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positioned at output locations different from the source locations, where each of N and M is a
number greater than one. N can be equal to or different than M. A virtualizer generates (or

25  attempts to generate) the output audio signals so that when reproduced, the listener perceives
the reproduced signals as being emitted from the source locations rather than the output
locations of the physical speakers (the source locations and output locations are relative to the
listener). For example, in the case that M =2 and N > 3, a virtualizer downmixes the N input
signals for stereo playback. In another example in which N = M = 2, the input signals are

30  indicative of sound from two rear source locations (behind the listener’s head), and a
virtualizer generates two output audio signals for reproduction by stereo loudspeakers
positioned in front of the listener such that the listener perceives the reproduced signals as
emitting from the source locations (behind the listener’s head) rather than from the
loudspeaker locations (in front of the listener’s head).

35 Throughout this disclosure including in the claims, the expression “rear” location

(e.g., “rear source location”) denotes a location behind a listener’s head, and the expression
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left source VighinQrlo8hd sGREKE helpRSSE! the plsﬁ@fg@ior{ therthélard mdhtsoaR¥s 6 to the
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| ef t arsdund ghan thepeakehysicaliypeakatsgeale.. it adphenes artlowdspeakersh Watpidadlyi atdéastt i ve
of .tthe .input fromthe.center source is comonly referred to as .a "phantont
cedver whaRrmer R (il ER Ry Sno Rl el AT baiel il Dnd S S a8 it it
i ncl ud@m&i@qmrﬁfn&tﬁtﬂa@@indeg@hf&g,ng from 25a center speaker between the |eft
and right speakers, as well as left and right channels emtting fromthe

left and ri Jir esyeRIResogsider a simpihaprtoand sodentthdirar capradana goslagied to
R et B o
audi o st'wgrpzhbs'.CalIlaidsipédkhfs)(posie‘astteelrsy(ﬂh@tﬁcaahydn fioghéf o Tid¥nerfinaedpondeannied s, and
| eft- 30surroun "LS"') and right-surround ("RS") rear channels. The Fig. 1
Vi ua|1}’1&lglaug]8n§‘il viptyalizer asser%s input from the left source to the left speaker, asserts
input from the right source to the right speaker, and splits input from the center source
equally between the left and right speakers. The output of the virtualizer that is indicative of
the input from the center source is commonly referred to as a “phantom” center channel. A
listener perceives the reproduced output audio as if it includes a center channel emitting from
25  acenter speaker between the left and right speakers, as well as left and right channels
emitting from the left and right speakers.
Another conventional surround sound virtualizer (shown in Fig. 1) is known as a
“LoRo” or left-only, right-only downmix virtualizer. This virtualizer is coupled to receive
five input audio signals: left (“L”), center (“C”) and right (“R”) front channels, and left-
30  surround (“LS”) and right-surround (“RS”) rear channels. The Fig. 1 virtualizer combines the
input signals as indicated, for reproduction on left and right physical loudspeakers (to be

positioned in front of the listener): the input center signal C is amplified in amplifier G, and

the amplified output of amplifier G is summed with the input L and LS signals to generate the
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audbo dbRJUs) toagenerfaferrudionignal phapaden reprpdused b atplais of phyided! spavketie 1 eft WO
2010/ 07p%%1%ongir l%? QO%/ %tsst%rzléoare perceived at the listener’s eardrums as sound from

loudspeakers at any of a wide variety of positions (including positions behind the listener). A
disadvantage of conventional use of one standard HRTF (or a set of standard HRTFs) to
generate audio signals for use by many listeners (e.g., the general public) is that an accurate
30  HRTF for each specific listener should depend on characteristics of the listener’s head. Thus,
HRTFs should vary greatly among listeners and a single HRTF will generally not be suitable
for all or many listeners.
If two physical loudspeakers (as opposed to headphones) are used to present a

virtualizer’s audio output, an effort must be made to isolate the sound from the left
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improved sonic performance during reproduction of the virtualizer output. Typical
embodiments of the present invention also apply decorrelation and cross-talk cancellation

25  for the virtualized sources to provide improved sonic performance (including improved
localization) during reproduction of the virtualizer output.

Brief Description of the Invention

In some embodiments, the invention is a surround sound virtualization method and
system for generating output signals for reproduction by a pair of physical speakers (e.g.,
30  headphones or loudspeakers positioned at output locations) in response to a set of N input
audio signals (where N is a number not less than two), where the input audio signals are
indicative of sound from multiple source locations including at least two rear locations.

Typically, N = 5 and the input signals are indicative of sound from three front locations (left,
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25  employed to perform cross-talk cancellation on the left and right surround outputs (LS’ and
RS’) for a given set of physical speaker locations.

To ensure that the virtual channels (e.g., left-surround and right-surround virtual rear
channels) are well heard in the presence of other channels by one listening to the reproduced
virtualizer output, the virtualizer performs dynamic range compression on the rear source

30  inputs (during generation in response to rear source inputs of surround signals useful for
driving front loudspeakers to emit sound that a listener perceives as emitting from rear source
locations) to help normalize the perceived loudness of the virtual rear channels.

Herein, performing dynamic range compression “on” inputs (during generation of

surround signals) is used in a broad sense to denote performing dynamic range
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| d%gt | Cdaelsir;bqee 8.6., when the input rear channel signals are below the threshold) without excessive
amplification of the virtual rear channels when the input rear channel signals are above the
threshold (to avoid the virtual rear speakers being perceived as overly loud).
In a class of embodiments, the inventive method and system implements decorrelation
of virtualized sources to provide improved localization while avoiding problems due to
30  physical speaker symmetry when presenting virtual speakers. Without such decorrelation, if
the physical speakers (e.g., loudspeakers in front of the listener) are symmetrical with respect
to the listener (e.g., when the listener is in a sweet spot), the perceived virtual speakers’

locations are also symmetrical with respect to the listener. In this case, if both virtual rear

channels (indicative of left-surround and right-surround rear source inputs) are identical then
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generating output signals for reproduction by a pair of i cal speakers
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receive multiple audio input signals (indicative of sound from multiple source locations

25  including at least two rear locations), and the DSP typically performs a variety of operations
on the input audio in addition to (as well as) virtualization. In accordance with various
embodiments of the invention, an audio DSP is operable to perform an embodiment of the
inventive method after being configured (e.g., programmed) to generate output audio signals
(for reproduction by a pair of physical speakers) in response to the input audio signals by

30  performing the method on the input audio signals.

In some embodiments, the invention is a sound virtualization method for generating

output signals for reproduction by a pair of physical speakers at physical locations relative to
a listener, where none of the physical locations is a location in a set of at least two rear source

locations, said method including the steps of:
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generating a phantom center channel in response to the center input audio signal.

Preferably, the dynamic range compression helps to normalize the perceived loudness
of the virtual rear channels. Also preferably, the dynamic range compression is performed by
amplifying the input audio signals in a nonlinear way relative to each said other input audio
signal. Preferably, step (a) includes a step of performing the dynamic range compression

30  including by amplifying each of the input audio signals having a level (e.g., an average level
over a time window) below a predetermined threshold in a nonlinear manner depending on
the amount by which the level is below the threshold.

Preferably, step (a) includes a step of generating the surround signals including by

transforming the input audio signals in accordance with a head-related transfer function
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(HRTF), and/or perform ng decorrelation on the input audio signals, and/or
perform ng crosstal k cancellation on the input audio signals. Herein, the
expr essi oNO2pavd7¢89ai ng" an operation (e.g., transformt iPom/Usrom@ves@dance
with an HRTF, or dynami c range conpression, or decorrel ation) "on" input

audio s S is used in br oad. sense to den rfor t he 5operation
on the (k’%g@{) %{@qué)eléfP’@W&Ege%‘?m‘gﬁlOﬁr% s awyt %Flé Eﬂ]ﬁ@gﬁfﬂ‘ﬁﬂf‘ga dio

si gnal sk afcellal®h M@fh%'lf?ﬁlﬁ aea‘hotsr%e.alsnneﬁeua% @(p%sgieﬁl‘?ermﬁ{mgﬁ%eo pepfighgone
decorrelation or other filtering Aspects of the invention include a

vi rtual(eze ﬁrasgfstremomanfacgmdwe (rathgan, Hl&TEgnaiynmmc rmogqpenipessicanyr enbodi nent

of the jnventive.neth nput rea e di sc)
Ohi o <Ry e BF L B R B R et BB AT ofe b efobaine e vet nod
10Bsi efopbrsieh Ioﬁtth@lap@ffauuhﬁs@mmlspmas@d \Elermnsaofbh@ﬁl uChiRIgS aBhA (ef
conventional surround sound virtualizer system FIG is a block |agram

of anotdiererdeinad i Bagl auslin vigiphatheblpyg vpfereong desarrelgiian ahothe fdtermg).s a

bl ock di agr S lizer
system 15Flasgp8§fts i%gthg ?e%lgﬁﬁ% C<'£11?Jream o?éﬂa}\fé]Fggkﬁ\ﬁgﬁéﬁ | (r)tg gd%%sg}a%h{e & of

vi r t ual gezferm saup sydbdimeaOofthe Elv@ntl\'Be method, anHIaGonﬁ)uteS r@dhﬂl@ﬁiedﬁinﬁ@rgam of an
i npl ementation of stage 42 of virtualizer subs%/ tem 40 of Féc?. 3.

FIG 6 dio)gh mhéeqzescﬁ%ﬁ%mﬁrlakm&ﬁmwymg@%ﬁ the inysetivamrethed-r cuit of stage
431pf 20virtualizer subsysheit Blserfdifgn of the DRaRlRsk di agram of an

i npl enentation of stage 44~of virtuarrtzer supbsystem 40. FIG 8is a
detai |l ed bl ddk. diagblank dfageam dhpt@rvent atal mrcmhdlsomnd\ertuaﬂzeoﬁystdme
virtualizer S f Fi 5FIG 9 is.a Ioc m of .an audi o

i gi tal ot gidl: protBlesbpMierdhy Heker penigi 10ged PmalieR X e
surround soung. Biid § bRLk dREbradY St fMBmbodiment of the inventive surround sound

virtualizer system.
15 FIG. 4 is a block diagram of an implementation of stage 41 of virtualizer subsystem
40 of Fig. 3.
FIG. 5 is a block diagram of an implementation of stage 42 of virtualizer subsystem
40 of Fig. 3.
FIG. 6 is a block diagram of an implementation of one HRTF circuit of stage 43 of
20  virtualizer subsystem 40.
FIG. 7 is a block diagram of an implementation of stage 44 of virtualizer subsystem
40.
FIG. 8 is a detailed block diagram of an implementation of limiter 32 of the virtualizer
system of Fig. 3.
25 FIG. 9 is a block diagram of an audio digital signal processor (DSP) that is an
embodiment of the inventive surround sound virtualizer system.

