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[o001] The present invention relates to systems and
methods for processing signals, and more specifically to a
system and method for time-domain decorfelation for sound
field widening, elimination of audio artifacts and other

suitable purposes.



in the art. Decorrelation in particular has been achieved in a

variety of ways, both by all pass filter and by filters containing

both frequency and phase shaping. In the past, all pass filters have
been used to decorrelate signals to sone extent, however with
unconpensat ed inter-channel delay and without an ability c.je the
amount of decorrelation in a sinple fashion. SUWMMARY COF THE

| NVENTI ON [ 0003] A system and nethod are provided that create a vs

phase shift as a function of frequency for different channels c audio
data to elimnate phase correl ati ons between channels of audi o data,
(0004) I'n particular, a system figg; that can he

used to w den the ercelved soun flelg(aL %P?n?ﬁggg audio artifacts

and per f dORP81 her %Iﬁﬁ%Mﬂeﬁﬂ@nuetbQQSbfoa|pmqwﬂﬁsnggundssuﬂeﬂ are known
time-do n r ati gy hann i af a 00051
accordaggg ﬁﬁ%h S% exengfgﬁéwgﬁg ﬁ el §L§F9%%fg?n€%ntl%%n 2§%Y%9nln a
for decoveshatingosi gretts i sbqtr’mvbdedalIhepag/st eMiteod udes ablyi rsilters

i gnal - Ronsesnied) PoBR BrebhEdhy “RhBY ryRY  dnsRiRter ay it PaTy 1L
connect egate tfnelﬁarrsst halkk pasesnfldsteelr and daamrre:ce&ata thﬂngaI:st to some

signal a roc n by the first all I ter rd all

pass fll%%ﬁgnEéV|ﬁ§aéV%ﬂlrdltelaﬁnT%ﬁRﬁq§ 6 océ§§§§ §h§888hd g?gﬁél and
A fourthwathopassnfwkndntyhaumnghanéauthé debayit| efgtdscdiscIeMiIect edh a
to the th g gl% pass, filter and processes the second signal after
proceSS|nc % he'third all pass filter. The first delay |length, the
second del ay Iength the third delay length and the fourth del ay

| ength each have a unique value, and the sumof the first del ay

I ength and the second delay length is equal t.o the sumof the third
delay length and the fourth delay |ength. 6] Those skilled in the
art will further appreciate the advantages and superior features of

the invention together with other inportant aspects thereof on

reading the detail ed description that follows in conjunction wth.

t he drawi ngs. BRI EF DESCRI PTI ON OF THE DRAW NGS



FIGURE | is a diagramof a systemfor sound field anl ng and phase
decorrelation in accordance with an exe piary enbodi nent of the
present invention; [0008]FIGURE 2 is a. diagramof a system for

mul ti -channel phase decorreiation in accordance with an exemni ary
enbodi ment of the present invention; [0009] FIGURE 3 is a diagram of a
system for perform ng sound field w dening and phase decorrelation in
accordance with an exenpl ary enbodi nent of the present invention.;
[0010] FIGURE 4 is a diagramof a nethod for processing plurality of
channel s of audio data to decorrel ate phase in accordance with an
exenpl ary embodi ment of the gresent j-nvept 'IQ?EN'[‘?&\}“ FIGURE 5 is a

di agram of a system for perform ng phase nodfication of an audio
channel i(A0@2Lor dehceystidnh aani encgimpldary eeplvodiidedt tbét t heepresenvarying
i nventiop; 012]FEIGJRE 6.1is a dia of a system.f erformn
phase degg?%%l %?%gtn an s%‘ﬁ?l%t]f?nelo%r \?ﬁrgt?é;nuierrfé:yi %05086?%3232\{ WIC{;H?Img%lS ok
exenpl ar yuéimbodinenttcofe ltiheimatentpiaor @it 410013kl BdRwebn Scldannels of
di agram g}‘ld%osgaséaem for sound field

(0004} In particular, a system and method are provided that
can be used to widen the perceived sound field, eliminate audio
artifacts and perform other suitable functions by eliminating

undesired time-domain correlations between channels of audio

data.
[0005] In accordance with an exemplary embodiment of the
invention, a system for decorrelating signals is provided. The

system includes a first all pass filter, having a first delay
length, processing a first signal. A second all pass filter,
having a second delay length, is connected to the first all pass
filter and processes the first signal after processing by the
first all pass filter. A third all pass filter, having a third
delay length, processes a second signal. A fourth all pass
filter, having a fourth delay length, is connected to the third
all pass filter and processes the second signal after processing
by the third all pass filter. The first delay 1length, the
second delay length, the third delay length and the fourth delay
length each have a unique value, and the sum of the first delay
length and the second delay length is equal to the sum of the
third delay length and the fourth delay length.

[0006] Those skilled in the art will further appreciate the
advantages and superior features of the invention together with
other important aspects thereof on reading the detailed

description that follows in conjunction with the drawings.



wi deni ng and phase decorrel ation with phase nodul ation in accordance

wi th an exenpl ary enbodi nent of the present invention, DETAILED
DESCRI PTI ON OF PREFERRED EMBODI MENTS In the description
which follows, |ike parts are marked throughout the specificatien and
drawing with the sane reference nunerals, respectively, The draw ng
figures may not be to scale and certain conponents may be shown in
generalized or schematic formand identified by comrerci al

designations in the interest of clarity and conci seness. (00151FI GURE
1is a diagramof a system 100 for sound field w .dening and phase
decorrelation in accordance with an exenplary enbodi nent of the

present invention, SySIEHﬁRRﬂf(9§§CBéPE§g§ o THerFH9ENGfe percei ved

wi dth of raoseund firjukeby; phase, degaikhahatdon,ofs fheaudip channel fie1qg
signal s being processed, [001$] System 100 includes all pass filter

