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Application for Gant of U S. Letters Patent TITLE: | NTERAURAL Tl ME DELAY
RESTORATIvON 28MBBENMB AND METHOD FI ELD OF THE | NVENTI ON [ 0@QTjuside/on4sv&nt i on
relates to systens for processing audio data, and nore particularly to a
system and nethod for restoring interaural tine delay in stereo or other

mul ti-channel audi o data. BACKGROUND OF THE | NVENTI ON [ 0002] Wen audi o data
is processed to generate an audi o conposition, it is conmon to m x such
audi o data using a mxer that utilizes panning potentioneters, or other
systens or devices that sinulate the function of a panning potentioneter.
The panni ng potentioneters can be used to allocate a single input channel
to two or norelBufBht VNRAAReSTATE S PAIENT 1P THRAPENAHE Qteted out put,
such as to sinulate a spatial position between the far left and far right

| ocations relative to a |istener. However, such panning potentioneters do
not typically add an interaural tinme difference that would normally be
present froma live performance. OF_THE | NVENTI ON [0003] In
accordance with the present inve%%%%ﬁgqéAg§9¥enland met hod are provided for
inseraural time delay restorationdddp=add 3y time delay between two or nore
channel s of audi o data that
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TITLE:
10 INTERAURAL TIME DELAY RESTORATION SYSTEM AND METHOD

FIELD OF THE INVENTION

[0001] The invention relates to systems for processing audio
15 data, and more particularly to a system and method for restoring
interaural time delay in stereo or other multi-channel audio

data.



corresponds to an estimated interaural delay, based on the relative

magni t udes of the channels of audio data. [0004] In accordance with an
exenpl ar ywertbhodiznwat of the present invention, an appar Cuaisbaw/op66Eessi ng
audi o data is provided. The apparatus includes an interaural tine delay
correction factor unit for receiving a plurality of channels of audio data
and generating an interaural tinme delay correction factor, such as where
the plurality of channels of audio data include panning data with no
associated interaural tinme delay. An interaural tinme delay correction
factor insertion unit nodifies the plurality of channels of audio data as a
function of the interaural tine delay correction factor, such as to add an
estimated interaural ti mBAHGROYND|GproNe BNGENT HOMl ity. [ 0005] Those
skill i .the t will further appreciate the,advantages and superi qr
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| eft &me r pghhinpanreteauidometara foan speci isedf r equentyodanels a nsingle
accordance w.th an exenpl ary enbodi nent of the present invention; L0029]
FI GURE™®Yts hadiigr arft of¥a é§s{“~8ﬁ1€f 8Pt§>r‘?§ot afgiels, such as a left and

right stereo output, such as to simulate a spatial position
between the far 1left and far right locations relative to a
10" listener. However, such panning potentiometers do not typically
add an interaural time difference that would normally be present

from a live performance.



interaural time and | evel differences in accordance with an exenplary
enbodi nent of the present invention; [0030] FIGURE 4 is a diagram of a

met hod f owoppmoez®Bng audi o data to introduce an interakcalusteoamowrs | evel
difference in accordance with an exenplary enbodi nent of the present
invention; [0031] FIGURE 5 is a diagramof a systemfor interaural tine
del ay correction in accordance with an exenpl ary enbodi nent of the present
invention; and [0006] FIGURE 6 is a flow chart of a nmethod for controlling
an interaural tinme delay associated with a panning control setting in
accordance wth an exenpl ary enbodi nent of the present invention. DETAI LED
DESCRI PTI ON OF PREFERRED EMBODI MENTS [0032] I n the description that
follows, like parts are naSKEMARY QFgHolt HNMVENDHERN fication and dramﬁngs
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clar|;%$gnd conci ess 0033] FIGURE 1 |s(ﬂld|a gram of a systen1100 for
inter 12 tF RS ¢ ? 2¥t P WPﬁ“a&&@?&&h&?Eﬁt arexenpf arpdérbditretthads

ths presesddent Q. 5y stamild &an iha dpleented 0 harduay e, sofitpar e,

or a suitable conbi nati on of hardware and software, and can be one or nore
softvwﬁ%i%ﬁkﬁQNﬁﬁqu#Qd¢$g36nt@edcganaelslgﬁahuanCQQSBng platform As used

herei%odUEYd“ﬂFﬁ§ accordance with an exemplary embcdiment of the
present invention, an apparatus for processing audio data is
provided. The apparatus includes an interaural time delay
10 correction factor unit for receiving a plurality of channels of
audio data and generating an interaural time delay correction
factor, such as where the plurality of channels of audio data
include panning data with no associated interaural time delay.
An interaural time delay correction factor insertion unit
15 modifies the plurality of channels of audio data as a function
of the interagral time delay correction factor, such as to add
an estimated interaural time delay to improve audio quality.
[0005] Those skilled in the art will further appreciate the
advantages and superior features of the invention together with
20 other important aspects thereof on reading the detailed

description that follows in conjunction with the drawings.



can include a conbination of discrete conponents, an integrated circuit, an
application-specific integrated circuit, a field programmabl e gate array,

or ot her woizbs2e40Bar dware. As used herein, "software" eam/uscabods’dne or
nore objects, agents, threads, |ines of code, subroutines, separate
software applications, two or nore |lines of code or other suitable software
structures operating in two or nore software applications or on two or nore
processors, or other suitable software structures: In one exenplary

enbodi nent, software can include one or nore lines of code or other
suitabl e software structures operating in a general purpose software
application, such as an operating system and one or nore |lines of code or
ot her suiteﬁﬁ%ﬁ%o@@ﬂ%ﬁéPEIQNc@ﬁr@gEoﬁéVERAthﬁﬁwé OpedBE FRAWINGSe sof t ware
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one exempkatyoanbodi rmiﬁordmeielva)tk)fl hheremmxbaﬁjaz eacsb i roan olfecewe a
series of sangles of, audi o dataat a sanpling frequency, and can process the
sanpl BJS568F01BYERERTEd on a predeterm ned nunber of sanples. Low del ay
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out putsbblefitent of the present invention;
[0029] FIGURE 3 1is a diagram of a system for smoothing
10 interaural time and level differences in accordance with an
exemplary embodiment of the present invention;
[0030] FIGURE 4 is a diagram of a method for processing audio
data to introduce an interaural time or level difference in
accordance with an exemplary embodiment of the present
15 invention; .
[0031] FIGURE 5 is a diagram of a system for interaural time
delay correction in accordance with an exemplary embodiment of
the present invention; and
[0006] FIGURE 6 is a flow chart of a method for controlling
20 an interaural time delay associated with a panning control
setting 1in accordance with an exemplary embodiment of the

present invention.



