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1. Field of the Invention _ The present invention relates
generally to wewrabses Signals and 10 particularly to a netRCFASaH24yst em
for enhanci ng nonophoni ¢ and st ereophoni ¢ acoustic signals.

2. Description of Related Art It is inmpossible to achieve

t he sane degree of channel separation in a 15 typical two | oud-speaker

stereo system t hat i%wﬁ:‘iiﬁiﬂ'%&ﬁms FOR SPATIALSAUBREIESCING Such a

stereo system acoustic sign 'M%%MON&G@GM ear fromthe
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t hose which are out of phase tend to cancel one anot her. This phenonena,
kndwt as speaker crosstalk degrades the perceived spatial and directional
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function of Tering wavefronts resulting

from'the intersection D,f twg_lw
The present invention relates generally to acoustic signals and

10  particularly to a method and system for enhancing monophonic and
stereophonic acoustic signals.

2. Description of Related Art
It is impossible to achieve the same degree of channel separation in a
15  typical two loud-speaker stereo system that is possible with a pair of
headphones. In such a stereo system, acoustic signals arriving at a listener’s
ear from the left and right loud-speakers which are in phase tend to add, while
those which are out of phase tend to cancel one another. This phenomena,
. known as speaker crosstalk, degrades the perceived spatial and directional
20  qualities of the acoustic image. Further, since speaker crosstalk is a function of
the geometry of the interfering wavefronts resulting from the intersection of the
left and right acoustic signals, the effects of speakers crosstalk are dependent
upon the location of the listener relative to the positions of the left and right
speakers. That is, the effects of crosstalk as perceived at one location may be
25 d1fferent from those perceived at another location. This positional dependence
of crosstalk gives rise to the so-called "dead spots” and "sweet spots” a listener
experiences when moving across a listening area.
It is theoretically possible to cancel crosstalk by enhancing the stereo
signals as a function of the particular positions of the speakers and the dynamic
30  position of the listener. In practice, however, such cancellation is impossible to
achieve since the particular arrangement of a listener’s speakers and the
. dynamic position of the listener cannot be predicted. Numerous stereo
enhancement systems have been disclosed recently which attempt to compensate
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10  difference signal results in an undesirable degradation of the original
monophonic acoustic image.
In addition, since many of the presently broadcast and recorded acoustic

many

images include both stereo and monophonic sources, it is also desirable for a

stereo enhancement system to not only spatially enhance monophonic acoustic
15  images but also to have the ability to smoothly and antomatically transition

between stereo signal enhancement and monophonic signal enhancement.

SUMMARY | :
A method and apparatus is disclosed which spatially enhances stereo

20  signals without sacrificing compatibility with monophonic receivers. In
accordance with one embodiment of the present invention, a stereo enhancement
system is implemented using only two op-amps and two capacitors and may be
switched between a spatial enhancement mode and a bypﬁss mode. In other
embodiments, simplified stereo enhancement systems are realized by

25  constructing one of the output channels as the sum of the other output channel
and the input channels. In other embodiments, a pseudo-stereo signal is
synthesized and spatially enhanced according to stereo speaker cmsstalk
cancellation principles. In yet other embodiments, the respective spatial
enhancements of monophonic signals and stereo signals are integrally combined

30 into a single system capable of blending, in a continuous manner, the
enhancement effects of both.



5 effectively address the nonophoni c aspects of stereo signals. For

I nstance, it is desirable in a stereo enhancenent systemto retain
conpatibility with monophoni ¢ receivers, that is, receivers which
receive only the nodified sum . (L+R) conponent of the stereo signal.
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Figures 5a, 5b, 6, and 7 are schematic diagrams of stereo enhancement

i
R LV

15  systems in accordance with other embodiments of the present invention;
Figures 8a and 8b are block diagrams illustrating conventional pseudo-
stereo topologies;
Figures 9a and 9b are block diagrams illustrating pseudo-stereo
enhancement topologies in accordance with the present invention;

20 - Figures 10a, 10b, 11a, 11b, 12, 13, and 14 are block diagrams
illustrating stereo/mono enhancement topologies in accordance with the present
invention;

Figure 15 is a schematic diagram illustrating an all-pass filter utilized in
some embodiments of the present invention;

25 Figures 16-19 are schematic diagrams of stereo/mono enhancement
systems in accordance with the present invention; and

Figure 20 is a block diagram of a topology for implementing some of
. the stereo/mono topologies of the present invention in a digital signal processor.

) 30 DETAILED DESCRIPTION OF THE INVENTION
It is to be understood that in the detailed discussion that follows,

-3~
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Figure la is block diagramillustrating a conventional |attice signal flow
t opol ogy; Figure I b i.s block diagramillustrating a o
conventi onal wwidfdossssi gnal flow 5  topol ogy; PAIVSS6/e24B | S a
bl ock diagramillustrating a conventional suminvari ant signal flow

t opol ogy; Figure 2b is a block diagramillustrating a .
suminvariant topol ogy of a stereo enhancenment systemin accordance

with the present SOHRPERentLEpmmen to the various embgimests 3ad drawing, figures greoc k

di agrams il | ustr ajppieprigfelihbeied with48é kA notations. t OPOl 0gi es in accordance
with the present invention; Figure 4-is a schematic diagram

of a stereo enhancenerefary diseyssing aspects of the:present inventigntin detadd, ¥ivodi nent of

i agr ams of st or kP to mention several Wb Sndettying Brindpied"irk, Bip 27 1eTR ! €
embodi ments 08 t henhgacementt systems shautchbe channel symmetric in forden te preerveutie 8b ar e
D ook 2072 LI BT S T TR o S BRghra °9' ©
the audio signal should be identically processed such that a reversing of the
inputs to the andio enhancement system would not effect the operation of the
system.
10 Channel—éymmetric audio enhancement systems are typicaily
implemented using either a lattice topology or a shuffle topology. Figure la
illustrates the signal flow in a lattice topology, where L and R represent the left
and right channel input signals respectively, and L’ and R’ represent the left
and right output signals respectively. In such a lattice topology, each of the
15  output signals is a sum of its respective input signal times a linear transfer
function S(s) and the opposite input signal times a linear transfer function A(s).
That is:

L’=S(s)L+A(s)R
R'=S(R+A(S)L

20

In order to maintain channel symmetry, the transfer functions S(s).of filters 1
and 4 must be identical, and the transfer functions A(s) of filters 2 and 3 must
be identical. '
Figure 1b illustrates the signal flow in a shuffle topology, where the
25  output signals L’ and R’ are determined as follows:

L'=P(sXL+R)+N(s)L-R)
R'=P(S)(L+R)-N(s)(L-R) (0
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drawi,ng figur8s aprecessed differeppn signal ig iavertedzab inveder I anl regembined withthe | ons.
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The transfer functions associated with the lattice and shuffle topologies
of Figures 1a and 1b, respectively, are related to one another as follows:

10
S(s)=P(s)+N(s) and AG)=P()-N(s)
This relationship allows an audio enhancement system implemented in one
topology to be easily converted to the other topology.

15 Further, it is desirable for an audio enhancement system to be sum
invariant so as to be compatible with monophonic receivers. A sum invariant
topology is that which the sum, or (L+R), component of the stereo signal is
not altered such that the sum of the left and right input signals L, R equals the
sum of the left and right output signals, L’, R’, as expressed below:

20 ' o

L/+R’=L+R (2)
The lattice topology of Figure la is sum-invariant, where the transfer
functions S(s) and A(s) are related as follows: '

25

S(s)+A(s)=1
) The shuffle topology of Figure 1b can be made sum-invariant by
i constraining transfer function P(s) such that:
30

=l
PGs) )



Bef ore di scussing aspects of the present invention in detail, it is
necessary to nention several inportant underlying principles. First, audio
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10 ° summing element 25 to produce the right output signal R’. The relationship

between the input signals L, R and output signals L’, R’ may be expressed as

follows:
L/=L+B(s)(L-B) :
R’=R-B(s)(L-B) 1))
15
The transfer function B(s) is related to the transfer function A(s) used in
the lattice topology illustrated in Figure 1a as follows:
B(s)=-A(5) @)
20
Rearranging the sum-invariant relationship expressed in equation 2)
above gives:
R/=L+R-L’ : 5)
25 '

This relationship has led Applicant to a modified sum-invariant topology, as
illustrated in Figure 2b, where the right output signal R’ is constructed by .
subtracting the left output signal L’ from the sum (L+R) of the input signals.
Thus, the right input signal R is inverted at inverter 31 and summed with the
30  left input signal L at summing element 30. The resultant difference signal (L-
R) is processed by filter 32 having the transfer function B(s) and recombined

-
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PCT/ US96/ 09240 Hence, a sum of input signalTs'S SHRET HAS(Q_EEI% is
constructed at summ ng el ement 11 and procesged t It ERICER tilt i 14
havi ng a trang@$émdesyaction P(s). A di fference of 1 npUlpSiGddgnded and
R, (L-R), is constructed at sunm ng el enent 10 and processed through
a filter 13 having a transfer function N(s). The .5 processed difference
signal is inverted at inverter 17 and reconbined with the pr ocessed

sum si gnal at sunith thecoriiii it fhput sighal 1.t BERAMUECeIAHENR 3B, CIRNER bitput L'
and R . The transfer functions associated with the lattice and

shuffl e topol ogi etignal L’ is inverted at inverter, 34, apd symmedwith the; qriginal righeRagd 4t ed t o
ong another as f OjeffqQhput gnals at summing element 35 to produce the right output signal

R’. The advantages resulting from the sum-invariant topology of Figure 2b will
. 5  be apparent shortly.

It should be noted that where channel symmetry is not a requirement of
the particular enhancement system, as is the case when constructing pseudo-
stereo signals from a monophonic signal, the topologies of Figures 2a and 2b
may be broadened as illustrated in Figures 3a and 3b, respectively. Taking the

10  topology shown in Figure 3a, the left L and right R signals are combined and
processed in function block 40 which may implement either a linear or non-
linear function. This processed signal is added to the left input signal L at
summing element 41 to produce the left output signal L’ and subtracted from
the right input signal R via inverter 43 and summing element 42 to produce the

15  right output signal R’. The processing performed by filter 40 may be any
suitable signal shaping function of one or both of the input signals L, R.

Referring to Figure 3b, the processing function of filter 45 may be any
suitable signal shaping function of one or both of the two input signals L, R.
The output signal of filter 45 is provided as the left output signal L’, while the

20  right output signal R’ is produced by subtracting the left output signal L’ from
the sum (L+R) of the input signals.

The shuffle topology (Figure 1a) is generally preferred over the lattice
topology (Figure 1b) since the shuffle topology requires only two filters 13-14,
where the lattice topology requires four filters 1-4. ‘Nevertheless, Applicant has

25  found that the lattice topology allows for a simpler circuit implementation of a
stereo enhancement system.

Figure 4 shows a stereo enhancement system 50 in accordance with one

. embodiment of the present invention. Enhancement system 50, the design of
which stems from the lattice topology of Figure la, requires only two op-amps

30 51, 52. The left input signal L is provided to the positive input of op-amp 51

and to the negative input of op-amp 52 via resistor R3, while the right input

-
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S(s) =P(s) +N(s) and A(s)=P(s)-N(s) This relationship allows an
audi o enhancenent systeminpl enented in one topol ogy to be easily
converted to the other topology. 15 Further, it is desirable for
an audi o enhancenent systemto be sum i nvariant so as to be

conpati bl e w t wowpeghoni c receivers. A suminvari ant SE¥24b S
that which the sum or (L+R), conponent of the stereo signal i,leg/% 4bnot
altered such that the sumof the left and right input signals L, R equals
t he sum of the left and right output signals, L', R, as expressed
bel ow. 20 signal R id pre¥ided toRthe positive input of op-amp 52 and to the negative input

2) ti.ce f fFi i ,
\(/vh)ere t he transfepfwgmh%?u%%sgﬁ’gqé?g%gﬂ’as5?5;‘35#’2“’}]?@? gﬁgg}@hﬁé“%‘i)gﬁnbm: 25
S(9) +A (s)= 1 leaky integrator, respoetively doribine 186 RFOD ¥n® Hight Wikt il De ede

sum i nvari ant -by constraining transfer function P(s) "suc 30
P( S): 1/ 2 follows:

5 A
L'=(1+——2-)L % g
1+st,  l4st,

R/=(1+ 4 )R 4 L

l1+st, 1437,

10  where A, is the gain of the bass frequency boost and 7, is the time constant of
the transfer function which determines the roli-off frequency of the boost. The
values of A, and 7,, which are in the preferred embodiment approximately
3.125 and 600 us (corresponding to a frequency of 265 Hz), respectively, may
be set according to the following:

15 '

Ao=£=—Ri
RI R3 and  T,=R2-CI{=R4-L2

Since the top and bottom halves of enhancement system 50 are
20  symmetric, the values Qf resistors R1, R2, and capacitor C1 may in some
embodiments be equal to the values of R3, R4 and capacitor C2, respectively.
The values for the above-mentioned resistors and capacitors may, in actual
embodiments, vary depending upon the operating characteristics of the selected
op-amp, noise and input impedance considerations, and cost and size
25  restrictions of discrete capacitors C1 and C2, as is well understood in the art.
In a preferred embodiment, op-amps 51 and 52 are low noise audio-grade op-
amps such as the TL074, available from Texas Instruments.
In contrast to some conventional audio enhancement systems,
enhancement system 50 of Figure 4 does not boost or otherwise alter the high-
30  frequency portions of the difference (L-R) signal, i.e., those portions above
approximately 1100 Hz. As a result, the embodiment of Figure 4 achieves a
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function A(s) usedmenpphonic receivers, JAlthough contery i nymerous prigr deachingseohure | a
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feels that the relatively small acoustic advantages realized from modifying the
sum signal are outweighed by the benefits of sum-invariance, i.e., retaining
10  monophonic compatibility.

The operation of enhancement system 50 of Figure 4 may be also be
described in terms of the shuffle topology of Figure 1b and the sum-invariant
based topologies of Figures 2a, 2b. In the case of a shuffle topology, the
transfer functions N(s) and P(s) are of the form:

15
N, +5T
N()=0.5—2—F
O, PO0S

20  where N, is the gain of the bass frequency boost and 73 is the time constant
which determines the roll-off frequency of the boost. In the preferred
embodiment, the corresponding values of N, and 7, should be approximately
7.25 and a 7p of about 600 us, respectively. Setting P(s) equal to one-half
ensures sum-invariance, as described above.

25 The virtual short between the inputs of op-amps 51 and 52 allows the
negative inputs of respective op-amps 51 and 52 to connected together via a
resistor R11, as shown in Figure 5a, thereby resulting in the elimination of one
resistor. Enhancement system 60a of Figure 5a operates in a manner similar to
that of Figure 4 and, accordingly, those components common to the

30 embodiments of Figures 4 and 5a are similarly labelled. The simpler design of
enhancement system 60a also allows the left and right input signals to be

=0 =



Rearrangi ng the suminvariant relationship expressed in equation (2)

above gi ves: R =L+R- L'

(5) 25 This relationship has led Applicant to a nodified

suminvari ant topol ogy, as illustrated in Figure 2b, where the rjght
out put signal koémoeganstructed by subtracting the | efplrrRiNédidian
signal L' fromthe sum (L+R) of the input signals. Thus, the right

i nput signal Ris inverted at inverter 31 and summed with the 30 left -

i nput signal L at summ ng el enent 30. The resultant difference signal (L-
R) is processed byifectiy coupld thahe puyitivk dnpiutscof dpeampisifiicind 32, Rispectivelg. As

r econbi ned . s ., .- 0-,

with the original 3% cbancement system 60a desirably cahibits.a high input impedance; ¢
out_put I hsi gndlecsiistors' Mia?&];nutrfﬁktaéed]w&id ﬁrﬁﬂﬂaﬁdlmﬂﬁills%é ﬂagg
original right R eft Il nput sjgnals_at summ ng el enen to
produce the right aﬁﬁt‘ﬂ!’Fs of Anand 7p are defermingq,as gﬂ?ﬂﬁ'—t ages resulting fromthe

suminvariant gopol ogy of Figurgs2b will 5 be apparent shortly.
It should be noted that wher =%nnell sm.w is not a requirenent of
an

Note that parameters A, and 7, may easily be adjusted by varying the resistance
of resistor R11 which, in some embodiments, is a potentiometer.

10 In yet another embodiment, a switch SW1 may be added in series with
resistor R11 as shown in Figure 5b. The resultant enhancement system 60b
may thus switch between an enhancement mode, in which the left and right
input signals L, R are enhanced as described above to prodiice enhanced left
and right output signals L, R’, and a bypass mode, in which the left and right

15  input signals L, R pass unmodified through enhancement system 60 and appear
as left and right output signals L’, R’. Switch SW1 may be any suitable
switching device. The low-pass filter nature of op-amps 51 and 52 desirably
prevents instantaneous voltage changes between input signals and output signals.
Thus, when switching between modes, the Ieft and right output signals L’, R’

20  will exponentially converge to their respective input signals L, R as a function
of the time constant 7, thereby resulting in smooth switching transitions
between modes. Accordingly, complex switching techniques which minimize
switching noise, such as zero-crossing switching techniques, are unnecessary.