Li . 102, Vafenpads2 494 |Rhasq Hexpar redlat ipas 4 nf pEcerdange 196t andn apkepakasry
filter Ldmpd@Bneadlt @hoirehehani Reehiphemented in ' hardware,
software, or a suitable conbination of hardware and software, and can

be one ofOfBPE sofFMEHE systens opkranamhgodnaa Yetermal Lpur posei-channel
processi peapt alik ok P &8, Ussd Bﬁr%bQoragﬂEg“@ﬁ%%(§H]é§@mﬁ$§%§iﬁmbodiment

confeination of discrete conmponents, an integrated circuit,” a
appl i cat PéntBperidianti fnegnated/circuit, afield programabl e gate

array, OfofbHfr suitalse ﬁqrg\@arﬁ'd?%aﬁ%q Egrs?F@em §8tr‘t g&g%gorﬁfﬁg sound

include one or nore objects, agents, rea ines o
subrout i hesldsepaeatagscindvapkaappldecatiredstitno ior pocerdlames efith an

code or BLORK1SU taR i SRELIBECALT BELULRS QRAIALIGA 10 two or more
sof t war e applications or on two or re
[0010] FIGURE 4 is a diagram of a method for processing a
plurality of channels of audio data to decorrelate phase in
accordance with an exemplary embodiment of the present
invention;
[0011) FIGURE 5 is a diagram of a system for performing phase
modification of an audio channel in accordance with an exemplary
embodiment of the present invention;
[0012] FIGURE 6 is a diagram of a system for performing phase
decorrelation and sound field widening in accordance with an
exemplary embodiment of the present invention; and
[0013] FIGURE 7 is a diagram of a system for sound field
widening and phase decorrelation with phase modulation in

accordance with an exemplary embodiment of the present

invention.



processors, or other suitable software structures.In one exenplary
enbodi nent, software can include one or nore Lines of code or other
suitabl e softwarelres operating in a. general purpose software
application, such as an operating system and one or nore |ines of
code or other suitable software structures operating in a speciic
pur pose software application. (001/1All pass filter Li 102 is

coupl edafilter L2 104, andpass filter L3 106" is coupled to all peas

filter

L4 108. As used herein, the term"coupled" and its cognate

ternms such(as "coupl es” or "couple,” can include a physical
connection(suchasaw re, optical fiber, ora telecommuni i ium, a
virtual connection % QﬁsQQ§95J§WEQ§S?5n%ﬁpﬁﬁﬁﬁﬁhfﬁa§9§?ﬁgﬁggofn;
data menqpy1devi cerpr diperext-ibeanst enh ot el oI TPLikenl paras  are

| ogi cal

connecti on _ )
marked throughout the specification and drawing with the same

reference numerals, respectively. The drawing figures may not
be to scale and certain components may be shown in generalized
or schematic form and identified by commercial designations in
the interest of clarity and conciseness.

[0015] FIGURE 1 is a diagram of a system 100 for sound field
widening and phase decorrelation in accordance with an exemplary
embodiment of the present invention. System 100 can be used to
increase the perceived width of a sound field by phase
decorrelation of the audio channel signals being processed.

fo0o1le6] System 100 includes all pass filter L1 102, all pass
filter L2 104, all pass filter L3 106 and all pass filter L4
108, each of which 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 ggneral purpose
processing platform. As used herein, “hardware” can include a
combination of discrete components, an integrated 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 lines of code or other suitable 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, such as an operating
system, and one or more lines of code or other suitable software

structures operating in a specific purpose software application.



channel audio data is provided to all pass filter Li 102, which has a
delay length of LI.In one exenplary enbodi mrent, where the audi o data
is digital tinme domain sanples of an audio the delay |l ength
Li can be equal to the nunber of sanples in the delay el enent of al
pbss filter Li 102, After the left channel-audio data is processed
with all pass filter Li 102, the processed data is then provided to
all pass filter L2 104, which has a delay length L2 that is different
fromdelay :Length Li. The processed | eft channel audio data is then
out put, such as to speakers, for recording, or for other suitable

i cati 0019) The_right. chanpel -aydio data. is |ik i ded
[0 al | piBBET] | {orhk ot Tubth has 'BCadPay FBAGTN 3 A HatPHES bt ter

equal toLeither sedayll enidh filtorr LA 1The ipr ecepsed tbghtlcpaBpekilter
data is QeﬁﬁﬁrOVi ed to IL ass filter 14 108, which has a del ay
length LFtHat® i s bt | e ANy S edeiSy: | engihsed d, 2R9 ortsi3cqprate
processedebnghtsuehannel "daualies "t heh odbpple, " such asntousPeakepsysical
for recordin transm ss. Lcn, rende headphones or for other suitable

appl i cat F8ﬂ§géfm01l Pt ex@hpl afy elbbdi nertPtifal passifgiter @5 @

102, al | tpassorfribit ©fatlidnk04, meétllurPgss 4 i | ¢ ertdad 106 and-taldn pagsuch  as
filter L4 108 can each be sparse. Nth order pole zero filters having

an i npul SBTPREPHoASRIIMRE TENUEY et RFARECNBYCEhe FRlFRemegeert 9 erites,0r 2

The del ayypbengéhis etasbtepagsotbbber (khrTd2,1ialkh passibgliel k2ndédiion
all pass filter L3 106 and all pass filter L4 108 are sel ected so

that the (FBERI @@l &P1%HWEE h OB a©&i gRare prebissBdusfFosl | dgydsesi| tor an

LI 102 andtablapassciiddien L2-184nks Lthecsgne amdde iokal del ay
| ength of a signal processed by all pass filter L3 106 and all pass

filter 149988] | n i ax Ml aF§eehisdi Mt , chawedel apien@tte afd arfght

pass channel audio data, which can be a series of digital time domain
samples of audio data or other suitable audio data. The left
channel audio data is provided to all pass filter L1 102, which
has a delay length of L1. In one exemplary embodiment, where
the audio data is digital time domain samples of an audioc
signal, the delay 1length L1 can be equal to the_ number of
samples in the delay element of all pass filter L1 102. After
the left channel  audio data is processed with all pass filter Ll
102, the processed data is then provided to all pass filter L2
104, which has a delay length L2 that is different from delay
length L1. The processed left channel audio data is then
output, such as to speakers, for recording, oxr for other
suitable applications.
[0019] The right channel audio data is likewise provided to
all pass filter L3 106, which has a delay length L3 that is not
equal to either delay length L1 or L2. The processed right
channel data is then provided to all pass filter L4 108, which
has a delay length L4 that is not equal to any of delay lengths
L1, L2 or L3. The processed right channel data is then output,



