Met hod and Apparatus for Mintaining Speech Audibility in Milti-Channel
Audio with Mniml |npact on Surround Experience CROSS REFERENCE TO RELATED

APPLI CATI ONS 5[ 0001] This application clainms the benefit of priority of
United States Provisional Patent Application No. 61/046,271, tiled Apri

18, 2008, hereby incorporated by reference in its entirety. BACKGROUND
[0002] " The invention relates to audio signal processing in general and to
inmproving clarity 10of dialog and narrative in surround entertai nment audi o
i n part iNethed and AnGESEs {gn Mg aipinzdipesch el udibdlitg it Mdlth@kainel, Avdiewigippr oaches
described in this sect iMiningdmpatt opSiugouet Expedericae clains in this
application and are not admtted to be prior art by inclusion in this

section. [0004] Modg{haBt@RRCERIREANEENS APbLR ARithtd pl e, si nul t aneous
changels of ~audi o 15(surround soundz provi des audi ences w th inmersive,
r eal Pst i{E00bunbts sirHion Aes shedrnsiivfrenve e aiiedal mendimeviscariistent n such

envi r onogRtiscRRY. 6304697 1eiRMBRES sSULB, 1R%hindd fdnedMSterendd€f fects are
present ed, si mul taneously and conpete for the listener's attention. For some
menber s “B1™¥he audi ence -- especially those with dimni shed auditory
sensory abilities or slowed co%nitiye processing -- dialog and narrative
may be hard to understand duri B¢ E™Bof t he program where | oud

conpet i (POIPUMEL il BNRIVeRtedoQuilb 8SRM brockMh s RYelthP8! BAZRAGES 1 LAese |isteners
woul.d bepefit if the |level of the conpetinhg sounds were |owered. [0005J The
rechniPF@Nog napfisie i SyFrguidrenisElEmend AURR 8 PHEGBH- di al og i s not new and
sever al %hods to remedy the situation have been suggested. However, as
will pel® Halgss qeherwiseprlicated bgraies b aprsyarisa desgiibed & thiRsectiparemiat i bl e wi t h
cur r ent pheAAG 88 tlafisas this@pli@X@ dnd AR ndDMBRARE ibd e i ifkusteglid on the
overalltentq;tainnent experience, or do both. [0006] I't is a cononly

adher ed W™ *&6Rvention in the production of stir ound audio for film and

tel evi sj to aace the majority of dialog and narrative into only one
channel h)?]p e Igg ERPICHE TR audig PUB mhtines Piagiterus shatrds fgedieh channel ) .
Misilg, anioadceunapptddes atdiches:onifdngicf9e! Saafiesohyin¢idonén®@bked i nto both the
speech channel and all [ERLN n%fchannels (e.%. Left [L],
mmumense entertainment value. In such environments many sount elements such as dlalog,
music, and effects are presented simultaneously and compete for the listener’s attention. For
some members of the audience -- especially those with diminished auditory sensory abilities
or slowed cognitive processing - dialog and narrative may be hard to understand during parts
20 of the program where loud competing sound elements are present. During those passages

these listeners would benefit if the level of the competing sounds were lowered.

[0005] The recognition that music and effects can overpower dialog is not new and several
methods to remedy the situation have been suggested. However, as will be outlined next, the
suggested methods are either incompatible with current broadcast practice, exert an

25  unnecessatily high toll on the overall entertainment experience, or do both.

[0006] It is a commonly adhered-to convention in the production of surround audio for film
and television to place the majority of dialog and narrative into only one channel (the center
channel, also referred to as the speech channel). Music, ambiance sounds, and sound effects
are typically mixed into both the speech channel and all remaining channels (e.g., Left [L],
30 Right [R], Left Surround [Is] and Right Surround [rs], also referred to as the non-speech
channels). As a result, the speech channel carries the majority of speech and a significant

amount of the non-speech audio contained in the audio program, whereas the non-speech



30 Right [R], Left Surround [Is] and Right Surround [rs], also referred to
as the non-speech channels). As a result, the speech channel carries the
majority of speech and a significant anount of the non-speech audio
contained in the audi o program whereas the non-speech channels carry
predom nantly non-speech audi o, but may also carry a small anount of
speech. One sinple approach to aiding the perception of dialog and
narrative in these conventional mxes is to permanently reduce the |evel of
al | non-4pBsERaBhEsiesisnieioatspeeh pwlic b nageley casp aspell spesesl channel , for
exanpl e f¥ecR EBsimbl HpRRRORAMA: kR picEIbE o ARl 8G1divenIRRd s practiced
today (e.g., SRS [Sound Retrieval Systen] Dialog Oarit or nodified

downni x @REAEPBhEXEYs ?mewefﬂﬁalyd@b*@@%? kyel of plyspepeech ghagngfsprdptyeft om at | east
one dr awhaeksl ot s shantl, Bt L-8MYRLY 8RR hi{ HBroR@Ns %ﬁ@%ﬁ ghaqnnel s may | ower
the | evel of i ance soun do not interfere with speech

AN _%ul\_et, amb . ds that A er )

recept i Y PR SR Ec-BuvEr &S Rafekisr! ietad Midte Hatheaperiliildy att enuat i ng
non- i nt ebivemhixnguaiohy ia 8aens0ds6Erd N vaes] haltfes thal anree o dddcpr ogram 10i s
altered wthout any attendant bepefit for speech upderstanding. [00071 An
al t er nat T/@" LI ﬁ(%il%aﬁm? gfetg%%ogf%pﬁcé chagnels ‘E%"rl?‘gfgwwﬁg‘f é’t‘ﬂe’éd’%‘ﬂ? > Patent No.
' 7, 266, 50dnds WaSio neaiherfere Ndth si@ed@iri2ochBdh to thePoinPalmant théyocan Gg Bhgerb®1, and U. S.
Pat ent . 7 Vandr and Saunder s nder.stood, their

appr oac hlﬂ%?l%\?%lﬁ fgtg%udﬁl%}os ﬁ?‘%‘g‘ﬂ Th g%tél%% F & ngsiolg%dcfa%“ft?g’ﬁgggﬁ d fglle e But i on.
Accoltdi ngaltecedtvhthout amy @eganiBrbefit fitepednsdestendirecei ves 15t wo separate audi o
signals. The first of these signals conprises the "Primary Content"” audi o.
| n many [@ESEs Ahhitgnasivgsuhltiondsl desdpibeddo aisevizt efthatoyts Speatkenbrs., i f the content

pr oducer. j 0 [ t her signal es | ... The second si gnal
conpri sggz%?%gﬂi@é@%ﬁﬁéﬁ’ﬁ@ﬁ‘?@ﬁ{g [Eaiiﬁ‘“&l{ o?‘%v\%%(ﬂ’?lgia@%%@fe%&of all the

remai ni Hegh38.38M b3 Veldeeyemt Saunditte Arsmdersteodgihviesppoactt inodlveowedifyilethe el at i ve

| evel s qf, . el i.ther by ] ) j 09, | evel of each
2051 gnal"er gy Rt R Bion Bkt TR Bk, B UTDEIR | POE o

Al t Hougliwe prrsratgrrdngamsntheday of thejetsignile canpmies dlss AriyagtGopteold midhn  of

non- 1 nt et 68 Ak HIEARCANIOUI ek b M ARSDE BRALASPLOMIENif @ hi nder ed by

its inconpatibility wth est e€d production and distribution nethods.
100081 ArgrcaEsn efeerrppng tyfes e watk Blseeand wand gonirhe thetSaednday Centelts of speech

and non . &eSPERGH Rk oNABIHORRNIHARRREH D BENELLs ,!;i?entéol?tr JAppl i cation
Publ i cati on No. 20070027682, l0009f Al the exanples of the background art
share t REhefFlpliteilgyals of heps tWoraRAleFig triyondlyndivstse thelpvehefzpgiy t he ef f ect
t he 20i aki@gal eNhaRGRIBE]Y RAR@InE Hevel-ifbRNbHE: BXPSIIBAGANI Nt ended by t he
content creator, gamng other deficiencies. It is therefore the object of
the 30pPRQBAP KPR Bno oo BB AR T A Ge PHED el of

non- s peeddesaerdidoplciranne hmdérad By its incompatibility with established production and

distribution methods.