As mentioned earlier, the sum-invariant topologies depicted in Figures

25  2aand 2b may allow for an improved circuit implementation of stereo
enhancement system in accordance with the present invention. Referring to
Figure 6, the design of enhancement system 70 is based upon the sum-invariant
topology illustrated in Figure 2b. The left output signal L’ is produced through
op-amp 71 and its associated feedback elements R21 and C20, which operate as

30  aleaky integrator, from the sum of the left and right input signals (L+R). The
right output signal R’ is constructed according to equation (5), i.e., op-amp 72

. =10~



the particul ar enhancenent system as is the case when constructing pseudo-
stereo signals froma nonophonic signal, the topol ogies of Figures 2a and
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be any sui HEH %héﬂ ‘K@gftﬂﬁﬂ’f% T Yyumigg at) the i nput

signals L, R mmmmmm&ﬁ&&ﬁdumbésraméand&ésﬁwmmmsfunctIon
of fitter 45 may be a sui t abl e si gnal shapl ng function of one or

both of the two i sheul gqgfrmxgl vyalueR Notethat ﬂlem@-tmlpmt esigmef enbancemester 45

is provided ag th t
signal R is %rod??ckeéé{ %Bkr%@*?ﬁé l r out t sfogtﬁgwka rom
the sum (L+R) of tdqmredmumcmgadlmentsofFlgures4and5 Switcls SW allowsdhe| ogy

(Froure 10), 15 9CRikgblotoP LA 761h SHED thlh Byt B i 007

where the | atti cepievionklydescribed with rtoﬂﬁxgm'etSs 1-4. Nevert hel ess,
Applicant has 25 fou that the |l a |ceto 0 for .a | er
circuit inplenentati Onﬁ&anglement sysﬁeng%é ‘L m@’f"é\’ﬁ“ dﬁip

Figure 4 showp a ghmf@Cfufidieancenent system 50 in accordance wi th one
enbodi nent of the present i nventi on. Enhancenent system 50, the design of
which stems fromthe |lattice topology of Figure la, requires only two
op- anps 30 51, 52. The Ieh{f inByt signal L is provided to the positive
i nput of op-anp 51 )TTﬁe negative input of op-anp 52 via
resistor R3, while the right input® Q)

-7-

where
15 B,~0.5(N,-1)
®
The B, and 7, parameters are determined as follows:
20 ' R21

B %o ad t,-R2IC20

Preferably, the values of B, and 7, are approximately 3.125 and 600us,
respectively. With the exception of the above mentioned constraints, the values
25  of the resistors contained in enhancement system 70 may vary depending upon
desired operating characteristics. Note that since capacitor C20 prevents the
voltage at the negative input of op-amp 71 from changing instantaneousty,
. voltage continuity of the left output signal L’ is preserved when switching
between modes via switch SW2. Thus, when enhancement system 70 is
30  switched from enhancement to bypass mode, op-amp 71 acts as a voltage
~ follower, with the output voltage offset by the voltage across C20. Capacitor

-1l
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PCT/ US96/ 09240 signal Ris provided to the positive input of
op-anp 52 and to the negative input of op-anp 51 via resistor Rl.
Op-anps 51 and 52, which are configured as a ~ leaky integrator,
respectively ceonpommpsoghe left L and right R input signals as pepn 0

fol | ows: L'=[err] =[err]

10 where Alerr] is the gain of the bass frequency boost-and [err] is the
ti me constant of the transfer function which determnes the roll-off-

frequency of dt hﬁb bﬁmswﬂi giaduarllgxﬁischargakmeﬁgm ﬁgﬁliezl]gogggla%% 6ﬂ[ ng?ift]biésqmmr e in
E Egr Ere?;)g:urj?nget oO Idf QU@?@@/ swr@%@&ﬁﬂmhqsé:%bm%wmﬁwnmt mode, he set
according to the feiphditor 020 is'éxponentially charged, thereby preserving the ofidgel €7 "]  and
Lerr]=Rlerr]qerr ]CZOIIR[iJ?Ji{y]O tt?ertrn]xtput and minimizing switching impulse energy. Resistors
5  R20, R21 and capacitor C20 determine the time constant of exponential
~ transients caused when switching between modes. Line 74 serves primarily as
a shunt to prevent parasitic coupling between lines 73 and 75 from producing
any unwanted residual effect in bypass mode. Where not necessary, line 74
may be removed such that capacitor C20 discharges only through R21.
10 The embodiments described above with reference to Figures 4-6 employ
a minimum number of op-amps in order to minimize implementation cost. The
distortion and fidelity associated with enhancement system 70 may be improved
by modifying enhancement system 70 to employ op-amps which operate only in
an inverting mode. Such a modification is illustrated in Figure 7 as stereo
15  enhancement system 80. Op-amp 81 and resistors R30, R31 invert the left
input signal L, and op-amp 83 and resistors R38, R39 invert the R input signal,
where R30 = R31 and R38 = R39. Op amp 84 and associated resistors R40-
R43 produce the right output signal R’ according to the sum-invariant constraint
of Equation (5). Resistors R40-R43 should be of equal value to ensure proper
20  summing at op-amp 84. Op-amp 82 and associated capacitor C30 and resistors
R32-R37 produce the left output signal L’ according to Equations (3) and (7),
where the B, and 7, parameters, which are preferably 3.125 and 600 us,
respectively, govern the selection of other component values as follows:

25 8,B,=R37:C30
R37
R32=R33=221
2‘80
R36=-257
4B,
30
R35=R37



Since the top and bottom hal ves of enhancenent system 50 are 20
symmetric, the values of resistors Rl, R2, and capacitor ClL may in sone
enbodi ments be equal to the values of R3, R4 and capacitor C2,
respectively. The val ues for the above-nentioned resistors and
capaci tors maywoloemed val enbodi ments, vary dependi ngp&hgsosibiao
operating characteristics of the sel ected op- anp, noi se and i nput

i npedance consi derations, and cost and size 25 restrictions of discrete
capacitors Cl and C2, as is well understood in the art. In a
preferred enmbodi ment, g skii@iBelerawith feferarice th ottien einbedimests Othd pAdie Values
anps such as the TLO74, avail abl e frEan xas Instrungﬂis. ) I n
contrast to sone &fﬁ%ﬁ@%ﬂ“&%‘%ﬁumﬁéﬁmt systemeiifmay vary dependingc enent

system 50 of Fi gungoff déGRA JpeiatiRy® edraciirisRbs) CR¥isHGrs MRS R3S Bfid RBGkre réfited

frequency portions of the difference (L-R) signal, 1.e., those portions
above appr oXrdigmetrigaliy) wOR3%: . SwitchaSWaswitches: enbancamenti system 80rbeswegnr e 4
achi eves a enli3 :

PCT/ US96/ 092405 &ﬁé&%ﬁ?ﬁwgg}ogﬁséewgg?ﬁe@n%ﬁ%% 8asnad'ldo§61°-cent ered

acoustic inages i renhineement systemB0centess enhancemieatmade afdooperates asadesdribed|
i Trorence (L- R ol Wien SEHEH SR oo hatCe g Bipudc Ve BB R, 11
enhancement system 80 enters bypass mode. In this mode, op-amp 82 operates
as an inverter and provides a left output signal L’ equal fo the left input signal
10 L. Itfollows, then, that the L’ signal and inverted L signal cancel at op-amp
84 such that the right output signal R’ is equal to the right input signal R.
Capacitor C30 helps to ensure voltage continuity between modes as discussed
previously. When switching from enhancement to bypass mode, C30
completely discharges to ground through the parallel combination of resistors
15 R36 and R34. While not necessary to the operation of system 80, the path to
ground through resistor R34 helps to eliminate parasitic coupling. When
switching from bypass to spatialization mode, C30 gradually charges in the
normal course of operation.
The embodiments described above with reference to Figures 4-7 are
20  advantageous over prior enhancement systems based upon the shuffle topology
in that the voltages of the internal nodes of the embodiments of Figures 4-7 will
not exceed the maximum input voltage or maximum output voltage.
Conversely, in shuffle topology based enhancement systems, the internally
generated sum (L+R) and difference (L-R) signal voltages may be twice that of
25  the maximum input signals, thereby requiring either (1) halving the voltage
range of the input signals or (2) dividing the sum (L+R) and difference (L-R)
signals by a factor of two. The former alternative undesirably limits the range
. of compatible input signal levels, while the latter alternative undesirably reduces
the signal to noise ratio (by as much as 6 dB).
30 The above described embodiments can easily be implemented with a
digital signal processor. The pole and zero frequencies used in the above

-13~



t he enbodi nent of Figure 4 does not alter the sum (L+R) signal, thereby 5
preservi ng nonophoni ¢ acoustic imges and retaining conpatibility with
nonophoni ¢ receivers. Although contrary to numerous prior teachings of
crosstal k cancel | ati on whi ch suggest nodifying the sum conponent, Applicant

feel s that thew®dmiosose! y smal |l acoustic advantages realized gdrRighéii %fyl ng
t he sum si gnal are outwei ghed by the benefits of suminvariance,
i.e., retaining 10 nonophoni ¢ conpatibility. : . The operation
of enhancenent system 50 of Figure 4 may be al so be described in

Lerrrg of tlhe shuffdrﬁnskﬁlmicﬁ&}saiéaghﬂllrfﬁc%&l ibﬁl&u&id’&.h?#élﬁrﬁteﬂmrhlus, the ]
ased topo ogies ures 2a,, 2 In the case of, a shu e.topol ogy, the
transfer functi ons ??"&?M? 8 éligete time version. " As is

N(s) =0.5[err] well understood i in the ar%ﬁdlgﬁal@lgnal processing, the bilinear
and 20  where N[err] |s the gain of the bass frequency boost and [err]

is the time const dfgnsformation immfubmmmm which relates the s-plane @fithecy of the
boost. In the ref%%g ndi ng val ues of
N err]and [er r? be apprOX| mat el'y meEI}TanggéE&ﬁﬁg a [err] of about

600 [err]s, respectively. Setting P(s) equal to one-half ensures
sum i nvari ance, as descri bed \e1 25 The virtual short between
the inputs of op-anps 51 ancﬁ%om t he negative inputs of
respective op-anps 51 and 52 ol ¥onnect ed together via a resi stor

R11, as shown in Figure 5a, thereby resulting in the elimnation of one
resi stor. Enhancenent system 60a of Figure 5a operat es in a manner simlar
to t hatoof \Fhmlmmﬂwpmwcartﬁé §ighal sathplifecra )RR Garf O t he

30 enbodi nents ur es and 53 are sim/l arI I abel I ed he si npl er
desi gn of &ﬁﬁ’ﬂg@{@n‘h trepsfeminetionised jnothe symednyagiant taplogiesgst

i nput signals to b®lows:

B, 1+z}
B()=—"
1+2 1—2
15 wep —%p
T 1+ T 4
3 4
T

Using a sample rate of 44.1 kHz and the parameter values disclosed
20  above, the above expression reduces as follows:

-1
B(2)=0.057956—1*2
1-0.962908z !

25 An efficient approach to computing a spatially enhanced data sample can
be obtained by using the signal flow illustrated in the topology of Figure 2a in
conjunction with the above-denoted B(z). It is to be understood that a
particular topology which yields the greatest efficiency in an analog
implementation does not necessarily yield the most efficient digital

30 implementation. For instance, in analog implementations, the number of
inverting and summing operations significantly affects implementation cost,

-ld=-
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PCT/ US96/ 09240 directly coupled to the positive inputs of op-anps
51 and 52, respectively. As a result, enhancenent system 60a
desirably exhibits a high input inpedance. Resistors R2 and R4 nust

be equal and ow@emsosex s C and C2 nmust be equal . The petvusseonio
Alerr] and [err] are determ ned as foll ows: 5

Alerr]=[err] and [err] =R2C1 Not e that paranmeters Alerr] and
[err] may easily be adjusted by varying the resistance of resistor

R11 which, in sonwhilettediumbet of sigmlﬁaagleﬂeggﬂvgﬁﬁ iva pakficular opﬁraﬁon hh$onipt
anot her enbodi ment,..qa.swtch SW e.added jn series with .
resistor R11 as sRSWtIMPEE ypon inpiementation cost tﬂﬁrﬁ‘ﬁmmléwu%ﬂéﬁ 60b

may thus swtch bemwmdame&aaamwsﬁmmg operatiohs R of Mfictidhldf thedtdl i ght
I nput* signals L, R are enhanced as described above to produce enhanced |eft

and right output SWHbexiof signals so summed mimshe gumbrf sPMIMRE eRFrations.| ef t and
glngh; 5 ;gar i NRUt  FLARG! Regation tpicaly-iRiPost Ad SflifdnaPoi\tihead N ARGERER!, thy St em 60
sum-invariant topology of Figure 2a is probably preferable over that of Figure
2b for the digital implementation of stereo enhancement systems in accordance
with the present invention. It should be further noted that the most economical
DSP implementation may depend upon the architecture of the particular digital

10  signal processor used. Nonetheless, a sum-invariant based DSP implementation
will usually be superior to those based upon either the lattice or shuffle
topologies. It is to be understood, however, that circuit designs based upon
each of the above described topologies can be easily mapped from the analog
domain to the discrete-time digital domain.

15 In accordance with other embodiments of the present invention, a system
is disclosed which spatially enhances not only stereo signals but also
monophonic signals in a manner similar to those previously described. A
complete understanding of these other embodiments requires an appreciation of
some basic principies used in the conversion of monophonic signals to pseudo-

20  stereo signals. |

It is well understood that a pseudo-stereo signal may be synthesized
from a monophonic signal (e.g., a signal in which the right and left channels
_ are identical) by spatially "placing” the sound towards either the left or right
channel in a selective manner dependent upon the frequency of the monophonic

25  input signal. Such a synthesis may be accomplished by first modifying the .
input signal and then adding and subtracting this modified signal to and from,
respectively, the original input signal to produce left and right channels which
are different. '

For instance, Figures 8a and 8b illustrate two common topologies for

30  such synthesis. Referring first to Figure 8a, the monophonic input signal M is

routed through an all-pass filter 90 having a transfer function C(s). The output

-]5=



as left and right output signals L', R. Switch SW _may be any suitable
switching device. The |owpass filter nature of op s=5d—and-b2-dosi rabl y

prevents instantaneous voltage changes between inp t

TWBQ&H—]B‘ I-MBiBEEN ¢
si gnal s. Thus, when switching between m)desl t he IRENA@EM rig

out put signal swioeb%e420 W |l exponentially conve . ol

I nput signals L, R as a function of the tinme constant [err], thereby

resulting in snmooth switching transitions bet ween tnodes.

Accordi ngly, conplex swi tching techni ques which mnimze swi t chi ng

noi se, such as zemﬁﬁhen%xsru}emaﬁebcﬂﬂda@@@i}fﬁxﬁﬂﬁgdeméﬁtmmeﬂﬁﬁwd

As+ ment i oned earl the s r| a1t t es_depi Fi gures 25

2a and 2b may all d’?aﬁ‘xeﬁ?%;?r‘ a&ﬂ?fﬁ%? m%‘%‘?‘ffﬁﬂ??ﬂs‘g

enhancenent syst eriginalbiapet/ sifhaC ™ wﬁrbdﬁcb%fpx,e ?Bédd@%tex&e&ﬁ{alé ng to
ase

Figure 6, the design of enhancement system 70 is on th
sum i nvari ant "gsPe‘I"UE‘Mi %vmmmmﬁumgas@%’ raad [thef inpwtut put

signal L' is mod Mhﬂ sedasq‘Bn 71 and its associ ated feedback
el emrents R21 and WhICh te as 30 a leaky integrator, fromthe
sum of the left and ri ght. rﬂaPM(@Sgﬁ@)s (L+R). The ri ght out put

signal R is constructed acdt/#M(o.g—C(s))equat ion (5), i.e., op-anp 72
-10- WD 97/ 00594
PCT/ US96/ 09240

where C(s) is an all-pass transfer function of the following form:

10
(1-St, *)(1-57,%) (1-s7,%)

(@+st)(l+st)  (l+st)

C(=C,

Typically, the time constants 7,-7, will, in actual implementations,

naturally occur in complex conjugate pairs. The constant C, determines the

15  “depth" of the pseudo-stereo effect. This effect is maximized when G, is equal
to either 0.5 or -0.5. At these values of C,, certain frequencies will appear
exclusively in one of the output channels. The sign of C, is somewhat
arbitrary, since reversing the sign is merely equivalent to swapping the L’ and

- R’ channel outputs of Figure 8a. The number of crossover points, that is, the

20  number of particular frequencies at which the energies in the left and right
channels are equal, is determined by the order of C(s). Note that the gain
element 94 of Figure 8a is not essential, but rather has been included to aid in
understanding embodiments of the present invention which later fo.llow. This
also allows the Figure 8a topology to meet the following criterion:

25
L'+R'=M

which implies that the topology will be sum-invariant if the M input signal is
constructed by summing left L and right R input signals. .

30 - The topology illustrated in Figure 8b, which operates in a manner
identical to that of the topology of Figure 8a, may provide a more economical

- /
eet Has Been Re‘laced _
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suns the left output signal L' with the input signal sum (L+R) to produce
t he right output signal R. In order to ensure proper summ ng at
op-anp 72, resistors R23 and R24 should be of equal value, and
resistors R22 and R25 shoul d be of equal value. Note that the

sum i nvari ant wiseim@sesof enhancement 5 system 70 requires piunysossR4o
capacitor C20, as opposed- to the two capacitors required in the
enbodi ments of Figures 4 and 5. Switch SW2 allows the : enhancenent
system 70 to switch between enhancenent and bypass nodes as

previously descri hifslemértitiondsi RER4in icasekli gure 5. Enhancenment
system 70 operat es acc d| n to t he {ore nt| B(s sfer
functi on, mFlgﬂlrgs Bléands H" gom( )

where 15 a couple of drawba&ke'lf o537 c'_hﬁ%%rabmé\)e maximum depth, i.e., equal
(8) - . The B[err] and [err] paraneters are determ ned as
follows: 20 t either 0.5 or .5, the copfrast between deft and right chanaglsjmaybe t8e ] C20

ggg{ g{ ?]blsy the Vltinm 4d 1Bli'd *dinldneehr"aphenGiiton < TR Gildésirhbleretredt'd
may be minimized by increasing the order of the all-pass filter transfer function
C(s). Such a remedy, however, results in an increased implementation cost.
This deaf-in-one-ear phenomenon may minimized by simply reducing the value
of C, in order to provide a more acoustically plausible spread of the input
10  signal. Reducing C,, however, will cause a decrease in the phase difference
between the left and right channels and, therefore, will diminish the perceived
spaciousness of the acoustic image. In other words, reducing C, undesirably
allows speaker crosstalk to cancel out-of-phase energy in the bass frequencies.
In accordance with the present invention, Applicant has found that the
15  deaf-in-one-ear phenomenon may be minimized, without significantly
diminishing spaciousness, in one of two ways. In the first approach, a
modified C(s) transfer function may be implemented, where C(s) is re-defined

as:
1-s7)(1~ 1- -
20 : C’(s)=co( 57 (157, )0 ~57,%) a-st,)
1 +8t )(1+57)(1+s7) (1+s17)
such that
T 1
25 |C0|T_z>5 and ‘lp>fz

P

where 7, and 7, are real, positive and lie in the same bass frequency range as
does the 7, used in the earlier described stereo enhancement systems. The
modified transfer function C’(s) exhibits a bass frequency boost and, by

30  dominating the output, allows a greater separation between channels for bass
frequencies than for higher frequencies. While achieving satisfactory results,

-]7-



respectively. Wth the exception of the above nentioned constraints, the
val ues 25 of the resistors contained in enhancenent system 70 may vary
dependi ng upon desired operating characteristics. Note that since
capacitor C20 prevents the vol tage at the negative input of op-anp 71

from changi ng wosteebfineousl y, vol tage continuity of tperisdsionap't PUt
signal L' is preserved when swtching bet ween nodes via swtch SW2.

