system. The systems 10 and 1 OD of Figures 1 and 2 depict a typical home audio reproduction 

35 environment having four primary speakers placed along the front and rear areas of a sound stage. However, the 

concepts of the present invention are appHcabla 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 

.different alavational levels from one another or with respect to a listener. In addition, the concepts of the present 

invention can be applied to any pair of audio source aignals that may be selected for enhancement. The resultant 

component signals are than combined with other component signals created from a second pair of audio source 

5 signals. This same process may be continued for each possible pair of audio source signals generated by a stereo 

signal decoder or the lie. 

The systems 10 and 100 may be implemented in an analog discrete form, in a semiconductor substrate, 

through software, within a digital signal processing (DSP) chip, i.e., firmware, or in some other digital format. 

The multi·channel audio enhancement system 10 of Figure t, or the enhancement system 1 DO of Figure 2, 

10 may employ a variety of audio enhancement devices for generating the component audio signals. For example, the 

devices 40, 42, 44, 46, 102, and 104 may use time-delay techniques, phase-shift techniques, signal equalization, 

or a combination of aU of these techniques to achieve a desired audio effect. Moreovar, the audio enhancement 

techniques applied by the individual enhancement devices 40, 42, 44, 46, 102, and 104 need not be identical. 

In accordance with a preferred ambodinent of the present invention, the enhancement devices 40, 42, 44, 

t 5 and 48 of Figure 1 equalize an ambiance signal component found in a pair of stereo signals.. As a result, many 

sounds emanating from a given speaker will not be localized to that speaker. In addition, sounds intended to move 

across the sound stage from one speaker ta another, wil do so graduaRy as if additional speakers were present. 

The· ambience signal component represents the differences between a pair of audio signals. An ambient signal 

component derived from a pair of audio signals is thenfora often referred to as the "difference" signal component. 

20 An example of one 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 blends a 

perceived sound stage generated from a pair of stereo audio signals by enhancing the ambient sound information. 

The audio enhancement device and method disclosed m figures 5·8 is sinilar to that disclosed in pending application 

serial number 081430751 fHed on Aprl 27, 1995, which is incorporated herein by reference as though fuNy set forth. 

25 Related audio enhancement devices are disclosed in U.S. Patent Nos. 4,738,869 and 4,868,744, issued to Arnold 

I. Klayman, both of which are also incorporated by reference as though fully set forth herein. 

Referring initiaUy to figure 5, a functional block diagram is shown depicting an audio enhancement device 

180. In a preferred embodinent of the present invention, the device 160 represents each of the devices 40, 42, 

44, 48, 102, and 104. The enhancement system 160 receives first and secand stareo source signals (S1 and S2) 

30 at inputs·1a2 and 184, respectively. These stereo source signals are fed to a first summing device 188, e.g., an 

electronic adder. A sum signai representing the sum of the stereo source signals received at the inputs 162 and 

164, is generated by the summing device 166 at its output 188. 

The signal s1 is also connected to an audio filter 170, while the signal ~ is connected to a separate audio 

fitter 172. The outputs of the filters 170 and 172 are fad to a second summing device 174. The summing device 

35 174 generates a ditfarence signal at an output 176. The difference signal represents the ambient information present 
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in the filtered signals s1 and Si· Tha filters 170 and 172 ara pre-conditioning high-pass filters which ara designed 

to avoid over-amplification of the bass components present in the ambient component of a pair of stereo signatL 

The summing device 168 and the summing device 174 form a summing network having output signals 

individuaUy fad to separate level-adjusting devices 1 BO and 182. The devices 1 BO and 182 are ideally potentiometers 

5 or similar variable-impedance devices. Adjustment of the devices 1 BD and 182 is typically performed manuaDy by 

a user to control the base levels of sum and difference signals present in the output signals. This aUows a user to 

tailor the lavel and aspect of stereo 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 level of difference signal 

10 emphasizes the ambient sound information creating the perception of a wider sound inage. 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 180 and 182 may be eliminated and the sum and difference-signal levels fixed 

at a predetermined value. 

The output of the device 182 is fad into an equalizer 184 at an input 186. The equalizer 184 spectrally 

15 shapes the difference signal appearing at the input 186. This is accomplished by separately applying a low-pass 

audio filter 188, a high-pass audio fUtar 190, and an attenuation circuit 192 to the difference signal as shown. 

Output signals from the filters 188, 190, and the circuit 192 exit the equaHzer 184 along paths 194, 196. and 198, 

respectively. 

Tha modified difference signals transferred along paths 194, 198. and 198 make up the components of a 

20 processed difference signal, (SrS2)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· 1 eo, as well 

as tha original stereo source signal s1• AR fiva of these signals are added within the summing device 200 to 

produce an enhanced audio output signal 204. 