Detailed Description of the Preferred Embodiments

Many embodiments of the present invention are technologically possible. It will be
apparent to those of ordinary skill in the art from the present disclosure how to implement
30 them. Embodiments of the inventive system, method, and medium will be described with
reference to Figs. 3-9.
In some embodiments, the invention is a sound virtualization method for generating

output signals (e.g., signals L” and R’ of Fig. 3) for reproduction by a pair of physical
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signal s. |n response tq _the surround signals 8 surround signals LS and
RS of SEngls 13y ARyt Figast ashdt lenshene ?th‘i‘dfdflp%{@él @Ségl’@h@lg(@%t stenakyfut

si gpal 3, Gnd kmof 1%0@),% e%gea'éhgald%}her fat Qu @‘gl nda gld%ﬁ@é of QRYE rRYFL 0 Si gnal
is indicativé of “soun roma respecti ve t source location, such that

t he outrpspecsveginaitsoance laggednlsudhothadthe witpgt $1gm1$@1ea1kefn]sfoatirwhng thrhy3| cal

| ocations to emt sound that the |isten ceives as emttin romthe
onr sORFEET Bd PBAK LRI i S hoWE ot P e R b aut T b O cal 1y,

the phygé gal seupalkeitondhid frofndach M SRABLRLS lokiRnPhysi cal |ocations are in
15front of the listener, and step (a) includes the step of generating |eft

and right suFypieatiy, t@ﬁghﬁ@ll@l freafgers agd f‘g@iallsud§8‘3akar$dtlﬂ$hymﬁalF@@UO@ are fin

re on eft and r.ea Rt SI and RS of
BTt REPE 11625 afd “Eh 0 TGP TE o St MR gife Roregdd BT TR el g

the frqetg lspds pesalsed RSt of Bigl 8) ﬁlQHi}ﬁnEd’lt@tleﬁ B@dh% trefieRpRSIGels\(€s., as

emtting fromleft rear and rig rear sources behind the 1istener. The

physi caligndpsdakeidsRart Eiendt: |“<b@r€ythé it endyasty owaaunsHaenals are psaf fe5 dauRer s
oot t1 AnEffoft Bt AR BlentifHub o BNGR BEEULANN ftuhe e PUARERSELE
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éener step (aifh‘l ncl udes the step of generating Ieft and right surround
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are front loudspeakers, the physical locations are in front of the listener, step (a) includes the
step of generating left and right surround signals (e.g., signals LS’ and RS’ of Fig. 3) useful
for driving the front loudspeakers to emit sound that the listener perceives as emitting from
25  left rear and right rear sources behind the listener, and step (b) includes the step of generating
the output signals in response to: the surround signals, a left input audio signal indicative of
sound from a left front source location, a right input audio signal indicative of sound from a
right front source location, and a center input audio signal indicative of sound from a center
front source location. Preferably, step (b) includes a step of generating a phantom center
30  channel in response to the center input audio signal.
In some embodiments, the invention is a surround sound virtualization method and
system for generating output signals for reproduction by a pair of physical speakers (e.g.,
headphones or loudspeakers positioned at output locations) in response to a set of N input

audio signals (where N is a number not less than two), where the input audio signals are
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Speaker n resp onse to f1ve 1 np ut élo S|gnéf ) channel
i ndi catliSsendh rghtmd“rcfumdm R’S’ I)@hann‘et mdicaamj pL®und froend aght(f‘fcm't)sowh‘aﬁﬁel

i ndi catjve.of sound fromag center fr a r| ne

i carTE e BBt RRerI S oS g R Gt comomeS 1 bt fors:

chan ne'chhﬁ@lscﬁfahd’ R A Ve tbff £RNViAud9fcht FRAEMANE LBy zl:rﬁphf@rﬁ% the center
right-surround ("RS") channel indicative of sound froma'right front source
RS. ThenputiG wednipldier e nemaniesthg amhﬁt:@ avipenefempdiign fevitlf pdt bendiaes it

wth left an ht f pet cha nd, R and virtual | and virtua
e Pt ERf R b L PR AR B haO R R EMnifiteEhony Shp AP Rr Mt

sumi nainliRete@ndt biltped afbinthi fth@-ﬂfﬁb]lﬁécﬁ(ﬁutﬁ]tVMf tathplifipUG vitteigul Rhhd ri
15surround out put signal LS I?Eo be described below) in summation eFenent
30 to garersd eutpy sigila] Kot € be descriged pelew) Hhdmynfanflened 3449 ReHarde abut put

of anpl put R and right surround output signal RS (to be
descrlBgﬁhﬁ&ﬁgy%ﬂ&ﬁhéghnmatlon el ement 31 to generate an unlimted right
output The’Hmhmhnhedlﬂhﬁmiﬁgﬂ(ﬂmgmdmﬁphmamsdayenpwoeéssedm®yanﬁbmdn 32 to

i.d saturatiopn. response to the unlimte qutput, limter 32
2Qr atBYPOPfto| tag PHIHHF%IFft(Q‘EP Htliaiteri3s sgagates die 1ng Otlﬂ?ét (lef that panterepeaker .

' n respg 'ﬂ?eeleft?ro%h ?pe'dl@ér' A e§bnkd &the QHERMEA ri %ﬁt@uﬁﬁﬁ 1RRitd e %ﬁ:ﬂ&%%s e right
output (R) that I's asserted to the right front ‘speaker. en the L' and R
outputsnﬂMeumepﬁﬁﬁGQEGz@yxwﬁeaﬂwmq@tﬁomdwgdakéwhmlmhéJMnéBénemupeHcelves
the resulti ttin f 3n1RS and hear pources, as as from

AR N O A MtRe Pt v B Ay ROE S St t@@bsyst em

40 of tmnmnamﬂeafg@lrcegag%ﬁra@m&Lewtanamfrbmgsahrc%wround out put signals
LS and RS useful for driving front speakers to emt sound that the

| i gPener perRest ganngk(sempynd) ﬁgturahmﬁsyh‘é/swengm ofr the pyséem PE BigRS galfrﬂiatp%wt r ear

source L§r1 %p suq'goutn %u! u?t %na LS’ an use?ul f Srucp o r(r)nrbt%%ez{k%f:sl tlél(grenst ﬁ0¥l
range conpressi on st age decorrelation s aural age

(HRTF sh&gkg lidener pbdeReosSerhiddie e cled Hightiredt 53@1‘3:5 RGeand4eft g5an @@Ir&dLSS shown.
Virtualizer subsystem 40 generates the LS and RS output signals in

r espond¥hing th"eh$tel%,0rﬁ anheplizes subsystemstOaingluges) dymgmierange feRBFeeRoRE 4lange

decorrelation stage 42, binaural model stage (HRTF stage) 43, and cross-talk cancellation
30  stage 44 connected as shown. Virtualizer subsystem 40 generates the LS’ and RS’ output

signals in response to rear channel inputs (LS and RS) by performing dynamic range

compression on the inputs LS and RS in stage 41, decorrelating the output of stage 41 in

stage 42, transforming the output of stage 42 in accordance with a head-related transfer
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conpression on the inputs LS and RS in stage 41, decorrel ating the out put
of stage 41 in stage 42, transform ng the output of stage 42 in accordance
with a hesio2om/@Essed transfer WO 2010/ 074893PCT/ US2009/ @6BABR000 0628 Oon
(HRTF) in stage 43, and perform ng cross-tal k cancellation on the output of

stage 43 in s i out puts .the signals ‘.,and RS . In enb0|rrents
of the fP‘ﬁ%}l@Ht(%)hn%ﬁgec@ @Hg PE‘EV@E%F”%‘%@% Hiﬂrt{émi%ﬁ%ﬁ’étﬁ‘c“e‘lf Stage 43
headphq{?‘é‘ﬁaeﬁrﬁf%&ht&ﬂtﬂfu&%% nhRPRnE RS ypi cal 'y not required. Such

enbodi rrents can be 5inplenented by variations on the systemof Fig. 3 in

whi ch st age ln4nibedipmints efghe mventlorl—lﬁfwhlsh thgephygca ppdakers aaninkifgRetodps i Si ng

L0t of MaaSton PRt SR st g sk P aTaepor B e, Shel Rmbp R Rh bR <o hag® 457

(i dent iifip %ﬂnéﬁed 355s?anat16n§:(brgthe5§/sterﬁtoﬁH% 43n 9aner atRsiaydingtel gnal s xu, (t)

and xLR(t) B the transfer functions as follows: HRTF& (t)L(t)
= xu, (t), M%RE X@g¢ ﬂ? ap;shewtlﬁ@%mmpw@v%@aqsf%éw@ﬁﬂs BRI Fiph) a1idst ener ’

| ef t t)., F
\Me1er eex J{F"f““f‘ ﬁ[%ﬂ%gg%%ﬁg@ﬁsgi L4(2 f?l ncr ?W b &{% E(?%&%%I{efsa%%ir}gfrt%és&r ttt ear
i n resgdgnsfeorh Stap@ PRIGidertt)ed aSl“ESL anIFyg i),rsta@sl@cgmerate@ adelm[g"nalsactLgd) a‘nldg ht

rear input R(t) fromstage 42 (identified as "RS2" in L? , stae43
generat?@sﬂb%%ﬁpbélpgﬁ%ﬂtganﬁﬁef funaﬁanwﬁeklwﬁyHgEElpyﬁtNg(tk:héL t-alagre Kuf h%ti ons

as lbm ltﬁéf\@ounh"ﬁ—g%:mpﬁ (1né1h%1§(att))the hg‘talre(rts)left\é@elh?e %%ét)) éfrl_l%t E‘@ ﬁlﬁ%ﬁShear d at

the |istener’ eft ear In response to input , Fcontra (YyR(t) =
xRR( t) , (ke e x@®REhpere xg r(this teotoudd head dt ancmm at)it]sd: Bstener’s righgbdr iear i n

response to input E_g) g?;lﬁjlﬁ' HRTF, g(e%,r S|Iate ilter for the
ear nedFPoPse RANRELARPMIRAY R rFﬁPog%)eat@ 4 “ﬂ%te fFEFa}PP% &P S8R d
HRTFconr @entitied §s R$:0M F | 8 &fa ?& 48 obABhteS AIdid E@nﬁ@& f(@rah@ %Eﬁ(szyom t he

speaker (which in stage 43 is also a virtual speaker Stage 43 applies
HRTF, psa,pptymg_@t: yrangeigianetiansas sglave: HR T étRtt edr20f wheretxne(t] iefthe foundt

DK & e AR PR RO P 1P RS K Rp b ko (bR W APt e e DR S BE MR P’ ™

from t hgg(tj Bhiie §ouadhespQaKRTisRNE” @ﬁgl@t&iaifﬁﬁeé}ﬁ)nwdi iBpkt(R(}). Th@HREF; i (Ht ual
| eft rear speaker at the right ear. Stage 43 applies HRTF, ps to FSt) to
gener atie as fsHaera filfer topthercafingaresthersgeskey Arhich Snttagsytaik ervisl SpReKeRi ved as