Thus, when enhancenent system 70 is 30 swi t ched. from enhancenent to
bypass node, op-anp 71 acts as a voltage follower, with the out put
vol tage of fset by sué¢hean/appraagh uadesivatily GRlts fiogpleget gower level discrepaiéy 97/ 00594

PCF/ US96/ 09240 1. gradual di schar t hrough the parall el
combi nation of reslaft&eglrlgle%&o\%omc %P};{ﬂﬂg'ﬁiy “‘Wﬁ@’ﬁ Pé??dﬁf*é REHiSEI#E s from
bypass to enhancem#pR’.miis to be noted tanpresialing tl_ﬁ?xﬁorio?h@ﬁ@ﬁ@@t'ﬁélﬁl M dsdsar ged,
t hereby preservi nqw he volta ) ) cg\tl nui t%ao .t he output and _

m ni mi zi ng switchi .Bpfoﬁ’ﬂﬁlaélé%@%’@ﬂuu% rgeasens thatwill lptep beqome apparedtapaci t or
C20 deternine g he tinepsaRSkaRE 84 Wn,_oneofmégfmms d

when swi t chi ng between nodes. Line rimarily shunt to

prevent parasitic epelggiesibusatedde Figuressia and 8brmay7ee dascadedywithi dhs stereo
may Do removed suchimeaned shinh ARSE ofBTn ablhinck Vi HRSRE ypaidly ™
The enbodi ments d@séiustrated imBigurefa; hinrtbissterentimonmertianpemest pdlogyyfiltey
100 creates the pseudo-stereo left channel on line 103 while inverter 101 and
10  summing element 102 create the pseudo-stereo right channel on line 104. A
stereo enhancement system -107 enhances these pseudo-stereo channel signals to
produce left and right output signal L’, R’ on lines 105 and 106, respectively.
System 107 may be any suitable one of the stereo enhancement systems
previously described in accordance with the present invention. Note that since
15  each of previously described embodiments of stereo enhaﬁcement systems are
channel-symmetric, the particular channel assignment to system 107 is .
arbitrary. It is to be understood that although the pseudo-stereo portion of the
topology of Figure 9a is based upon the topology of Figure 8b, it may in other
embodiments be based upon the topology of Figure 8a.
20 - Using the sum-invariant relationship R’ = L + R - L’, the stereo/mono
enhancement topology of Figure 9a may. be simplified to that of Figure b,
where transfer function D(s) represents the enhancement function performed by
system 107 in the topology of Figure 9a. The outputs L’ and R’ are related to

input M as follows:
25
L'=M{(0.5+C(s)D(s))
R’=M(0.5-C(s)D(s))
D(s) is defined as follows:
30
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a m ni mum nunber of op-anps in order to mnimze inplenmentation cost. The
distortion and fidelity associated with enhancenent system 70 may be

i mproved by nodi fyi ng enhancenent system 70 to enpl oy op-anps which
operate only in an inverting node. Such a nodification is :

il lustrated | Rydrofepssy 7 as stereo 15 enhancenment system 80pcfipsseny48l and
resistors R30, R31 invert the |eft I nput signal L, and op-anp 83 and
resistors R38, R39 invert the Fpj#pyt signal, where R30 = R31 and
R38-= R39. Op anp 84 and as@@}ﬁ-zj;?ngr esi stors R40- R43 produce the
ri ght output signal R accordin T the suminvariant constraint () of

Equation (5). Resistors R40-R43 shoul d be of equal value to ensure proper
20 sumi ng at op-anp 84. Op-anp 82 and associ ated capacitor C30 and

resistors Where B 4s BledIDO ¢Rint oD (s ThOD(Y) UiansfeHfunktidn may b kelatedid O
Equations (3) and (Q(, where the Bl[err angqé_err] paranmeters, which
are preferably 3.theds(8)imnsfen fimetion utilized in previops gmbedimenty as followish ( ne

sel eci[ion of %her conponent val ues as foll ows: 25

8[err]B[err]=R37[err] C30 _ R32=R33=[ err]

R36=[err] 30 D(s)=142B() p35-R37
-12-

and thus

10 D,=1+2B,

It follows that the monophonic input signal M is related to the left L’
and right R’ output signals as follows: '

L' =M(0.5+C(s)(1+2B(s)))
15 R’=M(0.5-C(s)(1+2B(s)))

Since the pseudo-stereo (L-R) difference signal tends to be more
sensitive to excessive bass frequency boost than does a typical stereophonic (L-
R) difference signal, the boost associated with a pseudo-stereo enhancement
- 20  system should be somewhat lower than that of a pure stereo enhancement

system such as those described earlier. Applicant has chosen D, to be equal to
just over half of 2B,+1, i.e., approximately 4.5. The time constant 7, is, as
mentioned previously, approximately equal to 600 us. The particular order of
transfer function C(s) involves a tradeoff between superior sound quality

25  (higher order) and implementation cost (lower order). In a preferred
embodiment to be described shortly, C(s) is implemented in a manner so as to
have three poles and zeroes, an order which Applicant believes achieves a
satisfactory compromise between sound enhancement and implementation cost.
The preferred time constants for the three poles and zeroes are 46us, 67us and

30  254pus, iespectively, which are all real. Applicant has found that a value of 0.2
for the constant C, results in an optimal tradeoff between deep separation and
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PCT/ US96/ 09240 As stated earlier with reference to ot her

enbodi ments, the precise val ues of the conmponents enpl oyed in
enhancenent system 80 may vary dependi ng upon desired operating

characteristi cowodimesest ors R32, R33 and R36 are rel ated PCT/UIS96/09240 '
radionetrically to R37. Switch SWB sw tches enhancenent system’gs sge%‘ween

5 enhancenent and bypass nodes. Wen SWB connects |ines- 85 and 86,
enhancenent system 80 enters enhancenent node and operates as descri bed
above. Wen swi t chshall@v subtlects |ine 85 to ground via'resistor R34,

enhancenent system 80 .S.bypass .node. |.n this de, op-anp 82 operates
as an inverter and pro%ﬂ%a@?wm’ b\ed'ﬂE‘Feﬂ%Emve@élgﬂﬂeﬁ-Peft i nput
signal 10 L. It wm@mmd@h@mcyiswotﬁm.nwm&m“a'

cancel at op-anp 4 sych that the right oufput signal R i1's equdl to
the right input siﬁ‘ﬁ}éPsg.MmHm transgyssions, dhe tegejveresignal may aary betweenia age
continuity betgeensfshonit and nivhopivait ) ' i | from
enhancenment to bypass node, C30 nc?(t)url;ebl g?gﬁ;iﬁ@éﬁgrdé%@i{egt%#%#;ﬁ

t hrough t he par al |B¢chagismicapablessf not onlysnhansing bpth the RB6eocand rivthd. sighials! bt not

osi stor R4 hel pe, I RO sl Reieen'sih BBlct, ' gpogroancd Wi | Op 77"
from bypass to spepressht invention, apstado-Reko gynthesis system 31084y belcastiided with
CMQ,[ hmalr e?gféﬁﬁeoz O%t}r@gﬂﬁm’:ﬂ%ﬂé&m 126 as illiSirated The {oprrglgéys indl('?iitcn'reI l%g.d I il:;ove

10  to be understood that stereo enhancement system 126 may be any of the
previously described stereo enhancement systems. Where the input signal is of
a monophonic nature, e.g., where the left input signal L is identical to the right
input signal R, the topology of Figure 10a will operate in a manner identical to
that of the topology of Figure 9a. The gain of a variable gain element 121 may

15  be varied between zero and unity in response to an external control signal (not
shown) such as a stereo blend signal received from an FM sterec decoder or a
stereophonic source detection circuit or even a user control. When gain
element 121 is set to have a gain of zero, the pseudo-stereo synthesis portion
131 is effectively disabled such that the operation of the topology of Figure 10a

20  is determined solely by stereo enhancement system 126. Thus, variable gain
element 121 allows for the dynamic control of the depth of the pseudo-stereo
synthesis effect. Note that it is possible, with the appropriate choice of
parameters, to fix the gain of variable gain element 121 at unity for all signal
sources. '

25 In practice, most stereo sources contain sufficient out-of-phase channel
information to effectively mask the pseudo-stereo effect, while any monophonic
components present will benefit from the pseudo-stereo effect. Thus, if a stereo
signal contains very little spatialized information, i.e., a minimal difference L-
R) signal, the pseudo-stereo component will dominate the stereo component.

30  Thus, for such a stereo signal, the pseudo-stereo effect will spatially enhance
the corresponding acoustic image. Where variable gain element 121 has unity
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20 advant ageous over prior enhancenment systens based upon the shuffle

t opol ogy in that the voltages of the internal nodes of the

enbodi ments of Figures 4-7 wll not exceed the maxi mum i nput vol tage
or maxi mum out put voltage. Conversely, in shuffle topol ogy based.
enhancenment swaigweseat he internally gener at ed sum ( L+RcTARS/09240
difference (L-R) signal voltages may be twi ce that of 25 t he maxi num

i nput signals, thereby requiring either (1) halving the voltage range
of the input signals or (2) dividing the sum (L+R) and difference (L-R)
signal s by a fact gdin,the inpats ahll @ufpufsiofitheitopslogy bf Figure10ashiybe seldtédmotchet he

range of co tible jnput signal levels, while the latter alternative
undesi rably reduc%@’g’eras?"q"ﬁg' signal to noise ratio (by as nmuch as 6 dB).
30 . The above descripegd.paRedrymrhe1-2BRBeRY) Y be inplemented with
a - digital signal procesgip.x -pol )ﬁ*@& equenci es used in the
above ROR R Qs “%(2'_"%_ (%o

97/ 00594

PCT/ Us96/ 09248 transfer functions are a small fraction of typical

audi o sanpl e rates. THfi¥ariabiegain elementol2li inased tordynamicaliyswitoh tetweehe used to

eV mcr L bl Xl ape ik oo bl ol =
131, certain measures will need to be taken to ensure low switching noise. For
instance, the gain of variable gain element 121 should varied at such a rate so0

10  as not to introduce significant high-frequency energy into the acoustic signals.

In the topology of Figure 10a, both pseudo-stereo input signals
(synthesized from a monophonic input signal via portion 131) and stereophonic.
input signals are filtered via stereo enhancement system 126 and, thus, are
processed according to the same previously disclosed parameters associated

15  with the transfer function B(s). Since, however, pseudo-stereo signals
generated from monophonic signals are different from pure stereophonic
signais, it would be advantageous for each of such signalé to be spatially
enhanced according to different parameters while simultaneously enabling a
blending of the two enhancement effects.

20 * Thus, in accordance with another embodiment of the present invention, a
pseudo-stereo synthesis system 140 is cascaded to the output lines 143, 144 of
stereo enhancement system 126 as illustrated in the topology of Figure 10b. In
this topology, the stereo enhancement parameters and thus the spatially
enhancing effect of stereo enhancement circuit 126 will affect only stereophonic

25  signals received on input lines 141, 142 (since monophonic signals do not
contain a (L-R) difference component, monophonic input signals received on
lines 141, 142 pass unmodified through stereo enhancement system 126).

These unmodified monophonic input signals are processed in pseudo-stereo
synthesis system 140 by a filter 147 having a transfer function of C(s)D(s),

30  where C(s) and D(s) synthesize and spatially enhance, respectively, the pseudo-
stereo signal. The topology of Figure 10b operates, in all other respects, in a
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transformation is a useful approximation which relates the s-plane of the
5 Lapl ace transformto the discrete-tine z-plane as foll ows:

s=[err] 10 where T is the reciprocal of the signal sanpling rate. As an
exanple, this can be applied to the B(s) transfer function used in
the suminvari a9zl 0gi es as fol |l ows: PCT/US96/09240
B(z)=[err] 15 Using a sanple rate of 44.1 kHz and the
par anmet er val ues di scl osed 20 above, the above expression reduces as

fol | ows: ' B(z)=0. 057956 [err] 25 An

ef fici ent appr oachmannet ideptical toythat efithe topblogy efi Figuoe tDad aWhersavapihbie gain
i element is set to unity gain, the inputs and outputs of the topology of Figure
. 10b may be related to one another as follows:

L'=L+B(s)(L-R)+C(s)D(s)(L+K)
5 R""'R"B(S)(L"R) ‘C(S)D(S)(Lfm 1)

In a preferred implementation, D(s) is of the form disclosed in Equation
(9), where Dj and 7, are approximately 4.5 and 600 us, respectively.
. The topologies of Figures 10a and 10b may be modified so as to operate

10  according to shuffie-style topologies as illustrated in Figures 11a and 11b,
respectively. The topology of Figure 11a uses the same enhancement filter
167, having a transfer function of N(s), in processing both stereo and pseudo-
stereo signals. That is, like the topology of Figure 10a, the topology of Figure
11a uses the same parameters in spatially enhancing both stereo and pseudo-

15  stereo signals. The function N(s) is of the form previously described with
respect to Figure 1b. Pseudo-stereo filter 164 operates according to the
previously described transfer function C(s) multiplied by a factor of 2.
Assuming that Equation (8) remains valid, the relationship between the inputs
and outputs of the topology of Figure 11a may be expressed according to

20  Equation (10). In a manner similar to the topologies of Figures 10a and 10b,
variable gain element 121 may be either manually or automatically controlled to
accommeodate a variety of types of input signals, or set o unity gain and still
handle most monophonic and stereo input signals.

The topology of Figure 11b, a modified version of the topology of

25  Figure 11a, utilizes distinct spatial enhancement parameters for stereo and
pseudo-stereo signals in a manner similar to that described with respect to the
topology of Figure 10b. In the topology of Figure 11b, unlike that of Figure
11a, the pseudo-stereo signal is synthesized and spatially enhanced by filter 147
according to transfer functions C(s) and D(s), respectively, and summed with

30  the enhanced stereo signal generated by filter 167 according to transfer function
N(s). Again, transfer functions C(s), D(s), and N(s) are of the respective forms
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be obtained by using the signal flowillustrated in the topol ogy of Figure

2a in conjunction with the above-denoted B(z). It is to be understood
that a particul ar topol ogy which yields the greatest efficiency in an
anal og - i mpl enent ati on does not necessarily yield the nost efficient
digital 3 0 i njloyResegt i On. For instance, in anal og inpl enentpgirhgdsioszdone
nunber of I nverting and summ ng operations signifi cant ly affects

i npl ement ati on cost, -14-

WO 97/ 00594 :

PCT/ US96/ 09240 prevmusly ué%bﬁlfbdt he nunber "of signals added or inverted in a
particul ar operation has on slight inpact upon inplenentation
cost. In a digital i pINate magmwp@ﬁs%ere advantagegyship SUMMIIYATIANt e ¢ ot a

nber of f f
nunber of summi Ng RPGHiRknARE %ﬁﬁﬁ%%oﬁ db%tééomnsferﬁnmﬁm@so

signals so sunmed m nus the

operations urther
negati ons typi cal | 1y shouchalso he neted that sinee mmmgm&anpumgaala dguptcontma @

Fgur o o rRf et bliiieis whéh B ikolooflic AR iF pia a0,

systens in accor dainput to the topolmgxehofhgumsdieand 1 by ¢het (LoR) dlﬂermhosugnhllyath
further noted that ; t hg ;r{)ost econfolm ca lrm?jwqu Srl?nbrstpglnglwe'fﬁdasf cog&yn depend

upon the architect
of the (L+R) sum signal to the difference signal path via filter 164 and

summing element 166 is vital in the construction of the left ontput signal L’.

1o Since the above topologies are sum-invariant, they may be modified to
operate according to the sum-invariant topologies of Figures 3a and 3b, thereby
resulting in more simplified and more cost-effective implementations. Further,
Applicant has found that greater simplification may be achieved by setting the
pole time constant of the D(s) transfer function equal to that of the B(s) transfer

15  function. In this manner, the D(s) transfer function need not be explicitly
implemented while advantageously providing distinct enhancement parameters
for stereo and pseudo-stereo signals. Thus, the filter which would have
otherwise implemented C(s)D(s) now need only implement C(s), thereby
allowing for the elimination of one pole-determining capacitor. Note that this

20  simplification results in the elimination of one delay element in digital
implementations.

The resultant simplified topologles derived from the topologies of

Figlires 1la and 11b are illustrated in Figures 12 and 13, respectively. In the
topology of Figure 12, summing elements 208 and 209, along with inverter

25 210, replicate the style of the sum-invariant topology of Figure 3a. Summing
element 200, variable gain element 210, filter 202 having a transfer function
C(s), and gain element 205, construct the pseudo-stereo signal. The magnitude
of the signal output from filter 202 will, to a significant degree, determine the
magnitude of the pseudo-stereo synthesis at those frequencies significantly

30 above the pole of transfer function B(8), i.e,, significantly above 265 Hz. The
magnitude of the signal output from gain element 205 will determine the
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10 signal processor used. Nonetheless, a suminvariant based DSP

I npl enment ati on W Il usually be superior to those based upon either
the lattice or shuffle topologies. It is to be understood, however,
that circuit designs based upon each of the above descri bed _

t opol ogi es canylrgses! Y mapped from the anal og domai petrdsdeiaezao
discrete-tine digital domain. 15 I n accordance with other
enbodi ments of the present invention, a system . I s di sclosed which
spatially enhances not only stereo signals but also nonophoni ¢

signal s in a manneiaghitudel ofthe prebdiotered syithesis 3k PC] e This, BRCeffebt of the

g](c)rrpl ete uggﬁ;stzndl %tﬂeﬁ%@ﬁéﬁerqxﬁ&%@@ts !eg:ii Sﬂ@‘?}BﬂE eC| ation

signal s to pseudosigafls at Sinfthin efelrie®!264 and 207. 'rheconsmib.,bﬁm%hiuldwer stood
that a pseudo- stereo si gnal - Qé) be synt hesi zed from a nmonophoni c

signal (e.g., a sitignser nctm ﬁaghrtapamnmmly dchandhmagbe setas  are

i dentical) by gha ]FM sy "placing” the sound towards either the left or
right chann In a select ve manner dependent upon the frequency of
t he nonophoni c 25 I nput s uch a synthesis may be acconplished by
first nmodifying the %utB,sl gnal and then addi ng and subtracting
this nodified signal to and from respectively, the original input
signal to produce left and ri ght channel s whi ch are different.