Similarly, the modifiad difference signals from the equalizer 184, the sum signal, and the signal Si are 

25 combined within the summing device 202 to produce an enhanced audio output signal 206. 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, f8i·S1)P' which is 180 degrees out-of-phase from that of the other 

speaker. 

The overall spectral shaping, Le., normalization, of the ambient signal information occurs as the summing 

30 devices 200 and 202 combine the filtered and attenuated components of the difference signal to create the audio 

output signals 204 and 206. Accordingly, the audio output signals 204 and 206 produce a much improvad audio 

affect because ambient sounds are salectively emphasized to fully encompass a fistaner within a reproduced sound 

stage. The audio output signals 204 and 206 are represented by the following mathematical formulas: 

35 AUDIO OUTm - s, + K,rs, + ~} + K2(S1 • S2)p 

AUDIO OUT(2) - S2 + K,rs, + S2) • K2IS1 • S2l, 

(1) 

(2) 
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It should be noted that input signals S1 and Si in the equations above are typicaly stereo source signals. 

.but may also be synthetical~ generated from a monophonic source. One such method of stereo synthesis which may 

be used with the present iiivention 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 output signals 

5 Hpresentad above may be magnaticaUy or electronically stored on various recording media, such as vinyl records, 

compact d"tscs, digital or analog auam tape, or computer data storage media. Enhanced audio output signafs which 

have been stored may then be reproduced by a conventional stereo reproduction system to achieve the same level 

of stereo image enhancement. 

The signal (S,.S2J11 in the equations above represents the processed difference signal which has been 

10 spactraly shaped according to the present invention. In accordance with a preferred embodiment, modification of 

the 4ifferance signal is represented by the frequency response depicted in Figure 8, which is labeled the enhancement 

perspective, or normalization, curve 210. 

. The perspective curve 210 is displayed as a function of gain, measured in decibels, against audible 

frequencies displayed in log format. According to a preferred embodiment, the perspective curve 210 has a peak 

15 gain -~J approximately 7 dB at a point A located at approximately 125 Hz. The gain of the perspective curve 210 

decreases above and below 125 Hz at a rate of approxinately 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., approximate\y the highest frequency audible to the human ear. Although the overall 

20 aquafizarion of the perspective curve 210 is accomplished using high-pass and low-pass titers, it is possible to also 

use a band-rejection fUter, having a minimum gain at point B. in conjunction with a high-pass filter to obtain a simUar 

perspective curve. 

In a preferred embodiment, the gain separation between points A and B of the perspective curve 210 is 

ideaUy ,designed to be 9 dB, and the gain separation between points B and C should be approximately 6 dB. These 

25 figures are design constraints and the actual figures wil likely vary from circuit to circuit depending on the actual 

value of components used. If the signal level devices 180 and l 82 are fixed, then the perspective curve 210 wil 

remain constant. However, adjustment of the device 182 will slightly vary the gain separation between points A 

and B, and points B and C. In a surround sound environment, a gain separation much larger than 9 dB may tend 

to reduce a listener's· perception of mid-range definition. 

30 

35 

·Jmplementation of tha perspective curve by a digital signal processor wiU. in most cases, more accurately 

reflect the design constraints discussed above. For an analog inplementation, it is acceptable if the frequencies 

corresponding tG points A, 8, and C, and the constraints on gain separation, vary by plus or minus 20 percent. Such 

a deviation from the ideal specifications wUI stUI produce the desired stereo enhancement effect, although with less 

than optinum results. 

As can be seen in Figure 8, 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, frequencies. With many audio reproduction systems, and especially surround 

pund audio systems, amplifying an audio difference signal in this low-frequency range can create an unpleasuralile 

and unrealistic sound image having too much bass response. 

The stereo enhancement provided by the present invention is uniquely adapted to take advantage of high-

5 quality stereo recordings. Specifically, unlike previous analog tape or vinyl album recordings, today's digitally stored 

sound recordings contain difference signaL La. stereo, information throughout a broader frequency spectrum, including 

the bass frequencies. Excessive amplfication of the difference signal within thase frequencies is therefore not 

required to obtain adequate bass response. 

Figure 7 depicts a circuit 220 for creating a broadened stereo sound inage. The audio enhancement circuit 

10 220 corresponds to the device 180 shown in Figure 5. In Figure 7, the source signal 81 is fed to a resistor 222, 

a resistor 224, and a capacitor 226. The source signal Sz is fad to a capacitor 228 and resistors 230 and 232. 