L) AL S RERESE kR O PR U
speaker43andisparvieial epbahsr) Rithge 43 qpplieh HRAH,{; i@ L(th togdetneragasouah eabeematedt he
et t() ea}rom the left front speaker and perceived as audio L(t) from a virtual left rear speaker at the
left ear, and applies HRTF o to L(t) to generate sound to be emitted from the right front
speaker and perceived as audio L(t) from the virtual left rear speaker at the right ear. Stage 43
applies HRTF,; to R(t) to generate sound to be emitted from the right front speaker and
perceived as R(t) from a virtual right rear speaker at the right ear, and applies HRTF opia to
25  R(t) to generate sound to be emitted from the left front speaker and perceived as R(t) from the
virtual right rear speaker at the left ear.
Preferably, HRTF stage 43 implements an HRTF model that is simple to implement
and customizable to any source location (and optionally also any physical speaker location)
relative to each ear of the listener. For example, stage 43 may implement an HRTF model of
30 the type described in Brown, P. and Duda, R., “A Structural Model for Binaural Sound
Synthesis,” IEEE Transactions on Speech and Audio Processing, September 1998, Vol. 6,
No. 5, pp. 476-488. Although this model lacks some subtle features of an actually measured
HRTF, it has several important advantages including that it is simple to implement, and

customizable to any location and thus more universal than a measured HRTF. In typical
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Preferably, HRTF stage 43 inplenents an HRTF nodel that is sinple to
i npl ement and custom zable to any source location (and optionally al so any
physi cal wpealoar4896cati on) rel ative to each ear of the PCIUSa@9/066260
exanpl e, stage 43 may inplenent an HRTF nodel of 30 the type described in

Brown, .P. and Duda, R, " ructural Mdel for Binaural .Sound nt hesi s, "
EeE TSRS o SelR Th HooR] BRBIobE el ST ERiET OSB! Vol - 6.
No. 5, fRRetiochd PrHA8.; Al tHIoREh { hpSicAndakadeacks a0 BB pRIYBY tecdiQaliiRs of an
actual |y neasured 'HRTF, it has several inportant advantages including that
it is drampleefungtipnsiBTENt andaHB TEugt (mbezddskabaddedawy) dppbied bpstagnéd tchus nor e
uni versal. than a asured. HRTF., I n typi.cal 2010/ 074893PCT/ US2009/ 066230
ol erantiat or &R SRR et i Rgg 40 Rt SarEi A BNCHE JEASYal | 260
t r agsf gbcdtiens e R HRApplRA byahtde MR hksdnds sBec@pPhi 86k dhStin@el da i s al so

enpl oyed to calculate the transfer functions HRTFI TF and HRTFEQF (to be

descr i Beedspedksysy thedpR TEHanp)icd by gga 44 psuperspesific englesoftthe Rhsast &Pntat i on on

t he out S 3 r gi ven set of physical speaker 5l ocations. The
HRTF aplgﬁségﬁ%? Irse?ggeéﬁﬁtggglétgﬁ%s specific angles of the virtual rear

| oudspeaker sStageh ingldrserap@yraddc lngs cagpreddodssenzereapschd vietualgites of the
physi cal front | oudspeakers relative to the |istener. Stage 41 inplenents
dynani SUFaRREandgigtsaap fear @rangleaienygll hased iy the prgpenceef heqihsr shipricknd

1 gt - SHrERUREAIRAD HERPRALSAS Ry IRE he88T flvikRafifie. f eSSl tifAg ot her
cha?nels,dé'r 1nOby 8n@ql itsteﬁllq)ng eio the rep?ro u%gd Sut pu? %e? ?%gp%fog. go

vi r t uallbwéevel Stragechhhndie kips wooldorarmgllp bie maeked tevtbé othier thuahelsrartha&ltse t hat

woul d nor nal Ixcge ngsked béhth ot h(fr channel, s, sol.ft t the.ﬁea_r surround
sound dBHEEHPURESHAL FantRR1a hegrd mpsn{ieguently apg piore mliabhy than withowkidy Ayt
dynam Craﬁg%&%l;ﬁé’s@%egﬁlg@m héb@gﬁnd}&ahﬁ‘é ﬁb?céi@edl@ﬁdi@sé SEhPEERI ¥ad | oudness

of the virtual rear channels by anplifying rear source (surround) inputs LS
and RS dhanzelnlgndmpléaimawayr soeicgt(sureoundl iophis dsdt andithingd namipear wiygehitise L, R,

and C. re ecif.icall irnr espan to determning that |nput .surround
ol dfal DR BERY IR siabai R RS Mk SST AT P ehgan d-PEin RGP T o
(nonl i nggitlsMrowied Aéra¥ EStiObEIbR o proditerahiasin@leshd1aLinpst ggral BS(emnplifgad n i s
applied to signal LS than to the front channel input signals), and in

res pons(éomléleélgl’)efqlﬂtﬁ’ieﬁ@ therfsentichpnpel IRBut Y215dy EGPre aings arpdicd torpigadl Lshr eshol d,
i nput | | : ks i t . . i nput
si gnal s%? ﬂrr% rtfg‘gg}g{lt{]dh?gn%%k glgﬁ?(%)l’ é%%%lgjle%gg%w&%t%rgﬁlh%ﬁﬁ gﬁp ﬁgﬁggntr)]%&’i nput
si gnal she pledetaniabd yhreshopilinpst BAad smplFian@omRdadly pwidtive td thedsinotichnaele
amplified in a nonlinear manner dependi ng on the anpount (if any) by which
cach | SNBEISERASHBIOfhER. Hoipg! e Wélgmf Bgtth%ﬁ todhabentehaprd AR eRgoes”
decor r e afi-Mi, 'i;‘ri})éll‘%gi%ﬁiﬁts i%-anm&b\}/@gtgg&golgfaré ﬁﬁﬂﬁﬁeﬁf 4Rl hedr ANAES 1S

above the thres I

, I's not anplifi 5by nore than are the input front
si gnal slep&atilheon thetaagend @t anyp by fwhesh aab s lpflowitignthleshdl&. BimdoRSuttdatagé s above
the t hréfelstﬂgrl1 gnc{%}(goaeg\ J&mu attio(rjl? (Satggfi: 79 on a pr edeterm ned conpression ratio
When either one of input signals LS and RS is above the threshold, it is not amplified
25 by more than are the input front signals. Rather, stage 41 amplifies each of signals LS and RS
that is above the threshold by an amount depending on a predetermined compression ratio
which is typically the same compression ratio in accordance with which the input front
signals are amplified (by amplifier G and other amplification means not shown). Where the
compression ratio is N:1, the amplified signal level in dB is N - I, where I is the input signal
30  level in dB. A wideband implementation of stage 41 (for amplifying all, or a wide range, of
the frequency components of inputs LS and RS) is typical, but multi-band implementations
(for amplifying only frequency components of the inputs in specific frequency bands, or

amplifying frequency components of the inputs in different frequency bands differently)

could alternatively be employed. The compression ratio and threshold are set in a manner that
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which is typically the same conpression ratio in accordance wth which the
input front signals are anplified (by anplifier G and other anplification
means notwehowm4s9here t he conpression ratio is N 1, tireTaspéoofos@do si gnal
level in dBis N |, where |l is the input signal 30 level in dB. A w deband

1 equerty TERpuRBpdRor of Aptts MR v yrstieart hiles T ol

i mpl em@\t@%ﬁ&aﬁd(swﬁd asmddc kg anIlbbé (1 BEHER Q¥ eRITRIBS @&eSFlgh ViMRalisputs in
specific frequency bands, or anplifying frequency components of the inputs

in diffaetmnt frequency bands dlfferently) could alternatively be enpl oyed.

The conpressi.pn,r.at d thre pre set in a nner

2010/ 074803RAe (obbBrBaRsilt 61 Brisa ittt TR A R S ki 11 4
t he 5ar tpowed @ttetrhiahtis @8t OBk ESthhKP de@Eminh @M ¢ieveht 751u biigeAkduRabnd cont ent
clearly audible (in the mx det er m ned by the Fig. 3 virtualizer's out put) .

FI G 4 dlementFPoud mlé@wamrwlelaemya P ead 7#raoneeaiast it SihQWnollﬂ tthage 41,

conpr | t%h{}%n’i_ﬂ}@t%ﬂoéﬂ@ %ﬁ%eefe%ﬂ Egﬁlﬁﬁ%&%gi QVer 593, O t&fe Lnation

el emren gain ¢t ion e ca ion’ e nents 73 and
74, comredtathigs tBhowindow) of Bach mpmlu%mmttla‘i lsQi’a:Ierfnlil&daH efeagat ’V@\aeti tH{eRVB
power averaged over a time interval, i over, a predeterm ned tine

wi ndow)Smsethigesef; SF?;gﬁt‘HLsgemsq:e@hq gulalél%eéff with é?Yin‘thgaélll sHeHptioelenpy e

S th f

Cgﬁ?u|§%?§c§t¥§%€gﬁ) hégﬁg%gggﬁ%ﬁzgég?zgfggﬁé‘ﬁ%hhngﬁb@§ anp%ifiers 73
and 74 mcre&acahd ldncpmsemm eachspoutsaveoge zlmzlal)mdaftelmeechb]yieldmcnte’b]sie rbspoem: h

i nput'’ verage lLevel). js. deter 'ne el e l.incr ons
o oo PivhR Bt SER P T SR e R hrTeg B el BaBRTeS tiledtnen
i nput . AatlyBine A tlﬁltetc@ﬁéfaﬂt'f&ereﬁlﬁ)nfsé fRanCiapetiavtl ifcPsasé)as RS &nd 8 tydical NPUt

| evel increase) 1 nms, and a typical release tinme (a time constant for
responSwa@tHw3@ﬁquC®@VmIﬁHé®m@a§€Panynzﬁmﬂﬁtdﬂﬂﬁmﬁﬂigﬁhm@UBQM|on el enent

72 eter t.of. nto be a |f| to i nput LS
(£ 43 genaFaPde kiR Poeinflr bt ehPud oraBBHs S oA Rt b Blerc ) Pl eh ¢ ne
cur r entL e kageatk ewedmglffiddDdutsut ASPVER polidiRE bd et ddgdounbhb ¢ M dhdhd anﬁbn& he
current attack and release tines) and the anount of gain to be applied by

anpl i f |aéf¢raza1%1 friputs aRaVg @rdoeé@ﬁéheatb@slﬂcrlé (aidghe Fyuent éﬁ@%mndméﬂsedéwhdu ng

on the g t 20
el ow tha raarsh g%‘grﬁ%ﬁig pbtct PO anHEF 8210 BHE RE]o ?éér?tleﬁ}geg%lrﬁp R pi cal
t hres hoiua’!put RSED&épeﬁdlﬁgu bh tlecah@int hyldzhachtty@cmaént avpgeeselan RSaisiabovesor2: 1 f or

f t f h t wh [ I I b the th hol d I
VD al et T ABRE 0 G108 IR B 3clige GBI at o THICS CHEOR S #F i es |
the regyy 's@ﬂé‘tang ha @Al%o%r&s&ﬁ‘%‘cf&e@ '2bleI}0§ aﬁlg lﬁ&iti\()ﬁ of (Baéhhﬁplfltrﬂfhtn itsn

channel's to hel p enphasi t he 25virtual r channels in the mx en
their hewghstkrém$h6MLC|ently | ow to make such enphasis desirable (i.e.,

when th i nput_sj bel ow t h det d th | d) whil
Ao di ng ex BT aRHET et SNTOR e R PRTaY OF dArEn & IBP L HOR Ehe
i nput  riggt cRRBRNEy Sfe@Nd@cihedl 181aahOWLhE hdnt ﬁ)asaﬁhﬁlelé to%e%@mghatsm thd rt ual

rear speakers belng per cei ved as overly | oud 30St age decorrel ates the
| ed andrtwdl gear chamgslstia tesf mist wlben teir thyei;ra@w Gcienihy tavetp make such emphasis

desirable (i.e., when the rear input signals are below the predetermined threshold) while
avoiding excessive amplification of the virtual rear channels when the input rear channel
signals are above the threshold (to avoid the virtual rear speakers being perceived as overly
loud).