| ow delay filter banks 102 and 104 is equal to the nunber of barks or ERB

s per input sanple. Likew se, over sanpling can be used to reduce the

| i kel i hoostoab1oomeasi on of audio artifacts, such as by u®CmgsSeeiond4se
filters, each for one of multiple correspondi ng sub-bands of each frequency
band (thus creating- a plurality of sub-bands for each associ ated band) |,
or in other suitable manners. [0035] Channel delay detector 106 receives
the inputs fromlow delay filter banks 102 and 104 and determ nes a

di fference correction factor for each of a plurality of frequency bands. In
one exenpl ary enbodi nent, channel delay detector 106 can generate an anount
of phase difference to be added to frequenc&pdonain signals to create a

tine difference, sbERAhEEBePREERIZTION OAndREFERRES DIMENTSS to insert
an i ngpdgnal tife el ayed of f, 85 §hoPaL! @o%b%géloggﬁéer%i?és been {ﬂ%?gedbm

whi ch 'does "not incorporate an associated tine one exenp
enboditimrotghaudi 0 Ut a pedid imadeicbrusi agda phrawingypot ehthonetler t samause

an input. channel to have an apparent spat% | location internediate to the
far | EFESERRNTOINRF L (R7SPrOhtVEhnnell Mo rTeaMdrBo i e 5r ™) At ReF
sus t aplee HRNGEE Be, | BRHULIERE MBET EofS e A DANCEMOLehAMRIS B egRRESENE zeMhi | €

such panning can be used to sinulate spatial |ocation, notion or other
ef f ecog, sHeenateg afiram tdnke ddkays fikdt kit ecammecratédwlahidnateiensli ondat a

o o "ol SLERE] B G PATUAD G ERLs BYELBL e, whep @ sound source s

the ti[0®3Blen tIMIGURE 1 is a diagram of a system 100 for interaural
time correction in accordance with an exemplary embodiment of

10 the present invention. System 100 can be implemented in
hardware, software, or a suitable combination of hardware and
software, and can be one or more software systems operating on a
digital signal procesging platform. As used herein, “hardware”

can include a combination of discrete components, an integrated

15 circuit, an application-specific integrated circuit, a field

programmable gate array, or other suitable hardware. As used
herein, “software” can include one or more objects, agents,
threads, lines of code, subroutines, separate software

applications, two or more 1lines of code or other suitable
20 software structures operating in two or more software
applications or on two or more processors, or other suitable
software structures. In one exemplary embodiment, software can
include one or more lines of code or other suitable software
structures operating in a general purpose software application,
25 such as an operating system, and one or more lines of code or
other suitable software structures operating in a specific
purpose software application.
[0034] System 100 includes 1low delay filter banks 102 and
104, which receive a left and right channel audio time signal,
30 respectively. In one exemplary embodiment, low delay filter

banks 102 and 104 can receive a series of samples of audio data



audi o signal fromthe source is received at the listener' s left ear and
the time when the audio signal is received at the |istener's right ear.

Li kewi se,wa=otoe7®3und source noves fromthe | eft side @CTiuseoliosteeher to
the right side of the |istener, the associated tine delay will decrease to
zero when the sound source is directly in front of the listener and w ||
then increase relative to the right ear. Using a sinple panning
potentionmeter to sinulate spatial location or notion fails to create these
associated tine delays, which can be nodeled and inserted in a stereo or
other multi-channel audio signal using channel delay detector 106. [0036]
Li kew se, channel del ay detector 106 can al so be used to correct for
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retl egdarddie. | i venaufieo skangharGhasnebadrtay, detrect aunbBe cen areuehcy
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bands of audio data, such that the total number of outputs from
low delay filter banks 102 and 104 is equal to the number of

10 barks or ERB’s per input sample. Likewise, over Sampling can be
used to reduce the likelihood of creation of audio artifacts,
such as by using multiple filters, each for one of multiple
corresponding sub-bands of each frequency band (thus creating: a
plurality of sub-bands for each associated band), or in other

15 suitable manners.

[0035] Channel delay detector 106 receives the inputs from
low delay filter banks 102 and 104 and determines a difference
correction factor for each of a plurality of frequency bands.
In one exemplary embodiment, channel delay detector 106 can

20 generate an amount of phase difference to be added to frequency
domain signals to create a time difference, such as between a
left and right channel, so as to insert an interaural time delay
into a signal in which panning has been used, but which does not
incorporate an associated time delay. In one exemplary

25 embodiment, audio data may be mixed using a panning
potentiometer to cause an input channel to have an apparent
spatial location intermediate to the far left channel and the
far right channel for stereo data, or in other suitable manners,
including where more than two channels are present. While such

30 panning can be used to simulate spatial location, motion or

other effects, the interaural time delays that are associated



differences or level differences into a plurality of channels of audio
data. The nunber of correction factors may be | ess than the nunber of | ow
del ay filwerotwanks0302 or 104 out puts whereover sanpli ngPC3/uss@d/00473% oot h
variations within perceptual bands. In one exenplary enbodi nent, where the
perceptual bands are sanpled at three tines the bandw dth, N w Il equal
three tines M. [0038] System 100 includes delays 108 and 110, which
receive the left and right tine varying audi o channel signals and delay the
signals by anount corresponding to the delay through | ow delay filter banks
102 and 104 and channel delay detector 106, minus the delay created by

zer o- padded Hann wi ndows 112 and 114 and fast Fourier transforners 116 and
118. [wW0i0dD] 1 zeeo-ayddeddpiian aihdoRs e rgalked 4byodi¥gh t R@NNLRg -var yiorg

audi 0 _§j ls f he | n i.ght .c nel n . 10 eate a
Hann-vﬁs)!n wed rr‘g%le‘%i %d sg(lg%r}fgl .go é%%p&%ggrgﬁ%ﬁgw%%dﬁglﬁf%gn?léﬁ gfan%be
used tlo geavant theconwiindi thesaf tamebeidig crieat @dehn thiee tpircessed the
signal s, which can generate phase shift variations that cause audi

n
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the associated time delay will decrease to zero when the sound
source 1is directly in front of the 1listener and will then

10 increase relative to the right ear. Using a simple panning
potentiometer to simulate spatial location or motion fails to
create these associated time delays, which can be modeled and
inserted in a stereo or other multi-channel audio signal using
channel delay detector 106.

15 [0036] Likewise, channel delay detector 106 can also be used
to correct for interaural level differences, such as where a
‘time delay exists between the left and right channel but no
associated magnitude difference exists. For example, audio
processing may cause the levels associated with a panned audio

20 signal to change, so that an audio signal that has been
accurately recorded with associated time delays between the left
and right channels nevertheless results in left and right
channel sound levels that do not reflect the live audio signal.
Channel delay detector 106 can also or alternatively be used to

25 model and insert associated level correction factors in a stereo
or other multi-channel audio signal.