The resistor 222 is connected to a non-inverting terminal 234 of an amplifier 238. The same non-inverting 

terminal 234 is also connected to the resistor 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 

15 amplifier 236 is connected to the inverting terminal 240 via a faadback resistor 246. A sum signal IS. +S2), 

representing the sum of the first and second source signals, is generated at the output 244 and fad to one end of 

a variable resistor 250 which is grounded at an opposite and. For proper s1D11ming of the source signals s, and Sz 
by the amplfier 236, the values of resistors 222, 232, 238, and 248 in a preferred embodiment are 33.2 kohms 

whHe resistor 238 is preferably 16.5 kohms. 

20 A second amplifier 252 is configured as a •difference• amplifier. The amplifier 252 has an inverting 

terminal 254 connected to a resistor 258 which is in turn connected in series to the capacitor 228. Similarly, a 

positive terminal 258 of the amplifier 252 receives the signal Sz through the series connection of a resistor 260 and 

the capacitor 228. The terminal 258 is also connected to ground via a resistor 282. An output terminal 264 of 

the amplifier 252 is connected to the inverting terminal through a feedback resistor 266. The output 264 is also 

25 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 sunning 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 2281258 and 2281260, respectively, operate 

30 as high-pass filters which attenuate the very low, or bass, frequencies of the left and right input signals. To obtain 

the proper frequency response for the perspective cune 210 of figure 6, the cutoff frequency, wC' or ·3 dB 

frequency, for the high-pass filters should be approxinately 100 Hz. Accordingly, in a preferred embodiment, the 

capacitors 226 and 228 will have a capacitance of .1 micro·f arad and the resistors 258, 280 wiU have an impedance 

of approximately 33.2 kohms. Then, by choosing values for the feedback resistor 268 and the attenuating resistor 

35 262 such that: 
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the output 264 wnt represent a difference signal, ($i·S,), amprlfied by a gain of two. As a result of the high-pass 

filtering of the inputS, the difference signal at the output 264 wm have attenuated low-frequency components below 

approximately 125 Hz decraasinu at a rate of 6 dB per octave. It is possible to fHter the low frequem:y components 

of the lflffarance signal within the equalizer 184 (shown in Fig. 5), instead of using the filters 170 and 172 (shown 

5 in Fig~ '5), ·tn separately filter the input source signals. However. because the filtering capacitors for use at low 

frequencies must be fairly large, it is preferable to perform this filtering at the input stage to avoid loading of the 

· preceding tircuit. 

1'be variable resistors 250 and 268, which may be simple potentiometers, are adjusted by placement of 

wiper ·collttlcts 270 and 272, respectively. The level of the ambience signal component, i.e., difference signa~ 

to present in the enhanced output signals may be controlled by manual, remote, or automatic adjustment of the wiper 

· contact 272. Similarly, the level of mono signaf component, Le., sum signal, present in the enhanced output signals 

·is detamfriad·in part by the position of the wiper contact 270. 

The som signal present at the wiper contact 270 is fed to an inverting input 274 of a third amplifier 276 

through a teries-conriected resistor 278. The same sum signat at the wiper contact 270 is also fad to an inverting 

15 ·iflpot "'260 ~bf a fourth ampfifier 282 through a separate series-connected resistor 284. The ampftfier 276 is 

tonfiguml"•• a difference ampfifier with the inverting terminal 274 connected to ground through a resistor 286. 

~ 'tlltpnt1.SB of the amplifier 276 is also connected to the inverting terminal 274 via a feltdback resistor 290. 

A 'POSitive tarminal 292 of the amp&fier 276 provides a common node which is connected to a group of 

· :Summirig' resistors 294 and is also connected to ground via a resistor 296. The level-adjusted difference signal from 

20 tile· Wi(l•r· tontact 272 is transferred to the group of summing resistors 294 through paths 300, 302, and 304. This 

•·reUts·Tu lhhie separately-conditioned difference signals appearing at points A, B, and C, respectively. These 

·..:On8iti0Si'd \lifferance signals are then connected to the positive terminal 292 via resistors 306, 308. and 310 as 

·a.own. 

At point A along the path 300, the level-adjusted difference signal from wiper contact 272 is transferred 
25 to the resistor 306 without any 'frequency-response modification. Accordingly, thB signal at point A is merely 

·attenuated by the voltage division between the resistor 306 and the resistor 296. ldeaOy, the level of attenuation 

at 'node A will he .9 dB relative 'to a 0 dB reference appearing at node B. This fevel of attenuation is implemented 

'.by the resistor 306 haVing :an ~impedance of 100 kohms and the resistor 296 having an impedance of 21 kohms. 

The signal at node ·e repriselitS a filtered version of the lew~adjusterf difference signal appearing across a capacitor 

30 312 which is connactadtillJround. The RC network of the capacitor 312 ·and a resistor 314 operate as a Jow11ass 

filter "With a , cutoff frequency 'flatarmined by the time constant of the natwork. In accordance with a preferred 

embodirilent, tbe ·cutnff frequency, 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 

J<ohms, and the feedback resistor 290 is 121 kohms. 