102 and all pass filter L3 106 can be a first prinme pair, and the
delay lengths of all filter L2 104 and all pass filter L4 108 can be
a secon',, ,prinme pair, such that the total length of the all pass
filters can be set to an equal value by selection. of suitable prine
pairs. in one exenol ary enbodi nent, the delay. lengths of the first
prime pair can be 41 and 43 and. the delay |lengths of the second
prime pair can he 71 and 73, such that all pass filter L..102 can
have a delay length of 41 and all pass. filter L2 104 can have a
delay length of 73, and all pass filter 1:3 106 can have a del ay

| engt h of 4% and al | gaﬁg filter LA 103 . can h@ve a del.a IeQ%%p of .
71, In { RESEmEAnd, TG K/dal 1o BEERETHE " dBl 4y Hor Bhvn TR Tere in
channel awdbphdata {41for AIheandutihebl égipp chaamelnsaudi o data (43 +

71) will ual (114 0021] in operation, the all pass filters
create a[§§§§ shi#? Pﬁét%éeWB ?r§h§ﬁ§8?l%ﬁﬂ?b 8§%ap3ﬁg %ﬁdﬁ?rcﬂﬁhn%Qz'
audi of diataalt hﬁssdepﬂtc&honzhhmf,r e_mh fnenpasﬁndiugerl emﬂtirl)elof ahhe a?u]Jl pass
pass filters. Because the phase ift creat ach a pass filter
P i F1 el Eer g P coraF Paghpi o RoH ol SEh OREOREr ok TC7eP | B Eers
channel augiagdaira anguiée micghbonechanfiedt audi adtaidmineld B¢ the filter
elimnated, which results in the apparent w dening of the sound_field
to a |istCOREFICSERMS as Rﬂ%nd?hﬁys?gﬁ%fgsa?gn%%gl?g%%df i rhhsttt edt!

over |ougspeakenserBecause,cannel@idsonenaetarears ties phaseaof pass filter
i ndi vidual frequency hins can result in the apﬁggent | ocation_of that

f r equency*bilff bas Weitfd SOt efhe ceritdr et v 't HeE 4%t t1 it i ght2 signal

channel speakekeqdggornel akisan fafi tswch,if neguene esi Wigdssv gencdherz 104
apparent sound field, In other words, correlation in phase results in

a col | apdé et FETSodfd Tl P tonef s hkerdt et of Bhendef Prapgssed by

right channelpspeakefsewhereagdegar @hat ionsd ncphase avoidssthe 1n one
col | apse of the sound field towards the center of the |left and right
channel $F6ERERIY AGHPPRARANT al [FhFasteiaY t eRIwn @af sglér pass filter L1

al ternatijvel e i lized f0deale addi thanak phase decorffl abhop, and
where suitable. [002Z1Furthernore, it is possible to connect two
di f f er entthgaided agf 1segthonstt 6léaphsehahherr bAdlPe AdduRalerpre filter
filter cogffhios eahspBhbl eokerl B Al LOE! Ml QhoORBLRAl hehfen of
gquadrature wth those of the other pair, so as to nodul ate the '
decorr el &bieorr 1By ra stshifrid tsirgnalan dreatdthgt@ @h neavak yvaguehhngesilaction
t he phasesshif i ir L gnal e i V& o0ffi bW 1
frequenc%ﬁ ghﬁgnggbgﬁ %o?%gfgigng aéhéﬂ%§$@§%§§ enc%ogtﬁer éuf?gb 8 2y
si gnal s, lsughhshat rtékl détristn panidhec arrdel lcam pat t4r nsndhi 4 hi and £bendetay
a listeni iran t gqgg. \/, oyt the omki n ashion
preventi%%g?ﬁgghéﬁagﬁguagég?y. SV%?éﬁgﬁféﬁﬁggfbgglfkﬁoﬁpéiﬁgc%hgnhg atl
cancel | apasss forl teef [Lécti@G@nscar 0028¢ FRGIREaZ ilsngtdi agr drh ofnd syt pass
200 for mhtl; ghanpgl ophase,degontelation i oonr dance Withaaq i1cer
exenpl ary enbodi nént of the presen nvention_ i nmpl enentéd in
har dwar e L3sdf0tware drva s delay length of 4a gererall pesposelter L4 108
Processi %%nplhaé\}ceor M F'Iélil 9 S.l.yesr;[ 1 cgp 9? .ancgnr %'hggl yma%de%,t 'Mfe overall
varying in the sane fashfon as a ove,

processing delay for both the left channel audio data (41 + 73)

and the right channel audio data (43 + 71) will be equal (114).