30 Stage 42 decorrelates the left and right outputs of stage 41 to provide improved
localization and avoid problems that could otherwise occur due to symmetry (with respect to
the listener) of the physical speakers that present the virtual channels determined by the Fig. 3
virtualizer’s output. Without such decorrelation, if physical loudspeakers (in front of the

listener) are positioned symmetrically with respect to the listener, the perceived virtual
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| ocal i zati on and avoi d problens that could otherw se occur due to symmetry
(wth respect to the listener) of the physical speakers that present the
virtual onennslw4s9et ermi ned by the Fig. 3 virtualizer'sPoutysats/owizshout
such decorrelation, if physical |oudspeakers (in front of the listener) are

position rmetrlcall wWith respect to the Ljstener, ercelve
virt uaISPegi% afonsgEatls W@F@Céf‘gﬁh EFReE LG &#Séllsw\ﬂfrt ﬁ“ﬂb Eé F}S’trt‘/ﬁl&
li st en%tho\ﬁ% BE 0P ERioR Vi W@ Seabc h AR s (ﬁﬂmﬁe@ bﬁﬁehpmpuﬂststfdesol &é ual
rear channels (indicative of rear inputs LS and RS) are identical, the

r epr odudedicsl, gratproducedsidnabat bothrearsairs also dbentita ahd frdeutrourcennresour ces ar e
no |l onger vir e | stener does not elve t he reproduced sound
NS ot Shset e B B O B By T Byl S bl kR 950 s Chout
decer r ededindQRe listeii R AISELHEitR uﬁmynﬁﬁetﬁy Midrigdedult d€dorielticg SiepRgacddougnned

rear source input (input indicative of sound panned froma |eft-surround

rear scUBcEteadIzer inirgtRonsPPNRRY e uESURRME Yingk Y indisaiéve efgorrshRanmedm
di rectly, ? SEAGE $ {;‘{1& ROy 5 ﬁtﬁ%urJo%ﬁ?Eea%Q&ﬁ‘F@rv%}l sgé{h'tS' IBQ%OHI ddl e of
age eferre

t he pan. avol to as i mage

col | apaﬁre)tljayhaidc(bartweéraﬂlbtpgyilaﬂ ﬁ}oaf $pedarcduringhhe mwdhmbﬁthebarst&@ 41 when
they are jdentical to each other, to elimnate the conmonal ity between them
and t heelsly these PepblemyEor@Ianipieéerred to as mﬁgaéeg%%wmd@ﬁoré%w tho left

conpl e I out put s of
ctage 4100 BrLodRaaLY Epa ST S Bt Bl BpREl o (EFILE PR BT, Siabe a1y,

Each demmmcaiaht}obetwsetnherh@mdhihqrebmo&immgecdokiapsa Schroeder all -pass

reverberator. of the t 15described in hr eder, Soundi n
AU Tl HBersBTa BTt 2ot g B HEC AT g g LA SSETERE Tuly
1962, MR twolOutpiNQ of §tagep@} (ohd Aol atVHRR e UM Of sQR1sI T Uhd RN sthee A0t i Ve,

stage 42 introduces no noticeable tinbre shift to its input. \Wen both
i nput dfeshde¢aredater la@rqfv@blyamlqm@twrac&chr@dela@hp@ﬁh awweberatgr oldbatypeal |

SL8e Rl Setesd ety - RRLEuSubdioR Kru b0 Gt Ml BEaR' T S0

of a tym&aEnglﬂpémwt%qmwf%at PgelANAs, pp pabr220f Vﬁ@‘dﬂl’&ﬂ?ﬂ%e iapht pass
reverberators. One reverberator of the FI%] | enentati on of stage 42 is
a f eedisderndl oistivectagaitddnirefyges —Rumtcerdn lmbéﬁrﬁ}% t®Es ieyi- Aghearboithy ppat

coupl e d I a output is
SOy e bGP LR T SRR L GMELROR i o iigsgg o oot
anpl i f itembr8 khifibic theegdfelct BIhgahastéed hﬁa@h@ noil?hadeu’amat thah c&bethpaanadrpl i fi er

s .asserted to outpu mrati on_el enment 82 (to which the outpuyt of delay
éﬂent 83 iHEYFrods ai’k%ﬁtdéaczyawf & yPdgid HaPlng%ﬁafw%P Hage 4458 2 PeCfout put  of

deI ay & fpRat: aﬁf’% S réeRRE46d. Ofe %@Eﬂéﬁa&o@&‘%é Filg®5 i e%hﬁﬁoﬁ@ﬁéthg‘éﬂ%' nG-

1 thereto, and e output of anplifier 84 is asserted to the second i nput
of i npmfesdhmhiqopnn@h@ng mPUBGumﬂiheorotlhmcntrSé)\/lmrvbgraaltloput@buplh@ tdRregeived

| f 42 eedb | dj ti
ol Brente g Sy T fiatd! et SPeE s BoRet gkl dfit & I ror
from Sta@QEeSA(ﬂeIWeMU)%ﬁd Qﬂirpéiﬁpliffer%ff Sﬁﬁ&lﬁ%}{ﬂl@s Qﬁh @yth@fe%rm% o%uv\/ef ch
applles del ay hereto, and to anplifier plies gain -G thereto.

Thé outtbl&tampﬂlflﬁhﬁlaﬁi‘rqﬂéd tcgqutp@t sagmaﬂowletr@ené g2 ptatwlgdmhﬁtqumt ef dalent 92 (to
o B RY R o1 LTy SR TS RS R DB B R O
del ay Qismﬂtto 9130‘[]163 aagsi€ict 84 whih apphes gain G - 1 thereto, and the output of amplifier

84 is asserted to the second input of input summation element 80. The other reverberator of

the Fig. 5 implementation of stage 42 is a feedback loop including input summation element

30 90 having an input coupled to receive right input signal RS; from stage 41, and whose output
is asserted to delay element 93 which applies delay t thereto, and to amplifier 91 which
applies gain -G thereto. The output of amplifier 91 is asserted to output summation element

92 (to which the output of delay element 93 is also asserted) which outputs right signal RS,
(signal RS, is decorrelated from signal LS;). The output of delay element 93 is asserted to
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WO 2010/ 074893PCT/ US2009/ 066230 anot her anplifier 94 which applies gain 1 -
G thereto, and the output of anplifier 94 is asserted to the second input
of i nput wWOrmnawa7¢esy3el enment 90. A typical val ue of the gacm/ysasoamed2es is G =
0.5 and a typical value of the delay time T is 2 nsec. I n ot her

i npl ement ations, .stage 42 i 5. a decorrelator of a type other_than that
descr i GOGEWMTATHET ?‘@H&%aﬁ’ iefiegih I5, G tlhereto,;aﬂ ﬁl_eﬂy%?ueaf ARt at i on,
bi naur ajssdmRded tetsadhdd ﬂtr@)@hﬂﬁﬁ.@%rﬁfﬁ@timlgmﬁhtr%uw@pi%l JallR 5&9@%@1@0% in

Fig. 6: one coupled to filter left signal LS2 from stage 42; the other to

filter pargtersis §ral.SRBZ af typinrlstehgeof 4k dgy fime appamsat. from Fig. 6, each
HRTF circuit, i npl enents t transfer functioons HRTF(z), and Fcontra(z),
To the out put “BRr SPEGEEas S FERF 4k AR RRR o N M Ry o
val ge q{;itﬁf@@ergﬁ@rtalpigggi, ng filtered). Each of transfer functions HRTF(z) and
HRTFcontra(é) i npl ements a sinple one pole, one zero spherical head nodel
of a type ddseriypied implempatasioasinayralagodl siage 43inciydes papERTFgircgits gt ur al

Model f ' u I SgiTra - ' Audi o
pr oces<ingPe bl R B O icarter ARG e AR, BRARPGRE RN "0
43 (i npighreighdR Sisfram stap@42.6)s i pppdrest ftom Fig: ansdck HE T Ciid udtnisn plddhdiit{ z)
("H(z)") and HRTFcont ra&z]}] (" Hcont ra}%ﬁz) "), to one of the outputs of stage
42 (| ag@rdgnsiegactionsNiRTRpfzanddyRT Feot@)s ¢7 therostryt of taeeabnts fRIIQYS f ol | ows.

I npes 4,0: : i : - I ecui t

R A P e b T S S S

(" QUTcdnnetehs HRTH;g(z) Ghd BR Epplkyi)ngnléreerts anisfpe o@Opelacineans perfiall | ows:

1 st endiead gl o SRR fosVe it Bron ! SRt pRrSBH Pl WSSt o) =
XLR(Z) ,foBBfaGra Rt Syrehdshe” BeunfraheRtishadn $Rech Akt RRG0 Fodek@hd, ear in

response to input L2(z). In response to right rear input R2(z) from stage
42, thedepteheher H¥8- circuit of stage 43 (inplemented as in Fig. 6) generates

audi-o si gnal .an RR a ing the.transfer f tion
FolPous: 2atiabclh FafL) AR R EY BRRLY! s o ERh €0 Uy QG o o
the |i stenansRr gbtio®aHRTF, LS Pens )t Pard WMRTFRZ(@) ¢ TROLHRT K id et (thd

XRR(z), where xRR(z) is the sound heard at the listener's right ear in
r esponstRuss pinghage 4R {abpled gpgnal “AN"iig Fign 6) psthe diseietg-tipp dpeyain asrfolpnes. diy

near est ' ' t 3,/ [ :
RTFCont AT, Pnat S it £z| Mo 8 3 bR T RRRAELo B8, |
speakerx {@h{‘©UTipsiS imbee. 8Baridsx;alz3 ¢ @UVearittadlin Bi3s peakspplyingd be twvinsfeual

speakers are set at approxinmately 90. The tinme delays z-n (inplenmented by
onch dePagHoas atetiowst 5%&%4%5@%@%2&1}?;6 I reupohdd ¢ 9, as is

;gglvsinﬂigs@%ﬁr@g s lse]:ftg;%r HREEp $isE ©inpul, (S ARFHRTIF( L TRNEBU £4 (ASwhile ki dz) B) fOr
the sound heard at the listener’s right ear in response to input L,(z). In response to right rear
input R,(z) from stage 42, the other HRTF circuit of stage 43 (implemented as in Fig. 6)
generates audio signals xg1(z) and xgr(z) by applying the transfer functions as follows:

25  HRTF ona(z)R2(z) = xr1(z), where xg;.(z) is the sound heard at the listener’s left ear in
response to input R»(z), and HRTF,i(z)R2(z) = xgr(z), where xgr(z) is the sound heard at the
listener’s right ear in response to input Ry(z). HRTF;ui(z) is an ipsilateral filter for the ear
nearest the speaker (which in stage 43 is a virtual speaker), and HRTF onua(z) 1s a
contralateral filter for the ear farthest from the speaker (which in stage 43 is also a virtual

30  speaker). The virtual speakers are set at approximately +90°. The time delays z™
(implemented by each delay element of Figure 6 labeled z™) also correspond to 90°, as is
conventional.