[0037] Channel delay detector 106 outputs a plurality of M
correction factors, which are used to insert interaural time
differences or level differences into a plurality of channels of

30 audio data. The number of correction factors may be less than

the number of low delay filter bank 102 or 104 outputs where



the time domain signal, which are nodified by zero-padded Hann w ndows 112
and 114 to increase the nunber of sanples, and generate a correspondi ng
nunber ofwbnremuem»y conponents of the tine domai n si gnalPCT[UBebj0048hBSE
shift insert 120 receives the fast Fourier transformdata from fast Fourier
transforners 116 and 118 and inserts a phase shift in the signals based on
the correction factors received fromchannel delay detector 106, such as
bynodi fying the real and imagi nary conponents of the Fourier transform data
for an individual frequency bin or group of frequency bins wthout

nodi fication of the associ ated magnitude for each bin or group of bins. In
one exenpl ary enbodi nent, the phase shift can correlate to the angul ar
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phase dne onempakt dtt hérargut dmedi fifley ehaedwﬁﬁﬁAZ] Nl nwerde éasal Fahdesy
transforners 122 and 124 receive the phase shifted frequency donain signals
from ptrfa{%ees Hhift insert 120 and performan inverse fast Fourier transform
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channel tinme varying signals are then provided to overlap add 126 and 128,

res pec‘thﬁlel?ft wAnheh raeihftortgnanvevginap aazdid%gé“raerm@n phgnhdéss lagnlaldetl@y

sccouyd O BRSTES00 R 5 onpadded b pous, L12:309 g Orer o

mhlchdnmdyﬂfﬁlter banks 102 and 104 and channel delay detector 106,
minus the delay created by zero-padded Hann windows 112 and 114

10 and fast Fourier transformers 116 and 118.

[0039] Zero-padded Hann windows 112 and 114 modify the time
varying audio signals for the 1left and right channel by an
amount so as to create a Hann-windowed modified signal. Zero-
padded Hann windows 112 and 114 can be wused to prevent

15 discontinuities from being created in the processed signals,
which can generate phase shift variations that cause audio
artifacts to be generated in the processed audio data. Other
types of Hann windows or other suitable processes to prevent
discontinuities can also or alternatively be used.

20 [{0040] Fast Fourier transformers 116 and 118 convert the time
domain left and right channel audio data into frequency domain
data. In one exemplary embodiment, fast Fourier transformers
116 and 118 receive a predetermined number of time samples of
the time domain signal, which are modified by zero-padded Hann

25 windows 112 and 114 to increase the number of samples, and
generate a corresponding number of frequency components of the
time domain signal.

[0041] Phase shift insert 120 receives the fast Fourier
transform data from fast Fourier transformers 116 and 118 and

30 inserts a phase shift in the signals based on the correction

factors received from channel delay detector 106, such as by



shifted tine signal as Lidc (t) and Ridc (t) . [0043] In operation, system
100 allows a signal that includes panning with no associ ated interaural
time di f fwoenome2tm3be conpensated so as to insert an i nPerase@/ovione

di fference. Thus, system 100 restores interaural time differences that
woul d normal Iy occur in audio signals and thus inproves the audio quality.
[0044] FIGURE 2 is a diagramof a system 200 for detecting differences in
peaks of left and right channel audio data for specific frequency bands in
accordance with an exenpl ary enbodi ment of the present invention. System
200 can be used to detect peaks between |left and right channel data for
separ at ef requency bands of the audio data and to generate a correction
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a Hubert envelope for a predetermne requenc t he si I'n one
exenpl arequerbodi hens, wHddbentt envel Hpest 2602 odn tWper as goonahednmalalgeri tdieber

of ti dormain sanpl es than are processed by fast Fourier transforners 116
and 1P DToLyt RHT 185, 96 0Rs Ao Th1ow Sydt ONF 260°PB gENeFaPELBE Gt i

fast orghd i ghyrandaho cvmich Addi thopak laN dhadi ffghénot hgewveenbe he
generated fromconverting the tine channel tinme domain data to the
frequenk§claommi d changedsr adebrrpinele by sediasned coplavt i dnt¢acoor 06,

[0046]&E§?ktﬁg£egkgr%8%¥%§H¥jé%gkﬁgfekgea%ggﬁégg fﬁ“%ﬂéggtby one-half
of the angular difference and the secondary channel is retarded
in phase by one-half of the angular difference.

10 [0042] Inverse fast Fourier transformers 122 and 124 reéeive
the phase shifted frequency domain signals from phase shift
insert 120 and perform an inverse fast Fourier transform on the
signals to generate a time varying signal. The left and right
channel time varying signals are then provided to overlap add

15 126 and 128, respectively, which performs an overlap add

' operation on the signal to account for processing by zero-padded
Hann windows 112 and 114. Overlap adds 126 and 128 output a
signal to shift and add registers 130 and 132, which output a
shifted time signal as L*% (t) and R*¥ (t).

20 [0043] In operation, system 100 allows a signal that includes
panning with no associated interaural time difference to be
compensated so as to insert an interaural time difference.
Thus, system 100 restores interaural time differences that would
normally occur in audio signals and thus improves the audio

25 quality.

[0044] FIGURE 2 is a diagram of a system 200 for detecting
differences in peaks of left and right channel audio data for
specific frequency bands in accordance with an exemplary
embodiment of the present invention. System 200 can be used to

30 detect peaks between left and right channel data for separate



channel Hubert envel opes, respectively, and determ ne a peak magnitude and
an associated tinme for the peak magnitude for each signal. The peak and

ti me dat awo=otonemopr ovi ded to nagnitude and tine differ enrtasdevmeicos 210
whi ch determ nes whether a tinme difference exists for the correspondi ng
peak magnitudes. |If nmagnitude and tine difference detector 210 determ nes
that there is no corresponding difference between the peak nagnitude tines,
then interaural time difference correction 214 can be used to determne a
correction factor angle TCOR to be inserted in frequency domain audi o data
by conparing the magnitude val ues of the left and right channel peak

magni tudes. I n one exenplary enbodi nent, the correction factor angle TCOR
can befxrquaminedabgsdetferphai agdibe datgl eanad an? (deferatmnaelcoraguittivde,

ri ght ghannel . magni t,ud m nus 45 _degrees. Likew se, other suitable

pr oceséaecs %%nf%rég%asce% ]ie%e %?Ig(? 'ﬁ%nghe correction factor angle. A suitable
threshppaguspn al s@sthem a0 ed.ncSueizAS HEQbpKAVI davEdbgeser ab2orad 204,
correction factor angles when there is a small tine difference between the
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100, so as to allow system 200 to generate correction factors

10 rapidly and to avoid additional delay that might otherwise be

generated from converting the time channel time domain data to

the frequency domain for generation of the associated correction
factors.