[00G8] Another example of a method to manage the relative levels of speech and non-
25 speech audio has been proposed by Bennett in U.S. Application Publication No.
20070027682,

[0009]  All the examples of the background art share the limitation of not providing any
means for minimizing the effect the dialog enhancement has on the listening experience
intended by the content creator, among other deficiencies. It is therefore the object of the
30 present invention to provide a means of limiting the level of non-speech audia channels in a
conventionally mixed multi-channel entertaimment program so that speech remains

comprehensible while also maintaining the audibility of the non-speech audio components.



conventionally m xed nulti-channel entertairunent program so that speech
remai ns conprehensible while also maintaining the audibility of the

non- speech audi o conmponents. 100101 Thus, there is a need for inproved
ways of maintaining speech audibility. The present invention solves these
and ot her problens by providing an apparatus and net hod of inproving speech
audibility in a nmulti-channel audio signal. SUMVARY 5100111 Enbodi nents of
t he present invention inprove speech audibility. In one enbodi nent the
present [PHOEnTPenthFEe anvedfonimmeiwd dapfolimiptadviargeaieidbilityt Yheof speech in a
nul ti - chaRaRlnvaudhQoisdsgnal and-E'fh%l tataiele Ny ﬂ?&JlMﬁigea% aﬁﬁﬂﬂﬁ dn@heod b St

characteristic and a _second c aracterlstlc of the multi-channel audio
si gnal tBPgERemsed sadblift 8 faset- @ﬁmfeé@{d&&l%“ﬂh'he first characteristic

corresponds to a first channel of the nulti-channel audio signal that
10cont ai ns speech and non- speech>@UMi’dlY and t he second characteristic

cor r gspones t@m@ocﬁﬁmm md}ﬁa@ﬁhm@mmmgm% s&)lzecﬁ%ﬂﬂﬁy Aydbo signal that
cont ai ns predoni nantly non-speech audi o. e nmet hod further includes

adj ust i ﬁ@%?ﬂh@matﬂtoémﬁafﬁﬂB’ﬁmeaéftCBﬁde%%M%gnRW% wpdistelispaed] ood val ue to

gener at endpclahdl sidRlsi@al. emdatdton ifcRils cbRgaiBh hed dfptlhelk shdge! udes
t he adjusted attenuation factor.

attenuatlng Hhe secong chapnﬁ@ ﬁ@g

1510012 /14 fhageteddisetne gplt-Haniehggptsignl §‘i“ﬁ*&§éﬂ afugting fgisetfrat i on t hat

t he Speéi@dﬂ clohannalc oﬁfres@oﬁdﬂp:l Lkt cAiinelrdf @l thapi-D QB Garihdt€S a non-speech
sigq‘ foq .a substantial portion o% the p é granlduratlon Cbnsg quently,
accordi g0 PR a’? ‘}OgtSp%?glb@E{fo Bt tescqnd CRRTHSIRIC SHHERPH logrseelech audi o by
non- speelhndwdihe mmyclbﬁneﬁ:ﬁmﬁd sIDénhl&ﬁlat b(ynt:ﬁﬁ?s)pxdﬁhﬁﬂimmioﬂgpdeﬂﬁauaiot gpglation of a
signal in.a imt the f the signal
power inepﬁd? 1@19555 %%%% %%ﬁgﬁﬁgon?é%ﬂﬁém§W§HH”pB &égﬁ$ﬂ“fhe speech
channel vrlat totgenceote eedivatep nisaledtion fctve dThetrivtled Hiolher iactatic jenswiak thag t he

attenuag&ﬁmigﬁm 1&@¥Q&ad dbiSen QEQQ cally related to the |ikelihood of
the signal 1nt eec anne elng ‘'speech, and (c) appl ying the scal ed

att qguagd %I:? t%(}@*l"}{(')eéo‘o?@g 91@%16[%3 Ps%% g? Itqhe%gséwrz]z%‘fc%ntbat ¢ si)eeoh a%ﬁl’g | SN the

observatio at the ratro Speé S|gnal and t he
power of tipkvel ertesRinmgntoiagrea Carlmsanfaomeethse;dulcf@r@rsumans@@emhn ofrthel i gibility.

Consequ ?R&Ja}ﬁ’ duHEGD r&h&%ueltna d@(':o ch 8 MRS e%g t{ﬂ e 1&ﬁ§l{dﬁ]£¥§ﬂ}ng%9 the

attenuati on of the si on sp eec I's®necessary to
mai nt ai Peachpndigéy eermme@ AP@V may btﬁ annoléddlbﬁf ) ldstbmmlyng the gghetibabied by

predi ct Ligg iEnchb&bl bghih hicklo fieus pﬁ%Fth% e ok il fiEncRE esence of the
non-speech signals with a psycho-acousti cal
20 speech channel to the s1gnal power in the speech channel not io exceed a predetermined

threshold and (b) scaling the attenuation by a factor that is monotonically related to the
likelihood of the signal in the speech channel being speech, and () applying the scaled

attenuation.

[0013] A second aspect of the invention is based on the observation that the ratio between
25 the power of the speech signal and the power of the masking signal is a poor predictor of
speech intelligibility. Consequently, according to this second aspect of the invention, the
attenuation of the signal in the non-speech channel that is necessary to maintain a
predetermined level of intelligibility is calculated by predicting the intelligibility of the
speech signal in the presence of the nen-speech signals with a psycho-acoustically based

30 intelligibility prediction model.

[0014] A third aspect of the invention is based on the observations that, if attenuation is

allowed to vary across frequency, (a) a given level of intelligibility can be achieved with a



il icti i f the invention

i igibilit rediction nodel. [0014] A third aspect o
?glggggglghb;he gbgervations that, if attenuation is allowed to varK acr oss
frequency, (a) a given |level of inteILL?igli;ty C?naffeﬁﬁglfgﬁdpgiterﬁs can

[ : i ifferen

variety of attenuation patterns, and di i pattern

i i | oudness or salience of the non-spee di o.
Lot aquent v acear di ng ¢ i ird ct of the invention, masking of
Consequent |y, accordlng to this third aspe n | on, masking of

speech audio is controlled by finding

;gte te gP nat “‘“;?Y i ?%&%%ait%%ﬁ@s(@ GHgwaltwugivh erteme asuyied oiffesadlivence of the

| of
- Ebhdratsdic 6al GG (1 N6n-GRAZLIAD MonlAha G RLedeterm ned | eve
B?gdlgfggf%géﬁg |ntelllg1bllﬁfy i's éCOPeQ &t?fgﬁﬁ@¥ %ﬁg gHgHHWhents of the

present | nvent enélﬂn r‘r]é%?klﬁ?e ﬁ@?@%?‘ﬁ%’ya@llép%mdld isonipiied B findinkee Met hods may

be i npl entemtiaidn bglctcﬁi (B84 hfaQiliges Clultcddd & sb{me &ﬁel hay 1@%1 g{{h%{l 2)9 L \{A}@bg s may b; 2

The circuitry use
gggPLg?gJ%%gffﬁ ‘{ ?efﬁﬁﬁFmﬁ@FPB%ﬁ§m6WW9Mad$®3®@¢m¢q$a$mmdngmg@neraI
circuitripahitvad. i s programmed to performone or nore speci fic tasks).
100. 161 The follow ng detail ed description and acconpanyi ng draw ngs

s of the present
prOV|de @Gbﬁtf@wcmhdhm@ﬁ@ﬁqugmaﬁuﬁ&ﬁmﬂﬁh 151(%%¥?Hf&§§re | illustrates

o 31 gnal B coaceBRREY ry}cﬁamflamaﬁiymw@wmas Eiipr Gseiers nvent | on
iogllg Qaml gﬁp@b@aflon Ithesnht Be cacsingnad wpmpleess afe pareotal BadiR.apot her
embor Mefcuigl (thdl BedBlrfn® @1%/ a 's;ﬂau 10Ea31% Of general circuitry (that is programmed to

perform one or more specific tasks).

[0016] The following detailed description and accompanying drawings provide a better

understanding of the nature and advaniages of the present invention.

BRIEF DESCRIPTION OF THE DRAWINGS

15 [0017] Figure 1 illustrates a si gnal processor according to one embodiment of the present

invention,

[0018} TFigure 2 illustrates a signal processor according to another embodiment of the
present invention.

[0019] Figure 3 illustrates a si gnal processor according to another embodiment of the
20 present invention,

[0020) Figures 4A-4B are block diagrams iltustrating further variations of the embodiments
of Figures 1-3.