For Tstance; P 04ga. 82 Al B o iR b SRR T R SRR L ot 1
' rowed elenenrd01ag sél th uRity,thé 1eft ET andGigh® R” Batpat Sigrksdfahe f uncti on
<(s). The output topology of Figure 12 are related to the left L and right R input signals
according to Equation (11).
Note that in the topology of Figure 12, it is possible to control the gain
at any point along a given signal path and achieve identical results. For typical
15  analog implementations, the inputs of a summing network are usually multiplied
by some gain factor. Thus, there are several ways to ensure that the magnitude
of signals provided to summing elements 204 and 207 from filter 202 are
independently adjustible; so utilizing gain element 205 is only one of such
ways. The stereo enhancement portion of the topology of Figure 12 operates in
20  a manner similar to that of the topology of Figures 2a. Thus, the form and
parameter values for transfer function B(s) and C(s) are preferably as stated
previously. _
The topology of Figure 13 operates in a manner nearly identical to that
of Figure 12 with one notable exception. Inverter 229 and summing elements
25 227 and 228 are configured so as to replicate the sum-invariant style topology
of Figure 3b. Thus, other than the function of summing element 227,
‘components within block 45 of the topology of Figure 13 operate in an identical
manner and perform the same function as those components in block 40 of the
, topology of Figure 12.
30 Where it is desired to have distinct enhancement pole time constants for
each of the pseudo-stereo synthesis and stereo signal enhancement functions, the



of filter 90 is alternately added to, via summ ng el enrent 92, and

substrat ed from via inverter 91 and summ ng el enent 93, attenuated
replicas of the original input signal Mto produce left L' and right
R pseudo stereo signals, respectively. The relationship between.

out put si gnal sydomgeses and the input 5 signal Mnay be expresosveonso

fol | ows: L' =M 0. 5+C(s))

R =M 0.5-C(s)) where C(s) is an all-pass transfer function of the
following form- 10 C(s)=Cerr] Typically, the

time constants [ eggpblopieslof FighraCi2Uaid 134 beodified b§ eliminating theadgnabipdtly
ocgur in conplex conjugate pairs, The cons"tﬁnt, rr deh‘iearm nes .t he 15
"depth" of the psewngb@nébzwﬁmemﬁ%@d teQng tgr#%gp Vel ST Clerr]
i's equal t?qrﬂ:ii&rh@(s)ﬁ(si or -0.5. At these values of ‘(Jerr], certain
frequencies w Il appear exclusively in one of the qutput channels.

The sign of Clerr] is Fhertopnlogies of Figures13iand d3ymayshe fusthersimplificdy apd thus;
is nmerely equiyval ent ' ' T Qg%mﬁ; mhgpgf& of
Figure 8a. Th nu”ﬂg?&’g?é@%g‘g \g“éertdh%(s)gl’_rll’ygﬁ&%aﬁm?%mﬁgg% .Iar]u er 019
particul ar frequempeiude-stereordignah Sheh ®siepljfied tapology és lustrated-io Figurnil4,
channel s are equal , is_ deternined rder . 2&% gai n
el ement 94 of Fi gM’Qei@eﬁg‘tﬁT@s@ﬁtéﬁ?ﬂ% i rlgéﬁfe;&‘%ﬁ%s be%nﬁ?ﬁ%rru ed to
?i Ce nf | uﬂdei i.ﬂiml I ifl’eylhsirr]lgte p ials > hh
ater follow This also all ows Figure 8a topo Vi t he
fol | owi ng criteri &hch 8ss for instance, op-amp 51 o?ster&l_ ppcefent symbi'so o FiEie 4.
10  The left L’ and right R’ output signals and left L and right R input signals in

the topology of Figure 14 are related to one another as expressed by Equation

(11), where gain element 241 is set to unity. However, the emulated D(s)

transfer function will be of the form:

15 D(s)=1+B(s)(1-G,,3)

where G,3, the gain of gain element 243, must be less than unity. As a result,
the range of D, is restricted as follows:

20 Byt12Dy21 12
Where G, is zero, D(s) will achieve a maximum bass frequency
enhancement. Accordingly, where G,4; equals unity, there will be no bass
frequency enhancement. G,y; should be chosen such that:
25
_By+1-D,
uf""i;__

Although different applications may require slightly different parameter |
30  values, G,,, should preferably be zero in order to effect the maximum depth
possible which, in turn, implies that D, should be approximately 4.125. The
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which inplies that the topology will be suminvariant if the Minput signal

S constructed by summng left L and right R input signals. 30

The topology illustrated in Figure 8b, which operates in a manner
identical to that of the topology of Figure 8a, may provide a nore _
econom cal WO 97/00594 - 18e1/us9sinazen V'O
97/ 00594

PCT/ US96/ 09240 i npl ementation in certain cases. - The
pseudo-stereo topologies illustrated in Figures 8a and 8b suffer from

a coupl e of drawbaguéferred forf[antrabsotiated paruidtdr VaRe$ fo \RnsFBr fufiblibnd B8 and | - ©-
equal to ei , Ihe contrast, hetween | eft and ri ght

0.5 -0. 5 ]
channel s may be tfﬁg)rgeas@g{epm%°Iléé&“weéﬂ%?ﬂﬂ‘#?fﬁbﬂmhﬁl%ﬁﬁneg?n.
Thi.s undesirabl e afigges 12 and 13 wmﬂmmg%mgﬁﬁﬁﬁ&w%@ﬁ@g o

thé all-pass filter transfer functfon h a réme

results in an i ncrbedndependepfiy-sealedat i on cost . Thi s deaf :c n- one- ear
phenomenon mayg m ni m z eﬁtin%% gi B EIE' X”ﬂ 0 ﬁ‘% rr n
order to pr ovisde a hor g‘qglg%‘us ga%/?@oggllaqu&g*e spr eoég%%’%e'\t f°gi
signal . Reduci ng ®filly inactuabembastiments, | requireiancalbpade filterosuch asithe feenvetional
difference three-pole all-pass filter 250 illustrated in Figure 15. All-pass filter 15 includes

three cascaded single pole all-pass filters 251, 252, 253. Isolating each pole to
a separate stage minimizes sensitivity to component variation. Note that the

10  first filter 251 should be designed such that RS0 = R51. Filter 251 will have a
transfer function H(s) and an associated pole time constant 7

H(s)= 1-st
1+st

where ©=R52-C40

15
Filters 252 and 253 will also operate according to the above described transfer
function H(s) where the associated time constants 7 are determined in a similar
manner.
In the preferred embodiments of the stereo/mono enhancement system
20  that follow, the individual single pole filters 251-253 should be configured
according to well known techniques such that resultant three-pole filter 250 has
pole time constants of 46us, 67us and 254us. It is to be understood that a filter
utilizing second or higher order sections may used in order to reduce the
number of required op-amps. Further, second order filter sections allow for
25  complex pole conjugate pairs. However, such second or higher order filter
sections are more sensitive to component variation.
The preferred embodiment of the present invention is illustrated in
Figure 16. The operation of stereo/mono enhancement system 260 is based
upon the topology of Figure 13 and, accordingly, the discussion of the topology
30 of Figure 13 is equally applicable to system 260. Note that with the exception
of op-amps 256 of ali-pass filter 250, each of the op-amps in system 260 of

-26=~



between the left and right channels and, therefore, will dimnish the

percei ved spaci ousness of the acoustic inmge. |In other words,
reducing Cferr] undesirably al | ows speaker crosstal k to cancel
out - of - phase energy in the bass frequencies. I n accordance

wi th the presepbotmpseti on, Applicant has found that the 15 pcrasesinszao
deaf -i n-one-ear phenonenon may be m nim zed, w thout significantly

di m ni shing spaci ousness, in one of two ways. In the first approach, a
nodi fied C(s) transfer functlon may be inplenented, where C(s) is

re-defined Em 16 tes’-ﬁi an mvertmg mode Gor( feasofk Bisédssed earlier. THeuef® t hat
s

25 - |C[e err where [err] .and [err] .are real gsitive
and lie in the sa S%ﬂflr’édﬁmby p,2/0 and as %@W{seﬁﬂa‘ﬁs&}u n

the earlier descrivg tfe AR Il SiRRASR vty Bp-anlp'272 and assoéed ieGiStors

transfer function C (s) exh| bItS a bass frequéncy boost and, by 30
doni nating t he ouR70and R7loFhese trociavertedssignalscare soaladcand sarmed #h AREMPY o

ggtslss “ act or yf ;igﬂ??ﬁ 6 xtlaldPthe 'ntinoPhdhiE Sigral %&Hﬁ&ﬁh@éhml‘(“ﬁ! thén ﬁ&?&e%j‘ﬁll%
pass filter 250 to produce a pseudo-stereo signal. When switch SW5 connects
the output of filter 250 to line 278, the pseudo-stereo signal is summed with the
inverted left input signal L and non-inverted right input signal R at the node
common to resistors R62-R64. When switch SW4 connects lines 276 and 277,

10  this sum signal is low-pass filtered by capacitor C50 according to the B(s)
transfer function. This filtered signal is summed with the inverted left input
signal L and the pseudo-stereo signal (synthesized by filter 250) at op-amp 271
to produce the left output signal L’ output. Op-amp 275 subtracts the left
output signal L’ from the sum of the left L and right R input signals.

15 Switches SW4 and SW5 allow system 260 to operate in one of three
possible modes. If switch SW4 connects line 277 to ground via resistor R65,
the stereo enhancement filter, e.g., the B(s) function, is disabled. When switch
SWS5 connects line 278 to ground, thereby disabling the pseudo-stereo synthesis
function of filter 250, e.g., function C(s), system 260 will operate in a bypass

20  mode. In this mode, the left L and right R input signals appear unmodified as
left L’ and right R’ output signals, respectively. If, on the other hand, switch
SW4 connects line 277 to line 276, the stereo enhancement filter B(s) is
enabled. The operating 'mode of system 260 will now depend upon the position
of switch SW5. If switch SW5 now connects line 278 to ground, thereby

25  disabling the pseudo-stereo synthesis function C(s), system 260 operates in a
stereo-only mode. If, however, switch SW5 connects filter 250 to line 278,
thereby enabling the pseudo-stereo synthesis function C(s), system 260 operates
in a dual stereo/mono mode and will spatially enhance both types of input
signals,

30 As discussed with respect to system 80 of Figure 7, the switching
between bypass and stereo/mono enhancement modes via switch SW4 exhibits
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WO 97/ 00594

PCT/ US96/ 09240 such an approach undesirably results in a large
power |evel discrepancy bet ween t he nonophoni c input signal M and
t he pseudo-stereo output signals L', R. It is to be noted that

prescal i ng t he wooggsani c i nput signal M does not pr oVBcdfusadlooz4o
effective solution for reasons that will |ater becone apparent. 5

In the second and preferred approach, one of the pseudo-stereo synthesis
topologies illustrated in Figures 8a and 8b may be cascaded with the stereo

enhancement syst enelafivelyrlowediteliing aoisedncoahel e pasyVfiltbring Rinéon o thpacitor

I nventi on, Oi TL.IJPUS”%tix?d tin %W 9a. | nﬁtépi S stereo/ nono

enhancenent topol ogé,' f Swjiching of swi W3y Lausp FSICoRIEY 48 theQutpugf ¢

channel on |ine 10gigns. | Howswee, sudh al@sbomigif}% Afolé&ﬂlﬁﬁnﬁﬁoﬁ'agﬁfcﬂﬁcﬂ&%oéreate
a

t he pseudo-stereo right channel on line 1 - . .. Stereo e ncenment
system - 107 enhanct®® sighalcanclines3 7845 éaiddy dow as compared tor oduce

B
l eft and ri ght sout ff ofSe 5\@{?0 "gnaﬁ' ' Whré o) ectively.
System 107 may be anyoﬁlgt abl lem_one'_ol?ra{)#ﬁecgg‘?ngr eo en g%céeima %ﬁ ens

previ ousl y descr i-bénaceeptablee thegtiscontinwity maythe minimized using/well known o< t hat

since 15 each of i : | he | ereo0 enhgncenent
systems-are “@%sgﬁngﬁé@ﬁmgrllg&’tgﬂgy%&ﬁ?ﬁ%& eUAYREMAt to
system 107 is element icontralley by la swiching rip sigaslr st ood t hat al t hough the
pseudo-stereo portion t . t opol o of Figure 9a is based upon the
 topol ogy of Figure 8b, %%@n"fm{ﬂ’g?& Vlthes m ‘gmi)ﬁml?d%@d."upon. t he
t opol ogy of Figur esyStem 280 may vary dependinfiodhd Pedti€uldrdpplchtiba the G&diRE T onshi p
R =L+ R- L', the sterego/ nong : ’
0pera%mg c tics, and the types of components used. Note, however,
that the following constraints should be met in order to realize the benefits of
system 260. First, the resistors associated with summing/inverting op-amps
270, 272 and output op-amp 271 should be chosen such that:
15
R60=R61
R70=R71
R75=R76=R77=R78

20 * Next, resistor R69 and capacitor C50 should chosen such that the
product of their values is as follows:

47,(2B,+K,Dp)=R69-C50

25 After selecting an appropriate value for resistor R69, the remaining
resistor values associated with op-amp 271 are determined as follows:

R69

R62=R63=
: 0

30 R64-_F69
2K1D0
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enhancenment topol ogy of Figure 9a may be sinplified to that of Figure 9b,

where transfer function Is)

by

are related to

L' =M 0. 5+C( s) RS dooso4

D(s)

PCT/ US96/ 09240

10

15

20

25

30

input Mas follows: 25

Is defined as Ttollows: 30 WO 97/ 00594
( D(s)=[err] - where Dferr]
the DC gain of :D(s). The D(s) tragiéer function may be related to
B(s) transfer function utilj | | ous enbodi nents as follows: 5
2(2B,+K,Dy) :

R o
R68
R66=R69

The resistors associated with op-amp 273 should satisfy the following
ratios:

R72=R73

R74_c%

R72 K,

where K, should be chosen such that K; = 2C,. In a preferred embodiment,
K, is equal to 0.4. As in most multi-stage analog circuits, the gain of a given
signal path can be independently controlled at each stage. As a consequence,
there is always a certain amount of flexibility as to what gain occurs where.
The K; coefficient is one such degree of freedom which can be chosen
according to convenience. The above constraint on K, is recommended for the
sake of dynamic signal range in order prevent thé output of op-amp 273 from
saturating with maximum input signals on both input channels.

In another embodiment, a stereo/mono system 280 is disclosed below
and illustrated in Figure 17 which operates in accordance with the topology of
Figure 14. Accordingly, the discussion above with respect to the topology of
Figure 14 is equally applicable to stereo/mono system 280, where the left L’
and right R’ output signals are related to the left L and.right R inputs signals
according to Bquation (11). The emulated D(s) transfer function is of the form
previously stated with reference to the topology of Figure 14, where D, is fixed

at a maximum value such that:
D,=B,+1

-20=

R -MO0.5-C(s)D(s)) pcrussen9z40 |

represents the enhancenent function perforned

system 107 in the topol ogy of Figure 9a. The outputs L' and R

i's
t he



D(s) =1+2B(s) and t hus 10 Dl err]=1+2B[err]
It follows that the nonophonic input signal Mis related to the left L'
and right R output signals as follows: L'=M0.5
+C(s) (1+2B(s))) 15 R =M 0. 5-C(s) (1+2B(s)))

Since the psewg-%gggeo (L-R) difference signal tends to be pe@896/09240
sensitive to excessive bass frequency boost than does a typical

st ereophoni ¢ (L- R) difference signal, the boost associated with a

pseudo- st ereo enhancenent 20 system shoul d be sonewhat | ower than that

of a pure stereo enhanrfggngséo enhancemeﬁb’ll&ﬁ‘ﬁéﬁ SfUsybtems280H9 perfatered by wpeangpar | i er .
{o

I h h b
2Bl err oL, | .. a0k abiek pespesive ppckictsspsier GHT ndCieRporndRae o1,
mentioned previ Ouﬁl Vth ?saﬁﬂ:?é?ffén%é s) Gligtr fuflctidAlin [AGhanngr 1dIiitﬁ:apw§terwl ar

or der of transter “‘tunction s) 1nvolves a tradeoff between superior
sound qual ity 25 enhaiiegieat systenet) o m@plmmm'@agﬁmww er). In

a preferred . i terdo sigrab WithShe BRI enent ed
in a manner s8 as""ftgggpe(3 %‘%‘tﬂ tiﬁr ee p {ehgq)ga@mzser oes, an order which
Appl i cant bel i evemmpsidigral Bdbefore stereo enbancemént ds performedsasdsriseussad bl sound
enhancenent and i npl engnt ati tants
for the three poles an 3@@35‘? sgg?tgt? mm&%@kﬁ%ﬁﬁﬁgdwgﬁ?e”] S,
respectively, whi Bﬁb-ﬁdlﬁthéﬂéft Lead ngﬁﬂQ'mM‘digdahﬂnfdendo extrdct thevménpgharic 0. 2
for the constant C[err] results an o eoff b e
separation and  component (L+R) of mput m%ote {hagrems{ors ﬁ&d\gndngfgtR)uld
10  be of equal value. This sum signal is filtered by filter 250 according to the
C(s) transfer function to synthesize a pseudo-stereo signal. This pseudo-stereo
signal is then summed with the left input signal L by op-amp 292 and
associated resistors R82-R85. The gain of left input signal through op-amp 292
is unity, while the gain of the synthesized pseudo-stereo signal through op-amp
15 292 may be adjusted according to the desired depth of the pseudo-stereo effect.
Accordingly, values for resistors R82-R85 should be chosen as follows:

R83 _R84

C. =282 _20%

0 R82 R85

20 + System 280 includes two switches SW4 and SW5 which allow system
280 to switch, in a manner identical to that of system 260 of Figure 16,
between bypass, stereo-only enhancement, and stereo/mono enhancement
modes. Thus, when switch SW5 connects line 295 to ground, the operating
mode of system 280 is determined by position of switch SW4. If switch SW4

25  connects lines 296 and 297, system 280 operates in stereo-only mode. If switch
SW4 connect lines 296 and 298, system 280 operates in bypass mode. System
280 operates in stereo/mono mode when switch SW4 connects lines 296, 297
and switch SW5 connects line 295 to the output of filter 250. As discussed
above in reference to previous embodiments, the values of components

30 contained in system 280 may vary depending upon design, component and
performance considerations. However, the following constraints should be

-30-
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applications, the nature of the received signal (ije., REPLACEMhet hg
st ereophoni ¢ or nonophonic) is usually not known. FrSoneTHStaRcES—
such as FM racivp obf@s9$mi Ssi ons, the received'signal may varypppidaea O
st ereophoni ¢ and nonophonic nature. Thus, it would be desirable to provide

a mechani sm capabl e 'of not only enhanci ng both the stereo and nono
si gnal s but . also of snmoothly sw tching between such nodes. In '
accordance W th t kgisfied in ordertbQeAiZE the beRBits OF thefenfbtaliinkant of £ gynt hesis
system 131 nay be cascaded with st ereo enhancenent ystem 126 as
illustrated the topology in Figure 10a. It is 10 to be understood that
stereo enhancenent system lggpJpgy be any of the previ ously descri bed
stered enhancenent systens. \Were the input signal is of a
nonophoni ¢ nature, e.g., where the left input signal L is identical to the
right, ignput  si gnal I%Q#yqsapol ogy of Figure 10a will operate in a
manner identical to Mha the topol ogy of Figure 9a. The gain of a

vari able gain elenent 121 may 15 be varied between zero and unity in
response to an external conerYSEI gnal (not

R86

R88=R89
10
R90=R91

The simpler design and lower implementation cost of system 280 as
compared to system 260 is achieved by using both the inverting and non-

15  inverting modes of the op-amps therein. Although utilizing both modes of the
op-amps as such may adversely affect sound quality, any such degradation in
acoustic quality will be slight and well within the performance requirements of
many applications.