[0046] Peak detectors 206 and 208 receive the left and right

15 channel Hilbert envelopes, respectively, and determine a peak

magnitude and an associated time for the peak magnitude for each

signal. The peak and time data is then provided to magnitude

and time difference detector 210 which determines whether a time

difference exists for the corresponding peak magnitudes. If

20 magnitude and time difference detector 210 determines that there

is no corresponding difference between the peak magnitude times,

then interaural time difference correction 214 can be used to

determine a correction factor angle T“® to be inserted in

frequency domain audio data by comparing the magnitude values of

25 the left and right channel peak magnitudes. In one exemplary

embodiment, the correction factor angle T®*

can be determined by
determining the angle atan2(left channel magnitude, right
channel magnitude) minus 45 degrees. Likewise, other suitable
processes can be used to determine the correction factor angle.

30 A suitable threshold can also be applied, such as to provide for

10



t he | eadi ng channel and subtracting 0.5* LCOR fromthe |aggi ng channel, or
in other suitable manners. A threshold can also be used for interaural
| evel di fwenremae74mdrrecti on 212, such as to identify a trhrash@ododcrsre
di fference above which | evel correction will be applied, and a threshold
| evel difference bel ow which | evel correction will not be applied. [0048]
I n operation, system 200 can be used to generate tine and | evel difference
correction factors for left and right signals, such as to generate
interaural time difference correction factors for signals that have left or
ri ght panning but no associated tinme differences, and to generate |evel
corrections for sb%nals where interaural tinme differences exist but no

n
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accordance with an exenplary enbodi nent of the present invention. System
300 i NAQQAEs i ntlertarairal meeuad KHévdle reinfcle menue aidrarec2 1 dncani bs 3G2d

t hrou 306, iC ch generate an interaural time and/ ar level ,dif.ference
corre%ﬁ%ﬁ?f%%?ofﬂf F%f%%%fé?%ﬂ?eprégﬁ%neﬁagimfoﬁng%ﬁquéﬁwﬁ%?yrld%t
enpodidieiiine I heidgequency ikandsGast e Bact idrs of tadbankgnBRBd atker
sui tabl e psychoacousti cfrequency bands, such that system 300 can be used to

gener R SRyl 8IeBEr ect TOn et px¢mplane papeRdaestst i Ehe r egeaicydssnd
based uppn,subeenpanent s, of; that Lrequgncys hand. 1480 ral. i ng
units 308 throﬁgh 312 ar% 5§e§ to pe??§r§¥%enporgl s%%%t%?zgghn&fﬁgngthuts
from iaitaarmarir ahaviimg the leading audio peak a higher wvalue and the
channel with the trailing audio peak a lower value, such as by
10 subtracting L°°® from the lagging channel, by adding 0.5* L% to

the leading channel and subtracting 0.5* LR

from the lagging
channel, or in other suitable manners. A threshold can also be
used for interaural level difference correction 212, such as to
identify a threshold time difference above which 1level
15 correction will be applied, and a threshold 1level difference
below which level correction will not be applied.
[0048] In operation, system 200 can be used to generate time
and level difference correction factors for left and right
signals, such as to generate interaural time difference
20 correction factors for signals that have left or right panning
but no associated time differences, and to generate level
corrections for signals where interaural time differences exist
but no associated panning magnitudes are present.
[0049] FIGURE 3 is a diagram of a system 300 for smoothing
25 interaural time and 1level differences in accordance with an
exemplary embodiment of the present invention. System 300
includes interaural time and level difference correction units
302 through 306, which each generate an interaural time and/or
level difference correction factor for a different frequency
30 band. In one exemplary embodiment, the frequency bands can be

fractions of a bark, ERB, or other suitable psychoacoustic
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or level difference correction systens 302 through 306, respectively. In
one exenpl ary enbodi nent, tenporal snoothing units 308 through 312 can
recei ve aweegquanecs3of out puts frominteraural tine and IPpevaiS2awiodsrence
correction units 302 through 306, and can store the sequence for a
predet er mi ned nunber of sanples, such as to allow variations between
successi ve sanples to be averaged, or snoothed in other manners. [0051]
Frequency band snmoothing unit 314 receives each of the interaural tine or

| evel difference correction factors frominteraural tine or |evel

di fference correction units 302 through 306, and perfornms snoothing on the
interaural tine or |level difference correction factors. In one exenplary

enbodifhEtueHerRarADar RU6R ERBY refieaiey3daneanRadehadrdi W deanpasoe a
o oS TdIRAEOE Y BREnS TRALIN D 9 Bk (O BUOERSLLIG LY S lgsaenThand
late requ and, e a

correction factors tor the assoc ncy can ermhe
wei ghtbeds ealy erparge , s aronsen d retnp os Al tyasnboédeenéacband, or can perform ot her

suita ot hi rocesses. Frequency band snpot hing 314 generates a
singlgqﬁéieecodgﬁégﬁﬁFfﬁ@PBFEFBB(ﬁRﬂF?réaﬁeﬁanﬁﬂﬂL3Eéo§ﬂeIﬁsed to
0psT atded¥o 15y St &b SB1 PRI rfTO8h hith@ B Ep bt 88 £ e USNCYauth B £3Rd
frequency, or other suitable bases for interaural tinme or |evel difference

corr e onl¢wet or sitfifrence generacetiby armistamy | 802 archrowdh chRasnel

o0 AMASAGAEC! ARG TSN I R RS S S LY REckhTR
units 308 through 312 can receive a sequence of outputs from
interaural time and level difference correction units 302

10 through 306, and can store the sequence for a predetermined
number of samples, such as to allow variations between
successive samples to be averaged, or smoothed in other manners.
[0051] Frequency band smoothing unit 314 receives each of the
interaural time or level difference correction factors from

15 interaural time or level difference correction units 302 through
306, and performs smoothing on the interaural time or level
difference correction factors. In one exemplary embodiment,
where a bark or ERB frequency band has been divided into thirds,
frequency band smoothing 314 can average the three frequency

20 correction factors for the associated frequency band, can
determine a weighted average, can use temporally smoothed
factors, or can perform other suitable smoothing processes.
Frequency band smoothing 314 generates a single phase correction
factor for each frequency band.