DETAILED DESCRIPTION
[0021] Described herein are techniques for maintaining speech audibility. In the following
25 description, for purposes of explanation, numerous examples and specific details are set forth
in order to provide a thorough understanding of the present invention. It will be evident,
however, to one skilled in the art that the present invention as defined by the claims may
include some or all of the features in these examples alone or in combination with other
features described below, and may further include modifications and equivalents of the

30 features and concepts described herein.



i i i di ng to anot her
Figure 3 illustrates a signal processor accor
far?gég} men'? of the 20present invention. 10020] Figures 4A—413f alr:_ebl (r)gl; I
diagrams illustrating thriller vadations of the enbodi nents o igu

i i t echni ques for
- | LED DESCRI PTI ON (0021] Described herein are chni
nginEErﬁing speech audibility. In the follow ng 25description, f?r PErPgSES
of explanation, nutnerous exanples and specific details are set for

he present invention. It wll
rder to e.a thorough under st andi ng of t
ge evi der{?&(‘z’r\q &/@%‘F meihad giforedessey aselddsribbdieelar. t THahtty fh@es@basgnt | nventi on

he features in these
as def i neertddyortidras @hinly 76 ﬁ?%g){?lg%]@\ﬁ% ?lqgﬁ b%runc%lgtoog tha% gagfgvé“ bed bel ow,

:)rigrrpmli;sfn %P%nger%)mﬁ%c{]ﬁagwh‘i‘f@?‘??ld‘ét’ﬁ‘@ﬁlsdséiﬁﬂEé@fmm@aﬂge«nve&om t he 30features and

r sses are
concept s igsuernitdtios. Wélli(ﬁla@al’flﬂﬁ_l%%l;g}f?ﬁég@&é?)ﬁ ?E%ché??t@l nsuBl g €i's mainl y for

g::gr Ig?eg?lggéa%},a?ecgad by ‘f’h%élg{%‘dﬁlé lighdes opisdd t hat part i culjar SE eps mlaguge
paral |l el as desired according to var
Pﬁ{)f g;renﬁ a?l onsger{mﬁﬁg%%a&s %fmcé@f thytipgynianss illpstevederigure i atdr@nwganot her

Such g | Spoi ihediostnipsghl ey WSl ARl RU ot oM LNe context
IlZPgﬁf]e I&%R@f léir}’(rﬁ%lgg%z 8u {(g?ﬁfr‘!ﬁé‘?"zéi %Ee%&wr@rmftth&smaln nedactsifgrad cheoisi sting of a

d.
speech chanspwted Wi h)basnel pbWEl BOMtEPABSN 08 HAN R §11d(élx?1%ssrgrp@e(§18 aggé :let hegelb\a/tﬁ o

f in each of these channel
-(I)-P epgglem?llb%égltﬂ}ﬁnlg% gir%sgg%ab) RO CARGTOEY cattin exprebisecdmian, Jechlaegar i t hri c

scal e [ dBFaky THessEopewBat tbsh@améctzmsfmﬁ&zél RARUAhOp RS l!EQQTéiFB L e? fi%? {P:S n![ ﬁren pg\lf\;?
as a | eadtyatibAbEOLALQ or %genbgte}l?asga ) 1@%@%{4&%}1@&%%@{@%@@ passage. The
:og\\//vglr a\é;gé%g eg sq%\égteg, f@%mg bowar Rﬁeelsnp@eh:hf tﬁémlrgﬁéech &aﬁﬁﬁ(ﬁi{??&fﬁ%‘% lg’fn 3 mlgg;a ‘o
pover leM@kmDn)gﬁﬁ?ngkm%agwgﬁeveﬁgﬁﬁg%chaqﬁgm%%&ﬁéﬁhﬁgﬁbwﬁvo si gnal types.
gi VelSa r??nspléllrxs%n gxrouu 109 deteumnes for each non-speech channel the number of dB by which

the non-speech channel must be attenuated in order for its power level to remain at least & dB

below the power level of the signal in the speech channel. (The symbol “0” denotes a

variable and may also be referred to as script theta.) According to one embodiment, one

implementation of this is to add the threshold valug 1% (stored by the circuit 1 10} to the power

20 level difference (this intermediate result is referred to as the margin) and limit the result to be

equal to or less than zero (by limiters 111 and 112). The result is the gain (or negated

attenvation) in dB that must be applied to the non-speech channels to keep their power level

¥ dB below the power level of the speech channel. A suitable value for © 15 15 dB. The

value of § may be adjusted as desired in other embodiments.

25 [0024] Because there is a unique relation between a measure expressed on a logarithmic
scale (dB) and that same measure expressed on a linear scale, a cireuit that is equivalent to
Figure 1 can be built where power, gain, and threshold all are expressed on a linear scale. In
that implementation all level differences are replaced by ratios of the linear measures.
Alternative implementations may replace the power measure with measures that are related to

30 signal strength, such as the absolute value of the signal.

[0025]  One noteworthy feature of the first aspect of the invention is to scale the gain thus

derived by a value monotonically related to the likelihood of the signal in the speech channel



15 Conparison circuit 109 determ nes for each nothspecch channel the nunber
of dB by which the non-speech channel nust be attenuated in order for its
power level to remain at |east i3 dB bel ow the power |evel of the signal in
t he speech channel. (The synmbol "t1" denotes a variable and nmay al so be
referred to as script theta.) According to one enbodi nent, one

i npl ementation of this is to add the threshold value i (stored by the
circuit 110) to the power 20l evel difference (this internediate result is
ref er r edn fo6t beinptshrectmaiif rafyrrienid Figurei It a tingoremal ({13 & rbmsivedidl  t oot | ess than
zero ( b)fndli!ll:mea @/‘itﬁ tr elggms @y %ul’]tl:bééls 114 hfxd h ?‘%U‘} e s’:@cdt Bs 88k éﬁ&lﬁangat ed

at t enuat i on) on- speec nels to keep
their pdVEW“P%@@ﬁmm“@SHBdb@MQWW%WKﬂwm%ﬁ@P1ﬂ@wéﬂlzwbvm@l@p@@éﬁdchannel A

sui t abl gipyal ne,daqr (119 ah§1 l:bg 'lﬂBconTbleslg)ﬁall (lilﬁ’y) Qi t]yglcﬂﬁ%eQEalﬁ&lﬁ M%Jilfj'/d as desired
i n ot her enbodi nents. Because thére I's uni que rel ation between a

neas@re‘@&ﬁ#é@%%ﬁ“ﬁﬂ“dmﬂﬁﬁaip1h%$@mh@éﬁépﬁﬁ%¥m8m6b$%%¥ﬁ§hﬁ@“ﬁﬁasure

expr esseghiQs & duloRRakall$ GRbBinid; 16 lﬁlééHh(;od tohé"-& LaB b s‘ﬁ@ck@ﬂénat Qaybgure 1 can
be built mhore(fomer gain, and threshol % are expressed on a |inear

scal e. Wﬁmtﬁ&P‘IHﬁPQWEﬁﬁﬁﬁFﬁw %ﬁFmWé¢@ﬂmﬂiFP%W?hE%@ﬁay%&W%ﬁﬁﬁ%Ed by ratios

of the likaeasd mwnessfmﬂmcaﬁmﬁmem ApLeneatiabi. ans efﬁﬁﬁyﬁleb@ﬂhﬁ@e the power
measure W th. nea b t..arer ated 1o 30signal rength such as the
absolut@“ﬁ%Wﬁg“%aﬁ?ﬁﬁd ¥§ﬁ&ﬁ°nf 0SB #h UG ﬁﬁv Tehture of the first
aspdot dfisctignation/nt.dudnesk Blohitorg’ ajjpﬁldiohﬁgg&hmgthtjay,d’ea’phm&ﬁimb@( 6a3val ue

nonot oni he |1kel i ood of t he speech channel
in act Bglé!r)lm%mmn 1?%1%9@ % L neqfl}lffl ' contl‘—c’lélﬁmﬁ(ﬁg dy b&ﬁfelatg? signal (113) is
recei vedlaamdﬂynﬁut txiapblic &gl tlwcbxhertt hIEdtglainﬂle(sblyﬁﬂdlalohg&]MSIﬂm‘anlﬂzijgméé.nﬂhé_15) . The
scal ed gaif % are then applied to the correspondi ng non-speech channels (by
anplifiers 116 and 117) to yield the nodified signals It and It' (118 and
119). T n mat | ly derived
neasuremﬁ?8€ ﬁﬁ§L1§$%1n&ag % %ﬁ%%cﬁéfe“ﬂv@ﬁg”mﬁ?é ﬁ”éﬁ%ﬁﬁ?ﬁ ei ng speech.
VarNéusﬂmﬁwmombﬁmfmammbmmﬂscaIIy determning the likelihood of a signal
bei ng a speech signal nmay be used. According to one enbodi nent, a speech

l'i kel i h¢@a7lpr Segsindple b8Oe grmet @p@softitenspeachillusteeldiihtigde 2al ue p (113) from

the inf h

doscri bod B e Aan EBRE 2 R Bt R Y ARG R hapF 0B B enant sm i <
10Di scr iwd wtsv@mh flonndgiléhans § 0Nonictaved Nt powerdit @eEmgalm@uqhmgth&gm ety,
Prepr i nammhmmqm%?ea v 2 GRNVE D Qs Bors k;i'a?f 2%9033 zoafy\'mf D@kt vely, the

control si (113) may be created manu for exanple by the content
credfor ¢ ladftahls*mw bdheat Rovigs Fstimatoriancagies iéac énsyh@uonpéthe Fignabprveuser