The topology of Figure 14 can be implemented in an even simpler

20  design allowing attenuation of the input signals. In accordance with another
embodiment of the present invention, a stereo/mono enhancement system 300a
is disclosed below and illustrated in Figure 18 which requires only four op-
amps. The input signals L and R are scaled by a factor K,. The selection of
an appropriate value of K, involves consideration of two factors as will be

25  discussed shortly.

The pseudo-stereo portion of system 300a is formed by op-amps 310 and
311 and their associated resistors R100-R108 and capacitors C70-C71. Op-amp

. 310 first sums the left L and right R input signals, thereby extracting the
monophonic component, and then filters this sum according to a single-pole all-

30  pass filter. Op-amp 311 forms the core of a second order all-pass filter which
also divides the sum signal by a factor 1+K;. Although somewhat dependent

31~
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shown) such as a stereo blend signal received froman FM stereo decoder or

a st ereophoni c source detection circuit or even a user control. Wen
gain el enent 121 is set to have a gain of zero, the pseudo-stereo
synthesi s portion 131 is effectively disabled such that the
operation of t{@dyepwkogy of Figure 10a 20 is deternmned ggj

stereo enhancenent system 126. Thus, variable gain Ienent

allows for the dynam c control of t he dept h of the pseudo-stereo
synthesis effect. Note that it is possible, with the appropriate choice of -

paraneters, to fipbdhe lef‘fréq‘uenbﬁsl. ﬂi&'ﬁhﬂ&if'l(;;,%h&ﬂ@@éne}ﬂﬂy 5 c16531th YinitPin al |

signal sour c ﬁ practice, npst stereo sources cont ain

suf fici ent out - of ¢ “E'Hﬁ‘?‘?ﬁe‘F“s‘t“"tY to cpmpeneRtyariation. o Opramps 312 ang 3bdsk t he
pseudo-stereo ef f ggm thelsteh®d QW st?m ng&?ﬁé #Ph SefiRdr Wi !

benefit fromthe pseudo stereo effect Thus, S1 gnal
cont ai ns very I | t similag g sterep iepkancemend systen aﬂofFlgnrq 6.a ResistorseR109-Rf18r ence

Component. 307 TAeY Tolf Y HAES IS £ SO RERbor ko slEh ths wlmiatbcy
will spati a! I y enbfithessum signal patls te therrest pd tiek ciguncoust i c i mage. \Were
variable gain el erent &en 300 iRctbdes two switches SW4 and SWS which allow system
PCT/ US96/ 09240 300a to operate in either bypass, stereo only enhancement, or stereo/mono
enhancement mode as previously described with respect to systems 260 and
10 280.

The selection of component values in system 300a is dictated by
application requirements and component types. The factors K, and K, can be
selected to minimize the component sensitivity of the second order all-pass filter
as well as to adjust the overall signal attenuation level. These two factors are

15  constrained as follows:

1 (1
C"'zgm,;(?,‘ 1).

In a preferred embodiment, X, and K, are equal to 0.667 and 0.25,
20  respectively. The component values used in the pseudo-stereo portion should
satisfy the following constraints:

Rzoo=moz=%m01
25 RI03=RI04
1
1.'1=5R103'C70
2
R106:C71 =-I-(;(‘tz+‘ts)

30
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gain, the inputs and outputs of the topology of Figure 10a may be rel ated
to one anot her as foll ows:
L' =L+B(s) (L-R) +C(s) (1+2B(s)) (L+R)

R =R-B(s)(L-R)-C(s) (1+2B(s)) (L+R) (10) 5 If .
vari abl e gai nyehongsess 121 is used to dynamically swi tch betwsefuseensz4o
nodes, i1.e., between enabling and disabling pseudo-stereo synthesis portion
131, certain neasures will need to be taken to ensure | ow sw tching noise.

For i nstance, the gain of VA i gble gain elenment 121 should varied at
such a rate so 10 asmcm;nﬁﬁﬁaLQng' igni ficant high-frequency energy

i nt.o the acoustic signals. K, I the topology of Figure 10a, both
pseudo-stereo i nput signals 2-— %Sy'ﬂ'gﬁ!%i zed from a nonophoni c i nput
signal via portion 131) and st r ophoni ¢ i nput signals are filtered
vid stereo enhancenent system 126 and, thus, are processed accordi ng
to the sanme previously disclosed para ers associated 15 with the
transfer functsi on B(s)-.Rlﬂﬁgge,l__IK_s_we&Es, pseudo- stereo signals

generated from nonophorR106si® alst?r.,gs)d fferent from pure stereophonic
signals, it wuld be advant ageous r ch of such signals to be spatially
enhanced according to different paraneters while sinultaneously enabling a
bl endi ng of the two en@&&em&nt effects. 20 Thus, in accordance
wi t h anot her enbodi nen =@e ‘present invention, a pseudo- stereo
synt hesi s system 140 i RI@8scaded to the output |ines 143, 144 of

stereo enhancenent system 126 as illustrated in the topol ogy of Figure 10b.
In t hi 9ot opol ogy; the stereo enhancenent paraneters and thus the
spatially enhanci ng effect of stereo enhancement circuit 126 wl|

af fect only stereophonfineeonstants an b 4nd scean hecany permyation of reeommended 4

(since nonophoni CgalaQGiagad : i I‘J'lpbﬁélil } Y
conmponent , m)nophgﬁilec H%‘lﬁjfbgiqglgfsgf?ngg%f@@%go?h@d ticur?jedcsegﬁ% ﬂ"’z pass
unnodi fi ed t hr ougsterpeanbancement portionrshould satisfiy thedpllowing constraistsse unnodi fi ed
nmonophoni ¢ i nput signals are processed in pseudo-stereo

15 1:,=R114'C73

R114
R111

RI14_
RII2 °
RI114

2113~ @rDU-K)

=(B,+1-D)(1-K))
20

25 Ri115=R116

RII7=R118
R1I7 [ 1 1]

RII9 |K
30 Kz



synthesis system 140 by a filter 147 having a transfer function of
C(s)D(s), 30 where C(s) and D(s) synthesize and spatially enhance,

respectively, the pseudo- stereo signal. The topol ogy of Figure 10b
operates, in all other respects, in a

-21- VQPoridesde 94 _ _ PCT/USS6/09240

PCT/ US96/ 09240 manner identical to that of the topology o I gure
10a. Were variable gain elenent is set to.unity gain, the inputs
and outputs of the topology of Figure 10b may be related to one

%nOtR th ?? Lf %l) I cCJ(vvs Relesuors R110-R113 provide mdre ﬂb:?%)@ thhn Fﬂay@ésk%a)féﬁﬁ) R 5
=R-B(s -R) -
preferred inpl enen&lDéq%’i: &3‘7‘% cﬁortlmrlﬁ?dﬂwwé’alupﬁfﬂmﬁ@m

(9), where Dierr] wegiRher iloufd & X1 the oernai IO Wl gl 1, |

respectlvely . t opol ogi'es of Flgures

modi fied so as to fbyekél%smld bml dhe complaterset is-shown fortthpsake of es asf
iI'lustrated ingFi o]
Figure 1lla uses tﬁ%gn enhance ?teqqa thes?&&ﬁ%bé’%uaﬁ]ﬁetifp%%@%s

in aIl modes of operation, including bypass. Thus, the sum of output signals L’
and R’ will be the sum of input signals L and R multiplied by some constant
factor.
It should be noted that most of the systems and topologies described
10  above may be modified to have a gain other than unity by ensuring that the L
and R signal paths have an equivalent attenuation or gain. Such modifications
will become apparent to those skilled in the art after reading this disclosure.
System 300a of Figure 18 may be modified to have no signal attenuation
by slightly compromising the stereo enhancement transfer function B(s). The
15  resultant structure, embodied as stereo/mono enhancement system 300b, is
illustrated in Figure 19. System 300b is identical to and operates in the same
manner as system 300a of Figure 18 except for the deletion of resistor R119
and the addition of resistors R120-R121. In order to ensure unity gain in
bypass mode and no attenuation in the stereo only and stereo/mono
20  enhancement modes, the following constraint should be met:

RI109 RI20

—— 2 rp——

RI10 RI2]

System 300b will operate according to a modified enhancement transfer
25  function B’(s) which from the previously defined B(s) transfer function as .
follows:
1 1 1

RIII RIIZ RII3
11
RI20 RI2I

B/(s)=B(s)+ =B(s)+K,

30
where K, is of a value such that:



167, having a transfer function of N(s), in processing both stereo and
pseudo- stereo signals. That is, |like the topology of Figure 10a,
t he topol ogy of Figure 1lla uses the sane paraneters in spatially
enhanci ng both stereo and pseudo- 15 stereo signals. The function N(s)
is of the fornypopyiseys! y described with respect to Fpé&pisoshbr4o
Pseudo-stereo filter 164 operates according to the previ ously
described transfer function C(s) multiplied by a factor of 2.

Assum ng that Equation (8) . remajns valid, the yelationship between the ‘
I nput s and out pu, §9£11_D%Qf+ ure 1la may be expressed
according to 20 Equat \BF20 1RIR1)| R1H BeRIdBrilar to the topol ogi es of

Fi gures 10a and 10b, vari abl e gain el enent 121 may be either

manual |y or automatically controlled to accomodate a variety of
types of input signals, or set_to uni t}/ gain and still "~ handl e nost
nmonophoni ¢ and st ereo Altheughdt igrdgsizable for the error factor Kjto begsosnandhascossiblgur e

11b, a nodifi versd on ﬂﬁ%&gﬂ/ o | Ixinghinb! é@ﬁ

di stinct spat ieégl g‘ﬁﬁ‘érce&e %‘n%%ir’é;rre er s%r&'}tﬁer e'%gg%%e} péeu o8t er eo
signal s in a mann&11%Rtil3 ar minimizisg redistocs RE203R12 L. hApplivantchas tfourtd that a

t opol ogy of Figure 10 l,n. the .t I Flgur.e b, unlike that of

Fi gure 11a, g’fBée{?&gﬁéﬁ %ﬁ&%ﬁ%ﬁ%}@@%‘gﬁ Qé@“@rﬂi’a@tﬁat ially
enhanced by filt ewirfuall yindisﬁngmmd' le;]ﬁhmgyﬂmdomr?grwithmcsmnlaﬁ ef708 factord
D(s), respectively,.and su i t 0 . e enhanced stereo sjgn
generated by fil tg[?“sl’ﬁ“ha@ﬁn;)rgﬁf’w&qv YthV Wﬁ&"i"ﬁgﬁt the. m’bi@&?’?k’\gai n,

t r2 gnsf er funcio ongompsises aldghificantisbriibrt of Me B’ @) tramifer' fdHDA onliLat BEHEP

o frequencies and, even then, constitutes only a small fraction of the output signal

power.
All of the above described stereo/mono systems may be mapped into the

discrete-time digital signal processing domain using the bilinear transform
15 mentioned earlier. A digital implementation is quite useful to allow a user to
dynamically adjust parameter values. By way of example, the topology of
Figure 12 may be diéitally implemented as follows. Figure 20 illustrates a
complete data flow diagram for a DSP implementation based upon the topology
of Figure 12. Block 320 forms a three-stage all-pass filter, which is equivaleﬁt
20  to the C(s) transfer function normalized to a unity magnitude gain. Block 321
performs the B(s) transfer function. Multiplier factor g; accounts for the factor
C, which is not present in the all-pass filter block 320. Similarly, multiplier
factor g, is scaled by C,. Note that gain multiplications can be rearranged m
. the signal flow without affecting functionality, In the preferred implementation
25  the multiplier factors should be chosen as follows:

g; = -0.991495
g = 0.894378
g = -0.392830
30 &= 1.440000
gs = 0.200000
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PCT/ US96/ 09240 previ ously descri bed. Note that these
t opol ogi es are advant ageously suntinvari ant not wi t hst andi ng t he
asymmetrical nature of pseudo-stereo transfer function C(s). It

shoul d al so beygeH@med hat since nonophonic input signals do ﬂ?(]‘méBS}BHz?J n a
(L- 5. R difference conponent, when such a nonophonic signal 1s provided

as an input to the topol ogies of Figures 1la and 11lb, the (L-R)

di fference signal path (created by sunmm ng el enent 160) will contain

no signal. Thus, the coupligg= 0.0579560f the (L+R) sumsignal to the

di fference signal path via fi.l_:i%’éﬁé and summ ng el enent 166 is

vital in the construction of? T out put signal- L'. 10 Si nce

t he above topol ogies are suminvariant, they may be nodified to

operate according to the suminvariant topol ogies of Figures 3a and 3b,
requizesondy

t her eby resul t i Abisiimplementatio seyen mydtiplier poefficientsand

i npl enentations. k Wof:!

sinplificati o?m%ﬁgﬁh&s&oﬁef}g@ﬁ#ng %"'hr}gz'?t tﬁgm‘%ﬁ@eoﬁhm ant of
]Ehe D(s) tlransL_er D%Mmye@%mﬁﬁ@@n@?ﬂs’gﬁ@ﬂpmdimhmf%%.l_ -
unction. In this . er. .ne .explicitly
i npl enent ed whi | eﬂaggvan %é@@g:ﬁys%?%%;ﬁgfﬂné&%%%@mgmgg%ﬁﬁﬂﬁamt ers
fﬂ] stereo anld psscuimt 'dgsnightdmteqwmav%‘ihlsatural ﬁmaﬁ‘ﬁddhefucwrakﬂibw\@uhdth bhave

ot herwi se i npl enent e nqQw need o i enen s), er.eby
allowing for the &M%@%“@%ﬁ‘&?@%@ﬁﬁfﬁ1 ﬁgaﬂ%ﬁ%?‘.w e that
this 20  sinpifinnatiplpacdugfulbitd Sperdtiond Greqls edbrivaiicl fo Hhplomsht @6 baysigpemeENt in

di gi tal i mpl.enentations. .. . The resultant sinplitied
t opol ogi es der i veddqifion s multipication,it say be advantageoys; tg seasmnge theang 11b are

i Ilustrated in Fi Gail@licdfor?djiératidns Sc°838 Pair\RltYadditionopErations. Such3RAesOGY Of
Figure 12, sunm ng elﬁglnents 208 and 209fiia‘al ong vvitﬂ mve‘r’?ser “205 &Q%'Zslgy

replicate the styMellgs the,DSB implementationef speqific eghodiments gfithe peesentsummi ng
invention, are well understood in the art.

15 While particular embodiments of the present invention have been shown
and described, it will be obvious to those skilled in the art that changes and
modifications may be made without departing from this invention in its broader
aspects and, therefore, the appended claims are to encompass within their scope
all such changes and modifications as fall within the true spirit and scope of this

20  invention.
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el enent 200,
function

a significant degree, det
synt hesi s at t\Nomﬁsoequen

transfer function B(s), i.e., SI gnificantly above 265 Hz. The .
magni t ude of the signal out put fromgain elenment 205 will- determ ne the
- 23- WD 97/ 00594

variable gain elenent 210, filter 202 havi
C(s), and gain el enent 205 con Ber 'sj\er eo
si gnal . The magni t ude ThlsSheetfHasB@ﬂi(

PCT/ US96/ 09240

Thus, the effect
i s emul at ed by the aut

rragni

ntly 30 — above the potesswfoszso

C_LA!MS magni tude of the pseudo-stereo synthesis at DC.
gg previ ously described transfer function D(s)
PI on 0) signals at sumi ng el enments 204 and

Seudo- st er eo

207. The constant D[ eri] ofAtdystemnﬁoi'eihadcmganacodsﬁ@ﬁ?égercoﬁlpﬂﬁhgﬁi’staﬁé) i's
preferably approxi natﬁ:Xpu%cl?ann&s, my. be set as. g5

Jerr]=[err]

5

10

15

20

25

30

ystem comprisin,
means for processing said first and second input channels to produce a
first output channel; and
means for combining said first output channel and said first and second
input channels to produce a second output channel, where said first and second
output channels are indicative of a spatially enhanced signal.

2. The system of Claim 1 wherein the means for combining
comprises a summing circuit, said summing circuit subtracting said first output
channel from a sum of said first and second input channels to produce said
second output channel.

3. The system of Claim 1 wherein the means for combining
comprises a summing circuit, said summing circuit summing said first output
channel with inverted first and second input channels, respectively, to produce

* said second output channel.

4, The system of Claim 2 wherein the means for processing
comprises an integrator.

5. The system of Claim 4 wherein said integrator comprises:

a first op-amp having first and second input terminals and an output
terminal, said first input terminal of said first op-amp coupled to receive said
first input channel, said second input terminal of said first op-amp coupled to
receive said second input channel, said output terminal of said first op-amp
providing said first output channel; and

a feedback network coupled between said output terminal and second
input terminal of said first op-amp.

-37~
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where (err] is the gain of variable gain-elenent 205. \Were variable gain
10 el emrent 201 is set to unlty the Ieft L' a

v gnal s
of the t opol ogy of TF‘F £ ated | orrieSHEET HAS B ﬂght R
i nput signal s accor n (11). REPLACED Notgi that in
the topol ogy Qlobimshess 12, to con Jai porusoenodiit any

poi nt along a given si gnal pat h and achi eve identical results. For typical
15 anal og inpl enentations, the inputs of a summing network are usually
multiplied =~ - by sone gai n factor. Thus, there are several ways to

ensure that the nagnitgide The sysnelﬁfomlaﬂ.as %ﬁ&&ﬂkﬁ&dnﬂmﬁ@oﬂbﬂﬁﬂts
204 and 207 fromfilter 202 are cgpendently gﬂdaUStabl e;

utilizing gain el mozwphs%ﬁwmswm 1PpHt terminal tpyidermipale o

enhancenment porti feﬂﬂﬁhlo %%g&dvgsgﬁﬁrspmganner
simlar to that o@dﬁgs?gﬂo ogy o Flgur ?\ﬂ’? the form and
par anet er val ues Mdmmndwmdlmn$mtmﬂqﬁmwmml y as

na manner nhr | §BIRR resive g s onpun Eiinkly Bl S eyl S SoRAR. ) 2°

exception. |nvert ep-aipProviding saitisergnd butpetchanieh 227 and 228 are

configured so as to replicate the suminvariant style topology of
Figure 3b. Thus, other than the function of sunm ng el enent 227,

conponent s wi thin bl ock 45 The sy$tem tof [CHINOY whéreln @id Mmedns fapprbeésﬁngmmnr
| dent i cal nmanner and performthe same function as those conponents
in block 40 of thEOMPHSES: +5nhpo) ogy of Figure 12. 3 0 Wiere it is

desired to hage di sti ngban8THCRGRMAE sail Frst ahd 38cofd BipuféHafindl®to produce seach of
t he pseudo-stereo synthesis and steéereo signal enhancenment functions, the

-24- sum signal;
means for phase-shifting said sum signal using an all-pass filter to
produce an enhanced sum signal;
means for combining said enhanced sum signal with said first input
15  channel to produce an intermediate signal; and
means for filtering said intermediate signal using a low-pass filter to
produce said first output channel.