{0021] In operation, the all pass filters create a phase
shift in the 1left channel audio data and right channel audio
data that depends on the frequency and the length of the all
pass filters. Because the phase shift created by each all pass

filter is different, any pre—existing-phase correlations between



[ 0024] System 200 i ncludes a plurality of channels of audio data from
first audi o channel, second audi o channel, to an Nth audi o channel,
Al pass filter LI. 202 having a delay length of Is and all pass
filter L2 204 having a delay length of L2 are used to process the
first audio channel, and all pass filter L3 206 having a delay |ength
of L3 and all pass filter L4 having a delay length of L4 are used to
process the second audi o channel . Li kew se, each additional audio
channel is processed by different all pass filters having different
delay lengths, until the last or Nth :audio channel is processed by

all pass filter L-2N 210 having a. delay length of 1,2N and all_ pass
Vitce,,r thondeftorapadilngiifiengehe ofNE, IS 1 THet | RERVPELal2VgdlPayiata

| engths piieaeh Qfilheadkh, Pags dil | t&ns ar e di ther epbarbit theidahdl of
del ay Iength of each channel is equal.In. this manner, the phase

shift applfedotodedcitelst the a nbiviensd, feeguenéy Hisis bheeddynals are

channel Qﬁ%fﬁ¥ﬂéh(kﬂéﬁdM| k ResdecoLsel ated, WiichseankBesused togecause
avoid creation of audio artifacts, to prevent audi 0 artifacts from

bei ng gefefatkafrian aPeleexinli hge sPhdPe eAvilnshivaAralsucieasn@lverdns can
di fferentcgicr ophoRgs @bﬁagéﬁg 5Qc5e¢0RdosouRd ¢ f rQm e cdi ifiel 8 peing

parts of a. recording sound stage, or in other suitable applications,
(0025] Fl SURE-I® | seatedi ageareot o hsystleft30and orrigditf ochienges ouseaker,

field w 988@;%(1'?&(”\%”&1‘3&@ GOT EEL tén&%é miqclcqsme% bt?%c ept sound

exenpl ary enbo t of the prese I nvention. System udes a
first chahaed. si gial prlozessiorgsul t candeatiNrth in phase results in a

collapse of the sound field towards the center of the left and
" right channel speaker, whereas decorrelation in phase avoids the
collapse of the sound field towards the center of the left and
right channel speaker. Additional all pass filters can also or
alternatively be utilized to create additional phase
decorrelation, where suitable.
[0022] Furthermore, it is possible to connect two different
pairs of sections to each channel, and to modulate the filter
coefficients while keeping the coefficients for one pair in
quadrature with those of the other pair, so as to modulate the
decorrelation by a third signal, creating a time-varying change
in the phase shifts. This third signal can be a sine wave of
low frequency, a narrowband noise signal of low frequency or
other suitable signals, such that reflection and cancellation
patterns within a room or a listening environment are made to
move about the room in a fashion preventing the human auditory
system from strongly noticing the cancellations or reflections.
[0023] FIGURE 2 is a diagram of a system 200 for multi-
channel phase decorrelation in accordance with an exemplary
embodiment of the present invention. System 200 can be
implemented in hardware, software or a suitable combination of

hardware and software, and can be one or more software systems



channel signal processing circuit, such that system 300 can be used
for stereo, four channel audio, 5,1 channel audio, 7 1 channel
audi o, 9.1 channel audio or any other suitable nunbers of channels.
(0026] Syst em 300 i ncludes sumation unit 302, gein unit gain unit
310, delay 304., and sunmmation unit 300, which forman all pass
filter configuration that may be referred to as a Schroeder section,
and which provides an all pass filter of length LI when the gain
factors of gain unit 306 and gain unit 310 are equal and opposite in
sign, and which will pass all frequencies but will also add a phase
shift depending on the frequency bei ng passed, the delay, and th

gai n facCBFTBFIHAi AN uAi £28662An8UgRPAS URFPCSIBLEY BEf ettty gﬁi?aBY%tem

val ues feant ha | gRgb R Digihendaban igrd '&Q@yﬂﬂ% ngai NHNi 52306 @NnthiGal Nas

unit 310, the amount of phase shift ,at each Trequency can he
control | @8°VEn one exenpl ary enbodi ment , by setting the gain of gain

unit 306 (equal to k25, apght RE-9ahEs Of galRauntl 30 @QRle1lO 0. 2Bdio
t he anmount offphase shift, such as for audio signals fromOQO hertz to

20, 000 h&ft2, fyapy filgss ﬁr‘-’é’dét ehiinmed. marrer Porig gihddRedel d° vail udth

bet ween a%QQodéﬁéﬁﬁéltO Ki@opgggrgﬁﬁte§uﬁf @@@ehééfﬂ#eﬁcaeﬂ§Pemgﬁgéh of
phase shift will be generated in the processed signa

| engt h Litlcamdber ldelrmdmsedt besed bh aoﬁuhﬁéin@fasﬁlﬁﬂlaé!d lsngivdl % e are

are pr OC%%éedténﬂrbésséagﬂéefﬁ%‘é ah&Q”@h%ﬁé‘P' al Y4 epPodb et £i1ter 13
digital audio signals that are sanpled at a rate of 44.1k can be

processedowHere nchea | éiﬁétaly ofendid def| L3 jand egdalrass t hielhanbdr? of08
sanpl es diyiidgd, baeﬂﬁ%lpgn m@'éﬁ) nals s]dvec'ov 8 8ReCkhkt d aPPhSudlo

i nt eger nunber of | es processed Li kew se, a second
pass fil tc@pnpglpr oxhad@dll@gungeasﬂmmﬂmmmlt Brpo g@nemnﬁnlu t §s 3pgogadsed