[0026] Thes %e@ti%hzlzyj edulifk ik Q%O\%I tspnﬂr[uh RS o) a Eﬁgl@ Qlﬂht?e? [IHQWLETQ@ arrangenent

can be extend 15t o any nunber of Input channels. [0 The principle of
t he sec&ﬁﬂ“%%ﬁ%@%P@W“ﬁﬁ%“?ﬁﬁ@ﬁ?Y@ﬁﬂﬁsﬂWFP%@%W@@@Hmﬂﬁﬂﬁﬂ@éhébﬁﬁ’Referrlng

now to Fic@idhi®@ HodeRQBAHAIZ06 haNRehis®k@mal consisting of a speech channel
(101) and two non--speech channels (102 and 103) is received. The power of

the sigpabg Ifmeq)a@a @éetﬁafa@m ﬁi&%ﬂﬂﬂﬁ rRod GrclR AU RO o @i PABK if  power
201 and 203 i ke their 20cqunterparts in Figure 1,

te f]tefgga ngére wap hﬁﬁ‘ﬁ%wmﬁé%‘&ﬁ%hqdﬁ%wab SP-IPRERRicBn O fRwe gﬁdbth%ll power

signal in the non-speech channel does not reduce the intelligibility of the signal in the speech
channel to be less than a predetermined criterion. This functionality is achieved by employing
an intelligibility prediction circuit (205 and 206) that predicts speech intelligibility from the
power spectra of the speech signal (201) and non-speech signals (202 and 203). The

30 intelligibility prediction circuits 205 and 206 may implement a suitable intelligibility
prediction model according to design choices and tradeoffs. Examples are the Speech
Intelligibility Index as specified in ANSI §3.5-1997 (“Methods for Calculation of the Speech



across frequency, resulting in a power spectrumrather than a single
nunber, The spectral resolution of the power spectrumideally matches the
spectral resolution of the intelligibility prediction nodel (205 and 206,
not yet discussed). 100281 The power spectra are fed into aninalismnm
circuit 204. The purpose of ibis block is 25to determine the attenuation to
be applied to each non speech channel to ensure that the signal in the

non- speelpbp ?? dges not reduce the intelligibility of the signal in the
speech chAAREP! ‘{Yo‘“%’é )28 B Spggrh Boqoem et Ssnvitivileahodeliof Biuksoh andThius

funct i 0né§|Ustngslasstﬂﬂhlb@élﬁﬁtl&)ﬁ/% deeran%eu Bﬁ% é) 1 SMOQ% |ru mgrje%g,tl on

circuit 5.and predi cts speech P t he power
spectra éﬁg% ﬁ%o%méfe)@?le@ﬁ ‘grﬁ?m(’@é‘i L X?ﬂdo?b@r?ﬁﬁéé?ﬂ?) §ulgﬁaah Qaa(tﬁé)émqamd 203). The

30 intel bithé biellllgﬂy ltppﬁﬂﬁb@dnlrﬁm]emal; ﬁé’hﬂe&n&%c@ﬁﬁg dlé:?&@ um?‘é/ ch lc:lednrrl'q3 r?'([j ? Sgl t??' €
Ol ces an rageorrts.

intel ki ctio el accord
Exarrp]g egisglrnéé‘b ﬁ%g%%%é@ﬁpﬁﬁﬁf EJGID CRIG T 1 it 10ﬁ%%<thfa@mspef:th¢ inetligibitinANS
S3. 5- 199editivtungedsyifl o¢ reGaded u @nnmmedtsp&cim@g@m q&gggr%ﬁggggl lity Index")

and the gni t Sensitivity nodel uns ("Using
stat i stllggﬁgglggﬁ% onmiltﬁc}elg)f'?sfl "Wéfd}“&es%lgéééwhmgﬂl@gm wluss bitpyy. 1. Model

st r uct uriéom Jwempdiisof cichie2040atst jataleeSe6 €L @fo AIBLdHa &ﬁ%maY ol 109, p

289C- 2909) doch I hat he output of the intelligibility prediction
nodel has Hr%’b ecaﬁlgllg%tém‘iuﬁsé Jsi gnal in the speech chaunel 5is sonething

ot heyg t @@ p V\/nat foll ows the output of the
intelli gl bili %Q%Feélgbslﬁyéledlﬁd‘a}e IFORRISI IR v oy thid dhev gredist dithes pr edi ct ed
speech |‘Wc‘@is‘?qfglumhlalllﬁe9fSpu?ﬁti:entpldagrbmtw&dhmﬁh@kl@w\éﬁnléth@l@véi%%'xﬂiled for in

su bs equ %ﬂéecl@&@fa@ %%hﬂ&lr@%ﬂ%?iﬁ% g efsg How gﬁl%l{l %g trhjeec%tlﬁglsply %%é;;l{t%aémg ¢ ¢ ? Egat I son

circuit §?4 Wth a
signal B ﬁﬁ“@ﬁ’é@%ﬁe‘(“iti@nfeﬁtgtbﬂyéwﬂhla sitassedie. 102 QOA L hIhen-ipatg! i gibility

pr edi ct ispRalDIIRIsS HAAYE e cCPR ct, either increased or
uncqgnge peec}? teli)l i mm%lbtlm%ﬁtg@rgﬁwﬁ@n 1%hl‘jéi\‘}\}éIPF‘TF\‘&"“P‘IfIe | evel of the

non ‘Speet W?‘é? ‘ﬂlﬁ‘ﬁ]llzeg el r&i}ie'ﬁ'g‘/@rﬁ dnypitchie2(rop @ Bsmd Iplwided oFhiesis2, t he
conpar i Qd)harmllmzbki th@oﬁﬁx? 0%%1)31@5%119?%@6@ Iittpc?ch&%gm'st%o?aﬁa{‘ telligibility with

acrlterglont ?1 | ével he non-sS ?@nlowsothat t he
predi ct 84 Rter ?Cb‘?aﬁfilbi’f‘yﬁx@%%ﬂ@nﬁH@llmﬂlmbhiymmdmhelsg@ba’neqoar anet er,

15whi Chsulgbllemep biad foz@edlea@ng%@l I B! Blefife B 209 or 210 and
provi de i clitefd Lglgastﬁgs(??gsglfbcc SHERF son ci rcui t

Qx%tf]?h ﬁi E 211 and 212 as the ou
204. m erdll'bt 1iRilify specisey exqeptls ‘@épﬁuﬁmﬁlmh@rofpwraé@osse)aased by a
fi Xé@l aﬁﬂBUhdé ﬂlgmﬁmtﬂimmdah Shahi@ishibi thyt ﬂ{%ﬁ@h% inf%[hg i) %Eé%tbed A suitabl e

step si g\%ulirp&m%)% S {c’{ a| nis terati em CI gt descri bed
continues untl %[‘feo t}'e’%ﬁa @3’ PRTReh @Ffbﬁ ﬁPW%ﬁ%‘I@ Smh ae)((rf@ezds at he

crit er i omechalzod of vary 109/ lefel mwrlﬁ@v@élﬁﬁtthl:t@d I%{E\l?)f?{ih felngy i 9&1@6 g!npt the speech

channel iS5 cS46 ri.on ntelli lity cann reached even
in the ‘gbsén%eﬁgwlgkéﬁwﬁmﬁm R Orﬁg’ﬁl%‘ﬁééfglﬁd &Té?fﬁ’éfspceplhdw@hpl e of such a

si t uat | 8§ 1Y ag“%ﬁ@@@ﬁ”@ﬁ gwmth iofelligidiliy dravthd @vgibn BheW IR, BEYEI£] Y restricted

banghivi dohditibd e I hed where any limter
reduct |a%glt::n;lf h&ﬁva@ﬁﬁggg% é&?o {)7 s MP@B g@ﬁc%‘ﬁﬁ‘ﬁﬁ&deﬂn”@gﬂ and

oglc (not shown) may be applied to break the loop. One particularly simple
example of such logic is to count the number of iterations and exit the loop once a

predetermined number of iterations has been exceeded.