In surround sound audio systems, there is often an abundance of bass or low-frequency information resulting 

from the subwoofer and the additional speakers. Thsrefore, it may be desirable to separately control the level of 

5 low-frequency difference signal appearing at node B. As should be apparent to one of ordinary skiff in the art, this 

can be accomplished by connecting the output 264 of the amplifier 252 ta a second variable gain resistor which, 

instead of the wiper contact 272, directly drives the resistor 314. In this manner, the tine constant of the low-pass 

filter is maintained and the lower frequencies of the difference signal can . be more precisely and directly controUad. 

At node C, a high-pass filtered difference signal is fed through the drive resistor 310 ta the non-inverting 

10 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. SpecificaUy, a capacitor 316 connected between node C and the wiper 

contact 272 has a value of 4700 picofarads, and a resistor 318 connected between node C and ground has a value 

of 3.74 kohms. 

The modified difference signals present at circuit locations A, B, and C are alsa fed into the inverting 

15 terminal 280 of the amplifier 282 through resistors 320, 322 and 324, respectively. The amplifier 282 is configured 

as an inverting amplifier having a positive terminal 332 connected to ground and a feedback resistor 334 coMectad 

between the terminal 280 and an output 336. To achieve proper summing of the signals by the inverting ·ampifiar 

282, the resistor 320 has an impedance of 100 kohms, the rasistor 322 has an inpedance of 33.2 kohms, and the 

resistor 324 has an impedance of 44.2 kohms. The exact valuas of the resistors and capacitors in the audio 

20 enhancement system 220 may be altered as long as the proper ratios are maintained to achieve the correct level 

of. enhancement. Other factors which may affect the desired value of the passive components are the power 

requirements of the enhancement system 220 and the characteristics of the ampfifiers 236, 252, 276, and 282. 

In operation, the modified difference signals are recombined to generate output signals comprised of a 

processed difference signal. SpecificaHy, difference signal components found at points A, B, and C are recombined 

25 at the terminal 292 of the difference amplifier 276, and at the terminal 280 of the amplifier 282, to form a 

processed difference signal (S1..S2t,. The signal (S,-S2), represents the difference signal which has been equalized 

through application of the perspective curve 210 of Figura 6. ldeaBy 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 

30 the sum signal and either the left or right input signal. The signal at the output 288 of the amplifier 276 is fad 

through a drive resistor 340 to produce an enhancad audio output signal 342. SimHarly, the signal at the output 

336 of the amplifier 282 travels through a drive rasistor 344 to produce an enhanced audio output signal 346. The 

drive resistors will typically have an inpedance on the order of 200 ohms. The enhanced output signals 342 and 

346 can be expressed by the mathematical equations (1t and (2) recited above. The value of K, in equations m 
35 and (2) is controlled by the position ot the wiper contact 270 and the value of K2 is contniHad by the position of 

the wiper contact 272. 
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All of the individual circuit components depicted in Figure 1 may be implemented digitally through software 

run on a inicroprocessor, or through a digital signal processor. Accordin91y, an individual amplifier, an equalizer, or 

other components, may be ;oa1ized by a conesponding portion of softwarii or firmware. 

An alternative embodiment of the audio enhancement device 220 is depicted in Figure B. The device 350 

5 of Figure 8 is simiar to that of Figure 7 and represents another method for applying the perspective curve 210 

(shown in ttg. 6) to a pair of stereo audio signals. The audio enhancement system 350 utilizes an alternative 

summinu network configuration for generating a sum and difference signal 

In the alternative embodinent 350, the audio source signals S1 and Si are ultimately fed into the negative 

input of mixing amplifiers 352 and 354. To generate the sum and difference signals, however, the signals Si and 

10 ~ are fll'St fed through resistors 356 and 358, respectinly, and into an invenino terminal 360 of a first amplifier 

362. The amplifier 362 is configured as an inverting amplifier with a grounded input 364 and a feedback resistor 

366. The sum signal, or in this case the inverted sum signal ·ll + RJ, is generated at an output 368. The sum signal 

component is then fed to the remaining circuitry after being level-adjusted by the variable resistor 370. Because the 

sum signal in the alternative embodiment is now inverted, it is fed to a non-inverting input 372 of the amplifier 354. 

15 Accordingly, the ampifiar 354 requires a current·balancing resistor 374 placed between the non·inverting input 372 

and ground potential. Simlarly, a currant·balancingresistor 376 is placed between an invening input 378 and ground 

potential. These slight modifications to the amp6fiar 354 in the alternative embodiment are necessary to achieve 

corract summing to generate the enhanced audio output signal 380. 