320, del ay, ﬁf@ﬂe’i\t! L-gs 309 %9@@%&%8;?%11?@%% nt'N§e P S%engths,

nDdlfled signal receive Fom t he |rst IS t
nodi f i ed upyifhehsecorrdt abr pass duditcerchaviecch has pdirtfesedt kpihazsbl pass

shift filter L2N 210 having a.delay length of L2N and all pass filter
LZ2N+1 212 having a delay length of L2N+1. The individual delay
lengths of each of the all pass filters are different, but the
total delay length of each channel is equal. In this manner,
the phase shift applied to each of the individual frequency bins
of each channel of audio data will be decorrelated, which can be
used to avoid creation of audio artifacts, to prevent audio
artifacts from being generated in a recording studio
environment, such as where different microphones are used to
record sound from the different parts of a recording sound
stage, or in other suitable applications.
[0025] FIGURE 3 is a diagram of a system 300 for performing
sound field widening and phase decorrelation in accordance with
an exemplary embodiment of the present invention. System 300
includes a first channel signal processing circuit and an Nth
channel signal processing circuit, such that system 300 can be

used for stereo, four channel audio, 5.1 channel audio, 7.1



based on the delay length L2 and the anplitude SettlTU of gain units
316 and 320, fO0028]Li kewi se, for the Nt h channel processing chain,
sunation units 322 and 328, gain units 326 and 330, and delay 324 are
used to forma first all pass filter having a delay length of 2N, and
summation units 332 and 338, gain units 336 and 340, and del ay 334
are used to form all pass filter having a delay | ength of 2N+1, The
delay length of delay 324 and 334 are different fromthe delay |length
of delays 304 and 314, hut the total delay for each filter chain is
equal , such that the total delay |length of delay 304 and 314 equal s
the total delay |length of delay 324 and 334, In this manner, sound
bei ng pr 6888884 FEEAPt hd-1i co¥ENeRAnmeldiro artheat hotdihnekiwilple peumbers
phase shigkt edagQ-Bs. to elimnate any inadvertent phase correlation
and thus wi den the perceived sound field where the sound is being
provi ded [0828peaketsstam Hekomdivates anypmphadvereeht 3phaseain unit 306,

correl ati;@ns apd:r §chedéyﬂ§,036&t' A t%m&%@%%@ g?é he, SOMNde Sy an

bei ng recorded, for ot her “sui tabl e purposes
sui t abl epass #ads eﬁlh’é@r heosWsriragtied, wWath propere rra‘letﬁenmedcatto as a

[T eat inscntgialhe saeRuRdelamPClonn dhagiened apouay (00901 HGRe 4o

is a diagram of a netho 400 or processing a plurality
of audio Gagéhtéld@bénréhat@apnaﬁéuw@rac©dr¢@n@eunnﬂ13ﬁﬁememp©amw unit

enbodi nent jof e ent 4i t t 40 S
the sound fie %ho?@%% g% %?E’.gta M?u}rgggsés%re atl%dc#]o%q%goeo\gss 2t
decorrel éﬂflegn?ngiﬁjs cantberiilipl #hent eddas spfasvar ehidh aiegaenelrlalg on the

purpose EE888§§9§'being passed, the delay, and the gain factor of gain
unit 306 and gain unit 310. By selecting suitable values for
the length of the delay and the gain of gain unit 306 and gain
unit 310, the amount of phase shift at each frequency can be
controlled. In one exemplary embodiment, by setting the gain of
gain unit 306 equal to +0.25 and the gain of gain unit 310 equal
to -0.25, the amount of phase .shift, such as for audio signals
from O hertz to 20,000 hertz, will vary in a predetermined
manner for a given delay value ‘between -180 degrees to +180
degrees, such that a frequency dépendent phase shift will be
generated in the processed signal. The delay length L1 can be
selected based on a number of sampled signals that are processed
and the sample rate. In one exemplary embodiment, digital audio
signals that are sampled at a rate of 44.1kHz can be processed,
where the length of the delay L1 is equal to the number of
samples divided by 44,100, or can alternatively be specified by
the integer number of samples processed.
[0027]) Likewise, a second all pass filter is provided using
summation unit 312, gain units 316 and 320, delay 314 with
length L2, and summation unit 318. The phase modified signal
received from the first all pass filter is then modified by the

second all pass filter, which has different phase shift
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0031] Met hod 400 begins at steps 402 and 404 in parallel, where, a
first channel data streamis received at 402 and an Nth channel data
streanrecei ved at 404-Li kew se, additional nunber of channels can be
processed using. nmethod 400. (0032] The nethod then proceeds to 406
and 408 in parallel, where the first channel data is processed with
an all pass filtei having a delay length of Li, and the Nth channel
data is processed with an all pass filter haying a delay |ength of

2N. Li kewi se, additional channels can be provided, each channel
having a. delay length that is different fron1the delay Iength of the
all pass filter for any other channel. The t eds :

410 and £FPreRtparartet . PRoB33PAr Hfo, e[-Eﬁé(f %q\: 3 FH‘B?lt"de

has been gy&qaggedfwamahﬂlmsﬂéialnueezoLi is then. pr ocessed W th
all pass L2, and at 412 the Nt h channel data that has been rocessg
with all [&9@ filtetkavbty | sERF ockREed W't h CRPP Bass PFPFEEF SN+ ERain.

Li kew Se,sxﬁﬁlﬂtﬁbﬁn@hlﬁbamel SrcaBeAchyPe AIreesSEIE nd@ 330, and delay
correspondi ng second all pass filter, where the Iengt hs of each of

t he corre?don"i‘ﬁ%g“%@oﬁd’ achr”baés finsterasl lar BAYP f farERE MA0MNGher delay

l'engt hs ofengihe 4t hay, sec@nduahbtpassuhittense MNeverihsl essint hgisymse
of the delay lengths of the first and second all pass filters for an¥er

channel , addir0 284t 4e3ABuPdd eqtial Vet SUM DM thesfand)y ¢ s Beesst e 1
all pass ﬁadlh%rsaf&élaq}lleﬁ@@{ chanpels, s9Asidid@VRingth of delay 324

SynChronuia}|§g4bgéxeggf%erent from the delay length of delays 304 and
314, but the total delay for each filter chain is equal, such
that the total delay 1length of delay 304 and 314 equals the
total delay length of delay 324 and 334. In this manner, sound
being processed from the first channel to the Nth channel will
be phase shifted so as to eliminate any inadvertent phase
correlation and thus widen the perceived sound field where the
sound is being provided to speakers, to decorrelate any

inadvertent phase correlations and reduce audio artifacts, such

as where the sound is being recorded, and for other suitable

purposes.
[0029] Any suitable all pass filter may be substituted, with
proper mathematical treatment, for the Schroeder sections

discussed above.