8. The system of Claim 7 wherein said means for summing and said
20  means for phase-shifting comprise: -

a first op-amp having non-inverting and inverting terminats each coupled
to receive said first and second input channels and having an output terminal;
and _

a second op-amp having non-inverting and inverting terminals coupled to
25  said output terminal of said first op-amp, said second op-amp providing said
enhanced sum signal at an output terminal thereof.

9. The system of Claim 8 wherein said means for combining said
enhanced sum signal with said first input channel comprises a third op-amp
30  having a non-inverting terminal coupled to receive said first input channel and
said enhanced sum signal and having an inverting terminal coupled to receive

-38- I ———
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WD 97/ 00594 | THIS SHEET HAS BEEN
PCT/ US96/ 09240 Figures 12 afd 13 mepLheEDodifigd by

elimnating the signal pat MHW&R tpcddhr ough '

altering filter 202 to hav function C(s)D(s).

The topol ogi e%vcf’JmE ures 1 further sinplifi eni:mmgdogzkws 5
I npl emrented at a re ced co y sacrificing the spati al

attribute of the pseudo-stereo signal. Such a sinplified topology is
illustrated in-Figure 14, where the role of filters 246, 247 and
sunmi ng el ement  24{3 $BandlaRpul hdrdel)Bald third op-amparaVidigg saip iestentpat clenselby a
si ngl e op-anp conflgured as a | eaky_integrator such as, for instance,
op-anp 51 of st erat@n SHPELEERPAL Wé@em 50 of Figure 4. 10 The left L' and
right R output signals and left L and right R input signals in "~ the

topol-ogy of Figure 14 are related to one another as ex resse ation
(11), where gain el end@ 27he systeseof Claimy@ whereinsqid,a e"“@ﬂ’b‘l‘gﬁ D(s)

transfer functi Ow Jfllip\R%hﬁInef %ﬂer eﬂ%{ nd input channels comprises a fourth

D(s)=1+B(s)(1"d e the gain of gain elenent 243,
nmust be | ess thampamphavmaaol-awatﬂngtemunal coluplel tooneepiveosaid fiest and

restricted as folf OVPhannels and having an inverting terminal coupled to receive said first
output channel, said fourth op-amp providing said second output channel at an
output terminal thereof.
10
11.  'The system of Claim 10 further comprising a first capacitor
having a first plate coupled to said non-inverting terminal of said first op-amp
and having a second plate coupled to a first node, said first capacitor facilitating
a first order all-pass filter.
15
12.  The system of Claim 10 further comprising a feedback network
coupled between said inverting terminal and said output terminal of said second
op-amp, said feedback network implementing an all-pass filter.

20 -13.  The system of Claim 12 wherein said feedback network
implements a second order all-pass filter,

14.  The system of Claim 12 wherein said feedback network further
comprises:
25 a resistor having a first end coupled to said non-inverting terminal of
said second op-amp;
a first capacitor having a first plate coupled to said first end of said
resistor; and
a second capacitor having a first plate coupled to a second plate of said
30 first capacitor and having a second plate coupled to a second end of said
resistor and to said output terminal of said second op-amp.
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20 Bl err]+Herrjbferrjierr]1 =

(12) were q rraheetﬁasz&gm i 011 e o o e
frequency enhancenent ere Jerfl] eq\lﬁﬂ_may, re
w || be no bass freque?i M derr] thautd h
that: 25 PCTN9b ORI

- different appli catlons may require sli ghtly di fferent paraneter 30

values, derr] should preferably be zero in order to effect the maxi num
dept h possi bl e which, in turn, inplies that Dlerr] should be

approxi mately 4.125.- T®  The system of Claim 10 further comprising a feedback network - 25-
WD, 97/ 00594

PCT/ US96/ 09240 comprising:

a first resistor coupled between said second mput and said output
terminals of said third op-amp; and
5 a capacitor coupled in parallel with said first resistor.

16.  The system of Claim 1 wherein said means for processing further
comprises: '

means for summing said first and second input channels to produce a

10  sum signal;

means for phase-shifting said sum signal to produce an enhanced sum
signal; and

means for combining said enhanced sum signal with said first input
channel and said second input channel to produce said first output channel.

i5 :

17. A method for spatially enhancing a two channel input signal
which may be either a monophonic signal or a stereophonic signal, said method
comprising the steps of:

creating a sum signal from said input signal;

20 - phase-shifting said sum signal using an all-pass filter to create an

enhanced sum signal;
combining said enhanced sum s1gna1 with said input signal to produce an
enhanced intermediate signal; and
enhancing said enhanced intermediate signal using a sum-invariant stereo
25  enhancement circuit to produce an enhanced output signal.

18.  The method of Claim 17 wherein said step of combining further
comprises combining said enhanced sum signal with said first channel of said
input signal to produce said enhanced intermediate signal.

30
19.  The method of Claim 17 wherein said step of combining further

4 Q-
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preferred formand associ ated paranmeter values for tpy
and C(s) are as statedpreviously. In a manne

t he topol ogi es of Fi Wsﬁéetﬁgslﬁélﬁk Reedt he sign
el ements 244 and 245 may ently scal

| mpl enent i ng WRSormsaMe descrl o enhancenent tomhmgmo

THIS SHEETt IAS BEEN
S prBEPd&dEDo su

wll, in actual enbodi nents, -pass filter such as the
conventi onal t hr ee- pol e aI I -pass f| |ter 250 illustrated in Figure
15. All-pass filter 15 includes t hree cascaded single pole all-pass

filters 251, 252, coafp%sedmmlhgeaxeamn&dmﬁﬁgnalmmmmmmfamaosmce
m-ni m zes sensitiyvi ty. to conponent Va.l’lﬂ_FQB {l Not. e

_Supssign éﬁﬁmqhim ve a

filter 251 shoul cF“B\!t%’@-lgH’e‘iP £9id, £

transfer functiongdfaii DGR tsﬁdeaﬁmedmmaetmmerr]
H(s)—'[err] wher e [err] —-%QIZ[err] 40 15 Filters 252 and 253

wi |l also operate accordi ng to the above descrl bed transfer function

H(s) where thg associ P@Eﬁn simlar
manner . 5 n the pr eg erre 9 rrents oglﬁﬁe s%tﬁglrde rrg)no
enhancenent syst esanfifled with adid fiipt|channel medmipuhmBIul andl swhtracteshfromfsaid: er s

251- 253 shoul d be_con rd| 0 ques such
that resultant thiee® t{)tgggneﬁqflsgp% ﬁag p%u&ef)a\ﬂférlh[ %{E ants of

46[err]s, 67[err] gigmadd 254[err]s. It is to be understood that a filter
utilizing second or higher order sections may used in order to reduce the
nunber of required op-anps. Further, second order filter sections allow for

25 ~compl exgpol e compugarTheRakid ofrcmqv,fumwhompﬁﬁﬁgiﬂerswpl@hwamz der

ilter sectjons are nore sensitive onent . varjati on

The preferred enb oR¢ signal frgm s Lt sig "r‘%ﬁ WP‘H{‘&;@&S

Figure 16. The opggmyih&iwith ﬁ&%ﬁ&%@%ﬂﬁ%%@@%ﬁ%&lﬁ%ﬁa@ased
signal.

15 22. A method for spatially enhancing a two-channel input signal
which may be either a monophonic signal or a stereophonic signal, said method
comprising the steps of:

enhancing said input signal using a sum-invariant stereo enhancement
circuit to produce a two-channel stereo-enhanced signal;

20 - creating a sum signal from said input signal;

phase-shifting said sum signal to create an enhanced sum signal; and
combining said enhanced sum signal with said two-channel stereo-
enhanced signal to produce a two-channel output signal.

25 23. The method of Claim 22 wherein said step of combining further
comprises summing said enhanced sum signal with a first channel of said
stereo-enhanced signal to produce a first channel of said output signal and
subtracting said enhanced sum signal from a second channe] of said stereo-
enhanced signal to produce a second channel of said output signal.

30

24. ‘The method of Claim 22, wherein said step of enhancing further
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upon the topol ogy of Figure wly, t he discussian of the
t opol ogy 30 of Figure 13*1 s equal 'y applicabl e to 1 VRIS BHEES - HANOBEEN klat

with the exception (Re plced| | - i | tergmhomsch o

the op-anps in system 260 of
- 26- W 97760865 94 \‘ PCT/US96/09240
PCT/ US96/ 09240 Fig rat es in an inverting node for reasons

di scussed ‘earlier. The Ieft ) i nput signal L is inverted by op-anp 270
and associ ated resistors R60 and R61, while the right input signal R
I's inverted by opcempnﬁi%reaﬂng adiffecenné signal feons said énput signal Rall twvechRiel These

two inverted sign are scal.ed su 73 t o act
t he nonophoni c si gﬂ"jﬁ“%‘g W@ﬁ%dfﬁ@sﬁgl%%ﬁlgﬁﬁ smgsm%)%lélass
filter 250 to prodwatiam seee éhhandememccirtuggnal . Wien switch SWb connects

thée output of. filter 250 to line 278, the pseudo-stereo signal is sumred

with the inverted left input signal L and non-inverted right input
comnect s 11 nes 276 and?77, AHHRR,foP chRBLRE ah g Aghdt Eomphiafy ik il "0y
capaci tor C50. accmﬁgmubchamelsﬁproducea spatiglly-enhanced awiput; signal mmmgl t er ed
pseudo-ster 60 i gnatt ipl Sohd Wiphtitabiesd, sl comprisig W ke ' 1 1
. generating a sum signal in response to sa1d first and second input
channels;
10 generating a difference signal in response to said first and second input
channels;
ehhancing said sum signal using a first filter to produce an enhanced
sum signal;
enhancing said difference signal using a second filter to produce an
15  enhanced difference signal;
summing said enhanced sum signal and said enhanced difference signal
to produce an intermediate signal;
summing said intermediate signal with said sum signal to produce said
first output channel; and
20 * subtracting said intermediate signal from said sum signal to produce said
second output channel. .

26. The method of Claim 25 wherein said first filter comprises an
all-pass filter.
25
27. A method for enhancing an input signal comprising first and
second input channels to produce a spatially enhanced output signal comprising
first and second output channels, said method comprising the steps of:
generating a sum signal in response to said first and second input
30 channels;
generating a difference signal in response to said first and second input

-l 2
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to produce the left output signal L' output. Op-anp 275 _subtracts the left
output signal L' fromthe sumof the left L and righ'ﬁlé?ﬂ& % nous 15

Switches SW and SV al | ow system 260 to operate in|pne 0o

possi bl e nodes. If switch SW Has Béen & i stor R65,
the stereo eniwarnemesat filter, euumuu“ Hﬁl’ﬁfunctl on, is qi sovnen
switch SWb connects |ine t hereby disabling t e
pseudo- stereo synthesis function of filter 250, e.g., function C(s),
system 260 wi I | operate in a bypass 20 node. In this node, the left L and
right R input sigehahselgppear unnodified as Ieft L' and right R‘

out put signals, respectjvel on the .oth swi.tch

connects line 277 to | c?%émdts?fﬁ‘ ug Eﬂn%ﬁ%ﬂgﬂ I Profygecan qg{lgr,ceqls

enabl ed. The opersum signatode of system 260 will now depend upon the position

of switch SWs. If switch SWb pow connects _|line 278 to ground, thereby 25
di sabl i ng the pseudo- SHEeg widenhanced srlmabwdqay;dxffmmmmm producet es i n

a ) st er go- oglﬁj,gtmemh{e ver, switch SWb connects filter 250 to
i ne 278, t her eb enablln t he pseudo stereo synthesis function
C(s), system 260 oper fg’ﬁkﬂ%MS’&uﬂMMﬁndpmdhua

spatial l'y enhancegfgly n? hﬂput signals. 30
di scussed with respect 0 SYyS eﬁ1 D of Figure 7, the switching

bet ween bypass and st anmmingsaid mbmhmmadnamigaal wiﬂasaimxﬁh:g%exhl bits -
-27- produce said first output channel; and
10 subtracting said second intermediate signal from said sum signal to
produce said second output‘channel.

28.  The method of Claim 27 wherein said first filter comprises an
all-pass filter.
15

-4 3=

* cC L ™ H *



WD 97/ 00594

PCT/ US96/ 09240 relatively I ow switching noise due to the
| ow pass filtering function of capacitor C50. The switching of
switch SWob may cause a discontinuity in the output si gnal s.

However, such yodigeentinuity is tolerable in nost applicati®BCIEUSEN240
the gain of the pseudo-stereo signal on line 278 is fairly | ow as conpared
to 5 that of the stereo signals. In ﬁgﬂ%écathons where such a _
di scontinuity i-s unaccept abl e, t scontinuity may be mnim zed
usi ng well known zero- crossing switching techniques, or by
replacing swtch SWo with a variable gain el ement controlled by a
switching ranp signal. The sel ection of appropriate val ues
for the conponents contained in 10 sy?ten1260 ay vary dependi ng on the
parti-cul ar application, the desired perati g characteristics, and
"the types of conponents used. Note, howeve t he, foll ow ng
constrai nts shoul d be nmet ih 9T 0 T ca 0 bt system

260. First, the resistors associgted with st erti ng op-anps

270, 272 and out put op-anp 271 stjould be 15

R60=R61 R75=R76=R77=R78
20 Next, resistor s 2 noul d chosen such t hat
t he product of their val ues\N A

Ro S(s) R’

N(s)

P(s)

Fig. 1b (Prior Art)



25

After selecting an appropriate value for

resistor R69, the

remai ni ng resi stor val ues associated with op-anp 271 are determ ned
as follows: R62=R63=[ err] 30
R64=[err] - 28- WO
97/ 00594 WO 97/00594 ' PCT/US96/09240
PCT/ US96/ 09240 R67=[err]
[err]=K[err] 2/21
23
L o—s ———(H)—o L
20 25
e
< p
21 .
R o—é R’
25
Fig. 2a
Y
Lo "+ —o L
30 327
B(s)
31
Ro <

Fig. 2b




5 R66=R69 The resistors associated with
op-anp 273 should satisfy the follow ng rati os: 10

R72=R73 [err]=[err] where Klerr] should be
chosen such that Klerr] [err] 2C[err]. In a preferred enbodi nent, 15

Klerr] is equ@odredss4d- As in nost nulti-stage anal og ci rcumws!msugal n of

a given si gnal path can be independently controlled at each stage.

As a .consequence, there is always a certain amount of flexibility as
to what gain oeccurs where. The K[é 2L coefficient is one such degree
of freedom which can be chosen . according to conveni ence. The above
constraint on Klerr] is recomended for the 20 sake of dynam c signa
range in order prevent the output of op-anp 273 from saturating with
maxi mum i nput signals on both input channels. I n anot her
enbodi nent, a stereo/nmono system 280 is di sclosed bel ow and

illustrated in Figure 17 which operates in accordancdtyith the topol ogy of
Figure 14. Accordingly, the dlscu33|on above mnth respegt to the topol ogy
of 25 Figure 14 is equalll g = i} B 280, where
the left L' and right R (£d to the left L
and right R inputs signals 11). The enul at ed
D(s) transfer function is of the S tated with
reference to the topol ogy of Flgure 14, whe i at a
maxi mum val ue such t hat

Fig. 3a

45

Fig. 3b



30 Dierr]=B[err]+1

- 29- WO 97/ 00594

PCT/ US96/ 09240 The stereo enhancenent portion of system 280
is performed by op-anps 293, 294 and their respective associ ated.
capaci tor Co0pféhpdii Stors R86- R91, and t hus i npl enempicsaisbeodios)
transfer function 1n a nmanner identical to stereo enhancenent system
70 of Figure 6. Pseudo-stereo enhancenment is conbined 5 wth stereo
enhancement by -summi ng the pseudo-stereo%é®ynal with the left i nput

signal L before stereo enhancenent is perfornmed, as is discussed bel ow
Op-anp 290 and associ ated resistors R80-R81 sum-and then scal e by
one-half the left L and right Rinputs signals in order to extract the

nonophoni ¢ conponent (L+R) of the input source. Note that resistors
R80 and R81 should 10 be of equal value. This sumsignal is filtered by
filter 250 according to the C(s) transfer function to synthesize a

pseudo-stereo signal. This pseudo-stereo 50 signal is then sumed with
the left input signal L by op-anp 292 and associ ated resistors
R82- R85. The gain of left input signal through op-anp 292

51 |
LC > <+
L
R1 R2
AMA—¢ MA——¢
c1
I
gL
c2
I
1\
R3 R4
MN——ANN—4
\ .
R o- —s +/(

Fig. 4



is unity, while the gain of the synthesized pseudo-stereo signal through
op-anp 15 292 may be adjusted according to the desired depth of the
pseudo-stereo effect. Accordi ngly, values for resistors R82-R85
shoul d be chosen as foll ows: _ 2C[ err]=[err]=[err] . 20
System 280 i nCivp@®pesby0 swi t ches SWE and SWb whi ch al | ow syspeifusesnoz4e 280
to swtch, in a manner identical to that of system 260 of Figure 16,

bet ween bypass, stereo-only enhancenment, and stereo/ nono-enhancenent

nodes. Thus, when switch SWs connects |in®/2%5 to ground, the operating
node of system 280 is determ ned by position of switch SWL. |If switch SW
25> connects lines 296 and 297, system 280 operates. in stereo-only node.

If switch SW connect |ines 296 and 298, system 280 operates in
bypass node. System 280 operates in stereo/ nono node when switch SW
connects |lines 296, 297 and switch ggggconnects line 295 to the
output of filter 250. As discussed e in reference to previous

embodi ments, the values of conponents 30 contained in system 280 may vary
dependi ng upon desi gn, conponent and per f or mance consi derati ons.
However, the follow ng constraints should be &1

-30-
Lo :F\c:i _
| / ] oL
R2

* AMN—2
c1
Ti

T Ly

o C

Fig. 5a



satisfied in order to realize the benefits of the enbodi ment of Figure 17:
R80=R81 5 [err]=R87[ err] C60

Blerr]=[err] R88- R89 10 RO0=R91
The sinpler design and | ower i npl enentati-on cost of system 280 as

conpared to Swole? }@% 0 is achieved by using both the |nvert;,a-g,ummon- 15
i nverting nodes "0 e op-anps therein. Al though utilizing both nodes of

t he op-anps as such nmay adversely affect sound quality, any such
degradation in. acoustic quality wef2xbe slight and well within the
performance requirenents of many applications. The

t opol ogy of Figure 14 can be inplenented in an even sinpler 20 desi gn

al l owing attenuation of the input signals. In accordance w th another
enbodi ment of the present invention, a stereo/nono enhancenent system 300a
i s*disscl osed below and illustrated in Fi gu6@8b18 which requires only four

op- anps. The input signals L and R are scaled by a factor K2. The
sel ection of an appropriate value of K2 involves consideration of
two fractors as will be 25  discussed shortly. The
pseudo-stereo portion of system 300a is formedSy op-anmps 310 and
Lo + .
LI
R2
+——MA—t
C1
I
+— N
R11
SW1
1 c2
1
T I
R4
+— W\ﬁﬁ

Ro +/<

Fig. 5b



311 and their associated resistors R100-R108 and capacitors C70-C72. Op-anp
310 first suns the left L and right R input signals, thereby extracting the
nmonophoni ¢ conponent, and then filters this sumaccording to a single-pole
all- 30 pass filter. Op-anp 311.forns the core of a second order all-pass
filter which wos9mese4al so divides the sum signal by a fact orrChnisbeen4o.