To generate a difference signal an inverting summing ampfifiar 383 receives the signal Si and the sum 

20 signal at an inverting input 384. More specifically, the source signals, is passed through a capacitor 386 and a 

resistor 388 before arriving at the input 384. Similarly. the inverted sum signal at the output 368 is passed through 

a capacitor 390 and a resister 392. The RC networks created by components 3861388 and components 3901392 

provide the bass frequency Htering of the audio sign'lll as described in conjunction with a preferred embodiment. 

The amplif11r 382 has a grounded non-inverting input 394 and a feedbacfc resistor 396. A difference signal, 

25 ~·S,, is generated at an output 398 with impedance values of 1 DO kohm for the resistors 356, 358, 366, and 388, 

impedance values of 200 kohms for the resistors 392 and 396, a capacitance of .15 micro-farads for the capacitor 

390, and a capacitance of .33 micro-farads for the capacitor 386. The difference signal is then adjusted by the 

variable resistor 400 and fad into the Tamainitg circuitry. Except as described above, the remaining circuitry of 

Figure 8 is the same as that of a preferred embodiment disclosed in Figure 7. 

30 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 operational amplifiers tarresponding to amplifiers 236, 

252, 276, and 282. These amplfiars are readiy available as a quad package on a single semiconductor chip. 

Additional components needed to construct the audio enhancement system 220 include only 29 resistors and 4 

capacitors. The system 350 of Figure 8 can also be manufactured with a quad amplifier, 4 capacitors, and only 

35 29 resistors, including the potentiometers and output resistors. Because of its unique design, the audio enhancement 

systems 220 and 350 can be produced at minbnal cost uti&zing minimal component space and still provide 



W097/41711 PCT/US97/G6995 
·14-

ur.': .,Hevable 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 embodiments depicted in Figures 7 and 8, there are conceivably additional ways to 

interconnect the same components and obtain perspective enhancement of stereo signals as described herein. for 

5 example, a pair of amplifiers conf19ured as difference amplifiers may receive a pair of source signals, raspectively, 

and may also each receive the sum signal In this manner, the amplif11rs would generate a first difference signal, 

l·R, and a second difference signal, R·L, respectively. · 

In addition, stftl other embodinants of audio enhancement devices may not separately generate a diff1rence 

signal at all. Of main importance is the fact that ambient informition, information represanted by a difference signal, 

10 is properly equalized. This can be accomp&shed in any number of ways without spacificaRy generating a difference 

signal. For example, the iso\ation of the difference signal information and its subsequent equalization may be 

performed digitally, or performed sinultanaously at the input stige of an ampflfier circuit. 

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

has been carefully engineered to achieve optinum results for a wide variety of applications and inputted audio 

15 signals. Adjustments by a user currently include only the level of smn and difference signals applied to the 

conditioning circuitry. However, it is conceivable that potentiometers could be used in place of resistors 314 and 

318 to allow for adaptive.equaUzation of the difference signal. 

20 

Other audio enhancement apparatus and methods which may be used as the devices 40, 42, 44, 46, 102, 

and 104 include time-delay 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 sat forth). 

Through tha foregoing description and accompanying drawings, the present invention has been shown to 

have inportant advantages over currant stereo reproduction and enhancement systems. While the above detailed 

description has shown, described, and pointed out the fundamental novel featlires of the invention, it wUl be 

25 understood that various omissions and substitutions and changes in the form and details of the device Hlustrated may 

be made by those skHled in the art, without departing from the spirit of the invention. Therefore, the invention 

should be limited in its scope onty by the following clains. 

1iiiU 
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WHAT IS CLAIMED IS: 

• 1. An audio enhancement device which broadens the perceived spatial image of sound signals in a 
~ ' 

surround sound environment;:S11ia audio enhancement system comprising: 

a left-front audio aignat 

a right-front audio signat 

a left-rear audio signat 

a right-rear audio signal; 

11111111111111 1111111111111111 
* C l M S * 

a front enhancer in communication with said left-front audio signal and said right-front audio 

signal, said front enhancer configured to modify the ambient information in said left·front audio signal and 

said right-front audio signal in a manner which ganeratas a plurality of front component signals; 

a left enhancer in communication with said laft·front audio signal and said left-rear audio signal, 

aaid left enhancer configured to modify the ambient information in said left·frorit audio signal and said teft· 

rear audio signal in a manner which generates a pluraity of left component signals; 

a rear enhancer in communication with said left-rear audio signal and said right-rear audio signal, 

said rear enhancer configwed to moody the ambient information in said left-rear audio signal and said right· 

nm audio signal in a manner which generates a plurality of rear component signals; 

a right enhancer in communication with said right·rear audio sitJnal and said right·frent audio 

signal, said right enhancer configured to modify the ambient information in said right-rear audio signal and 

said right·front audio signal in a manner which generates a plurality of right component signals; 

a Jeft.front junction configured to combine one of said left component signals and one of said front 

component signals to generate a left.front output signal; 

a left-raar junction configured to combine one of said left component signals and one of said rear 

component signals to generate a left-rear output signat 

a right-rear junction configured to combine one of said right component signats and one of said 

rear component signals to generate a rigbt·rear output signat and 

a right·front junction configured to combine one af 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 enhancer. said first 

crossover enhancer in communication with said right·front audio signal and said feft·rear audio signaL said first 

30 crossover enhancer configured to modify the ambient information in said right-front audio signal and said left-rear 

audio signal in a manner which generates a first crossover component signal and a second crossover component 

signal. 