[0030] Continuing on in the process flow of F igure 2, a control signal p (113) is received
30  and multiplied with the gains (by multipliers 114 and 115). The control signal (113) will

typically be an automatically derived measure of the likelihood of the signal in the speech

channel being speech. Methods of automatically determining the likelihood of a signal being

a speech signal are known per se and were discussed in the context of Figure 1 (see the



ffect the predicted speech intelligibility and the criterion is
ggSZrnﬁéié. I n such g 25condi tion, the loop funned by (205, 206), ﬁ207’222)’
and (209, 210) continues indefinitely, and additional |ogic (notfs Omﬂ)lo ?c
be applied to break the |oop. One particularly sinple exanple o Zuf rniged
is to count the nunber of iterations and exit the |oop once a_prehe e | ned
nunber of iterations has been exceeded. 100303 Continuing on in the pro

i | signal 113) is received 30and multiplied
flow of Fi eg‘%@“ﬁ‘iﬂ?g contrao g &ﬂf(

with thed RREESP1 1P @r Blicpealedzasls aeBien affftied mondirofresporgtal  (113) Wil |

S/ Gnal i 5 f e, specch chanmel hacnny Eo BERM R Sl el B,
signal int. speech channe el n( : .

de?erninﬁﬁgnghe l'i kel i hood of a signal being a ipeech fkgnag 2;§hknommper
se and mg{gldhﬁcusseq |nAth cont ext of Figure rté;e%. Bigdpfe N

i kel i hoBd” Pr otB&EBHY'1 80}:c thir espedt af elingeriting isalheteathrein Fapp B their
o 1 6 gL anals 2 and. i ARk St PSS s o the third
ZES'efcl eg?p%% gﬁg?“ﬁ?}gﬂt()?g‘?f‘ @é)% FicgiEed Bcdat ?hh thigeggignels B divilfl s isng Snow t o

Fi gure 3$EQMhumubn@manﬁﬁkmshg@amLG@D&kﬁ%bﬁ@mﬂﬁgﬁaﬁg%gggﬁag%””e| (101) and

[ he three
two non- channel s. (102 and 103) is receive = t :
signal s ?Cgﬁg?%\(}{’]ﬁleagm?en 03“f“t%°§”b‘@§§i‘|“§]ba%ﬁﬁ%ﬁ%ﬂﬁ@Oetbgmtfodimeeir, thb&ihks 301, 302,

/1 0e0 1 P . Sl =
and 303)banfhatitpe te fiaducanakygiifo MBYcRe: RGN SYETuis tﬁLt zﬂteeh@ﬁtesgr%%

: ; K
N- chann i k, Accordi 0 oqelenbodlngntk_ ) t an
pa?tﬁ?ighg&?h%ﬁ%ﬁegﬁgﬁggébbﬁg %%ﬁ@%ﬂff§@68?%9%mﬁﬁﬁa§86ru@@benbles t he

filteri ﬁgusﬁfﬁ'@ébﬁ!‘r@@lumﬁ beagg tus. The pt'dlaas bﬂmlnle :;J Bﬁﬁft ; gtrgcggnéie]{aﬁ% Sfi%gte E) ]tla':1 é; C)e/
[ hos. T o e bR L P samifh Patirade asideh | br anch
o oce: Ch?glﬁlglg gwe?f@ st byiogmalempatoRig set biaN phiss ubees (9N dndifiat 1 fomnm t he
hon. spe: I one r of a set of N gain val ues
(by the amoi T opsoy SRt el Bra B R ELBRE ACer B paed Sasirabal aes w1

by the anplifi , 11/7). Th aton ) _ _
f)eydéscﬁl‘%gfmb&@wo Nols auliveizedal ledmmpgmiahmgﬁﬁﬂﬁ??tgﬂ‘@%' ned into a
i rou o 313 ana 510y AR BREIONE Sl Bt Tt eR P e hat s
ﬁ;{gﬁgé%?i%%ﬁ@%§%%¥9éigeW$¢ﬂ@$P5§ﬁkﬁﬁdvimécuwéﬁcdHMhﬁmmhﬁg@@ﬂvresults in
t he nodedd €d]rtamnd spgech signals R

[0032] Describing now the side-branch path of the process of Figure 3, each filter bank

20 output is made available to a corresponding bank of N power estimators (304, 305, and 306).

The resulting power specira serve as inputs to an optimization circuit (307 and 308) that has
as output an N-dimensional gain vector, The optimization employs both an intelligibility
prediction circuit (309 and 310) and a loudness caleulation circuit (311 and 312) to find the
gain vector that maximizes loudness of the nou-speech channel while maintaining a
25 predetermined level of predicted intelligibility of the speech signal. Suitable models to
predict intelligibility have been discussed in connection with Figure 2. The loudness
calculation circuits 311 and 312 may implement a suitable loudness prediction model
according to design choices and tradeoffs. Examples of suitable models are American
National Standard ANS1 $3.4-2007 “Procedure for the Computation of Loudness of Steady
30 Sounds” and the German standard DIN 45631 “Berechnung des Lautstérkepegels und der
Lautheit aus dem Gerduschspektrum”.



and L' (118 and 119). [00321 Descri bing now the side-brunch path of the
process of Figure 3, each filter bank 20output is made available to a
correspondi ng bank of N power estimators (304, 305, and 306). The resulting
power spectra serve as inputs to an optim zation circuit (307 and 308) that
has as output an N-di nensional gain vector. The optim zation enpl oys both
an intelligibility prediction circuit (309 and 310) and a |oudness
calculatf circuit (311 and 312) to find Me gain vector that maxim zes
IoudnessO§$]tHﬁmﬁﬂﬁg§5§§6ﬁn@H§WH€P“WHWFéWWdﬂﬁﬁéﬂﬁi%@ﬁ@HQBW%W@@eternlned

llevel ofihpreediatd @hpleRired thddphinkdation @kuitshe7sAREMRY Si-ghaly, @ébltdﬁzlél e nodel s to
predict intel I i gibili t% have been di scussed i n connecti on with Figure 2.

The | oudfEESRRIIBFRLAY H 1Y prafiidirengqnpl epqeraiied oprisgizatigp PiWPR a suitabl e

|OUdﬂGS&mﬁh&ﬂhﬁEh@ﬂ]ﬂ@@ﬁ%ﬂ@ﬁﬁQﬁﬂ%&ﬁdh@gﬁﬂﬁbgﬂt@thﬁﬁﬁfﬁﬁQn&ﬂ%gﬁOffS
suita g %ﬁ ﬂg rg%e Anerican National Standard ANS|I 133. 4-2007
1?.}16 (il

f
" Pr ocgedu‘?'f hepgp-Sherg Fedyiapeticb adollrving Badersogediaiér hand t he
Ger man gt aﬁ]dﬁﬁldldmebhﬂﬁﬁﬁé.ma)aﬁ{ BN ABSmA-aUla h hidtepagelienand cl ef.

Laut hei t _aus uschspektru 0033) Dep endln on the conputatlona

r esour ceé’mg\ll%tlu nnlhf%ssgﬁlaa b %“8‘8?1 F%t’%?%” @d “"l"iﬁ‘é;ylf’i“ﬁﬂ‘Jl‘éﬁij“corrpl exity of
t he optnnmﬁamummmnﬁh&uﬁ@swﬁﬁq%ur&OB&m&&yﬁuﬁ@ym@haﬁkh%moﬁ&ﬁaﬁﬁlng to one
enbodi men n_ | constrai ned optin zati on of N
free afg&ma%¥M&m&01ﬂmghhﬁﬁéhﬂggyﬁﬁéé ??@ﬁFﬁggﬁﬁng%@m BﬁﬂkﬁﬁﬂPled to one
of th ﬂmeqmeﬁcqabaﬂﬂmnﬁaﬁﬁbmemm@mﬁ&me@ﬁmehamnﬁbaaﬁﬂﬁﬂdﬂ&ﬁu&ﬁchnlques
such as ent nsj.onal search space
may Do gl T aaE Rt BT EPE e bR LB e B
conputaﬁm@ﬁﬁﬁmyéﬁé%Bm@@dedmmgMappﬁ@achamﬂmstmaWMseahmﬂgaln vs. -fi cquency

functi oRgmpQatRGaTRARES $aQF sﬁse@zﬁ@hémr&?t of possible gain-vs.-frequency
functions, such as a set of different spectral gradients or shelf .filters.

Wth t h'[@(Ba}jd'I‘ﬁds%l@llled%Q@l%tlﬁ @Jl]masﬁﬂ% O%R]Eé mdﬁlﬁﬁ;{l 9&13951%? h%t i fihe10 be reduced
to a small nunber of one-d |nenS|ona @g Imza another

embddi méPosshotekpentistifajien acserdiag to addite mdvémﬁmmwéﬂypgﬁmlmvgmpnof possi bl e
gai n fiigpgkkfdois kitkiStlgdhd 186dnRRRE AR GRTEG . xg&cﬁ)éﬁahﬁ B htylar% sirable in

real -tinme gPpllcatlons where a constant co tatlon | oa search speed
are desiteadic laygdpesa hefqeradifigption) z@&ptheﬁe)taméleawmwgaIea@pn e g ogni ze

addi ti onaterpR bbbtk Hdfacs 8bqudh Ghnd% &5&1 @Epﬁlﬁf? the QBreh e PR F&lalz ation

according to additional enbodi ments of resent 1 nvent One exanpl e

i s rest AIEIEHYDE Freosdne Sker sk BB, ﬁﬁﬂp¥@é Upfohe gpselbidty fethannel to be not

| ar ger objectionable timbre modifications. Desirable constraints depend both on the technical
implementation of the filter bank and on the chosen tradeoff between intelligibility
improvenent and timbre modification. For clarity of illustration, these constraints are omitted

from Figure 3,

[0035]  Continuing on in the process flow of Figure 3, a control signal p (113) is received
25 and multiplied with the gains functions (by the multipliers 114 and 115). The control signal
(113) will typically be an automatically derived measure of the likelihood of the signal in the
speech channel being speech. Suitable methods for automatically calculating the likelihood of
a signal being speech have been discussed in connection with Figure 1 (see the speech
likelihood processor 130). The scaled gain functions are then applied to their corresponding