Al t hough sonewhat dependent

-31- WO 97/ 00594 7 '

PCT/ US96/ 09240 - upon the pole fréﬁﬁEncies, the value of Klerr]
shoul d generally be close to unity in order to mnimze sensitivity
t o- conponent variation. Op-anps 312 and 313 formthe stereo
enhancenent portion of system 300a and operate in a nanner simlar
to_stereo enhancenent system 70 of Figure 6. Resistors R109-R113 5

allow Derr] to vary between B[err] + 1 and 1. Resistor R119 natches the
attenuation of the sumsignal path to the rest of the circuit.
System 300a i ncludes two switches SWI and SWb which all ow system

300a to operate in either bypass, stereo only enhancenent, or stereo/nono
enhancenent node as previougly described with gespect to systenms 260 and 10
280. The sel egti on of conponent Yal ues in system 300a is

di ctated by ' #

]
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application requirenents and conponent types. The factors Klerr] and K[err]

can be selected to mnimze the conponent sensitivity of the second
order all-pass filter as well as to adjust the overall signal
attenuation |level. These two factors are 15 constrained as follows: .
Clerr]= [err] woo97/00s94 In a preferred enbodi nent, KlpetrfusosmashoK| err ]
are equal to 0.667 and 0.25, 20 respectively. The conponent val ues used
in the pseudo-stereo portion should, satisfy the follow ng
constraints: - R100=R102=1BZR101 25 R103=R104
[err] =1/ 2R103[ err] C70 R106[err] C7l=[err]([err]+[err])

2
o
M~ © g
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WD 97/ 00594

PCT/ US96/ 09240 R106[ err] C72=[err] [err]=[err]
5 [err]=K[err] 10 Time constants [err], [err]
and [err] can be any pernutation of recommended time constants for

the C(s) functyw@ou#eeses. The conponent val ues used in the  pcras9esnszde

9/21
92
A + L.
/90

Mo C(s)

Fig. 8a (Prior Art)

Fig. 8b (Prior Art)



stereo enhancenent portion should satisfy the follow ng constraints:

[err]=R114[err] C73

[err]=(B[err]+1-Dlerr])(1-Kerr]) 20
[err]—K[err]B[err]
25

[err]=[err]

wo 97/00594R115=R116

30

[err]=[err]-1

[err] (D[err] 1)(1-Klerr])

17 =-perkfk96/09240
10/21
100 107
\ 103 - \ 105
0.5"'0(3) \ A—o L'
| 101 Stereo
Enhancement
Circuit
o + ’) 0 Ra
102 404 106
Fig. 9a
1/10
0.5+C(s)D(s) |—s _ oL’

112

Fig. 9b
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- 33- WD 97/ 00594

PCT/ US96/ 09240 Resi stors R110-R113 provi de nore
flexibility than may be needed for a gi ven set of paraneters. For
instance, if a maxi mumvalue of Dlerr] is desired, then R111 shoul d

be omtted. | o%hn&sﬂe_ other hand, Dlerr] is desired to equacriusssn9zso
then R113 should be omtted. The conplete set is shown for the sake of 5

generality. It should be noted that the system 300a attenuates the input

signal s in all nodes of operationllf&kl udi ng bypass. Thus, the sum
of output signals L' and R43p || be the sumof input signals L and R
multiplied by sonme constant actor. It should be noted
that nost of the systeng.apnd topol es_described. 1Q. above may be

nmodi fied to have ajgain other than unity by ensuring It A7 {186 L and
R 5i gnal paths havp an equival ent attenuation d23gaid. $uch ‘ﬂ?di f it@@yons

wi || becone -appareht to those skilled in the art™a{té€ PR —th5

di scl osure. | Syst em 300a_of Fi qure be nodi fied | e

no signal attentatlo
enhancenent transf
as stereo/ nono enh
System 300b is ide
system 300a of Fig

b St ereo
ructure, epbodi ed
j igure 19.
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and the addition of resistors R120-R121. In order to ensure unity gain in
bypass node and no attenuation in the stereo only and stereo/nDno 20
enhancenent nodes, the follow ng constraint should be net:

[err]=[err] System 300b wi Il operate according to a .
nodi fi ed enhaggaesiigdost ransfer 25  function B (s) which fromdcriimge¢desas ously
defined B(s) transfer function as fol | ows:

B' (s)=B(s)+[err] 30 wher e K[err] is of a value such that:

- 34- WO 97/ 00594 12/21

PCT/ US96/ 09240
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Klerr]=[err] Al though it is desirable for the error factor
Klerr] to be as small as possible, 5 mnimzing Kl err] nust be bal anced
with practicality of either nmaxim zing resistors R111-R113 or
mnimzing resistors R120-R121. Applicant has found that a val ue of
0.1 for Klerrlwhomdodds' | y €asily realized and produces a sourpCTusatos240
virtual ly indistinguishable fromsystens operating w thout such an error
factor. This result may be objectively verified by considering that
the error factor Klerr] 10 conpri ses alélﬁﬁificant portion of the B (s)
transfer function only at higher frequenci es and, even then,
constitutes only a small fraction of the output signal power .

Al'l of the above described stereo/ nono systenms may be napped into the
discrete-tine digital signal processing donain using the bilinear transform
15° -nentioned earlier. A digital inplenentation is quite useful to allow

a user to dynam cal | y, adj ust paraneter val ues. By way of exanple,

t he topol ogy of Figure! 12 may be digitally inpl@%ented as follows.
Figure 20 illustrates a conpl ete data fl ow di agrfam for a DSP

i npl ement ati on based upon th of Figureg 12. Bl ock 320 forns

a three-stage all-pass filtg

transfer function nornaE% Loy 321
perfornms the B(s) transfer fU accounts for
the factor C err] which pass filter block
320. Simlarly, multiplier ed by CJerr]. Note
that gain nultiplications can be% e signal flow
wi t hout affecting functionalijty. ment ati on 25 t he
mul tiplier factors shoul d be |chos
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glerr]= -0.991495 glerr] = 0.894378

glerr] = -0.392830 30 9[err] = 1.440000

glerr] = 0.200000 - 35-

WD 97/ 00594 _ ' :
PCT/ US96/ 0924 Qo 97/00594 glerr] = 0.057956 PCT/US96/09240
glerr] = 0.962908 This inplenmentation thus requires only

seven multiplier coefficients and 5 only five .delay storage el enents.
Note that the architecture of the partic%ﬁzél DSP used nmay require
nodi fications to the signal flow diagramof Figure 20. For instance,
I f-the DSP uses fixed-point arithnetic with a small word si ze,

scaling mght be required to avoid saturation at nodes such as those at the

.
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out put of block 321 and the output of adder 322. In architectures in which
10 mul tiply-accunmul ate operations are as economcal to inplenent as are

si npl e addition or multiplication, it nmay be advantageous to
rearrange the nultiplication operations so as to pair with addition
oper ati ons. g&n” F@u ~ well as the DSP inpl ementpabhidbs/detso
specific enbo ﬁ of the pr esent i nvention, are well understood
in the art. Wil e particul ar embodi ments of the pr esent

i nvention have .been shown and dest5f®®d, it will be obvious to those
skilled in the art that changes and nodi fications may be nade

W f hout departing fromthis invention in its broader aspects and,

therefore, the appended clains are to enconpass within their scope
all such changes and nodifications as fall within the true spirit and scope
of"this 20 invention.
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- 36- CLAI Ms: 1. An acoustic inmage enhancenent system
conpri si ng: first and second i nput nodes for receiving first and second
signals of a stereo inmge, respectively; first and second out put nodes
for providing first and second signals of an enhanced stereo inage, .
respectively; o 9Wﬁ%%irst op-anp having a non-inverting ter pcralsoqmqpl ed to
said first ian{ node, an inverting termnal, and an output term nal

coupled to said first output node; a first resistor-capacitor
network coupl ed between said inverting %4 nal and sai d output termn nal
of said first op-anp; a second op-anp having a non-inverting terninal
coupled to .
=, 8
N

252

Fig. 15
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said second i nput node, an inverting termnal, and an output term nal
coupl ed to said second out put node; a second resistor-capacitor network
coupl ed between said inverting ternmnal and said output term nal of said
second op- anp; a first resistive el enent coupl ed between said :

I nverting ternwo®oosés said first op-anp and said inverting teerusdebszeé said
second op-anp; and a switching device connected in series with said
first resistive elenent, said switching device having an'on state and an
off state, wherein said systemis in an éf{Ztcenent node when said
switching device is in said on_state and said systergis in a bypass node
when said switching device is ign said off state. 2. A systemfor
enhancing a stereo image conprijsing first and second]signals to produce an
enhanced stereo image conprising first and second enpanced signals, said
syst €m conpri si ng: ! .
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first and second input termnals for receiving said first and second
signals, respectively; first and second output termnals for providing
said first and second enhanced signals, respectively; first conbining
means connected to said first and second input termnals, said conbining
means conblnlgmbgywmg4f|rst and second input signals to producgnsmmmmw

conbi nati on signal; enhancenent neans connected to said first conbining
means and to said first output term nal, said enhancenment neans enhanci ng
sai d conbi nation signal to produce sm(j¥3r%& enhanced signal; and

second conbi ni ng means connectegd to said first andggecond input termnals
and to said first output term al, said second co ni ng means conbi ni ng
said first and second input signals and said first enhanced signal to
produce said second enhanced sifgnal . 3 systemof Caim?2
further conprising a sw tching |[device connect gd bet aid second i nput
termnal and said first combinijng neans, i o] ating in an
enhancenment node when said swi tjchi ng devi ce§ M\oh Tt ate, said system
operdting in a bypass node wherf said switch ice\is in an off state.

4. A systemfor enhancing a stfereo i mage co iS5 #N\r st and second
signals, said system conprisin
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first and second input termnals for receiving said first and second
signals, respectively; first and second output termnals for providing
first and second enhanced signals, respectively; a first op-anp having
first and second input termnals and an output terminal, said first input
term nal of saydeimossdé op-anp coupled to said first input tepcwusysonio said
system said output-termnal of said first op-anp coupled to said first
output term nal of said system said second input termnal of said first
op-anp being coupl ed to said second i nput®{#tninal of said systemvia a

resistive el enent; a feedback network coupl ed between said output and
seeond a - 38- phput term nals of
said first op-anp; aneg a second op-anp having fir and second i nput

termnals and an outpyt termnal, said first input terrninal of said second
op-arp coupled to sai¢q first and second input termnal g of said system

sai d second i nput ter T8 z-d—secomd-op- to said
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first output termnal of said system said output termnal of said second

op-anp coupled to said second output term nal of said system 5.

The system of Claim4 further conpri sing: a second resistive el ement
connected between said second input term nal of said second op-anp and said
second out put tweromoesds of said system and a third resi pprigSosRbapent
coupl ed between said second input term nal of said second op-anp and said
first output termnal of said system 6. The systemof Claimb5

further conmprising a switching device cofff@¥ed between said second input
termnal of said first op-anp and said second input termnal of said

system 7. A fmthod for enhancing an acoustic inmage conprising
first and second input®signals to produce an enhanced acogstic inmage, said
met hod conprising the gteps of; processing said first Jand second i nput
signals to produce a fjr out put sigpal; and conbi nijng said first
out put signal and sai of T ¥ ANd SecoY YU s§ gnal, roduce a second
out put signal, sd f stNand| secgnd odt put sigpal s ingefirst and
second channels 8 i d-'dhg_n egy qcoustki c i magel ¢ ™
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8. The nethod of Caim?7 wherein the processing step further conprises the
steps of integrally conmbining and filtering said first and second i nput
signals to produce said first output signal

- 39- 9. The nethod of Caim?7 wherein the step of

conbi ni ng sai dybietidseut put signal with said first and seconﬂch@gmhxﬁhgnals
conprises subtracting said first output signal froma sumof said first and

second input signals to produce said second output signal-. 10. The
nmethod of Claim8, wherein the step of i Rtéglally filtering utilizes a |ow
pass filter. 11. The method of Caim7 further conprising the step
of : : _
. +)e
§ AJ :'- §
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—
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before said processing step, inverting BEPhAGEMBNTaSHFET second i nput
signals,. .. ... wherein the ste f conbining Spifd first output

signal with said first and second inpuf $i gqlglMsA %ri 5ep - AVEe@RMmT Ng
said first output signal with a sumof|sgid firs and second i nput
signals to produce said second out put = SHefed- 12. A system

for enhanci n agous}j g j mage conpri gin fi rst and secjond i nput signals,
sai d systerﬁ?@%ﬁ}ﬁ?ggwgﬂe%mp signallo at SUHOUEE slefooutpatecond

i nput sign Q' fal t l;..and . . neans for conbining
said fi rst%%ﬁ‘tggigna Z‘ﬁdhg% i Fot S g@é’?ﬂhﬁ‘ﬁ?ﬂ!‘%&*@@o produce
a second odeftds inpug signalssati sunfmingtelements35 @ groduitd tte At oitput gl | S' ng
first and ?&)Oﬂﬂ channel s of sai d enhanced acoustic inmage. 13. The
system of Clai E?%@F%%M‘HE"&&M! the sumripvasiant tepalogy of Figureab will

i nt egr 8@ or .be apparent s 1e system of Claim 12 wherein the neans for

conbi ning conprises a sdmming circuit, said summng circuit subtracting

sai d first out pult shoyldbe fiotedhthatswherefchaniel syinmtétry?Achot e RiqdirbmeAt ofS| 9nal s
to produce gaid &4 Ongnh%ﬂwgéntsslygtggll,'as is the case when constructing pseudo-
stereo signals from a monophonic signal, the topologies of Figures 2a and 2b
may be broadened as illustrated in Figures 3a and 3b, respectively. Taking the
10  topology shown in Figure 3a, the left L and right R signals are combined and
processed in function block 40 which may implement either a linear or non- -
linear function. This processed signal is added to the left input signal L at
summing element 41 to produce the left outpui signal L’ and subtracted from ‘
the right input signal R via inverter 43 and summing element 42 to produce the |
right output signal R°. The processing performed by filter 40 may be any
sqimble signal shaping function of one or both of the input signals L, R.
Referring to Figure 3b, Fhe processing function of filter 45 may be any
suitable signal shaping function of one or both of the two input signals L, R.
The output signal of filter 45 is provided as the left output signal L’ whiie the
right output signal R’ is produced by subtracting the left output signal L* from
the sum (L+R) of the input signals.
The shuffle topology (Figure !b) is generally preferred over the lattice
“topology (Figure l'a_t) since the shuffle topology requires only two filters 13-14,
where the lattice topology requxres four filters 1-4. Nevertheless, Applicant has

found that the lattice topology allows for a simpler circuit implementation of a
stereo enhancement system. '

15

20

25

Figure 4 shows a stereo enhancement system 50 in accordance with one
embodiment of the present invention. Enhancement system 50, the design of
which stems from the lattice topology of Figure 1a, requires only two op-amps
51, 52. The left input signal L is provided to the positive input of op-amp 51
and to the negative input of op-amp 52 via resistor R3, while the right input

- 30
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- 40- 15. A nethod for spati al TR Ro—a—two channel
I nput signal which may be either a nonophonic MA&EMEN;US r'ébphoni ¢
signal, said method conprising the steps of: - creating a $um signal
fromsaid i nput signal; phase-shifting sdi s'qqpm‘lgq@jun g an
all-pass filter to create an enhanced sum si gnalf; conbi nf np said
enhanced sumsignal with said i nput signal toj}proguce—amrentahcgd
i nt er medi at gSHIIGA0 [ ' i nt gernedi pt.e si gnal
using a sumeoi nvari aﬁfﬂgﬁﬁ%g_agﬁ%’;%eﬂgﬁﬁﬁéﬁ? u Y nhanced
out put si gnafrom, via invertér 91 dihd sumiing eleinent 83 natinuaied replicas Bf st ep of
conmbi ning further, .conpriseg conbining said enhanced sum signal wth said
first ch-anne?n%f'als‘gpg‘pﬂﬁ??gﬁ“s@mu@ eér‘ocﬂ!?@e“@ﬁim Rsgudm stereo signalsiedi at e
signal . respectively. The relationship between output signals L', R* and the input

5  signal M may be expressed as follows:

L'=M(0.5+C(s))
R/=M(0.5-C(s))

14

where C(s) is an all-pass transfer function of the following form:
10 ' : '
. (-5t $)(1-st,%)  (1-st,%)
(I+st)(1+st) — (L+st)

C(s)=C,

Typically, the time constants 7,-7, will, in actual implementations,

_ naturally occur in complex conjugate pairs. The constant C, determines the

15  “depth” of the pseudo-stereo effect. This effect is maximized when C, is equal
to either 0.5 or -0.5. At these values of C,, certain frequencies wxll appear
exclusively in one of the output channels. The sign of C, is somewhat.
arbitrary, since reversing the sign is merely equivalent to swapping the L’ and
R’ channel outputs of Figure 8a. The number of crossover points, that is, the

20  number of particular frequencies at which the energies in the left and right
channels are equal, is determined by the order of C(s). Note that the gain
_element 94 of Figure 8a is not essential, but rather has been included to aid in
understanding embodiments of the present invention which later follow. This

also allows the Figure 8a topology to meet the following criterion:
25

L'+R'=M

which implies that the topology will be sum-invariant if the M input signal is
constructed by summing left L and right R input signals.

30 The topology illustrated in Figure 8b, which operates in a manner
identical to that of the topology of Figure 8a, may provide a more economical

=16-



17. The method of C aim 15 wherein said step of conmbining further conprises
conbi ning_said enhanced sumsignal with said first channel of said input

si gnal and:conbi ni ng sai d enhanced sum signal with said second channel of
said input signal to produce said enhanced internediate signal. 18.
The nethod of C aim 17 wherein said enhanced sumsignal is sumed with said
first channel of said input signal and subtracted from'said second channel
of said i ngtisfied wardeﬂ’dop‘m‘mdgemheﬁtémfaheembbdhmtmdiﬁgureslbnaI .