3. The audio enhan~emant device of Claim 2 .wherein said right·front junction is further configured 

to combine said first crossover component signal, one of ·said right component signals and one of said front 

35 component signals to generate said dght·front output signal 
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4. The audio enhancement device of Claim 2 wherein said left-rear iunction is further configured to 

.combine said second crossover component signal, one of said left coinponent signals and one of said rear component 

signals to generate said left-rear output signal. 

5. The audio enhancement device of Claim 2 further comprising a second crossover enhancer, said 

5 second crossover enhancer in communication with said left-front audio signal and said right-rear audio signa~ 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 component signal and a fourth crossover component 

signal 

6. The audio enhancement device of Claim 5 wherein said left.front iunction is further configured to 

10 combine said third· crossover component signa~ one of said left component signals and one of said front component 

signals to generate said left·front output signal. 

15 

20 

25 

7. The audio enhancement device of Clain 5 wherein said right-rear iunction is further configured to 

combine said fourth crossover component signal, one of said right component signals and ona 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: 

at least three audio source signals; 

a plurality of audio enhancers, each of said audio enhancers in communication with at least two 

of said audio source signals, each of said audio enhancers configured tit 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 iunctions in communication with at least 

two of said component signals, said combining iunctions configured to combine said component signals to 

generate a plurality of output audio signals such that said plurality of output audio signals broadens a 

perceived spatial inage when said output audio signals energize a plurality of speakers. 

9. The audio enhancement device of Claim 8 wherein at least one of said audio enhancers modifies 

said ambient information in said audio signals by inserting a tine delay within said ambient information. 

1 O. 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. 

11. The audio enhancement device of Claim 8 wherein at least one of said audio enhancers modifies 

30 said ambient information in siid audio signals by selectively emphasizing relative ampHtudes in said ambient 

information. 

12. The audio enhancement device of Claim 8 wherein at least one of said combining junctions adds 

said component signals together to generate said plurality of output signals. 

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

35 comprises an inverting amptifier. 
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14. The audio enhancement device of Claim 8 wherein at least one of said combining junctions 

comprises an operational ampflfiar. 

15. A computer system which broadens the perceived spatial image of sound signals, said tompuh!r 

system comprising: 

a computer processor conf19urad to access audio data stored on a computer accessihle storage 

medium, said computer processor further configured to transfer said audio data to a data bus; 

an audio decoder in communication with said data bus, said audio decoder configured to generate 

at least faur 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 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 to combine said component signals to 

TS generate a plurality of output audio signals. 

t6. The computer system of Claim 15 wherein said audio decoder is a digital silJnal processor. 

17. The computer system of Claim 15 wherein said audio signals are AC·3 compatible audio signals. 

18. The computer system of Claim 15 wherein aach of said four audio signats corresponds to a 

d"w:rete. ful bandwidth audio channel 

18. 20 The computer system of Clain 15 wherein said computer accessible storage medium is a hard disk. 

25 

30 

35 

20. The computer system of Claim 15 wherein said computer accessible storage medium is a compact 

disk. 

21. The computer system of Claim 15 wherein said computer accessible storage medium is a taser 

disk. 

22. An audio anhanetment 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 infonnation from said recording medium to a 

communication bus; 

an audio decoder, said audio decoder connectad to said communication bus, said audio decoder 

confiQured to generate at least four audio soun:e 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 source signals, nth 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 
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a plura6ty of combining junctions, each of said combining junctions in communication with at least 

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 audia receiver transfers an audio 

5 bitstream to said communication bus. 

24. The audio enhancement system of Claim 22 wherein said audio receiver transfers an AC-3 

compatible bitstream to said communication bus. 

25. The audio enhancement system of Claim 22 wherein said audio decoder generates said audio 

source signals by transforming said information on said communication bus into at least four discreta, full bandwidth 

10 audio channels. 

26. The audio enhancement system. of Claim 22 wherein siid recording medium is a compact oisk. 

27. The audio enhancement system of Clain 22 wherein said recording medium is a laser disk. 

28. The audio enhancement system of Claim 22 wherein said recording medium is a magnetic storage 

medium. 