30 nonm-speech channels (by amplifiers 116 and 117), as described eatlier.



than the | oudness befbre nodification. Anotha exanple is inposing a limt

on the gain differences between adjacent frequency bands in order to limt

the potential for tenporal abasing in the reconstruction filter bank

(313,314) or to reduce the possibility for 200bjectionable tinbre

nodi fications. Desirable constraints depend both on the techni cal

i npl ementation of the filter bank and on the chosen tradeoff between

intelligihility inprcvement and tinbre nodification. For clarity of

iIlustr aé&u?’g%’{ %H‘éé@%ﬂéﬁ%@ Hock dipgems pvstrasie FaotiviBiod the espdets 1603 E)

Cont i nui Aguen 1-3nintabiditiqy, O QSEillkd QMOS il Wb £nir soBr G NS QL Signal p (113) is
e L T

recei vedelgu?)anrllsdO ! |.t i)eF)I,i ed wth the gains nctions iers 114
and 115) TR FoMtParidy damibed i Fayreyil througpdi cal |y be an aut omati cal |y

derived @ﬁgﬁur.e of the |ikelihood of the signal in the speech channel being
speech. SUT tabi @ hit SN bt airnerrati ofalisuye Caholsb a¢ imtedibend dckel i hood of a

si gnat bebrgiespaechbhans obean . RESSRA ], WSONIEELEON W LD Figure 1 (see
?6“ b‘l’h% scal glgi’géé’idﬁd lﬁlﬁagte‘?% § are then

ppl i od £ AR 2GRRIBRERAT 9° 40HGH. eipieiretraints sibgbyiatrplinf | ors 116 and
117), as-dégciGibed. edh}, iaed {Rl,RQQS,@;}_Eh%;,@%ulﬁbﬁdgﬁgﬁégéd%l gg]lé)tgl%%sk di agr ans
res 1-o.. n

i |1 ustratdgng,; .athons of the aspects shown in Fig : addi tion,
t hose sﬁ‘i}f|ﬂf%éf¥ﬁﬂﬁ2?hﬁe‘“§§?(9 TS T RS Brecesss ebatenolayts respmbiositibihng t he

el ement ssugmatidreciicnitsetit mahusde ackpddRehiBhdd SIS chn tah lQHQﬂbﬁzeach 190371 Figure
4A sﬂpv\q)aw% otohﬁ ar r.an%e nt of Figure 1 can also be applie 0 one or
mor e frequencs®s M BAHHET Bherg B igprogergoml to ey b geominbyr of siivechsiignal s L, C,

and R mayriedoithdenpgssdsl tanaughginf id \ 4 42 and 443), yielding
three se}s.of .11 susg)-spa‘rillgc_ﬂ;:11 (L% gﬁnZ],1 ’tb%ldg}t?,?tnf%%fé%ﬁ@e%@?m%), and (R,
R2, ..., %} RRCERIGG xhh thanbands sersespprgios to donstaanpeshof the circuit

125 i | | dstweatied Thininklgusneids OBt R PIRASS IR Rkb#0alna" @ T ecombi ned
t

(by the  susmaLl irelits 451 and 452). A séparate reshol d val ue 31" can
be sel ect eﬂn?é’?ﬁg‘é’ﬁff%@éuﬁm%%g?ﬁa?% good choice is a set where ft" is

propert Ay F verage number of speech cues carried in the
corres p([) n d?]n gﬁlg Lrlrrg gﬁ gﬁo&% a%l?cal[g‘?’ ganpn.dor exgplg<to sedugeribe wnppiepmel of t he

f r equentyrdens piicelismreing sawdisgne ovith owe chah M G EN0) 10 %, §dwaD Rgads corresponding
to dom gk BERGHskiL | 8S..4hi s inplementation of the invention offers
a very good t rgg‘eoﬁ1 %@? %ggéﬁgﬁr]r%mcﬁ?rfhggkﬂ JI‘%‘BWﬁJIté%SP?W%Wd’Iéﬁéﬂ‘aor mance.
1510038§ il rel 18 Beatho which awstiyreeally ks @iviGi tharaike Ie2@NDY@aist O T educe t he

conput akdeoaml i OUE B8Rt 185 L¥RL Gak: SuUrround sound signal with five channels
(C, L, R Is, and rsi may é%g}%ﬁlgﬁg'ed by processing the L and R signals

accog di 8g34;0 1h bR A6dveGbitinmaaomshown. in Eigure 3, and the |Is and rs signals,
which are Ggypiqcalal Xel g%%ptﬁéV\g?E ﬁ%wts%%ﬁh t(%eslj?‘_ec AR spesrtathannchic or di ng t o

t he ci r PP Seoal) Wl oum-paeck] @un@-dpeech andio or non-speech channel or non-speech
signal)} are used. A skilled artisan will recognize that these terms are used more to
differentiate from each other and less to be absolute descriptors of the content of the
channels. For example, in a restaurant scene in a {ilm, the speech channel may

25 predominantly contain the dialogue at one table and the non-speech channels may contain the
dialogue at other tables (hence, both contain “speech” as a layperson uses the term), Yetitis

the dialogue at other tables that certain embodiments of the present invention are directed
toward attenuating,

[0040] Implementation

30 [0041] The invention may be implemented in hardware or software, or a combination of

both (e.g., programmable logic arrays). Unless otherwise specified, the algorithms included

10



20[ 0039] In the above description, the terns "speech”" (or speech audio O
speech channel or speech signal) and "non-speech” (or non-speech audio or
non- speech channel or non-speech signal) are used, A skilled artisan wll
recogni ze that these terns are used nore to differentiate from each ot her
and |l ess to be absolute descriptomof the content of the channels. For
exanple, in a restaurant scene in a film the speech channel nmay 25

predom nantly contain the di al ogue at one table and the non-speech channel s
may cont?@PHt ¢iike idyeafioytie neinhsicpbrrclatss loagy prEsde comte ocdkai n " speech” as a
| ayper s Qpfes ol fafichRf, Mriouy Bdnedal prsosd AEchHeath@@bieusad wilt fiefadhabl es t hat
certain enbodi nents of the present invention are directed toward

at t enuatHg? MRFEUBICT Yish BREATURES BHEIBET [LOBY P MPHEORYFIEHS eSIHEY be

i npl ement®@dspeRialad et Qig.,S@tfa[%rX&@d Srcui®) tofheERPImB Alghin sefhobatR. (e. g,
progra ble logic arrays). Unless otherw se specified, the algorithns

i ncl vded M &edREpiopmays 1PplGREGIdhONE o8 MATTCOTAKETIEMRIN eI to any

par ti culoag oGREP plo@fim@iabRehefut@ PRBNIA IS coPridal di 1 bR prockadb, RUSst
generaI-Pgrgoseﬂnpphjnﬁs q?%ge u?ed with prograns witten in accordance
wi th t h@ht ERRTRgSYHER Epefudits vojailcad v ol iRy Ul B HP 8% construct nore
speﬁi Sl ielR@nia)) pasaat dis ifpat @vice b1ﬂi)ﬁgﬂlahﬁﬁhgﬁdrfe@Lﬂﬁ)ﬁt&i)evit:@(gﬁ)&ﬁ.fl“@fgl’@rﬁ he required
met hod steps. 5Thus, t inventio e i nmpl ement in one or nore
conputef°§$66¥§ﬁ£méﬂﬁﬁgﬁwﬂQm“ﬁméﬁgh%$XWﬁ?%mg&%ﬁ?ﬁﬁﬁa5@5“@6Wﬁﬂ?er syst ems
eac hl0c omgbingitiog Tas oltea stforanagorps Qepissio bne @tmdreasput deviceg at lmowh or age syst em
(incIud%&gmMolatile and non-vol atile nenory and/or storage el enents), at

| east one I nput device or port, and at |east one output device or port.

Program Ls.applied to input,data to perfonn the functions described
herei n éﬁQQGe%%PE&%Qg)“gﬁ?mﬁgﬁﬁ?g?ﬁg9%%ﬁ9y$ﬁ%a%ﬁP$ﬁ?lW%W%?nation is applied
t o one d@mnclndinemadineudssaey, oglsgh level neodmral Bglvelpor objed042jteEach such program
may be i i I o) ) i.ngl udi machi ne,
nasenl I ORAHIR il s PRLOAR SR, P Bl S AR b Gty 0T oot i ng
| angdagéxy be o ceremiied o iotgtreeted lnkgueggeconput er system I n any case, the | anguage
15may be a conpiled or interpreted | anguage. [00431 Each such conputer

pr ogr aml§043jpr Bch sedbl cpmputeneeiraomis prelaahnit@edtiedrrdovaogkdrageragedi a. or devi ce

(e.9., SRhidr 33k Co FBIRE Y@ neBY B meh, o 9@%&& br d [ica?gxtecili?)%adgmﬁt}f) readabl e

by a general O special purpose’programmable conputer, for configuring and.
oper at i RgeteHé ocpapU Pamostererantesbistcompyer, fve dindigwineded preetipsthe ead by t he

CoNMpUt eLo ARl kit Be R8FabOMBAA R&levice is read by the computer system to perform the
20 procedures described herein, The inventive system may also be considered to be implemented
as a computer-readable storage medium, configured with a computer program, where the
storage medium so configured causes a computer system 1o operate in a specific and

predefined manner to perform the functions described herein.