19. The method of Claim 15 further conprising the step of creating a
difference signal fromsaid input signal, wherein said enhanced sum si gnal .
is conbined with sai R8O<R8Ir ence signal to produce '

i nternedi ate signal . 20. A nethod for spati dREPLACEMEND SHEET
two- channel input signal which may be either a nongphom ' |
st er eoghoni c t,=R87'C60 | | -41- 14MAR 1997
R87
B ===L
® R86
R88=R89
10
R90=R91

The simpler design and lower implementation cost of system 280 as
compared to system 260 is achieved by using both the inverting and non-
inverting modes of the op-amps therein. Although utilizing both modes of the
op-amps as such may adversely affect sound quality, any such degradation in
acoustic quality will be slight and well within the performance requirements of
many applications. ' ' |

15

The topology of Figure 14 can be implemented in an even simpler

20  design allowing attenuation of the input signals. In accordance with another ,

embodiment of the present invention, a stereo/mono enhancement system 3002

is disclosed below and illustrated in Figure 18 which requires only four op-

amps. The input signals L and R are scaled by a factor K,. The selection of

- an appropriate value of K, involves consideration of two factors as will be

25  discussed shortly. .

The pseudo-stereo portion of system 300a is formed by op-amps 310 and
311 and their associated resistors R100-R108 and capacitors C70-C72. Op-amp
310 first sums the left L and right R input signals, thereby extracting the
monophonic component, and then filters this sum according to a single-pole all-
pass filter. Op-amp 311 forms the core of a second order all-pass filter which
also divides the sum signal by a factor 14+K,. Although somewhat dependent

.30



signal, said method conprising the steps of: enhanci ng sai d i nput
signal using a suminvariant stereo enhancenent circuit to produce a

t wo- channel st.ereo-enhanced signal; creating a at—f+oem-sai d

i nput signal; phase-shifting sai d sum si gnal tgaﬂﬁégﬂﬁﬂﬁm éﬂﬁﬁﬁtEd sum
signal; and conbi ni ng sai d enhanced sum si gnal th sal d two-ghgnne

st ereo- enhanced signal to produce a two-channel outjp ‘?ﬁgk1 21
The nethod of Cl aim 20 wherein said step of conbinln fur g%%p I §es
summ ng sai d enhanced sumsignal wth a first channel~of—satrd
st er eo- gqplA3pged signal to produce a first channel qf said output sigpal and
subtracrrng—sa1d enhanced sum signal froma second channel o sard
st ereo- enhanced signal to produce a second channel of said output signal.
22. The nmethod of Claim 20, wherein said step of enhancing further
conprises creating a difference signal fromsaid input signal, said

two- channel Eenharmecacéwsedc Sitage Qﬁhﬁﬂc@h@ﬁ%egxtfs'i:%m %%hgax‘l'sl gf:ence

si gnal u5|rmk§§gg sug}lnvarlant St er eo_ enhancene circ
and second input nodes for receiving first and second

31gnals of a stereo image, respectively;

first and second output nodes for providing first and second
signals of an enhanced stereo image, respectively;

a first op-amp having a non-inverting terminal coupled'to said
first input node, an ihverting terminal, and an output terminal
coupled to said first output node; )

| a first resistor-capacitor network coupled between said
inverting terminal and said output terminal of said first op-amp;

a second op-amp having a non-inverting terminal.coupled to
said second input node, an inverting terminal, and an output
terminal coupled to said second output node;

a second resistor-capacitor network coupled between said
inverting terminal and said output terminal of said second op- amp ;

a first resistive element coupled between said inverting
terminal of said first op-amp and said inverting terminal of said
second op-amp; and

a switching device connected in series with said first
resistive element, said switching device having an on state and an
off state, wherein said system is in an enhancement mode when said
-switching device is in said on state and seid'system is in a bypass
mode when said switching device is in said off state.

2. A system for enhancing a stereo image comprising first
and second signals to produce an enhanced stereo image comprising
first and second enhanced signals, said system comprising:

-37-

* c L M - *



23. A nethod for enhancing an input signal conpri ' seg¢ond

I nput channels to produce a spatially enhanced oy AC &Eﬁﬂ? HEET|S|pg
first and second out put channels, said nethod conpti sing the St€e of :
generating a sumsignal in response to said first and1gq@9@ gn Jt._ |
channel s; generating a difference signal in|rg¢sponse to alj irst an
second i nput channel s; enhanci ng said sum sijgnar—oustrmg~e—+-rsf filter
to produce enhanced sum si gnal ; enhanci ng_sai d difference pgigna
using a secfglﬁe'*ﬁfi ¢ r59ePnA Genput dre i reaion o aff ffesresincing gD [ FiTet and
-42- second 31gnals$ dpgcggvglynhanced sum si gnal and sai d enhanced

di fference éi e an internediate si gnal ; summ ng said

i nt er nedi at'® é%&) PHt§U51§F§W&Paﬂ§ for providing said first and

second enhanced 51gnals, respectively;
first combining means connected to said first and second input
terminals, said combining means combining said first and second
input signals to produce a combination signal;
_ enhancement means connected to said first combining means and
to said first output terminal, said enhancement means enhancing
said combination signal to produce said first enhanced signal; and
second combining means connected to said first and second
input terminals and to said first output terminal, said second
combining means combining said first and second input signals and
said first enhanced signal to produce said second enhanced signal.

3. The system of Claim 2 further comprising a switching
device connected between said second input terminal and said first
combining means, said system operating in an enhancement mode when
said switching device is in an on state, sald system operating in
a bypass mode when said switching device is in an off state.

4. A system for enhancing a stereo image comprlslng first
and second signals, said system comprising:

first and second input termlnals for receiving said first and
second signals, respectively;

first and second output terminals for pfoviding first and
second enhanced signals, respectively;

a first op-amp having first and second input terminals and an
output terminal, said first input terminal of said Ffirst op-amp
coupled to said first input terminal of said system, said output
terminal of said first op-amp coupled to said first output terminal
of said system, said second input terminal of said first op- amp
being coupled to said second input terminal of said system via a
resistive element;

a feedback network coupled between said output and second

-38-
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produce said first output channel; and ~ subtractyd
signal fromsaid sumsignal to produce said second
24. The nmethod of C aim 23 wherein said first filter

i nt er medi at'e

filter. 25. A method for enhancing an input gignal -conprisin I rst
and second input channels to produce a spatially enHarced Z0MA !]99_7SI nal
conprising first and second output channels, said mt conprisingjthe
steps qQf: eneratl a sumsignal in response fo said first and fecond
i nput CfRMtelterminals ofo isaitf irst foprampe angnal Y-r—esponseto sal d
first and sm@&d:ompup -ah@NAgYEhg flrs@%%%ﬁdﬁuﬂlﬁwﬂt%l&nia%sénﬁaﬁe |
first fu rod eantﬁgance sum Si e
sum si gnat#) 'f 83N cELEFEndnPRE }Sle(?m}@éla gf rsaid nseq:mdll apeamp

si gnal Coupledermar&ang Eifelt f andt seBbAEMAHpHLe t%ﬁmﬁlaw'aﬂ §a§&0899t£4n' ter

Sy r ' Si naI sai d secon
|t gt 2; ?re@gﬁ'g Zs Si g naldné/é‘%‘ﬁ S ag'hféﬁ g Raftd; @eﬁ%ﬁ]g? R ‘F‘P‘I‘EJee‘i)uF%uSald
channe£1rgtd outputs tiexmiaaln g’fs aaddseystem, nbe.lidedu&pats teRAink10BES Qhﬁds um

si gnal geeopiddgpeampl Q?&?ﬁﬁl? Pé'élﬁhaé&%nd output 6te1-:‘rttl11€ngft g gald
Claim 2?, V\,herel n sard first

5. The system of Claim 4 further comprising:

a second resistive element connected between said second input
terminal of said second op- amp and said second output terminal of
said system; and

a third resistive element coupled between said second input

terminal of said second op-amp and said first output terminal of
said system.

6. The system of Claim S5 further comprising a switching
device connected between said second input terminal of said first
op-amp and said second input terminal of said system.

7. A method for enhancing an acoustic image comprising first
and second input signals to produce an enhanced acoustic image,
said method comprising the steps of:

processing said first and second input . 31gnals to produce a
first output signal; and

combining said first output signal and said first and second
input signals to produce a second output signal, said first and

second output signals comprising first and second channels of said
enhanced acoustic image.

8.  The method of Claim 7 wherein the processing step further
comprises the steps of integrally combining and filtering said
. first and second input signals to produce said first output signal.

-39-
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conprises an all-pass filter. 27: A method f . cing
annPnput signal which nmay be either a nonophonic si ﬁﬂﬁgf zﬁonlc

[ |, said rmethod conprising the steps of: : o _
?Lg?a reggivinggfirst and second inpul chanpaeAR 199%i dat|i ve of
sai d i nput signal; summi ng said first and secopd| channels to pgrdduce a
sum si gnal ; ' phase-shifting said sumsignal usipg—amart-pass Tilfter to
produce an enhanced sum si gnal ; conbi ni ng sai df enhanced sum si gnal
with said 9LrstThnpmethbdno§IC&aiprodwheraﬂrlﬁhérEE P@FEeﬁbﬁgih%gguggig

1 i S Sk egggﬂj te. sign [ a, owpass Ti . _

1]:: rts'?fggtgtutaé%%ﬂlthel : ana?' witﬂcién%:!:'%i %‘rﬁﬁ ke rsﬁe%‘?ﬁésé&m’ﬁpl fpgnals
channEPUPEAges BYybLtrasgting said first output signal from a sum of said

first and second input signals to produce said second output
signal.

10. The method of Claim 8, wherein the step of integrally.
filtering utilizes a low pass filter.

11. The method of Claim 7 further comprising the step of:
before said processing'step, inverting said first and
second input signals, '
wherein the step of combining said first output
- signal with said first and second input signals comprises
summing said first output signal with a sum of said first

and second input signals to produce said second output
signal. _ '

12. A system for enhancing an acoustic image comprising first
and second input signals, said system comprising:

means for processing said first and second input signals to
produce a first output signal; and

means for combining said first output signal and said first
and second input signals to produce a second output signal, said

first and second output signals comprising first and second
channels of said enhanced acoustic image.

13. The system of Claim 12 wherein the means for processing
comprises an integrator.

14. The system of Claim 12 wherein the means for combining
comprises a summing circuit, said summing circuit subtracting said
first output signal from a sum of said first and second input
signals to produce said second output signal.

-40-
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. . Ky 2
out put channel to produce a second out put phgnne{_ wherein said
first and second output channels are i ndi cat i .
enhanced si,gnal . P 28. A systemfor spatially e Wﬁ@ﬁmﬁfﬁ stic
I mage conprising first and second input signals t¢ produce an enhlanfced
acoustic image conprising first and second out put } s| gnb4MARSTHHIR slysjt em
conpri si ng: means for summng said first and|sgcond input sigrals to
produce a sum si gnal ; means for enhancing sajd sum signal f—o roduce
an enhanced1Sum & gmethod formespet fal1yoshhanegn! |

and sabqghhlisg&ﬁr& W%Igp%eélgnﬁ‘°§°i’?‘f>§}%duce S d f;a;s%&%n

si gnal ;  and Summ n 21 st
and seééﬂ&allnpﬁﬁlg Henhod @qmmac:enganm sHapal qut put si gnal . 29. A
system for &Qahtahlg/ae@lﬁpcgl%an ﬁqﬁpt nﬁ# géfg first and second
I nput channell’lI qsf%a%‘ be indicative o 5 onic image or a

st er eophoni & aﬁ&b@ SYRpSig US1n$maﬁsaﬂ rPReceifiltex | tat
and secuadtenpntenhamcddssumhsmynam}(ﬁ sai d i nput signal ; nmeans for

szzning SaiGdhh&%&ﬂ?“&é%ﬁ”%ﬁiéﬂ&%H“ﬁ&hté&éhéi’W1th said input 81gnal to
produce an enhanced intermediate signal; and

enhancing said enhanced intermediate - signal using a sum-

invariant stereo enhancement circuit to produce an enhanced output
signal.

16. The method of Claim.15 wherein said step of combining
further comprises combining said enhanced sum signal with said

first channel of said input signal to produce said enhanced
intermediate signal.

17. The method of Claim 15 wherein said step of combining
further comprises combining said enhanced sum signal with said
first channel of said input signal and combining said enhanced sum
signal with said second channel of said input signal to produce
said enhanced intermediate signal.

18. The method of Claim 17 wherein said enhanced sum signal'
is summed with said first channel of said input signal and

subtracted from said second channel of said input signal to produce
said enhanced intermediate signal.

19. The method of Claim 15 further comprising the step of
creating a difference signal from said input signal, wherein said
enhanced sum signal is combined with said difference signal to
produce said enhanced intermediate signal.

20. A method for spatially enhancing a two-channel input
signal which may be either a monophonic signal or a stereophonic

-41-~
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sum si gnal ; means for phase-shifting said sum signal using an all-pass

filter to produce an enhanced sum signal; nmeans
enhanced sumsignal with said first input channel tg
I nt er nedi at e signal ; means for filtering said i

' filter to produce a first output cHarlnel14 MAR 1997
S Sl st ; ng said first ot put
sald Tirst and se¢ond

for -conbining said first and second input channels 3
channel, to produce a second output channel, wherein

out putSiEiéhtrel 2214 dnetlard aconprvsingsphei skepsepifan

d_signal

REPLACENENY SHEET
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’ phase-shifting said sum signal to create an enhanced sum

signal; and
combining said enhanced sum signal with said two-channel
stereo-enhanced signal to produce a two-channel output signal.

21. The method of Claim 20 wherein said step of combining
further comprises summing said enhanced sum signal with a first
channel of said stereo-enhanced signal to produce a first channel
of said output signal and subtracting said enhanced sum signal from

a second channel of said stereo-enhanced signal to produce a second
channel of said output signal.

22. The method_of Claim 20, wherein said step of enhancing
further comprises creating a difference signal from said input
signal, said two-channel enhanced stereo signal being created from

said difference signal using said sum-invariant stereo enhancement
circuit.

23. A method for enhancing an input signal comprising first
and second input channels to produce a spatially enhanced output
éignal comprising first and second output channels, said method
comprising the steps of: .

generating a sum signal in response to said first and second
input channels;

generating a difference signal in response to said first and
second input channels;

enhancing said sum signal using a first filter to produce an
enhanced sum signal;

enhancing said difference signal using a second filter to

produce an enhanced difference signal;
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-45- subtracting said intermediate signal from said sum signal to
produce said second output channel.

24. The wmethod of Claim 23 wherein said first filter
comprises an all-pass filter.

25. A method for enhancing an input signal comprising first

- and second input channels to produce a spatiélly enhanced output

signal comprising first and second output channels, said method
comprising the steps of:

generating a sum signal in response to said first and second
input channels;

generating a difference signal in response to said first and
second input channels;

enhancing said sum signal using a first filter to produce an
enhanced sum signal;

_ summing said enhanced sum signal and said difference signal to
produce a first intermediate signal;

enhancing said first intermediate signal using a second filter
to produce a second interﬁediaﬁe signal;

summing said second intermediate signal with said sum signal
to produce said first output channel; and '

subtracting said second intermediate signal from said sum
signal to produce said second output channel. -

26. The method of Claim 25 wherein said first filter
comprises an all-pass filter.

27. A method for spatially enhancing an input signal which
. may be either a monophonic signal or a stereophonic signal, said
method comprising the steps of:
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further Cormrhbiﬂﬂng feradPagkhanced sum signal w
channel to produce an intermediate signal;

a second capacitor
said first capacitor and
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The system of Cl aim 30

ith said first input

filtering said intermediate signal using a low-pass filter to

produce a first output channel; and

combining said first and second input channels and said first
output channel to produce a second output channel,

wherein said first and second

output channels are

indicative of a spatially enhanced signal.

28.

comprising first and second input signals t
acoustic image comprising first and second
system comprising:

means for summing said first and sec
produce a sum signal;

A system for spatially enhancing an acoustic image

© produce an enhanced
output signals, said

ond input signals to

means for enhancing said sum signal to produce an enhanced sum

signal;

means for combining said enhanced sum

signal and said first

. and second input signals to produce said first output signal; and
means for summing said first output signal and said first and

second input signals to produce said second

output signal.

29. A system for spatially enhancing an input signal
comprising first and second input channels which may be indicative

of either a monophonic image or a stereophonic image, said system

comprising:

means for receiving first and second input channels indicative

of said input signal;

means for summing said first and second
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sum signal;

means for phase-shifting said sum signal using an all- pass
filter to produce an enhanced sum signal; _

means for combining said enhanced sum signal with said first
input channel to produce an intermediate signal;

- means for filtering said intermediate signal using a low- pass
filter to produce a first output channel; and

means for combining said first and second input channels and
said first output channel to produce a second output channel,

wherein said first and second output channels are indicative of a
spatially enhanced signal.

30. A system for spatially enhancing an input signal
comprising first and second input channels indicative of an input
acoustic image to produce first and second output channels
indicative of a spatially enhanced acoustic image, said system
comprising: '

a first op-amp having non-inverting and inverting terminals
each coupled to receive said first and second input channels, said
first op-amp providing a first enhanced sum signal at an outpnt
terminal thereof; '

a second op-amp having non-inverting and. inverting terminals
coupled to said output terminal of said first op-amp, said second
op-amp providing a second enhanced sum signal at an output terminal
thereof;

a third op-amp having a non-inverting terminal coupled to
receive said first input channel and said second enhanced sum
51gnal and having an inverting terminal coupled to receive said
second input channel, said third op-amp providing said first output
channel at an output terminal thereof; and

a fourth op-amp having a non-inverting terminal coupled to
receive said first and second input channels and having an
inverting terminal coupled to receive said first output channel,

- said fourth op-amp providing said second output channel at an
output terminal thereof.
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31. The system of Claim 30 further comprising a first
capacitor having a first plate coupled to said non-inverting
terminal of said first op-amp and having a second plate coupled to

a first node, said first capacitor facilitating a first order all-
pass filter.

32. The system of Claim 30 further comprising a feedback
network coupled between said inverting terminal and said output

terminal of said second op-amp, said feedback network implementing
an all-pass filter.

33. The system of Claim 32 wherein said feedback network
implements a second order all-pass filter.

34. The method of Claim 33, wherein said feedback network
further comprises: '

a resistor having a first end coupled to said inverting
terminal of said second op-amp;

a first capacitor having a first plate coupled to said first
end of said resistor; and

a second capacitor having a first plate coupled to a second
plate of said first capacitor and having a second plate coupled to

a second end of said resistor and to said output terminal of said
second op-amp.

35. The system of Claim 30 further comprising -a feedback
network comprising:

a first resistor coupled between said inverting terminal and
said output terminal of said third op-amp; and

a capacitor coupled in parallel with said first resistor.
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