15 29. The audio enhancement system of Clain 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 also processes television 

signals. 

31. .· An audio enhancement system for use in a surround sound reproduction environment wherein the 

20 surround sound environmant has at least four separate audio source signals disignated for sp1akers situated within 

the reproduction environment and placed around a listener, the audio enhancement system modifying the audio source 

signals to generate at least tour enhanced output signals for creating an inmersive sound experience for the listener 

when the enhanced output signals are amplified and played through the speakers, the audio enhancement system 

comprising: 

25 

30 

35 

a first enhancement device receiving a first pair of said audio source signals, said first 

enhancement device modifying said t&st pair of source signals to create first and SKOnd component signals 

representative of said first pair of source signals; 

a second enhancement device receiving a second pair of said audio source signals, said second 

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 modifying said third pair of source signals to create fifth and sixth component signals 

representative of said third pair of source signals; 

a fourth enhancement device receiving a fourth pair of said audio source signals, said fourth 

enhancement device modHying said fourth pair of source signals to create seventh and eighth component 

signals representative of said fou~th pair of source signals~· ---------~ 
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means for combining said component signals to generate said at least four enhanced output signals 

for proviUrng an ~arsive and raafistic sound f111d ior a &stener. said at least four enhanced output signals 

comprising: 

a first output signal representing a c.omposite of said first component signal and said 

third component signat 

a second output signal representing a composite of said second component signal and 

said fifth component signat 

a third output signal representing a composite of said fourth component signal and said 

seventh component signat and 

a fourth output signal rapresanting 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 signals 

comprise a signal, L,, designated for a laft·front speaker; a signal, fft, designated for a right-front speaker; a signal, 

L,, designated for a left-rear speaker; and a signa~ R,. designated for a right-rear speaker. 

15 33. The audio enhancement system of Claim 32 wherein said first pair of source signals comprises 

the signals ~ and R,; said second pair 8f source signals comprises the signals L, and t,; said third pair of source 

signals comprisas the signals Rt and R,; and said fourth pair of source signals comprises the signals I,. and Rr 

34. The audio enhancement system of Claim 31 wherein said means for combining said component 

signals is· an electronic adder. 

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

25 

30 

36 

a fifth enhancement device receiving a fifth pair of said audio sou;ce signals, said fifth 

enhancement device modifying said fifth pair of source signals to create ninth and tenth component signals 

raprasentative of said fifth pair of source signals; 

a sixth enhancement device receiving a sixth pair of said audio source signals, said sixth 

enhancement device modifyin11 said sixth pair of source signals to create eleventh and twelfth component 

signals representative of said sixth pair of source signals; and wherein: 

36. 

said first output signal represents a composite of said first component signa~ said third 

component signal, and said eleventh component signal; 

said second output signal represents a composite of said second component signal, said 

fifth component signaL and said tenth component signat 

said third output signal represents a composite of said fourth component signal, said 

seventh component signa~ and said ninth component signal; and 

said fourth output signal represents a composite of said sixth compon~nt signal, said 

eighth component signa~ and said twelfth component signal. 

The audio enhancement system of Claim 31 wherein 

-----­
...... -----------
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said first, second, third, and founh enhancement devices modify said · corresponding pairs ot 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. 

5 38. The audio enhancement system of Claim 31 wherein said audio enhanc1111ent system is 

implemented by a digital signal processor. 

39. The audio enhancement system of Clain 31 wherein each· of said output signals is ampfified and 

directed to a plurality of speakers situated around a listener within the surround sound environment. 

40. An audio enhancement system for use with a stereo signal decoder having multiple audio signals 

10 designated for playback through a group of speakers situated within a surround sound listening environment, said 

audio enhancement system comprising: 

15 

an enhancement apparatus for grouping a plurality of the multiple audio signals from the signal 

decoder into separate pairs of audio signals, said enhancement apparatus modifying each of said separate 

pairs of audio signals to generate separate pairs of component signals: and 

a circuit 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 compo•t signal from a second pair of component signals. 

41. The audio enhancement system of Clain 40 wherein said enhancement apparatus comprises four 

separate enhancement devices, each of said enhancement devices receiving one of said separate pairs of audio 

20 signals. 

42. The audio enhancement system nf Claim 41 wherein said plurality of multiple audio signals 

comprises a left·front signa~ L,: a right-front signai R1; a left-riar signai I.,: and a right-rear signal, R,, and wherein 

a first pair of said audio signals includes L, and R,; a secand pair of said audio signals includes L, and L,; a third pair 

of said audio signals includes R, and Rr: and a fourth· pair of said audio signals includes I., and R,. 

25 43. The audio enhancement system ot Claim 40 wherein said plurality of multiple audio signals 

30 

comprises four separate signals and said enhancement apparatus comprises six separate enhancement devices, each 

of said enhancement devices receiving one of said separate pairs of audio signals. 