The HRTF circuit of stage 43 (implemented as in Fig. 6) for applying transfer
function HRTFj(z) includes delay element 103, gain elements 101, 104, and 105 (for
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function HRTF(z) includes delay elenent 103, gain elements 101, 104, and
105 (for applying bel ow-defined gains b,o, bil, and ad, respectively) and
summat i orwel2erma g3 100 and 102, connected as shown. ThePHRIS2@906423¢ Of
stage 43 (inplenmented as in Fig. 6) for applying transfer function

HRTF t | d | t 106 113, [ t 11, 114,
T 5 19p BT el Ao s Mo SR Bt SpCaudai nuEmens 10 A8d el v)
and SsuimBtdABed 8BRS, FROHRNG ekﬂe%uo@@ﬂage% Eith ASnSRQMY in Fig. 6) fdihe

interaural time delay (I TD) inplenented by stage 43 (inpl erren ed as in Fig.
6) is tapelyded taz}nqumfmmiacéiRTiieoneac)hndedi@;de@Iyeﬂgmnm h(Efezhre?dle g:nn'eleﬁ‘mets

|ntera r.al is,derived ont pl ane as ows: 101 TD
(o7 o L, 8 0 B B iR b d et 85" Bl Al oo iR B8 B 01

anglse, YithnTati®h @¥bdn@Nl [@NHde,128cdnfedtb®ad ddinas Of the Ilstener s head, and c

is the speed of sound. Note that the angles in equation (1) are expressed

in radi ans (Thetineraurd dmegdsdne@sh) freplemﬁeteqi ppstege ¢dlimnlanentad aonddg. @)t hat 0

=0ra S ) h2, i ectly to
i 1o PR RuRLS Bl ol ARG NG R 012 TGRS PRI S0l
wher e Qerised forticharaogeal praneradfollown/ 2 rad| ans inclusive. In the
conti nuous-time domain, the HRTF nodel inplenented by the Fig. 6 filter is:

20H (s,0) = a(60s + s + (3) 2c where a(0)=1+cos(0), and ,6=, with 0 =
azijguth angl gop a (775 AR Qb L N 6) LEOERPSN S, (1)
where 0 = azimuth angle, ¢ = elevation angle, a is the radius of the listener’s head, and ¢ is
the speed of sound. Note that the angles in equation (1) are expressed in radians (rather than
degrees) for the ITD calculation. Also note that = 0 radians (0°) is straight ahead, and 0 =
n/2 radians (90°) is directly to the right.
15 For ¢ = 0 (the horizontal plane):
ITD = (a/c) - (6 +sin 6) (2)
where 0 is in the range from 0 to n/2 radians inclusive.

In the continuous-time domain, the HRTF model implemented by the Fig. 6 filter is:

a@s+ [

20 H(s,0)= Ry

3)

where a(8)=1+cos(f), and S = % , with 4 = azimuth angle, a = radius of the listener’s
a

head, and ¢ = speed of sound, as above, and s is the continuous-time domain value of the
input signal.
To convert this HRTF model to the discrete-time domain (in which z is the discrete-

25  time domain value of the input signal), the bilinear transform is used as follows:
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a head, and c = speed of sound, as above, and s is the continuous-tine
domai n value of the input signal. To convert this HRTF nodel to
t he di scrwoeotovaresodormain (in which z is the discrete-25PCrusdamserival ue of
the input signal), the bilinear transformis used as follows: WO

2010/ 074893PCT/ US2009/ 066230 2a( 6)1 z -16 + H (2) —a(61)s + 13+1fs | s=2
fs( Sz-i ,z+i,2 z +1 fs RR )+--2a(G) z' fsfs +2 +2)z-' fsfs
I f the par angt(e)r b@&))@q—f/s(l)m equatlé (z391 |str edefined as 2c = a fs

- s+f = Zfs[z i] 2(Z__1j+ﬁ
z+1) fs

4
B B -
+2a(0) |+ 20(0) |z
_\Js Js
b +2 |+ b 2z7
Js Js
If the parameter beta from equation (3) is redefined as
2c
= , 5
B 5)
S5 where fs is the sample rate, it follows that
+2a@)+(f-2a(@)):" _ b +bz”
H(Z) — (ﬂ ( )) (ﬁ (_1 ))Z — 20 IZ_1 (6)
(B+2)+(B-2)z a,+a,z
10 The filter of equation (6) is for sound incident at one ear of the listener. For two ears

(near and far, relative to the source), the ipsilateral and contralateral filters of the Fig. 6 filter

are determined from equation (6) as follows:

by, + bilz_l

H, . (2)= P (ipsilateral, near ear) (7)
i0 il
15
-1
H e (2) = bco+—bdz_1 (contralateral, far ear) (8)
acO + aclZ
where a, =a, =a,, = +2, 9)
a=a,=a,=§-2, (10)
20 b, =B+2a(8), (11)
by =p-20,(0), (12)
=fB+2a,(0), (13)
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(5) 5Swhere fs is the sanple rate, it follows that H (z) =(13 + 2a(61))+
(13 - 2a(61))z-1 =bo + b, (6) (6 + 2)+ &6 -a0 + alz 10The filter of
equat i on WO)0im7i898 sound i nci dent at one ear of the |i PCENSL009M6623¢ WO ear S
(near and far, relative to the source), the ipsilateral and contral ateral
filters of the Fig. 6 filter are determ ned fromequation (6) as follows:
15 bio + Hlp%i:(éij%(Q?o + bco + bciz-1 Hcontra(lf')z =-lac aclz

(i psilateral, near earb(_?g)oo(cont,r?é)ateral, far (?%r)(8) where ao ai o

aco = 13+ 2 c’xi((@)=1+cos( )=1+sin(#), and
o, (0)=1+cos(8+90°) =1-sin(F) . (16)
5 In alternative embodiments, each HRTT applied (or each of a subset of the HRTFs

applied) applied in accordance with the invention is defined and applied in the frequency
domain (e.g., each signal to be transformed in accordance with such HRTF undergoes time-
domain to frequency-domain transformation, the HRFT is then applied to the resulting
frequency components, and the transformed components then undergo a frequency-domain to

10  time-domain transformation).

The filtered output of stage 43 undergoes crosstalk cancellation in stage 44.
Crosstalk cancellation is a conventional operation. For example, implementation of crosstalk
cancellation in a surround sound virtualizer is described in US Patent 6,449,368, assigned to
Dolby Laboratories Licensing Corporation, with reference to Fig. 4A of that patent.

15 Crosstalk cancellation stage 44 of the Fig. 3 embodiment filters the output of stage 43
by applying two Hrrr transfer functions (filters 52 and 53, connected as shown) and two Hggr
transfer functions (filters 50 and 51, connected as shown) thereto. Each of transfer functions
Hire(z) and Higr(z) implements the same one pole, one zero spherical head model described
in the above-cited Brown, et al. paper (“A Structural Model for Binaural Sound Synthesis,”

20 IEEE Transactions on Speech and Audio Processing, September 1998) and implemented by
transfer functions HRTF,i(z) and HRTF onia(2) Of stage 43.

In stage 44 of the Fig. 3 embodiment of the invention, time delay z™ is applied to
the output of Hiyrr filter 52 by delay element 55 of Figure 7 and combined with outputs
x11.(z) and xg1(z) of stage 43 in a summation element, and the output of this summation

25  element is transformed in Hgry filter 50. Also, time delay z™ is applied to the output of
Hiyr filter 53 by delay element 56 of Figure 7 and combined with outputs x;g(z) and xggr(z)
of stage 43 in a second summation element, and the output of the second summation
element is transformed in Hgrp filter 51. Output x11.(z) of stage 43 is transformed in Hyrp
filter 52, and output xgr(z) of stage 43 is transformed in Hyrr filter 53. In filters 50, 51, 52,

30  and 53, the speaker angles are set to the position of the physical speakers. The delays (z™)
are determined for the corresponding angles.

The crosstalk filter and equalization filters Hyr and Hgrr have the following form:
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== aci =13 - 2 ,(10) 20bio = /3+ 2a i(61) ,(11) bit = 13- 2a i(61) ,(12)
bco = 13 + 2a ¢ (61) ,(13) WD 2010/ 074893PCT/ US2009/ 066230 (14) ai (0) =1+
cO0s(0 -90yo=0t0/0548930) , and(15) cr, (0) =1+ cos(0+ 900) PETAISSI0M(069230 ( 16)
5In alternative enbodi nents, each HRTF applied (or each of a subset of the
HRTFs applied) applied in accordance wiith the invention is defined and
applied in the frequency domai n (eﬁgg+_eaz(}h Si gnal to be transfornmed in
accor dance V\% ucH EBTFbMHdelrzgloesbotl mg- domain_to frequency-domain
transformati WF( s [hen appl igd o théIF)ESUHI ng frequency
conponents, and the ns(ytﬂrmé1 co dmgenzts t hen undergo a frequency-domain
to 10ti me-domai n transforrratl on). i The filtered output of stage 43
under goes crosstal k cancel l ation i na stgge 44. Crosstalk cancellation is a
conventi onal operatl on For exa Ie—+mblze1rrent ation of crosstalk

cancel | ati ongin @ sur Foundhsiotiad vilkt uBlhi zer | sigescribed in US Patent

6, 449, 368, as§?F ned HI(igz)DoIbtgw}J,_@bbra?[orbﬂes1 Li censing Corporation, wth
reference to Fig. 4A of t hat pat ent . b15Z Crosstal k cancel l ati on stage 44 of
the Fig. 3 enbodinent filters the outp(ﬁt of stage 43 by applying two Hill

t r ansf apit thaGtdn@mSpatdrhdit® s ibeyuanoha®)-(rmapeet ed as shown) and two HEQF
transfer functions (filters 50 and 51, connected as shown) thereto. Each of

transfer furéthicons itregignals mpuHRGRINBREPehe R §ig Rds ewatsT 8198 apol e, one
( nSr PSR R8RS gHRREOL AR IE ALY S PN Uelo Moja PRDST

Speech saddcifpping® Picdeftssiroghd Gepitdier st:hgé)&) iS&Tﬂ)@hUlIIfﬂdl \ellntealhphifletzycehteansf er
functions HRTF( zé Hs%fH F,ontra(z) o f;\e43 sta§ f t he F 3
enbodi fBARNHINAURE anAREhETPRHNPY I Tal chgnng] ?Hnil@atéfﬁ‘pq Fraentt 68?‘}88%

HETF fidid&£Ln38 ugéferggésq}fni%lng rﬁ?ﬁﬁut@f_’?)?zls gl_i'o%rlﬁ‘ . %n@h&ﬁgﬁ' sﬂﬁguﬂﬂ &ﬁg&%@ Ut S

Xu, (z) and xRL f stage 43 in a sunmation €l enent he out put of

t h| S sureEe éh 152(53ﬂ1ten&ﬁhwlth anmhacdsteJMm‘Mamrwl hEﬁFCfalnﬂtght ﬁ@nt il & intrighe del ay

z qbl S c%gl?rllell glgm}n(a)lti(grt] e el%lé;[llp ﬂt, ar?c[ the output of element 31 also undergoes limiting in

limiter 32 as shown in Fig. 3. In response to the unlimited left output of element 30, limiter
32 generates the left output (L") that is asserted to the left front speaker. In response to the
unlimited right output of element 31, limiter 32 generates the right output (R’) that is asserted
to the right front speaker.