[0044] The above description illustrates various embodiments of the present invention
25  along with examples of how aspects of the present invention may be implemented. The
above examples and embodiments should not be deemed to be the only embodiments, and are
presented to illustrate the flexibility and advantages of the present invention as defined by the
following claims. Based on the above disclosure and the following claims, other
arrangements, embodiments, implementations and equivalents will be evident to those skilled
30  inthe art and may be employed without departing from the spirit and scope of the invention

as defined by the claims.
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20 procedures described herein. The inventive system may al so be consi dered
to be inplenented as a conputer-readabl e storage nedium configured with a
conmput er program where the storage nedium so configured causes a conputer
systemto operate in a specific and predefi ned manner to performthe
functions described herein, [0044] The above description illustrates
various enbodi nents of the present invention 25along with exanples of how
aspects of the present invention may be inplenented. The above exanpl es and
enbodi ments shoul d not be deenmed to be the only enbodi nents, and are
presented to illustrate the flexibility and advantages of the present

i nvention as defined by the follow ng clains. Based on the above discl osure
and the follow ng clains, other arrangenents, enbodinments, inplenentations
and equivalents will be evident to those skilled 30 in the art and may be
enpl oyed without departing fromthe spirit and scope of the invention as
defined by the clains. Cdains 1. A nethod of inproving audibility of speech
in a nmulti-channel audio signal, 5é&ipeising: conparing a first
characteristic and a second characteristic of the multichannel audio signal
to generate an attenuation factor, wherein a first channel (101) of the

mul ti - chahmel Aatigihed of igwagvingcweisilibsor spessbin anditbehanck! podie sigegch” audi o,
whereim the fidbglrisingr acteristic corresponds to a first power 10spectrum of
a signal in the first channel (101), wherein a second channel (102) of the

mul ti - channel CRURPINE? Hshehagastarislin@ndy easend phanadisristiont tspewdth audi o, and

wherein the sebﬁ@rﬁ}dal 66@s @Eﬁmd ?én'e%t&% é@&%ﬂ%fa%r ARREPNFhpOwer spectrum of
wherein conparing the first

a signal in th &Rﬁ
characterlstl& %@%%ﬁﬂmﬁﬁﬁpﬁﬁﬁéwp§€ﬁﬂCom@ﬁﬁﬁﬁﬁméégmoand per f or mi ng

intelligibili tnkbn@ﬁ«%ﬂ:h%bdl@%%ﬁﬂﬁé?ﬁsttdﬂgraﬂern%c db@r‘é@doné@%céﬂgmmq the second
pover spectrum t o gﬂegf ate a a%edl cted intellig ty; adj usting a

gai n QppI i ed CtBCHHE dctEg! hd W%ﬁf@éf‘?'&%ﬁ@n‘t"ﬂqre'ﬂHéeﬂ%ﬂﬂé@h@m@ﬂ

intelligibili t(yo:maetmfe rAulGEhdrRel Rio A &%ﬁhé}ge&mnaﬁw ;?c-i\@cﬂg been
adj usted, as attenuation factor once the predicted inte l1rgibility
meets the cri laggl ,Orwd wherein the second characteristic corresponds to a second power

spectrum of a signal in the second channel,
wherein comparing the first characteristic and the second characteristic
15 comprises:
performing intelligibility prediction based on the first power spectrum
and the second power spectrum to generate a predicted intelligibility;
adjusting a gain applied to the second power spectrum until the
predicted intelligibility meets a criterion; and
20 using the gain, having been adjusted, as the attenuation factor once
the predicted intelligibility meets the criterion;
and wherein the method further comprises:
adjusting the attenuation factor according to a speech likelihood value (113)
generated by processing the first channel (101), to generate an adjusted

25 attenuation factor; and

attenuating the second channel using the adjusted attenuation factor.

2. The method of claim 4, further comprising:
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and wherein the nethod further conprises: adjusting the attenuation factor
according to a speech |ikelihood value (113) generated by processing the
first channel (101), to generate an adjusted 25attenuation factor; and
attenuating the second channel using the adjusted attenuation factor. 2.The
met hod of claim1, further conprising: processing the nulti-channel audio
signal to generate the first characteristic and the second characteristic.
3. The method of any previous claim wherein the nulti-channel audi o signal
conprises a plurality of second channels (102, 103) that contain

predoni nantly non-speech audio, wherein a plurality of second

characteristi Coto &%glﬁgﬁ%ﬁrﬂ&‘ﬁaﬁz&n@ %Eo sjgsn%ft%% 8 ”t'ﬁe lrs'{: %‘I}éar%%?rfsggggﬁdpﬁger

spectruns of a correspo

plurality of swddhelsesannedrgctéldiz, 103) t he net hod further conprising:
10conparing the first characteristic with each of the plurality of second
characteristics to generate a corresponding plurality of attenuation
factors; 8adj ushemetagseolginy pesviovyclaif, ahereinuhe mnoti-frmot@rsdiasigoaldi ng to the

speechg | i kel | hoRb Y& éJ@ui(a%é%} sécﬁn@@%%@%?(ﬁz Hbgfiﬁgf Jo%ta?ﬂc adj ust ed

attenuation factors,; attenuatin luralrty of second channel s
usi ng the pI ur%?quﬂwlyaepﬁ@qeéﬂaa@@éﬁ@sﬁm @)ﬁ f&l@»thISQCOﬂd«ﬂ:haWﬁérlS’m@ hod of any

of clainms 1 tQodespthes & dlcdr8pdRdldsipmehannekceidioNess H&ludes a third
channel (1.03) thé?mconta?ns %reé%ﬁ%naﬁ? 'y %onq? gec g 20f urt her

conpri si ng: cdﬁﬁ%ﬂ%ﬁﬁmgHE”@FW@¥W$ﬁ§ﬂH@Fé?”%@P@“@hﬂU@”WWfﬁEO@haracterlstlc

to generate arhasibid (1001 0B} theHédtdaivifcresRprsivgrerein the third
characteristic corres onds to a power spectrumof a signal in the third

channe! (103) ;comparing thgyf G%PWH@“FH@C&HB@?WUﬁéTe@Hﬁﬁﬁﬁﬁﬁﬁﬁﬂdfactor accor di ng
to the speech charlaedehlstm@do gaendtue c6rlés%bnd:@%]§laf&ﬂfyaif BiéilaBel fslord addi ti onal
t

attenuation facto nd atfenuating the i rd channel 103) using the
adj usted att eﬁ&ﬁ{%‘%@g&g@{tyo attenuation factors according to the sp(eech) d

likelihood value (113) to generate a plurality of adjusted attenuation factors;
and

15 attenuating the plurality of second channels using the plurality of adjusted
attenuation factors.

4, The method of any of claims 1 to 3, wherein the multi-channel audio signal
includes a third channel (103) that contains predominantly non-speech audio,
20 further comprising:
comparing the first characteristic and a third characteristic o generate an
additional attenuation factor, wherein the third characteristic corresponds to a
power spectrum of a signal in the third channel (103);
adjusting the additional attenuation factor according to the speech likelihood
25 value (113) to generate an adjusted additional attenuation factor; and

attenuating the third channel (103) using the adjusted attenuation factor.