25 [0052] In operation, system 300 performs smoothing on a time,
frequency, time and frequency, or other suitable bases for
interaural time or level difference correction factors that are
generated by analyzing left and right channel audio data to
detect panning settings without associated level or time

30 differences. System 300 thus helps to avoid the creation of

audio artifacts by ensuring that changes between the interaural
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audio artifacts by ensuring that changes between the interauraltinme or

| evel difference correction factors do not change rapidly. [0053] FIGURE 4
i s a di agvarmnofo2atoaet hod 400 for processing audi o data POTIUSReOAMHES an
interaural time or level difference in accordance with an exenplary

enbodi nent of the present invention. Method 400 begins at 402 where |eft
and right magni tude envel opes are determ ned. In one exenplary enbodi nent,
a Hubert envel ope detector or other suitable systenms can be used to

determ ne a nmagnitude of a peak for a frequency band, the tine associated
wi th the peak, and other suitable data. The nethod then proceeds to 404.
[0054] At 404, the peaks in the magnitude envel opes are detected, in

addi t i0"® 0 Athe &%k AdrbfeTrersef ofOrheCheaks. fpRAtONE efenpin@ty change
enbodi {41, sinple peak detector such as a magnitude detector can be used
that det'ects the associated tine interval where the peak occurs. The nethod
procee83] 406 FI@IS] 4At sA0H, dibgramdetferan medhokdet4(E) fbher ericgesstiime

di fference between the é)eaks for the |left and ri,’g\ht channel ~data._ I n one

d
exenpl 3 BnB3LE et , LB ETPNRCR PPer BN THP T nEfliGe O ASEBE S\l

sugh tihat acddrmghd fayence s dekenpined nehpbaifxhst ©off thed i mhaiween
peaks is less than a predeterm ned anount. If it is determned that a tine
di f f erigrantdicus. exi dethogeh 40Rat begiasaustl 497e wetey rkstor atricbn dighiot

reaul ity {N18id®! LAY ApeRedS 10 408eehEnkh. ! S detplm ngd Whelheld level
embodiment, a Hilbert envelope detector or other suitable
systems can be used to determine a magnitude of a peak for a
10 frequency band, the time associated with the peak, and other
suitable data. The method then proceeds to 404.
[0054] At 404, the peaks 1in the magnitude envelopes are
detected, in addition to the associated times for the peaks. In
one exemplary embodiment, a simple peak detector such as a
15 magnitude detector can be used that detects the associated time
interval where the peak occurs. The method proceeds to 406.
[0055] At 406, it 1is determined whether there 1is a time
difference between the peaks for the 1left and right channel
data. In one exemplary embodiment, a time difference can
20 include an associated buffer, such that a time difference 1is
determined not to exist if the time between peaks is less than a
predetermined amount. If it is determined that a time
difference does exist, such that interaural time delay
restoration is not required, the method proceeds to 408 where it
25 is determined whether a 1level difference exists between the
magnitudes of the two signals. If it is determined that a level
difference exists, the method proceeds to 410. Otherwise, the
method proceeds to 412 where the level between the 1left and
right <channel audioc data is corrected. In one exemplary
30 embodiment, a leading channel magnitude can be left unchanged

whereas a lagging channel magnitude can be decreased by a factor
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magni tudes of the two signals. If it is determned that a |level difference
exi sts, the nethod proceeds to 410. O herw se, the nethod proceeds to 412
wher e t hewbavalo2besween the | eft and right channel audi eCtatS2000904503 r ect ed.
In one exenpl ary enbodi nent, a | eadi ng channel magnitude can be left
unchanged whereas a | aggi ng channel nagnitude can be decreased by a
factorrelated to the difference between the | eading and | aggi ng channel s,
or other suitable processes can be used. [0056] If it is determ ned that no
time difference exists between the left and right channel magnitude peaks,
t he met hod proceeds to 414 where the level difference is converted to a
phase correction anq%g. I n one exenpl ary enbodi nent, the phase correction
d

angl e TP R det@r nk Y} bhenenne (| eetvBRRNNERCM4RRERAS, ANght lelemrima
it i 4 , t LLab i.anshi b d.
magni dqﬂé‘usor %8 eﬁla%lghé%cé%‘s&@ lcsnrglle?ys%% | ps can be use

The net ho e€n proceeds to re the phase erence is allocated to
| eft aifPF6lght chfann¢l sisl Mererrekeap| darhatembodi teme, dihef ot drocat iecri saan be

perfornmed by equal L.y splittin he phase difference, so as to _advance and
retanP%qﬁﬁg%h ﬂﬁeﬁ?ﬁ%/?% g ﬁ%taéhﬁﬁge{iQ@ﬁP%EPaﬁﬂQﬁﬁ dFPEem&TE&d can
besusgsh-adsss subt abl £ Qhe@lhefnsuittahlie i egessgsCals be usedt cHer gethod
then proceeds to 418. [0057] At 418, the difference between left and right

chann@lhfifaseoebeeeten oangAgl-es I3 sneotekedp liar Yoremexdhpeat y ehbodibes
the diddsenog, sande s molhed, oveletL ik n8IPOEDBH D328 65 RSl
correction angles O adj acent channel's, Or I'n
magnitude, right channel magnitude) minus 45 degrees, or other
suitable relationships can be used. The method then proceeds to
10 416 where the phase difference is allocated to left and right
channels. In one exemplary embodiment, the allocation can be
performed by equally splitting the phase difference, so as to

advance and retard the; channels by the same amount. Likewise,

weighted differences can be wused where suitable or other

15 suitable processes can be used. The method then proceeds to
418.
[0057] At 418, the difference between left and right channel
phase correction angles 1is smoothed. In one exemplary

embodiment, the difference can be smoothed over time, smoothed
20 based on the phase correction angles of adjacent channels, or in

other suitable manners. The method then proceeds to 420.

[0058] At 420, the difference correction factor is applied to

an audio signal. In one exemplary embodiment, a phase

difference corresponding to a time difference can be added in a
25 frequency domain, such as using well-known methods for adding or

subtracting time differences in a time signal in the frequency

domain by adding or subtracting an associated phase shift in the

frequency domain. Likewise, other suitable processes can be
used.
30 [0059] In operation, method 400 allows an interaural phase or

magnitude correction factor to be determined and applied to a
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ot her suitable manners. The nmethod then proceeds to 420. [0058] At 420, the
difference correction factor is applied to an audio signal. In one
exenpl ar ywertbodizn®at , a phase difference correspondi ng troTastémpowis f er ence
can be added in a frequency domain, such as using well-known nethods for
adding or subtracting tinme differences in a tine signal in the frequency
domai n by addi ng or subtracting an associ ated phase shift in the frequency
dormai n. Li kewi se, other suitable processes can be used. [0059] In
operation, method 400 allows an interaural phase or magnitude correction
factor to be determ ned and applied to aplurality of channels of audio
data. Although two exenplary channel s have been shown, additional channels

of audiloriftia e arfal dvamee bp o&dssaddiherdatsui t abPetheugh dwva oezgapdrry
O g . . . e
In eraéﬁaq{néafgasg%‘?él gadni Wde coreeti Oﬁnifl%ﬂ%ngh?égggﬂufgdg%g? gﬁ%@_a [%6160]

sound system a sound "syst €m or~ ot her” sl
FI GURE1>ad sba drageasedf wheyst emib@Bleor sudrerasr ab tddwe ael ayteesueatli on

in accqrdance with an exenpl ary enbodi nent of thed£%$sent i nvention. S%sten1
as

