Method and Apparatus for Maintaining Speech Audibility in Multi-Channel Audio with Minimal Impact
on Surround Experience CROSS REFERENCE TO RELATED APPLICATIONS 5[0001] This
application claims the benefit of priority of United States Provisional Patent Application No.
61/046,271, tiled April 18, 2008, hereby incorporated by reference in its entirety. BACKGROUND
[0002] The invention relates to audio signal processing in general and to improving clarity 100f dialog
and narrative in surround entertainment audio in particular. [0003] Unless otherwise indicated herein,

the apprddethes dadchipet wtunfsrsdainteiniasorgsabAadifilifeie MHE-hhrrn dgbndiaiBHhnd are not
admitted to be prior art by incldiBinal frPagamAvIued EXRSEBAF &ntertainment audio with multiple,
simultaneous channels of audio 15(surround sound) provides audiences with immersive, realistic
sound environments of IMIMERSR EREENTREND RAHUA. TIRSUEP EINACIONENts many sound elements
such_as dialog, mysic, and effects. are presented.simulta I cgmpete forthe listener's
atten?ion?@ﬁr&omlﬁ?gﬂ%%?gno?} Hélséctlf igeer?((i%{t-éjf s%oéé%m}uﬁg\é %v%%ﬂ%?ﬁ%%%ng?j %ﬁtje |'Eory sensory
abilities ot shbieseid cbignitivedpiide ssadgiprdibfod(0R dhnmtrativie iraytbbbyardetongadelstand during parts
20 of theé?ﬁ?:%?m 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 isg)Qtpewsidseveral methods to remedy the situation have
been suggested. However, as will be outlined next, the suggested methods are either incompatible

with curré?Bloadbsseymianelaseir avpsisnbeasssHRE Mg eI bintHe Burine et nment

expenience 1 s0.he W 1A0Q6h hisAusoereaRhaahated: 1o geavaation in the production of surround
audio for film and television to place the majority of dialog and narrative into only one channel (the

center chposl, alsadnienad i asithegnreah, chamebhdvissiescabddiantesseciwsarandtsound effects

are typically mixed jnto hoth.the speech channgl and all remaining channels (e.q.,.Left [L], 30 Right
[R], Left SRR HELEHES gtﬁf%ﬁﬁrbcﬂtﬁ %fF e8! {%%g) absg réoﬁ%ﬁgégg%ﬁl%gnnels). As a

* Qg6 reterre
result, thehgpeetbrchannel carries the majority of speech and a significant amount of the non-speech
audio contained in the audio program, whereas the non-speech channels cany predominantly

non-sped®Glidid/ bisrmragedidonmatryudiowih amidniv ofupeechsOhwmepnplaadproach to aiding the

pefﬁ%ptiomo%%%ﬁ?geaa&%%%%mﬁﬂ%{wgo@r@aim IS tadsrmanset reduce the level of all

non-speech channels relative to the level of the speech channel, for example by 6 dB. This approach
is simple 1gHBcEfeetivEaAHacH h?&&i@éa‘lf@oeéﬁy%?ﬁ‘?@%aﬁéﬁ%dlﬁ@m%ls%ﬁﬁi]l]B?alog Clarity or
modified gRWanhe effeatiensptaseHixe umehHRcRUersnHewess it stz depmaatitasat Bae drawback:

the constant attenyation.qf the non-speech, lileznnels .tower the leyel of quiet jance sounds
that do nS?]?ﬁeté'PFé’PLée\ﬁi SHYFISRaptiBRtD @%Sgimﬂv@ég?énfﬁflee& 85%8%%%8%? t?%qk%gsrd. By
attenuating stomeihtegating aoehisinge-sbuing sitfi emesteatiobalidaoktolititepirogrdumng 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  unnecessarily 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 [ls] 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



10is altered without any attendant benefit for speech understanding. 100071 An alternative solution is
described in a series of patents (U.S. Patent No. 7,266,501, U.S. Patent No. 6,772,127, U.S. Patent
No. 6,912,501, and U.S. Patent No. 6,650,755) by Vaudrey and Saunders. As understood, their
approach involves modifying the content production and distribution. According to that arrangement,
the consumer receives 15two separate audio signals. The first of these signals comprises the 'Primary
Content" audio. In many cases this signal will be dominated by speech but, if the content producer
desires, wayusdntainyotisdewigaai tysaspeselhdTheWapsn dlLigRRY corplidB¥thECiSecondary Content”

audio, whigh i carmRasad ghalkinad smaning eusss elEmenisalkaHsevdsgivea control over the
relative levels of these two signals, either by manually i%légting the Ieii}/el of efa\ch ZOsi%nal or by

automatiCayHHEIATARNG i (S BFEERSALYHE MGy et U R RS SRS B8R it the
unnecessafyAHEMUBEopeeflnGRANME fer igraphbiaricébs dinds)ptsaide sprekdugteplisgtivent is hindered
by its_incompatibility with establis odugctjon. and distribution methods. Another example
of a r?letheﬁjdl {8 %ﬁ&f\é&et?ﬁ%yr%rgﬁvgeﬁ gev% g%ﬁﬁ%&éﬁ?gﬁgeﬁnﬁﬁg ec}e%%ya%rﬁég ??ﬁsg een proposed by
Bennett idduSniApplieationPublicatclediderg0 0062 76§23 o0BamAl trstorsfsiesask the background
art share he limitation of.ARLAIEYICING. 3py:eAR (9! AUDImizingdhe, eftactae.disladenhancement