15 Limiter 32 of Fig. 3 can be implemented as shown in Fig. 8. Limiter 32 of Fig. 8 has
the same structure as the Fig. 4 implementation of dynamic range compression stage 41, and
comprises RMS power determination element 170, smoothness determination element 171,
gain calculation element 172, and amplification elements 173 and 174, connected as shown.
Instead of raising the low levels of the inputs, amplification elements 173 and 174 of limiter

20 32 lower the signal peaks of the inputs (when the level of either one of the inputs is above a
predetermined threshold). Typical attack and release times for limiter 32 of Fig. 8 are 22 ms
and 50 ms, respectively. A typical value of the predetermined threshold employed in limiter
32 1s 25% of full scale, and a typical compression ratio is 2:1 for amplification of each input
when its level is above the threshold.

25 In some embodiments, the inventive virtualizer system is or includes a general
purpose processor coupled to receive or to generate input data indicative of multiple audio
input channels, and programmed with software (or firmware) and/or otherwise configured
(e.g., in response to control data) to perform any of a variety of operations on the input

data, including an embodiment of the inventive method. Such a general purpose processor

20



HTT filter 53 by delay elenent 56 of Figure 7 and conbined with outputs
XxLR(z) and xRR(z) of stage 43 in a second sunmation el enent, and the out put
of the seworndioguImsyat i on el enent is transforned in HETF PCTiusSe00806626Mt put

xI'l, (z) of stage 43 is transforned in HiII filter 52, and output xRR(z) of
stage 43 $ ra sforne n H TF f| Iter In fil ers g i 52, 30and 53,
the speXRaf 1% e&P‘éP {0 PP PESi ‘fﬁoﬁ st AR/BH KRRISFIEREPY: The

del ays 4,3 aﬁsp@a;ﬁd&%em &%{41 i Ehetfhg ygrsfe%&smb@gn@e&k%d inl @gerfemsst al k
filter and equalization filters Hi and HETF have the following form WO

2010/ 0 838POIICES2009110B628 (. the BHES, wz{ﬁshemgﬂa®zymﬁﬂnb(£C@ﬁb@9ﬁt++ bci
ZHIZI( Z) :qiroonl%,i r‘i)ghldfrlo-rllf léf% I)earb Ialnd nghtlr-gazlr atl)lidlo %But cjfrar]fne-'l-s,aaga- %‘Léugi 9 d% being HEF (2 =
5 output data indicative of output audio signals. A conventional digital-to-analog converter
(DAC) could operate on this output data to generate analog versions of the output audio
signals for reproduction by the pair of physical front speakers.
Figure 9 is a block diagram of a virtualizer system 20, which is a programmable audio
DSP that has been configured to perform an embodiment of the inventive method. System 20
10  includes programmable DSP circuitry 22 (a virtualizer subsystem of system 20) coupled to
receive audio input signals indicative of sound from multiple source locations including at
least two rear locations (e.g., five input signals C, L, LS RS, and R as indicated in Fig. 3).
Circuitry 22 is configured in response to control data from control interface 21 to perform an
embodiment of the inventive method, to generate left and right channel output audio signals
15 L’ and R’, for reproduction by a pair of physical speakers, in response to the input audio
signals. To program system 20, appropriate software is asserted from an external processor to
control interface 21, and interface 21 asserts in response appropriate control data to circuitry
22 to configure the circuitry 22 to perform the inventive method.
In operation, an audio DSP that has been configured to perform surround sound
20  virtualization in accordance with the invention (e.g., virtualizer system 20 of Fig. 9) is
coupled to receive multiple audio input signals (indicative of sound from multiple source
locations including at least two rear locations), and the DSP typically performs a variety of
operations on the input audio in addition to (as well as) virtualization. In accordance with
various embodiments of the invention, an audio DSP is operable to perform an embodiment
25  of the inventive method after being configured (e.g., programmed) to generate output audio
signals (for reproduction by a pair of physical speakers) in response to the input audio signals
by performing the method on the input audio signals.
While specific embodiments of the present invention and applications of the invention
have been described herein, it will be apparent to those of ordinary skill in the art that many
30  variations on the embodiments and applications described herein are possible without
departing from the scope of the invention described and claimed herein. It should be
understood that while certain forms of the invention have been shown and described, the
invention is not to be limited to the specific embodiments described and shown or the specific

methods described.
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bio wwth the a and b paraneters as in equations (9)-(16) above. If the sum
of the signals input to elenent 30 (or 31) of Fig. 3 is greater than a
S5maxi numwbI2omwad489evel , clipping coul d occur. However, PPCRiUuSe00982206 Fig. 3
is used to avoid such clipping. The Ieft surround output LS of stage 44 is
conbined with anplified center chan |nput Cand left front input L in

| eft channel sunmation el enent 30, e out put of elenent 30 undergoes
i m ti nghhis biafthdek: 32 as shown in Flg 3. The right surround output RS of
stage 44 is conbined with anplified center channel input C and right front

i nput R in rli ghturbond hamdelirtealivation mathel! éorempd@ing @mpluttS@latSLpout of el ement

31 al so_under s limt ter onse to
Che unPPORSRaR:e 1 Pt spitReryo sbreif AReBrR Py B afuePrafieer

out put foke bf tHeghykisalas&eibhed atlacatnbﬁ ih ekét Ifr@ntsosPERI¢Elions! fhid BRRRASE to t he
unlimted right output of elenent 31, limter 32 generates the right output
(R) tHa¢ludige doséensed to the right front speaker. 15Limiter 32 of Fig. 3
can be i npl t r t he sane
ctructur o aq ppaciog & RAR ol plsdnalbpile hedtts Olm el sl | 00 SFrge
41, andoeivps,i gﬁﬁﬁaﬁb@@mﬂ sigetle nsefolafor dﬁvmg em]iealae?ﬂat therploysivabBgations

deternlnatlon el ement 171, gain calculatign elenment 172, and anpllflcatlon
el enent!8 eMFOYAE thptihe 1@%@&@6%@&8 §%t\%ﬁg fopstaisherap soures IOFHipne HBCIPGRE | evel s

of the yyHutSm [ A et) &SR udhd dioRhis! 4o ter 20 32 |ower
t he S|gg§R peaggqgk L puﬁ@gﬁ t% %feng ? e??hé} one of the inputs
i's above a nbbgﬂmenmmmhdmnnnsgmmmdmﬁxﬁymwaaMmamUQUMiagmﬂsmhbﬂﬂamtomas for

limter 32.of Fi nd 50 respecti vel |caI val ue of
the. pr et dfm Ao stenat Fedfie Bt ROy mat it date bRt e dsmpd FRI | voal e,
and a hﬁﬂk@@%:ﬁ&ﬁﬁBﬁ%@kﬁQu&ﬂ%hélmﬁn%e%uﬁﬁfmgﬁﬂim%&@@ﬁlﬂﬁdﬁﬂngaﬁ@ i nput when
its level is above the threshold. 25In sonme enbodi nents, the inventive

Vi r t ualspeakerssyf sheephyissablocitivek w@gltaogeiﬁéatahe bs.tmpﬁweromvg@esgomn@fxpmed to

receive,or. to erate input dat e af nultlple audi o i nput
channelge“? P ?gb?%ﬁW§8n£HPﬁl ﬁfﬂggmm? lH?’@ﬁ%aPe) and/ or ot herw se
configured (e.g., in response to control data) to performany of a variety
of operations on the i nput data, including an enbodi nent of the inventive
net hod. Such- dhgawéas Ofﬁlﬁﬂiﬁds évhﬁf%%%éﬂdﬂam\ﬁ@agmwa%mpm@m@@/yo66230
woul d t | I evice (e.g., a nouse and/or a
keyboaf%@?ﬁgnﬁ%ﬁ@?CQREﬁgﬁgig?s §§pﬁg£|%e For exanple, the Fig. 3 system
coul d be inplenented in a general purpose processor, with inputs C, L, R
LS, and RS being data indicative of center, left front, right front, |eft
rear, and r .39%6 Oda&f&? 24m; ko pibereathstin 6) dnclugtd aoifpl s Tprmigg dhedyngaiing
50Ut PUtyg Al @k \ResRAihGaiRl bw&%ﬂ%ylﬁg@m SRS aufhi AR ANA cvel

digital -to- an | og convert DAC)” coul d operate on th s outp data to
generaﬂwkamapn@ewenmwdﬂueﬁmkih@amummumwammmndqmgmagsmﬁkﬂmn@pnbﬂudﬁﬂnn by
t he pai f.ront  speakers. Figure 9 is a block diagramof a

f physic
virtuaﬁﬁ%g?e ﬁ@@ﬁﬁ 6ﬂlWW|5ﬁ is a programmabl e audi o DSP that has been
configured to perform an enbodi ment of the inventive nmethod. System 20

4. The method of claim 3, wherein the level is an average level, over a time window,

of said each of the input audio signals.