500 alf i AferBF A FEffe RABF P he LoGHPEnsEPe P i1 Or Fani k'ng® o

tosgengiiiE RAHAG cent rol] owlpidg tR3tst e decubahely efikeshs theund
interaural tine delays associated with sound sources generated at
associstsenghysi cal | ocations. [0061] System 500 includes |eft channel

Lar! At &Y Foude 98" 1ANGE2YRLRAR L LY 2R Y PAPN 952N
time delay correction in accordance with an exemplary embodiment
of the present invention. System 500 allows interaural time

10 delay to be compensated prior to mixing, so as to generate
panning control output that more accurately reflects the
interaural time delays associated with sound sources generated
at associated physical locations. i
[0061] System 500 includes left channel variable delay 502,

15 right channel variable delay 504 and panning control 506, each
of which can be implemented in hardware, software or a suitable
combination of hardware and software, and which can be one or
software systems operating on a digital signal processing
platform. Panning control 506 allows a user to select a panning

20 setting to allocate a time varying audio data input to a left
channel signal and a right channel signal. In one exemplary
embodiment, panning control 506 can include associated time
delay wvalues for each of a plurality of associated position
settings between a virtual left location and a virtual right

25 location. In this exemplary embodiment, panning control 506 can
disable the variable delay control where a full left, center or
full right position has been selected, as no delay is required
for such settings. For settings between the full left, center
or full right position of panning control 506, a delay value can

30 be generated that corresponds to an interaural time delay that

15



of which can be inplenmented in hardware, software or a suitable conbination
of hardware and software, and which can be one or software systens

oper at i ngvoreom/drgBt al si gnal processing platform PanniPog/useemwnede7506
allows a user to select a panning setting to allocate a tine varying audio
data input to a left channel signal and a right channel signal. In one
exenpl ary enbodi nent, panning control 506 can include associated tinme del ay
val ues for each of a plurality of associated position settings between a
virtual left location and a virtual right location. In this exenplary
enbodi ment, panning control 506 can disable the variable delay control
where a full left, center or full right position has been selected, as no
del ay ¥euldqker aerfesratasgthiget B ngeundtososecei dgsaistdeen ehe Faddciafdd
centerlg%a%ﬁ$A right position of panning control 506, a delay value can be
generate at corresponds to an interaural tine delay thatwould be

gener a{@dl62pr a Banmingoubaerbac®HE din afl 5506t atad kocaldtdre [RG2ng
Panning control 506 can also include an active panning feature that allows
a user EBLUEF et HEOPANM nYSeEucte asehREte ARl VR ePaHIds SHCPardf ng

frem | ghdrd ot Rl ORkePr 1hik8RkHSt & r eplténnilrﬂ; tﬁff? eXgAp| ggyrggﬂqdio@fyiaﬁ%g%&e

del ay can be provided for a full left or right panni'ng contr

settinbefso as tro dlliow tdrenyskary o gebodiecraudi @ i npite widdibay oraat it of
Uk 0 B1LY 8643 e BT B9 COIL T 0 00 951 8 e o Ui dul
zero dedayih®r btbeabuldo |&ftowrthe user to pan the audio input without
creation of audio artifacts when the panning control 506 setting
10 is moved from the full left or full right settings, as otherwise
the time delay would jump from a zero delay for the full left or
full right setting to the maximum delay values for panning
control 506 settings that are adjacent to the full left or full
right setting. |
15 [0063] Left channel variable delay 502 and right channel
variable delay 504 can be implementéd using the interaural time
delay correction factor insertion unit of system 100 or in other
suitable manners.
[0064] In operation, system 500 allows interaural time delays
20 to be added when an audio channel is panned between two output
channels, such as a left channel and a right channel or other
suitable channels. System 500 can disable the time delay for
settings where a time delay is not required.
[0065] FIGURE 6 1is a flow <chart of a method 600 for
25 controlling an interaural time delay associated with a panning
control setting in accordance with an exemplary embodiment of
the present invention. Method 600 begins at 602, where time
domain audio channel data is received, such as for a user-
selected channel. The method then proceeds to 604 where a

30 panning control setting is detected. The panning control can be
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full right setting to the maxi num del ay val ues for panning control 506
settings that are adjacent to the full left or full right setting. [0063]
Left chamwel2owezmirabl e del ay 502 and right channel vari alpce/usedoaposs03t can be
i npl emented using the interaural tinme delay correction factor insertion
unit of system 100 or in other suitable manners. [0064] In operation,
system 500 allows interaural tine delays to be added when an audi o channel
i s panned between two out put channels, such as a |left channel and a right
channel or other suitable channels. System 500 can di sable the tine del ay
for settings where a tinme delay is not required. [0065] FIGURE 6 is a flow
chart of a nethod 600 for controlling an interaural tinme delay associ ated
with @ ppabhengicoatesl szt viimgual apeonilagceasittdplan exenptlaey enbiadibrent

of the_ pr.esent invention. Mthod 600 beqins a 02, where tinme donmain audio
chanmﬁéﬁﬁﬁéiﬁs ?%E%fv% od ) %e%spf8?e%gﬁs€?sépgc;ed channel . The net hod
then proossyds t atb0bodier e pannided GiiHd Seiddmd | & defeetieds Hlay

panning control can bea potentioneter, a virtual panning control, or other
sui t alfiSd gt r bF s LN Ifst-hod Inhemor oxerpbsary 6Owodionsss], AFhgo®anntinigs

deke PO MIELTer & paag gl et LGS oL RN oA PRE B
cont r glospdsiidnsnssushichsas adll | 1&etf, £hall miigght,, o center posiitbiem. I n
anOth%ﬂleéSHBhﬁLy %S&%%dgﬁﬁ’ éﬂgogﬁﬁgﬁgg dg%gy gggnggg delay can be
generated for the full left or full right positions, such as
where a user has selected a panning control setting to allow the
10 user to actively pan between a full left and a full right
position, such as to avoid a discontinuity in the generation of
. time delays when the panning control moves off from the full
i right or full 1left position. If it 1is determined that no
panning delay is required, the method proceeds to 612, otherwise
15 the method proceeds to 608.
[0067] At 608, an amount of delay is calculated based on the
panning control setting. In one exemplary embodiment, a maximum
time delay can be generated when the panning control is in the
full left or full right position, such as where active panning
20 has been selected. Likewise, where a stationary panning setting
has been selected, no time delay is needed for a full left or
full right setting (as no associated signal is generated for the
opposite channel). For panning control settings between the
full right and full 1left position settings, a time delay
25 corresponding to the time delay at an intermediate position is
calculated, where the time delay decreases as the panning
control position approaches a center position. The method then
proceeds to 610.
[0068] At 610, the calculated delay is applied to one or more