[0030] FIGURE 4 is a diagram of a method 400 for processing a
plurality of channels of audio data to decorrelate phase in
accordance with an exemplary. embodiment of the present
invention. Method 400 can be used to widen the sound field or
for other suitable purposes related to phase decorrelation, and
can be implemented as software on a general purpose processor.
[0031] Method 400 begins at steps 402 and 404 in parallel,
where. a first channel data stream is received at 402 and an Nth

channel data stream . is received at 404. Likewise, additional
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channel s when real -te processing is perfornmed. Wen the audio data is
bei ng processed for storage, the delay lengths for each filter chain
can be different as long as the processed audi o data for each channel
i s subsequently correlated so as to allow the audio data for each of
t he channel s to be synchronized. The nethod then proceeds to 414 and
416 in parallel, 416, the phase nodified
first channel data is output and the phase nodified Nth channel of
data is output. Likew se, additional channels can be output. In this
manner , can be provided to speakers so as to generate an

o ocos Lghabliat o35 230N Slllo SUNY TGS VIR o8 o 020y b1
unprocessed audi o si gna ere p ase correlatrons Petwsen Treéquenc
bends of neabhrchanmiEinroers cauws &et beoseandd fuslmy tvetdtold dpde tovvar ds

the cent gposbikewi se, Lhe, decoriel giedoaudi oo chamnel s cany be recorded:

for subsequen processi ng, such as m XI'ng, Of er sui
pur poses #he@635)Hen Opesat idrpnmet hddt 400 sc apr de= arsed lwdtdeca)m r elidat epass

t he phas hannel s of d ta, ,such as.t wi den t he arent s

field to%agﬁfgtgﬁg%ngto qvord ¢Fed |oﬂfo$lau%ﬁ %P?lﬁgﬁtgha%?efo?ata ils
ot her suiptrabkespar pDSRSanAIaﬂhom:galsst Vi lexenplagtiyigf ial tdeyl 8t agasgta’r ef 2N.
d|scloseg‘ add|t|ona filter st an al so_or alter sed

es |ver
where suitable>casidifg 4 e SggQQef%ndFﬂloFee ?PY*#%%! annel
the *--1hbeihgraedehaghbameth ofhadatiss iEIGENRGURECR taeadéllagr aah@fh aof
systen15gg for erforn1ngaghas nDdlflc |oncﬁé an audlo channel in

accor danc@witt ah* &xerp odPAENCINEF (e BFdsent ThEnVRHt . then

Syst em 5@@ocandbetd npl e enzi Anhgegdware)l.sof tware, or a suitable

combi nat i har dwa software, and _can 'be one or nore software
syst ens éﬁ@?ﬁﬁi ng ’g‘h i %«enéeealfﬁﬁfpo%*@%cgégﬁnghwabﬁarmeen processed

(0037] Sys:tlem %00 ipackudas tsemmat 0 it Sp B2 Hd 5P8:h gain HQé§5f5@@er
and 510 ela% 504, having a |length of 2rn second
al | pass VIFBP hi £1£ sERBNBIT sep i s et ithR tuliPes PSER §ﬁ805§83d with

gai n uni a3 15kaands 520;r andndelaypeddesdtavi ngrd hengtdhof 211 ¢dr ron+1.
Al t hough_a single Nth channel filter chain is shown, a suitable

nunber oPléﬁHhﬁ%ts R bEPR) ectENNSAS | 67§ a§26BchPRaveraceseaf by 2
del ay |e@@&&e%ﬁ@ﬁdiﬁgeﬂ&@&nioaibepggéafliggﬂtrMKéré*%ﬁbolQﬁ%tﬁél5§reach

chai n, hut where the Iength of any individual delay unit 4 and
i s diff ePéntther GMTEREROBE hes ééFﬁ?d ahit pass £iltefs are different from

the lengths of the other second all pass filters. Nevertheless,
the sum of the delay lengths of the first and second all pass
filters for any channel of audio data should equal the sum of
the delay 1lengths of the all pass filters for all other
channels, so as to avoid loss of synchronization between the
channels when real;time processing is performed. When the audio
data is being processed for storage, the delay lengths for each
filter chain can be different as long as the processed audio
data for each channel is subsequently correlated so as to allow
the audioc data for each of the channels to be synchronized.
The method then proceeds to 414 and 416 in parallel.

[0034] At 414 and 416, the phase modified first channel data
is output and the phase modified Nth channel of data is output.

Likewise, additional channels can be output. In this manner,

12



decorrel ation, By selecting suitable gain values and different

del ayths, each all pass filter will create phase variations as a
function, of frequency in the processed signal that are different
fromthe phase variations of the otter all pass ters, so as to
el i m nat e unwant ed phase correl ati on, System 500 can be used for
sound field widening, elimnation of audio artifacts, or other

sui tabl e purposes. Additional filters can also or alternatively be
added to the filter chain, so long as the total delay |engths of all
filter chains are equal, [0039]FIGURE 6 is a diagramof a system 600
for perform ng. phase deccrrelation and sound field w dening in

accor dance Wit 2ar 28x BfpPAPY 1 8RBoHP mBRE2 K3 T he Drss it generate an audio
i nvent i ors QyshiersBR0 Hitd |dzespgavatty $ong cassaderoft sesondgerdenaal khe