5. The method of claim 1, wherein the dynamic range compression provides improved
localization of sound from the rear source locations, relative to sound from at least one said
front source location, during reproduction of the output signals by the speakers at the physical

locations.
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10 includes programrable DSP circuitry 22 (a virtualizer subsystem of
system 20) coupled to receive audio i nput signals indicative of sound from
mul ti pl e woune7kg9dat i ons i ncluding at | east two rear | @cattsomw/oé@3y., five
input signals C, L, LS RS, and Ras indicated in Fig. 3). Grcuitry 22 is
configured i esponse to.control .data fromcontrol interface 21 to perform
an enbodi mert 15 PO GhrEHe b & b PhydCdsReatsers BPbUIanEPFsht Whannel
out put ANGEA 18608 SredR ronfRtdhRlisteAQ@! adeRIPEAVELIRABs B sRpRAlobn@htifKAi cal
speakers,; in response to the input audio signals. To program system 20,

appr oprandtrighs sifrtonad eigingls ais ssponsd t6 kedimndmighk tear mplt pgodessor to contro
interface 21, and interface 21 asserts in response appropriate control data
to circuitry 22 to configure the circuitry 22 to performthe inventive
method. In opahdiicivd @RlAmd, whoRh (BRI hadueeRe aeRbf GWeREnb ehdRithar m
surround sound 20virtualization in accordance with the invention (e.g.,

vi rt ualsighats ig yespemseo thyr sumjognd gipngls, aaddipresponss t¢ adwdt weuimwdiq peral audi o i nput
si gnal i.ndi cati .ol e r. I t - .udi ng at
east tugEREHMOIE BomanHRtrohl AL B OGS (BHR S BREUREYEL S,

oper at isonsd fromtdeght Miput s@uel locativnagke 4 camtertioput asdivsldnakbislicuiivd efadouzdit i on.

In accordance with various enbodi nents of the invention, an audio DSP is
oper abl &R 8 CpREE BPRhSARCE Ms8HPrent 250f the inventive method after being
configured (e.g., programmed) to generate output audio signals (for
reproduction by a pair of physical speakers) in response to the input audio
si gnal s by peffhonmitngl dfleéaimer, nddredmste é)iimgudesaustipoofgiegeratisg a phantom\Wi | e
specific engggi nts of th resent invention and applications of the

i nvent i%6RAh ngg‘Br’ies@%?rtPgléeg“eﬂEqé?Wf NUPOR/EP be apparent to those of
ordinary skill in the art that many 30 variations on the enbodi nents and
applications described herein are possible w thout departing fromthe scope
of the inverit ilba nbdyskdflsbdman avhelean thedlyhamisi mngd eonghessla fyeviderdierpsewdd t hat

whil e certain forns t invention have heen shown . and scribed,,the
vent e PEnlrom iy Bt SR RN RS P RRDe RNEUA PR L5EELER B Ane
shown qFort BeursPRLAlid; diBEDRGSIMESST bDBE outp Wi ZEHOH ViR 8 PSREN dJTRGI41066 230
Clainms What is clainmed is: 1. A surround sound virtualization nethod
for prd@eAioAy out put signals for reproduction by a pair of physical
speakers at physical locations relative to a |istener, where none of the
physical locations is a location in a set of rear source |ocations, said
met hod i ncl udi. ige tdeehosltod priraf7, wherein th¢ dynamicrresgeansgréscionnppdrf@tadidysi gnal s
i ndicative of sound fromthe rear squrce |ocations, generating surround

si gnal SO0EBFRIRMPGHCHIANAL AR AR WKL at t he physical |ocations to enit
sound that the listener perceives as emtting fromsaid rear source

| ocations, including by perform ng dynam c range conpression on the input
audi o si gnalld; Thaithethod of clabh 7gwhercat steg (2 hrelwigs puytepsit grdbsning theesponse to
t he suryound signals and at ' audj o signal,. each said

| at.h
ot mer TR Gt or e ERE Ty NGBS factt e BPPLEEL PGS bRAT 2 Sour ce
| ocat i qByel SOk 4

;Iby@aeté@ﬁnwmm@i if @leﬁlil?eraﬁnﬁﬁﬁérlﬂef)érﬁﬁngjéﬂ eRehdulieby peaker s
at the physical locations to emt sound that the [istener perceives as

em t t i nghith dmlevedishedow dwuhesheldcat i ons and from each said front source

| ocati on. 2. The nethod of claim1, wherein the dynam c range
conpression is perforned by nonlinear anplification of the input audio
si gnal s. 12. The method of claim 1, wherein step (a) includes a step of generating the surround

signals including by transforming the input audio signals in accordance with a head-related

transfer function.
13. The method of claim 12, wherein the input audio signals are a left rear input signal

indicative of sound from a left rear source and a right rear input signal indicative of sound

from a right rear source, and step (a) includes the steps of:
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3. The nmethod of claim1, wherein step (a) includes a step of performng
the dynam c range conpression including by anplifying each of the input
audi o si gwealeioayvsomng a | evel bel ow a predet erm ned t hr ephmiu$2000/06628@nl | near
manner dependi ng on the amobunt by which the |level is below the threshold.

4. The met hod o cl ai wherein.the. level, is a ra e over a
ti me w ndow, tratS‘F 05} tg]%fqﬁt 158 PR Silgf’i‘ﬁﬁ‘c N A 6IANGS; %%eagrelate%“aﬁﬁﬁ%r met hod
of cl aifhdionWh gé@raefaffﬁstdm@mzed h@ng @@91&9&%&%% sBERV 88 Shé 1RIENMed

| ocalizati on of sound fromthe rear source |ocations, relative to sound

f r om atsohwass ingrkensatiadefteant! tholistererlaod atseamd Vdurahngi awho edodtindipatofe t he

2010/ 073809 T8 BBaa Yot o TeidegCa R Rl PER R L “wner ei n the

physi cal speagkefosmaicahé FiohtredrdHASREMKPISiccdrigndeRYit Bi8lhedDERtbOREnsBre i N
front of the listener, and step (a) includes the step of generating |eft

and ri gHECUSrtp GoRRIats jadhisd §n“iuﬁhzeésqyéwssegrtaé indégative Alisquing fgong @&rﬂghh@at

si gnal s sou e as 1 c%deng_gﬁh ﬂ:%gof) (flsi%hgl) a@ﬁd a%ﬁft?'vn} %h%i’i E‘UE él al Hgﬁ\cs UR,Qe step
of genera out u inresp Surround si and
in respﬂrsslendﬂnom t]heeﬁghtlrapubumuds mcﬁiegnalthe nghteat a)ﬁ/tee tiktesa@und from a I eft
front source location, a right input audio signal indicative of sound from
a right front source location, and a center input audio signal indicative
of sound from I bt repith 1SQHERS 4t§§gat>a&ﬁhdesasw o oedBfifEhE g Qfngc! @i m
7, wherein step ( Includes a step of génerating p antom center channel
i n respmb ihduding byeatferminp patorsldion e theaiput audio sigBals.The met hod of claim
7, wherein the dynam c range conpression provides inproved | ocalization of
sound fromthe rear source |ocations, relative to sound fromat |east one
said front sGUTREeBfALIORIMAUGNBRIT 885 QY UEIIRE aQfepldt@eRUARIM (hek@RAna DY
the speakers at the physical [ ocati ons. 10. Ji)'he nmet hod of claim?7,
wher ei rsignabs idginding by marfgeniog eprsesdk omdeHatper drothpetpubyudionignmlear
anplification of the input audio signals. 11. The method of claim7,
wherein step (a) includes a step of perform ng the dynam c range

conpr essi on lieNTheltHet@dy cril 1l itReh @aphy Qéalumsw&aﬁs addiia@plsdr@hahsé havi ng
a level below a predeterm ned threshold In a nonlinear manner dependi ng on
t he anoifit(abyp PRHPERCE Mthow perfomaing grasytalk eancel@imginghe input audig sigige et hod
of claim1, wherein step (a) includes a step of generating the surround
signals including by transformng the input audio signals in accordance
with a head-I7ellat egthodarfisfagmn 1f wheteirostep (a) include8 theldapsmgt hod of cl aim 12,
wherein the input audl S|gnals are a left rear input sigpal indicative of
sound from aaer@f‘ffnn.géla«? HHHE ENgRQORPISYAR OF HerNPHIUHIOSI 4 10 i2RRATRSt i ve of
sound fdy ARto LiedMis-source, and step (a) includes the steps of: WO
2010/ 0748 3PCT/ US2009/ 066230 transformng the left rear input signal
i n accor dangeriwithingtdecorndatthir @l tht edmpreasedfagriof sigreds topebaagelerratlged fir st
Vi rtualléed au |o signal indicative of sound fromthe |left rear source as

i nci derft'“4t %ft ear of the |istener and a second virtualized audio
signal indi q%gfbemﬁi‘g tBOURDrel@50 £ue) di fdls IMBREAMIGRIAS hédUCHet ralsfed i ght
ear of the listener, and transformng the right rear input signal in
accor ddresion tp lgendrete yirarilived andieisignalsighdr function to gener ate athird
virtualized %ﬁfdl 01nS|c (g]s"g‘ltalkngl %ﬁt 1(yne O{he VII, uagmec{ i& hlenarlls enpradd (ugour ce as
inci dent at RS TERT EE A RRENTEYERES our?l% vir % 1*Zed audi o

si gnal sufdugatipvgs.of sound fromthe right rear source as incident at the
right ear of the listener. 14. The method of claim 1, wherein step
(a) includes a step of generating the surround signals including by

per form ng r : 'gﬂ@pﬁ, t hod
of claiml1, dl%%r%?ﬁ%% g%n?gf&thﬁig%u e S%Hfsj(%oglﬁ%{#e% ?1re0rd gcﬁ' %utp &t%lgn-%?fp gﬁnd

si gnal srepmdhmnhnnng dypaiperphgsinalngeakesss phadikal ¢<wat1e1hd Iatame\tcomlmthm:r; wire audi o
signal s.

none of the physical locations is a location in a set of rear source locations, including:
a surround virtualizer subsystem, coupled and configured to generate surround signals
in response to input audio signals including by performing dynamic range compression on the

input audio signals, wherein the input audio signals are indicative of sound from the rear
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16. The nmethod of claim 1, wherein the physical |oudspeakers are headphones
and step (a) is perfornmed wi thout perform ng cross-talk cancellation on the
i nput audwo 2810grTad9s. 17. The method of claim1l, wreraiSromseq23¢ a)

i ncl udes the steps of: perform ng the dynamc range corrpressi on on

t he i nput audi o signal at e ressed audi o si

per f or m°HF® 89‘?%%‘&‘? FhBﬁ“HH‘%tfﬂ ‘t?gsrri{Félé %4 HVlé‘ggltegtPﬁf‘ Tt 't'} tb%ﬁlébr%ﬁaé

decor r qbakds %@s&rnanﬁttshe listener ptrcenég‘ grerﬂurtglgtfh&nqga%arr%@fce@oceu&rso
signals in accordance with a head-related transfer function to generate