30 wvariable delays. In one exemplary embodiment, the delay can be

added to one of the left or right channels, or other suitable
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generated for the full left or full right positions, such as where a user
has sel ected a panning control setting to allow the user to actively pan
bet ween awbublio/d2efos and a full right position, such as POTABRI0E/ 004673
discontinuity in the generation of tinme delays when the panning control
nmoves off fromthe full ! right or full left position. If it is determ ned
that no panning delay is required, the nethod proceeds to 612, otherw se

t he net hod proceeds to 608. [0067] At 608, an ampunt of delay is cal cul ated
based on the panning control setting. In one exenplary enbodi nent, a

maxi mum ti me delay can be generated when the panning control is in the ful
| eft or full %ht position, such as where active panning has been

sel ect@RLay I%é dagswherR Restasednar yIeraﬁnpﬁ@eeet@Wrgpheg%@eﬂp@elmted

no ti nﬁuéjeloaéﬁahél nagdedf or 48 hulhtggim fuhl r ;?Eéiingt(rﬁes %Oe,;

associ at ed si 'S generate for osite c anne For™ panni
controd:o:seecttrrgs bfetateen tihesdadion | ghtltandffulsysltefnt posi toon Het tdm a

time del corresponding to the delay at an internediate position is
calcul%ﬁig%b%ﬁmﬂ ?%Estln%hﬂeW§§h85EFQS§e§r8§e?H§ 5&n%lfg control position

appr oa ) Caﬁccemer gpsi tion. ihe Jithed dhen JHagreds gdalﬁél%niloo%dﬂ

610, t ul at ed delay is applied to one or nore variable delays. In one
exenpl%h@n@mboﬁﬁh@nrequheedmngpqaﬁsHngéuﬁkﬁht@sohE oetelreingftg omhetihght

chanfiel g oL %ha 241 LEHbods! 9, SSLLLABS, can, beuised b anather, exerpl ary
suitable manners. If additional data processing is required,
the method returns to 602, otherwise the method proceeds to 614

10 and terminates.
[0070] In operation, method 600 allows an interaural time
delay to be generated based on a panning control setting.
Method 600 allows sound location by the  use of a panning control
to be simulated in a manner that more closely approximates the

15 location of an actual sound source than simple panning between a
left and right channel without time correction.
[0071] Although exemplary embodiments of a system and method
of the present invention have been described in detail herein,
those skilled in the art will also recognize that various

20 substitutions and modifications can be made to the systems and
methods without departing from the scope and spirit of the

appended claims.
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correction factor insertion unit of system 100 or in other suitable
manners. The nethod then proceeds to 612. [0069] At 612, it is determ ned
whet her awldi2zbicemadozaudi o channel data requires processi RGT/USa@o/00&7by
determ ni ng whet her additional data sanples are present in a data buffer or
in other suitable manners. If additional data processing is required, the
nmet hod returns to 602, otherw se the nethod proceeds to 614 and term nates.
[0070] In operation, method 600 allows an interaural tine delay to be
generated based on a panning control setting. Method 600 all ows sound

| ocation by the u se of a panning control to be sinmulated in a manner that
nore cl osely approximates the | ocation of an actual sound source than

si npl e panrWigt bes webadimedeis:and right channel without tine correction.

[ 0071] Al thpugh enpl ary, enbodi nent f..a_system and net hod .of. t he present
i nventi on EgVe H@éﬁ%%%§E¥FBEdggﬁ g?%F%Sﬁgge¥HglPh ?gasﬁqqaﬁfﬁ%PQhe art
will also r&coghhzerthablvariious sdbstist utdoanecndnmodiiiéeati ongigean he-
made to the systens and net hods w thout. departing fromthe scope and spirit

of ther ApPENtY & AMHEAMERY i 8TcIdIFEiS: ©4 audroapilat a8df gleniiesyd ng
audi o gat o, COMPEE$] NPim Nab BLET AUEALCLLER %sb@srgogmct' on factor unit for

receiving a plurality of ¢ el's of audio data and generating an

interaural amnéndekawr@d{retmépmkﬂaQKOCQraﬁdtbnnintﬂﬁanraﬁnsmeidelaqnit
Correc%é?”r&ﬁ%%é?&rsz%%%'OBlﬂgéﬁity of channels of audio data as a

function of the interaural time delay correction factor.

10 2. The apparatus of claim 1 wherein the interaural time
delay correction factor unit comprises a low delay filter bank
for receiving a channel of audio data and generating a magnitude
envelope as a function of time for a predetermined frequency
band.

15

3. The apparatus of claim 1 wherein the interaural time
delay correction factor unit comprises a peak detector for
receiving a channel of audio data and generating a peak
magnitude value and associated time for a predetermined

20 frequency band.

4. The apparatus of claim 1 wherein the interaural time
delay correction factor unit comprises a time difference
detector for receiving a peak magnitude value and associated

25 time for each of a plurality of channels for a predetermined
frequency band and generating interaural difference correction

data.
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for nmodifying the plurality of channels of audio data as a function of the
interaural tine delay correction factor. 2 . The apparatus of claim1l

wher ei n twe 2ormieraaral tinme delay correction factor uni PCTaspivses’a | ow
delay filter bank for receiving a channel of audio data and generating a
magni tude envel ope as a function of tinme for a predeterm ned frequency
band. 3 . The apparatus of claim 1l wherein the interaural tinme delay
correction factor unit conprises a peak detector for receiving a channel of
audi o data and generating a peak magnitude val ue and associated tine for a
predeterm ned frequency band. 4 . The apparatus of claim 1l wherein the
interaural tine delay correction factor unit conprises a tinme difference
detector fo?-recBi¥i agrarpéals mefniclade val veesadnasdweri anedraipelf drireach
of a it el s_for _a predeterm ned frequenc and an .
genor MTAY | n¥ePLefhROn® Farthel Mt T NP EER S CoHE T BB aP R s toime

cl ai mdi ffeerence t hedmiertaiwml  inte deffay coreesivongf aciies unintt GeRIYEISES
an interaural time difference correction unit for receiving the interaural
di ffer TR TR CtFUT Rt AN Ffeherdtd nFg 53t tDr recthiigie f &g dtdon he

ingeraﬂgéﬂoﬁiﬁ@rd€B@YiﬁQEEgﬁEﬁqmﬂﬁﬁgcﬁei$§eé5£9@c9955 ff@torTqﬁé@y¥¥3HLm

of claim1 wherein the interaural tinme delay correction factor 1nsertion

unit cunpri ses a delay unit

6. The apparatus of claim 1 wherein the interaural time
delay correction factor insertion unit comprises a delay unit
10 for delaying a channel of audio data by an amount related to a

delay of the interaural time delay correction factor unit.

7. The apparatus of claim 1 wherein the: interaural time
delay correction factor insertion unit comprises a Hann window
15 unit for receiving a channel of audio data and applying a Hann

window to the channel of audio data.