pass filters, and can be inplenented in hardware, software, or a

suitabl e unprocessed audio " signal, where phase correlations between
frequency bends of each channel can cause the sound field to
collapse towards the center. Likewise, the decorrelated audio
channels can be recorded for subsequent processing, such as
mixing, or other suitable purposes.
[0035] In operation, method 400 can be used to decorrelate
the phase of channels of data, such as to widen the apparent
sound field to a listener, to avoid creation of audio artifacts,
or for other suitable purposes. Although two exemplary filter
stages are disclosed, additional filter stages can also or
alternatively 'be used where suitable, as long as the delay
length of each filter chain is the same for each channel of
data.
[0036] FIGURE 5 is a diagram of a system 500 for performing
phase modification of an audio channel in accordance with an
exemplary embodiment of the present invention. System 500 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 general purpose processing platform.
[0037] System 500 includes summation units 502 and 508, gain
units 506 and 510 and delay 504, having a length of 2N.
Likewise, a second all pass filter unit is comprised of
summation units 512 and 518, gain units 516 and 520, and delay
514, having a length of 2N+1. Although a single Nth channel
filter chain is shown, a suitable number of channels can be
selected, as long as each have a total delay length that is
equal to the delay length of each other filter chain, but where
the length of any individual delay unit 504 and 514 is different

from each other delay unit.
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har dwar e and software and can be one or nore on a general purpose
processing ble forns of all pass filters can also be substituted,
Wi th proper mathematical treatnent, for the Schroder secThe

cal cul ation of the many stages of gain elenments for the second-order
cascadewi || provide useful phase-shift can |ikew se he devel oped
accordingly. [O0O40]FIGURE 7 is a diagramof a system 700 for sound
field wi deni ng and phase decorreletion with gain nodulation in
accordance with an exenpl ary enbodi nent of the present inVention.

[ 0041] System 700 i ncl udes summation unit 702, gain gain unit 710,

del ay 704, and summation unit 708, which form an )
[0038] In operation, system 500 provides a different

architecture for performing stereo or multi channel phase
decorrelation. By selecting suitable gain values and different
delay lengths, each all pass filter will create phase variations
as a function of frequency in the processed signal that are
different from the phase variations of the other all pass
filters, so as to eliminate unwanted ‘phase correlation. System
500 can be used for sound field widening, elimination of audio
artifacts, or other suitable purposes. Additional filters can
also or alternatively be added to the filter chain, so long as
the total delay lengths of all filter chains are equal.

[0039] FIGURE 6 is a diagram of a system 600 for performing
phase decorrelation and sound field widening in accordance with
an exemplary embodiment of the present invention. System 600
utilizes a very long cascade of second order all pass filters,
and 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 general purpose processing

platform. Other suitable forms of all pass filters can also be
substituted, with proper mathematical treatment, for the
Schroder sections. The calculation of the many stages of gain

elements for the second-order cascade that will provide useful
phase-shift can likewise be developed accordingly.

{0040] FIGURE 7 is a diagram of a system 700 for sound field
widening and phase decorrelation with gain modulation in
accordance with an exemplary embodiment of the ©present
invention.

[0041] System 700 includes summation unit 702, gain unit 706,
gain unit 710, delay 704, and summation unit 708, which form an
all pass filter configuration that may be referred to as a

Schroeder section, and which provides an all pass filter of
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all pass filter dontthat nay be referred to as a length 1,1 when the
gain factors of gain unit 706 and gain unit 310 are equal and
opposite in sign, and which will pass all frequencies but wll also
add a. phase shift depending on the frequency be passed, the del ay,
and the gain factor of gain unit. 706 and gain unit 710. Likew se, a
second all pass filter is provided using summation unit 712, gain
units 716 and 720, delay 714 with length L2, and summation unit 718.
The phase nodified signal received, fromthe first all pass filter is
then nodified by the second all pass filter, which has different

phase shift characteristics based OR the delay length 12 and the
.enpl i t uvkeTsaty igshe gif O t S sarkf 723N 042108 gnd gain unit

modul at | ofy¢nLts E%ga@ncgrydz‘loﬁﬁ@sﬂ.s@d ho Ghangesddevhibherill pass all
coefficients, such as by ra tnen1betmeen -.25 and .2.5 or other

sui t abl e ¥zAAENCiTRe udefFit eﬁ §of Giddore  phARFE ofShgaitn dARESigde on the
mai nt ai nefirhé wadnatuge wddrd hase ofeidie athercpai §aiB0r88tLP of gain

nodul at e correlat i'on by a third S|gnal creat .
ti me- var yimg cmfnge@d [watie YHasd 1hi f tIs.keFHiss  t B ﬁ@cgmgnalllcmS»ﬁe falter

| ow frequggc%ga ?e e {8ing- 50 saﬁuﬂgtﬂ@@rnduﬁ\@tseﬁl g@%lanfurllQVg f¥egugnay 720,

or ot her sui hi's manner, reflection and
cancel | atqie)kmpa?l‘ér Hstm tlmnlqté rldom @rd aSPmIS@thguéhtﬂ r’dfrent Thee phase

moved relﬁ%d éﬁ %ah'%%%@%%eﬁof %thhQr?F?QE %ﬁ@ bbégeggﬁt%r is then

.auditory systen1fr m percei ving the cancellations or
ref | ecti onediidde by\ot@& nseodud atildn m$s s fatearsi ngliehunhes ofifferent

other S“'%}?&’% eﬁn Elch g‘fac:dﬁ!r%%?é@' B4 $0q On %ﬁ{rd@f é}s/QLe\ﬁtﬂ% 45edng the