vi rt ualdanded audi o si gnal s; and perform ng cross-tal k cancellation on

the virtualized ratethes A
surround. sout vR Ty FodeRuRiel Juf kel & aFad R Pdat Bl arrersnal -
for reppadiiioand Bgnas B &t 184st PRYSthEdihp SRS Snadlealysd 6@kr iInpGEdddaNS
relative to a listener, where none of the physical |ocations is a |ocation
in a seigns}indicativaelsouad fiogmt fespestive Fenugiupg: location, sugh dhat theumdpwisienalsl i zer
subsyst gﬁ‘ﬂ?} &‘f'w Qﬂle.csﬁE'%ﬁegwt ?&b@h%sﬁﬁﬂ%éﬁfo%s ?&é&ﬁ%@&ﬁh&’tﬂé ﬁst%&rr esponse
to inpu 10 sigQ s i ncludi ng performn npr essi on on
the i nma:tceawdra@emtgngﬁsm t\hheafaeisdsurtdnbchttrputanat{i@noea&hgmalfﬁ)nas@rcmkabbaaatm ve of
sound fromthe rear WO 2010/ 074893PCT/ US2009/ 066230 source | ocations, and
the surround signals are useful for driving the speakers at the physi cal
ocati ons {0t %fﬂgfélgﬂlé%ér&ﬁtt B GEMARr3ToETh  Bonido0 sai d
rear source |ocations a second subsystem coup e confi gured
t 0 genepatdomhthealynpuic mhgmaingpressiondgpomdiecdrty a;ril;dlfglmgrthmmputsa@nahgnaémd at

| east one ot her input audio signal, each said other input audio signal

i ndi cative of sound froma respective front source |ocation, such that the
out put si gnadps TRE §ysusebiitlafno1 8 AihctéiRghd ReroSRE @ﬁﬁl%ﬁz@tsuﬁég@eﬁm’ ehe@dured

| ocations to emt sound that the |istener perceives as émtting fromthe
rear sog naeréomodmdyemslcamlger Goomresshn 19e1udung bormpdibying eadhoddbd ipput audio 19,
The syst em (%1 m #]% the 2‘{1 virt arzer scpés&

conf i guted™ VB“éraf OFt F‘r?év %li}rﬁge eenpsd Pt Rhpagion A=By ORI TR %HP%/OH

anpl i f yhegmbire byrith tledévl i @Ak she threshold20. The system of clai m 18,
wherein the surround virtualizer subsystemis configured to performthe
dynam c range corrpr ession including by anplifying each of the input audio

I's h
anner - deperd! AR S tenal SUILE B F R R G L LR AU N Bk EE o o,
21. Thehsysteimdofroeliaemub;sienhroeiples & ttesiys tiermps aadioasighats, diegetald si gnal

processor, the surround virtualizer subsystemis coupled to receive the
i nput aSHBrYéteérr ﬁr‘fél}lléleg {fhidc oyl diipdlizst sy e dupreye iy wreuadrigaiind

vi rtualj,aene s%HQ;?chﬁib?éj@térH id ?let‘i% E&%w%%&f’éﬁ'ftﬂot%ﬂﬁl htsaudﬁﬁﬁ fdie second
subsystemis coupled to recefve each said other ut aud | si gnal .

22. The systemof claim 18, wherein the surround VI rtualizer subsystem is

configured t rformt d range conpressi ch t hat sal nam c
Conge e ompr sl B BHGY PhSa R MR FaReBer SRS o TG ar
sour ce th %ﬁtﬂn@ﬂﬁ: dyh%%ﬂaﬁ% SnpTedsnsh squlQ Madbaid @?&ﬁm@ RehgSbhpldseibh sour ce
| ocation, during reproduction of the output signals by the speakers at the

physi caroyidesimpopied localizatiqgof sphed E’y@ttbfmﬁ@f s@ired lecat®nsvinkatiee &Ohed physi cal
speakers, A1e L a0t L HARPERKE S el RS RN SRl AGAITANS BlG i aRt of the
listener " £hé Inp ut ' audi 0> S| nasareféffpan rrqn rea t s"rgnals
and the;psakrefmmlekphyrsiculallot:zztﬁrnssubsystem is configured to gener ate left and
right surround signals in response to the left and right rear input
signal s. WO 2010/ 074893PCT/ U82009/ 066230 24. The system of cl aim 23,
wherein the seqaod JubsYSham § SyRoghigRGichR, mggﬁjeqrotnbﬁ)ugéﬁeﬂklérs shgnal s
in response to the surroun gnal's, and- in response to a left I nput audio
si gnal phrysir:a:labctasnenmresmﬁndt cﬁfrthertiaeﬂmfttletirrpmmauchomgnels Iamdaftramhmght nearght i nput
ive of sou cation, and a

audi o si i ica fro ari ront source
center I ﬁtgna dr%l tilr @rrarunﬁrratteie Sf“%%rﬁﬂm%g‘brﬁtiéo gAIsFRe ﬂ? BArbur ce

l'ocat i Qfrround signals in response to the left and right rear input signals.
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25. The system of claim 24, wherein the second subsystemis configured to
generate a phantom center channel in response to the center input audio
signal. WO?201026489Fhe system of claim 24, wherein the secrase@wseBual i zer
subsystemis configured to performthe dynam c range conpression so that

said dynamc, r e conpressi rovi des i oved |l ocalizatiqn of sqund from
t he rear so&‘lciﬂg@@é&m 8#1 aim gig’j’a%ﬁlfé‘nlt €6 S%Fbgﬁ‘?r%fs_ G98, §Fregﬁ%g§%rﬁef ront
sour ce hoe@bhRenatlihirBoh &L ARG H0RRA SfenhiBEindUA PUbosiedn @&t Rput NRISPeaker s
at the physical | ocations. 27. The systemof claim 24, wherein the
sur r ourstiznal mdisative el sownd Spst &lelt fsont spfrcg locetdon, o right fnpphaudhesigyalani ¢ r ange
conpr essi.on. by .nonl j near| ljfying the input audio sigpals. 28.
The. systUfsPar 5 sl Bon! s desaSortiln sPampe b0 &)t em i s
conf i guh@datve dIRHER My heeliR BThCsouARI6caEBAPT essi on includi ng by anmplifying
each of the input audio signals having a | evel bel ow a predeterm ned
threshold in a nonlinear manner dependi ng on the anpbunt by which the |evel

i s bel ow t het - : S [ '

surround vi PRuAs SoTTL o 2 therdl Rk EbER B fi A bR MR B TR

si gnal hanohudinrg chyhniel mnsfponrd taghd bentérrippiit aadidisiznal.gnal s i n accor dance
with a head-related transfer function. 30. The system of claim 18,
wherein the surround virtualizer subsystemis configured to generate the
surround si gnalrfe LARLHOF OGinPY4 REIEAR TG LBREY RbALIQb QB cbfiedudi O

si gnal s. o 3ﬁ.ﬂ%he systenfgggc?ain118, mggreﬁn t he uFrouﬁd&? rtual i zer
subsysttepeifernc grefdygamedahge geneeatam sohkatsuidrdynmdicsiaggeadsnpraciandgirngdesy

2010/ OPIRGHRETGR09 B agarom (8 e Ebe A ol e R BomMANGHE! n ¢ he

physi calnesRi@aki SodtEeloRaaid BeNESepRiubiéh SURE BUREL Mol UR) he pcakbRIY HeeM i S
configured to generate the surround signals w thout performng cross-tal k

cancel |pysionl logatiohe i nput audi o signal s 33. The system of claim 18,
wherein the surround virtualizer subsystem i ncl udes: a conpression
stage coupled to receive the input audio signals and configured to perform
t he dynani c 27amge s IR HESSIN® D4,0hcEéh thd uptdlin@wiHualisdrgosdystehOis g6ieTaé®
conpressed audi o signals; a decorrel ation stage coupl ed and

conf i gup @arleEn BerdysriHcderes ¢anesssm imankacabrmplyyiag thaiapst adihgeaalt o
generate decorrel ated audi o signals; a transform stage coupl ed and
configured to transformthe decorrel ated audio signals in accordance with a
head- r el at e@8t Theis§serm biiclain D4 wiergener atreuud virtaliraedbgudios sogfikalred and

a cross-tal k cancell ati on stage coupl ed and configured to perform .

cr oss- t'IPRITEH I 4YARPITaBSF SWEProssinyariidiag %a&mp&fsélpg Ragheol by GeHr e the
surr Our!s(ijgn%ls%@‘l -a level belo,%f4a fEB@t_eﬁﬂi%E@er@sfhole iﬂ'amoﬁﬁneamnﬁé{ﬁeﬁ% ihQQﬁ’t audi o
signals are a | eft rear |np]at signal i1ndicative of sound froma left rear
sour ce thomamauntibyhvhicletne levep utbedivg el thieslthldat i ve of sound froma right rear
source, the decorrelation stage is configured to generate a left

decorrel ated audio signal and a right decorrel ated audi o signal, the
transform stagené sysenbi Quineds twhdikiaisd RIBuhd Qirt@filerdesgkieal ategkiaie o
signal in accordance with the head-related transfer function to generate a
first vpgeerate thasuaioghd sishypdicludaell batranséorpfing higneput ppdrotsigmalsaft r ear
source a.%(s:oridnr(l:c!e%ma éad@rei Jdttra%% . Jnchge | i stener and a second virtualized
audi o si gnai11 i'ndicative of soun romthe left rear source as incident at a
right ear of the listener, and the transformstage is configured to
transformthe right decorrel ated audi o signal in accordance with_ the

head- r el at ed®% ABAgs&M PLelain bty Whergja M Br@uad vituabizeyispbayatemze gonfigies! si gnal
i ndi cat g - Of / - NG : the: | eft ear
of 1 ho- P EER@NeTRARGToRPTchalp el it BT SARE GecBhchilh R Dl Bhulfis °L 0 na
from t higmaisght rear source as incident at the right ear of the |istener.

31. The system of claim 18, wherein the surround virtualizer subsystem is configured
to generate the surround signals including by performing cross-talk cancellation on the input

audio signals.
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32. The system of claim 18, wherein the physical speakers are headphones and the
surround virtualizer subsystem is configured to generate the surround signals without

performing cross-talk cancellation on the input audio signals

33. The system of claim 18, wherein the surround virtualizer subsystem includes:

a compression stage coupled to receive the input audio signals and configured to
perform the dynamic range compression on said input audio signals to generate compressed
audio signals;

a decorrelation stage coupled and configured to perform decorrelation on the
compressed audio signals to generate decorrelated audio signals;

a transform stage coupled and configured to transform the decorrelated audio signals
in accordance with a head-related transfer function to generate virtualized audio signals; and

a cross-talk cancellation stage coupled and configured to perform cross-talk

cancellation on the virtualized audio signals to generate the surround signals.

34. The system of claim 33, wherein the input audio signals are a left rear input signal
indicative of sound from a left rear source and a right rear input signal indicative of sound
from a right rear source, the decorrelation stage is configured to generate a left decorrelated
audio signal and a right decorrelated audio signal, the transform stage is configured to
transform the left decorrelated audio signal in accordance with the head-related transfer
function to generate a first virtualized audio signal indicative of sound from the left rear
source as incident at a left ear of the listener and a second virtualized audio signal indicative
of sound from the left rear source as incident at a right ear of the listener, and

the transform stage is configured to transform the right decorrelated audio signal in
accordance with the head-related transfer function to generate a third virtualized audio signal
indicative of sound from the right rear source as incident at the left ear of the listener and a
fourth virtualized audio signal indicative of sound from the right rear source as incident at the

right ear of the listener.
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