8. The apparatus of claim 1 wherein the interaural time
delay correction factor insertion unit comprises a phase shift
20 insert wunit for inserting a phase shift in a plurality of

frequency domain audio channel signals.
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for delaying a channel of audio data by an amount related to a delay of the
interaural tine delay correction factor unit. 7 . The apparatus of claiml
wherei n twe 20mveerearal tinme delay correction factor insecriusno0god4673
conprises a Hann wi ndow unit for receiving a channel of audio data and
applying a Hann wi ndow to the channel of audio data. 8 . The apparatus of
claim1 wherein the interaural tinme delay correction factor insertion unit
conprises a phase shift insert unit for inserting a phase shift in a
plurality of frequency domain audi o channel signals.9 . A nethod for
processi ng audi o data conprising: determ ning a peak nmagni tude for each of
a plurality of channels of audio data; detecting a delay associated with
the peak megnit fdérethafl fosarroagsainel aydbet deba ERBPEA SHDYE of the

channel s of i : if det ect. el IS s tha hol d. _10.
The net hod do %g%rﬂmq@amﬁer%%]%kdg{aeq%rﬁecﬂ}%g ?ﬁg rr%%%?tt? e gn eff]'tc]ﬁ[oae oY ggch
of thehdnmadld tof afuddhmndeets; of audi o data conprises determning a

magni t ude epvel ope for redet erm ned frequency band for each of the
plurality t&ﬁﬁﬁ@é eﬁ@di#ﬁ%@h&?&ﬂ#ﬁ% FRE hBAaT MEPRI UG Rt e PSich

deg er mi ni ng e BN L ude 18RV ehbapgebar {ach,pf PLET alid YeRhp fhponeles of
audi o data conprises processing a predeterm ned frequency band ?or each of
t he playdild datef ichdheldetvictedi debayaiwi tesa thberta &hwelsbpddunit.

10. The method of «claim 9 wherein determining the

magnitude envelope for each of the plurality of channels of

10 audio data comprises determining a magnitude envelope for a

predetermined frequency band for each of the plurality of
channels of audio data.

11. The method of <claim 9 wherein determining the

15 magnitude enyelope for each of the plurality of channels of

audio data comprises processing a predetermined frequency band

for each of the plurality of channels of audio data with a

Hilbert envelope unit.

20 12. The method of <claim 9 wherein detecting the delay
associated with the peak of each magnitude envelope comprises
comparing a time associated with a peak magnitude of one channel
with a time associated with a peak magnitude of a second
channel.

25

13. The method of claim 9 further comprising generating

the inserted delay based on the peak magnitudes.
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12. The method of claim9 wherein detecting the delay associated with the
peak of each nmagnitude envel ope conprises conparing a tinme associated with
a peak nmawyoi2oude7®8 one channel with a tine associ at ed wCrhiSaoomede73

magni tude of a second channel . 13. The nethod of claim9 further
conprising generating the inserted delay based on the peak magnitudes. 14.
The nmethod of claim9 further conprising generating the inserted del ay
based on the peak nagnitudes conprises generating the inserted delay by
determ ning atan2 (peakl, peak2) mnus 45 degrees, where atan2 is a
two-vari abl e arctangent function yielding an output in degrees, peakl is a
val ue of a first peak magnitude, and peak2 is a value of a second peak
magni t ude .145. Thre methed oPfclaladm fheferphénsaranimg 3 Hed dgiene dedtivegen

two or r chﬁgﬂgks di Q_da if _the d . | ay. is l.ess
t han Jﬁgptﬁfg%ﬁgﬁgjconprl esgé%%ﬁveg?in%ﬁ?hep%ﬁgnng%gggggg%%io¥ﬁh 4 from a
ti me donmmating thequeseyr dohadalagomyerde ingriihei nqsarhed (Gelady toeskophase
shi ft val ue; dding¥g first fraction of the phase shift value to a first

channéttBt® add o &% t RESTqdRdy ddvai B; AHE¥aBtekds ng & :
freactimmaiidheypbagenghidd ¥atpatt AR §85P0ds charngly of s audip, dat agkn £ he

frequency domain. 16. An apparatus for processing audio data conprising:
means ffigrstr epen¥i mpenjptudeal i tandf peh¥dnels ef watlie duf aaansegendr atdaly an

|ntequ£§Hiéd&g; del ay correction factor; and

15. The method of claim 9 wherein inserting the delay
10 between two or more of the channels of audio data if the
detected delay is less than the threshold comprises:
converting the channels of audio data from a time domain to
a frequency domain;
converting the inserted delay to a phase shift value;
15 adding a first fraction of the phase shift value to a first
channel of audio data in the frequency domain; and |
subtracting a second fraction of the phase shift value to a

second channel of audio data in the frequency domain.
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an interaural time delay correction factor insertion unit for nodifying the
plurality of channels of audio data as a function of the interaural tine
del ay corweabioom74oact or. 17. The apparatus of claim 16 ROEMUS20VI0MST3
interaural time delay correction factor insertion unit conprises neans for
nodi fying the plurality of channels of audio data as the function of the
interaural tine delay correction factor. 18. The apparatus of claim 16
wherein the interaural tinme delay correction factor insertion unit
conprises neans for delaying a channel of audio data by an anpbunt rel ated
to a delay of the interaural tine delay correction factor unit. 19. The
apparatus of claim1l wherein the interaural time delay correction factor
insertion Bt cHArpragesraeansfdéorprecessing audhandelkaoktoapdiicidat:a and

appl ying a Hann window to the channel of ,audio_data. 20Q. The apparatus of
ol i M 1 WheASHTE { FAT| HESRATERT 15 mP JeRdy Wor PEcENBANFASt R | AGBLPT 61 b t

conpr iSR$ ?"@msaﬁiq{ I g€l h ¢ 8fa@rRagems ikl alNc8rRbBERbnt ¥ a0k Jr;equRNCy
dormai n audi o channel signals.

an interaural time delay correction factor insertion unit

5 for modifying the plurality of channels of audio data as a

function of the interaural time delay correction factor.

17. The apparatus of claim 16 wherein the interaural time
delay correction factor insertion unit comprises means for
10 modifying the plurality of channels of audio data as the

function of the interaural time delay correction factor.

18. The apparatus of claim 16 wherein the interaural time
delay correction factor insertion unit comprises means for
15 delaying a channel of audio data by an amount related to a delay

of the interaural time delay correction factor unit.

19. The apparatus of claim 1 wherein the interaural time
delay correction factor insertion unit comprises means for
20 receiving a channel of audio data and applying a Hann window to

the channel of audio data.

20. The apparatus of claim 1 wherein the interaural time
delay correction factor insertion unit comprises means for
25 inserting a phase shift in a plurality of frequency domain audio

channel signals.
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