1lIn view above escription of the present 7invention
and assocam@kmtuﬂeawengsngethérgammhﬁnxnﬁ|Wiﬁsaadd79@r|atlons are

apparent FQ?‘;C%}?Se %lé U %%duriattggnarutrut t 58 ]‘?Arﬁfe 4&?‘5 Qt uggét %u%ange

ot her i ons“and Variations nay “be “&f out departing

fron1the sperffltandcsebpecoénthe preBents ibhwemdnping - thghabeitgeen -.25

cl ai med IS nd .25 or other suitable values. The coefficients for one pair
of gain units are maintained in quadrature with those of the
other pair, so as to modulate the decorrelation by a third
signal, creating a time-varying change in the phase shifts.
This third signal can be a low frequency sine wave, a narrowband
noise signal of low frequency, or other suitable signals. In
this manner, reflection and cancellation .patterns within a room
or a listening environment are moved relative to the listener so
as to prevent the listener’s.auditory system from perceiving the
cancellations or reflections. While two gain modulation units
are shown, a single unit or other suitable numbers of units can
also or alternatively be used.
[0043] In view of the above detailed description of the
present invention and associated drawings, other modifications
and variations are apparent to those skilled in the art. It is
also apparent that such other modifications and variations may
be effected without departing from the spirit and scope of the

present invention. -

15



| . A systemfor decorrelating signals conprising: a first all
pass filter having a first delay of length LI for processing a first

si gnal ; a second all pass filter having a second delay of |ength
L2 coupled to the first all pass filter and for processing the first
signal after processing by the first all pass filter; athird

all pass filter h vi,ng a third delay of length L3 for processing a
second si t.1s clainéd §'th al| pass filter having a fourth del ay of
length L4 coupled to the third all pass filter and for processing the
second si gnal pr ocess the third all pass filter; and .

fter i_n { ¢

wherein the fi?st dél a&sﬁeéhﬁf’ﬁ %/C,°rfﬂ%at§é‘€oﬁtﬁ'&éisa9°’%‘ﬁ§tlﬁ9L2, t he
third del ay | eagthrdt3 -andptbe fouwetch ndelay d engish kd1ay eoeacthgtn 11
different fromthe Otherﬁ§uc that Li A L2 AL3 A L43 and the sum of
the first o8 BYCTEIGPR Ardd *The® ¥Ednd del ay length is equal to the
sum of the thiadsatehayalengtsh antkdheal,ong th sdebay dangt br sustythhab
LI + L2 =13 z &4 ZtThe s§sten1 f cIaiE1I wherei n_each of the first
al | pass f59%P&FY FRe88cSAGSHI P gaggs?i tErer (¥ ¢ F9% gPEfqess48g the
filter andfifse $iymatihagidr passeddihyeby aite Pol€: z@n0pidd el ser;

3. The system of claim/l wherein the first all pass filter conprises:
a first gu t?oFPiﬁa P}& pass E{Rter having a thir deiay of length L3

for processing a second signal;

a fourth all pass filter having a fourth delay of length L4
coupled to the third all pass filter and for processing the
second signal after processing by the third all pass filter; and

wherein the first delay length L1, the second delay length
L2, the third delay length L3 and the fourth delay length L4 are
each different from the other such that L1 # L2 # L3 # L4, and
the sum of the first delay length and the second delay length is
equal to the sum of the third delay length and the fourth delay

. length such that L1 + L2 = L3 + L4.

2. The system of claim 1 wherein each of the first all
pass filter, the second all pass filter, the third all pass

filter and the fourth all pass filter are pole zero filters.
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a first gain unit coupled to an output of the first summation unit; a
del ay coupled to the output if the first summation unit; a
second summation unit coupled to the delay and the first gain unit;
and a second gain unit coupled to the delay and the first
summation unit. 4. The systemof claiml wherein the first
delay |l ength and the third delay |ength conprise a first prine pair,
and the second3del &l eiigthmarf t faifout t Wheetdy Fengfhrsompli swsa
second prifEtRai komprises: D The systemof claim| further conprising
one or nore additjonal all pass filters coupled to the second all
pass filter, e&chiitdvewgratiGni gu:del ay | ength, and one or nore

addi tional fil bersigeupjAc tenfthechoprddh abl apassudpukt s eaeh Hawing
a uni que deln}n%pl ength, wherein the total delay of the first filter,

t he second®¥ &en ét’i‘?dtf he one or nore additional all pass filters

coupl ed to theasgsiondcahpiqeass fid fo@tphﬁ 90¥aé 19 skheudftabndghay; of
the third all ass filter, the fourth all pass filter, and the one or

more additionaP FPFIEr SURBRDI% “f‘bttﬂ%uﬁlﬁﬁr tA 8 9pdey epftepe first
of cl ai m lgashenritny eeli of hMa first: all pass filLter, the second all
pas3 filter, the third eli. pass ftlter andthefourth al |l pass
filter are fir8t S6F9”Y PPtta f‘lt coupled to fhg &gdevmagf é]hz% nfirst
wher ei n eanlmmatiéhenfitrst all pass filter8 the second all pass
filter, the third all pass filter and the fourth all pass filter are
digital filters The systemof claim| further conprising a
phase shift nodul at ghe mpgitleat iofg caagai N wiferens ohe thierskl HepagSiength
filters in qiu%gr a%hlrd \ge&ay 1 g:trt]) %]:)mpa)'p{)steh%r fgfrsé hperlalhlel pg?ls:,s ;rllci tteres
second delay length and the fourth delay length comprise a

second prime pair.

5. The system of claim 1 further comprising one or more
additional all pass filters coupled to the second all pass
filter, each having a unique delay length, and one or more
additional filters coupled to the fourth all pass filter, each
having a unique delay length, wherein the total delay of the
first filter, the second filter and the one or more additional
all pass filters coupled to the second alil pass filter is equal
to the tota% delay of the third all pass filter, the fourth all
pass filter, and the one or more additional filters coupled to

the fourth all pass filter.

6. The system of claim 1 wherein each of the first all
pass filter, the second all pass filter, the third all pass

filter and the fourth all pass filter are first order filters.
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7. The system of claim 1 wherein each of the first all
pass filter, the second all pass filter, the third all pass
filter and the fourth all pass filter are digital filters.

8. The system of claim 1 further comprising a phase shift

modulator modulating a gain of one of the all pass filters in

quadrature with a gain of another of the all pass filters.
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