5. The method of claim 1, wherein the second power spectrum has a plurality of
bands, wherein comparing the first characteristic and the second
- 30 characteristic further comprises performing loudness calculation based on the

second power spectrum to generate a calculated loudness; wherein the step
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5. The method of claim1l1l, wherein the second power spectrumhas a plurality
of bands, wherein conparing the first characteristic and the second
30characteristic further conprises perform ng | oudness cal cul ati on based on
t he second power spectrumto generate a cal cul ated | oudness; wherein the
step of adjusting a gain further conprises adjusting a plurality of gains
applied respectively to each band of the second power spectrumuntil the
predicted Intelligibility meets an intelligibility criterion and the

cal cul ated | oudness neets a | oudness criterion; and wherein the step of
using the gain conprises using the plurality of gains, having been

adj usted, as tdiedjastirareugtin orhéeotprisdsardjeacha bangdiy @gpiastppiely once the

di ct d t t tell t dth
ol cul ated | ognseb HusalolRativg et Gone aim i e Spafieas (225)
i ncluding a cimeligibilifyonedtsrpm otdllippilapetitbidning tied ca@eaediolmmeds 10mul ti - channel
compare a1 SIPAIoBURRs B ENRRL AR ChR S s et e iogmdsiBne O o0 ' °

corrpareaflr aracteristic 'an
mul ti -Thannel uainditie gightlof gaong badngliteen adjuatetieasuit iatien fagict aktor wherei n a

first channel eggrpgand%véletagvmntch- 1\ rsﬁhi@%ﬁ %ﬁ{f‘fgétﬁem@}g@ speech audio

and non-speech audi o erern onds to a
first power sGé@$@®ﬁﬁ%ﬁwﬂﬁbu@h@“mkheﬂhﬂeﬁ$ﬁsmomhaﬂnehaﬁm01) wherein a
second channel (102) of the nulti-channel audio signal contains

predom nantly the non- sgeech audi o, and wherein the second characteristic
corresporfiis t ANaPRHEEBINA2 DRI U Feca dgerctieuifoo fmprod ngaiadiviiitn ot dpeedeioand channe

(102)40 20wher giyn;. &Hé%n@l%%@ng?’@ﬂc&ﬁﬁrf%m t (204) conprises: an
intelligibility prediction circuit (206) that is configured to perform

i ntel ligibili @fORPRUHEGret FR4EHa0RcerHiguRer teeomeakep fispebarrcienstind t he second

power spect r ughd 8 seRnacAkicRrifica el Rei bRl a gain
adj ustment circuit (20§ 1 5' tC hat is éoﬁ%rﬁ Lé}lgﬂ(pélédaqg enera‘ga agnai n 25applied

to the secondaB@‘vVé‘F'O%f?éE‘{rrWﬁr%ﬁﬁlﬂfSt?*Fﬁé‘”ﬁ'r daflafée mntﬂe:lhan@l pididty neets a

criterion; anngﬁalgatht&@%b@é‘cwagﬂxo%ha Fnb'r'n Spedeéi2hdib, Wr%ﬁth‘éqw’c' gured to sel ect
the gain, having been adjusted, as the attenuation factor once the

prediCed int éﬁ‘qrf“ij?'l'ﬁt'lc|CPV9%6@%t°taHé3t@ﬁW?reﬁpﬁ©thum of a signal in the first
channel (101), wherein a second channel (102) of the multi-channel audio

signal contains predominantly the non-speech audio, and wherein the second
characteristic corresponds to a second power spectrum of a signal in the
second channel (1.02),
20 wherein the comparison circuit (204) comprises:
an intelligibility prediction circuit (206) that is configured to perform
intelligibility prediction based on the first power spectrum and the second
power spectrum to generate a predicted intelligibility;
a gain adjustment circuit (208, 2110) that is configured to adjust a gain
25 applied to the second power spectrum until the predicted intelligibility meets a
criterion; and
a gain selection circuit (212) that is configured to select the gain,
having been adjusted, as the attenuation factor once the predicted
intelligibility meets the criterion;
30 wherein the apparatus (225) further comprises:

14



30wherein the apparatus (225) further conprises: a nultiplier (115) that
is configured to adjust the attenuation factor according to a speech

| i kel i hood val ue (113) generated by processing the first channel (101), to
generate an adjusted attenuation factor; and an anplifier (117) that is
configured to attenuate the second channel (102) using the adjusted
attenuation factor. 7.The apparatus of claim®6, wherein the second power
spectrum has a plurality of bands, wherein the conparison circuit (204)
further conprises: a |oudness calculation circuit (311) that is configured
to perform | oudness 10cal cul ati on based on the second power spectrumto
generate a cal gdudirder (LdBidheldscondigiarea o aftst thiczaitenoationifactoridccrd®g) that is
configured to i alls i f. i ied respectively to each band
of the second ﬁ%ﬂﬁ§%§§%§¥W%ﬁWhﬁ¥Fﬁ@?%%*%%8@52%@8“?%@3&1Fﬁﬁ%ﬁv%ﬁy neets an

i ntelligibility0&hilq gnestie anadivdied gidgremtion ediofBhoudness neets a | oudness
criterion, andg i ]l ks i Javing be justed, as

t he attenuatioH??ﬁ@g§EE?g?mgggﬁHﬁgkgkﬁggﬁgc f%@Fye%ngg?Wgﬁgpggicted

i ntel | ?gibilitypinghe gdippled pligraktioglapiori ty criterion and the cal cul at ed

| oudness neets the | oudness criterion. 208. The apparatus of any of clains 6

to 7, further @grrpri sing. a first power spectral density calculator that is
confi gured to CXIPCHPEIS of Haint §.rderqiviiersespuicramensisbtrihdas a peiralighannel

(101); and a seoand, PAYRN BOESH Sko8RSI (Y0 G skdlat is configured to
cal cul ate the second power speéfrun1of t&ezgeconda%ﬁgﬁﬁgl (102). 25 9, The

appar at us of &hyUgrest Palpyiation oirenig 314\ thetis corftsseite pereprm loudness

10 calculation based on the second power spectrum to generate a calculated
loudness; and
an optimization circuit (307) that is configured to adjust a plurality of gains
applied respectively to each band of the second power spectrum until the
predicted intelligibility meets an intelligibility criterion and the calculated

15 IoudnessrneeusaIoudnesscﬂteﬁon,andthatusesthe;ﬂunﬂﬂyofgmns,
having been adjusted, as the attenuation factor for each band respectively
once the predicted intelligibility meets the intelligibility criterion and the
calculated loudness meets the loudness criterion.

20 8. The apparatus of any of claims 6 to 7, further comprising:
a first power spectral density calculator that is configured to calculate the first
power spectrum of the first channel! (101); and
a second power spectral density calculator that is configured to calculate the
second power spectrum of the second channel (102).

25

9. The apparatus of any of claims 6 to 8, further comprising:

a speech determination processor (130) that is configured to process the first
channel (101) to generate the speech likelihood value (113).
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a speech determ nation processor (130) that is configured to process the
first channel (101) to generate the speech likelihood value (113). 10.A
conput er program enbodi ed in tangi ble recordi ng medi um for inproving
audibility of speech in a multi-channel audio signal, the conputer program
controlling a device to execute processing conprising: conparing a first
characteristic and a second characteristic of the nultichannel audi o signal
to generate an attenuation factor, wherein a first channel (101) of the

mul ti-channel audi o signal contains speech audi o and non-speech audi o,
wherein the first characteristic corresponds to a first power spectrumof a
si gnal inifne ﬂp@@PW@H@ﬂﬁéﬂumm@ﬁwgHmnegmbneawﬁﬁgm@&umh@ﬂm%bvméoz) of the

mul ti - channel ﬁ)ﬁyﬁtﬁﬁﬁéh 'ﬁ%%l% @f?z?ngwe dom nanLHZe ({Og]%épeggw%?gnsgg%? audi o,

and wherein the secon aracteri st
spectrum of a @W@ﬁﬁhgadSWﬁﬂﬂgammnﬂmohmemgbo@ﬂ@ﬁkg wher ei n conpari ng

i ncl udes |b|||t redi ¢tjon based on the first
power spectrun?oénnp(%% g?'ggteg%rqé r%l“ %Béé@ﬂ“ﬁﬁﬁ%@“@%@@éﬂ@rw%rem ct ed

i ntel | Pgibilit§fenagadiiasignaigo aergmta aappkhedio @laotdﬂewf&@&@@fﬁrsl@ower spectrum

ntil the pre ) ts erion; usi ng the
;al In havi er])g Ehggﬁﬁég }%&S?L@b%m %%%Xdﬁg}?&é@ ngaéﬂ*?tse?fsec@r?é‘@'ot‘%'?é pr edi ct ed

intelli gi bi I'i tiPriteesd audie, whergiethefirst dmtacvmenemresmdpm@ﬁ@spmrf urther
conprises: 20aghstslh Bk é.geamqtm@gg@&ma%f (@610 h&%ﬁgrsglf?@t a, speech

| i kel i hood val ue (113) generate rocessin Wihnel (101.), to
generate an ad?@@t"é&h%%"éﬁﬂ%ﬁﬁeb@vdﬁ%gw Cormmsjpratid)remuratyltrmndrhe second

chann&l usi ng shbehadidleshRwiRdrbif AL &R Rristic corresponds to a second
power spectrum of a signal in the second channel (102),
wherein comparing includes:
performing intelligibility prediction based on the first power spectrum
and the second power spectrum to generate a predicted intelligibility;
15 amummgagmnapmmduymeseamdpowmspmmumLmﬂHhe
predicted intelligibility meets a criterion: and
umngthegam,haanbeenadﬂmuxtastheaﬁenuaﬁonfadnronce
mepmdmmdMEWQNMymeﬂsmeCMMmm
and wherein the processing further comprises:
20 adjusting the attenuation factor according to a speech Iikelihood value (11.3)

generated by processing the first channel (101}, to generate an adjusted
attenuation factor; and

attenuating the second channel using the adjusted attenuation factor.
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