44. The audio enhancement system of Claim 40 wherein said· enhancement apparatus isolates ambient 

information of said separate pairs of audio signals and insens a time delay within said ambient information. 

"45. The audio enhancement system of Clain 40 wherein said enhancement apparatus isolates amb~nt 

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. 



5 

10 

15 

20 

25 

30 

W097/41711 I lllllll llllll lllll lllll II llll 
* C L M S * ·21· 

PCT/US'7/0699S 

47. An audio enhancement system for use with a stereo signal decoder having multiple audin signals 

• designateif for playback through a group of speakers situated within a surround sound fistaning environment, said 

audio enhancement system clim~ftsing: 

means for grouping at least soma of the multiple audio signals of the signal decoder into separate 

pairs of audio signals, said means for grouping further including means for modifying each of said separate 

pairs of audio 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 component signals. 

48. An audio enhancement apparatus for use with a stereo signal decoder providing 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 audio source signals and modifying the audio source signals to 

create a group of component audio signals, each audio source signal modified as a function of at least one 

· other audio source signat 

an electronic summing circuit receiving the component audio signals and selectively combining said 

component audio signals to create enhanced audio output signals correspnnding to said audio source signals, 

each enhanced audio output signal comprising component signals which have bean modified as a function 

of a CDrresponding auam source signal 

49. A method of enhancing sound in a su"ound sound reproduction anviromnent wherein the surround 

sound enviroMJent has at least four separate audio source signals designated for speakers situated within the 

reproduction environment and placed around a lstaner. the method of enhancing comprising the foHowing 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 tour corresponding enhanced audio signals 

wherein each of the four enhanced audio signals is modified as a function of its corresponding audio source 

signal and at laast two additional audio source signals, said enhanced audio signals creating an immersive 

sound experience for the listener when the enhanced audio signals are amprlfied and played through 

speakers of a reproduction environment. 

50. The method of Claim 49 further co.~prisin9 the additional step of amplifying said enhanced audio 

sjgnals to altow for reproduction by speakers within the surround sound reproduction environment. 

51. The method of Claim 49 wherein each of said aurfio source signals is modified as a function of 

said at least two additional source signals to create two component signals, and wherein said component signals 

which correspond to a common audio sourca signal are combined to form said enhanced audio signals. 

35 52. 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 sour&e -----------. -- -------
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signals comprising a left-front signal (lt), a right-front signal IR1), a left-rear signal (l,), and a right·rear signal (R,), 

.the method ot enhancing comprising the following steps: 

generating first and second component signals from the source 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 R1; 

generating third and fourth component signals frem the source sianafs a.. and L, wherein the third 

and fourth component signals are modif11d as a function of the source signals L, and Lr, the third 

component 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 R1 and the sixth component signal corresponding to the signal R,; 

generating seventh and eighth component signals from ~ha source signals L, and R, wherein the 

seventh and eighth component signals are modified as a function of the source signals l, and R,, the 

seventh component signal corresponding to the signal L, and the eighth component signal corresponding to 

the signal R.; 

combining the first and third component signals to g•rate a composite and enhanced left-front 

output signa~ Lt!lnhlnCldl' for reproduction in said surround sound environment; 

combining the second and fifth component signals to· ginarate a composite and enhanced right· 

front output signat ~ for reproduction in said surround sound environment; 

combining the fourth and seventh component signals to generate a composite and enhanced left· 

rear output signal, i.,....._, for reproduction in said surround sound environment and 

combining the sixth and eighth component signals to genii'ate a composite and enhanced right-rear 

output signal, n....... 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 been equalized, relative to ambient 

information in said corresponding source signal, to obtain a broader perceived sound stage with respect 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 

sianals comprising a left-front signal fl.), a right-front signal (ff,), a left-rear signal fl,), and a right·rear signal (R,), 

said method of enhancing comprising modifying said audio source signals to create four corresponding enhanced audio 

signals wherein each of the four enhanced audio signals is modified as a function of its corresponding audio source 

35 signal and at least two additional audio source signals in accordance with the following equations: 

L"""*"' - K,(M,(L,, R,) + Mz(L,, l,)), 
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R~ • J4(M,Jt., R,) + ~IR1, R,ll, 

l....._ - K,(M5(l,, lJ + MJl,, R,)), and 

R.._ - J4(M,(R1, R;) + M8(l,, R,)), 
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where M1·M8 are independent variables which dictate the level and type of modification to the audio source signals, 

5 and K1·K4 are independent variables which determine the gain of the enhanced audio signals. 

55. The method of enhancing a group of audio source signals as recited in Claim 54 wherein the 

independent variables M1-M8 represent equalization of ambient audio information present in the corresponding audio 

source signals. 