has on the listening experience intended by the content creator, among other deficiencies. It is

therefore Wi dbibatdormpie e 5re 86 SPRREATEHFRS B EvINE RO ORMRG N AR ECof non-speech

audio chapngeisHp acANVRRIiAIYFixad Mivtkrhanbel entetainmebiipiogrdmsprlainspeech remains
comprehensible while also maintaining t %l#dibilitﬁ of(}hetno 1-speech audio components. [00101
Thu che]r%a%eée‘il@’ét&‘%trw&t&?éa% SR RiNG ShEEE Gudibility. The present invention solves

these and other problems hy providing an apparatus and metho i ving;speech audibility in a
multi-chaf&7Audid §%§%ﬁ?léfﬁjm&ﬁ%%ﬁfé%% EMSSe ?r%é;%rﬁ%t% qﬁggglgfé%errlltt %Séntion improve speech
audibility . Apésie eruibbdinmen iNbes (e ER i, inve itibeningiu .84 2a5Me tindd Job -iRRsvaiAty audibility of
speech ina, pujli Laudin signal.thg Mendinelites somraring R drsihsiagiggstic and a
second cﬁ%r%ﬁé?eyﬁi%?%ﬁhdgéﬁﬁﬁhanﬁei audio signal to generate an attenuation faégtor. The first
characteristitcobpredpainased difirireioannerorine il araHvaIcat dis shysuPgaecetves

15  two separate audio signals. The first of these signals comprises the “Primary Content” audio.
In many cases this signal will be dominated by speech but, if the content producer desires,
may contain other signal types as well. The second signal comprises the “Secondary Content”
audio, which is composed of all the remaining sounds clements. The user is given control
over the relative levels of these two signals, either by manually adjusting the level of each

20  signal or by automatically maintaining a user-selected power ratio. Although this
arrangement can limit the unnecessary attenuation of non-interfering ambiance sounds, its
widespread deployment is hindered by its incompatibility with established production and

distribution methods.

[0008] 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 audio channels in a
conventionally mixed multi-channel entertainment program so that speech remains

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



10contains speech and non-speech audio, and the second characteristic corresponds to a second
channel of the multi-channel audio signal that contains predominantly non-speech audio. The method
further includes adjusting the attenuation factor according to a speech likelihood value to generate an
adjusted attenuation factor. The method further includes attenuating the second channel using the
adjusted attenuation factor. 15100121 A first aspect of the invention is based on the observation that

the speech channel of a typical entertainment program carries a Don-speech signal for a substantial
portion of@AEproGrasiberratiemeabiesaaperty e Oy REIIReE firsedsprtbidithd Mvention, masking

of speech audio,hy. nes: speech audio mav-brsrAtkalies by (AL detgipiaing.Himatienietion of a signal

in a non-speech channel necessary to limit the ratio of the sjgnal power in the non- 20 speech channel
to the sigiEIBBWE SRRCHR S HBHHK QmHE A ktie S 8'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 (c) applying the SEAMRGHfnuation. [0013] A second aspect of the
invertion[imbgsed:apchaahservatiprdhatitiventatinbptwesnc2hthal povver bf the speech signal and the

power of the masking signal is.a poor predictor of Ny IgibilityGansequently, according to this
second a%%é?%‘?%?eg}%V‘?reer‘ciﬁ%trﬂlﬁgggﬂérﬁ%% lon o %gé?(glggpﬁ{a%r%kt’%g nor}-sggec_hb::hanr?el that is
necessamtiiimbinteirraljreetbrminedboe il idesl kgibiimyns thlsLthsersysiiedi€ihg the intelligibility

of the Speech gal e RIEsE Mo LG DBRSEERNYBale A RS GorARRUsIigaY based

30intelligibility prediction model. [00141 A third aspect of the invention is baseo! n the observations
ififility can be achieved

that, if attBriushmsrciersisweracrnls 12 arBss thagrrl REh Ay dtgrarr Rl vuisr isha

withig varigh;ef aitenuationopagiesassane, ()i difetest atienuationi patternmaanyieldedifferent levels of
loudness or saljence of the non-speech audilo Conse uentl(\{(5 accoF

ing_to this third aspect of the
invention TARKKIAGTET SpEEEh 08 0y ﬁ%ﬁ??sﬁléaé%natﬁ i i€ Contiol g”dnbi}%egal aﬂ)[wcgo'sﬁ%

ing the attenuation
pattern thattmadimmizesioldaess erisgie atheraneatuter oteatiande ofthechdke!Bydech audio under

the constigint inal apIRdRIeHINeC rxeh ol preaicton shessRRIRNGTBIlAS abiewe 4R0151 The

embodiments of fhe present invention may be performed as a method or process. The methods may
be implersrsansd-hyretbenipaibcréuRis] dEMENEREOT software or a combination thereof The circuitry
used to implement the process may be dedicated 10circuitry (that performs Onlﬁl a specififc task) or

genéfal clRAIRly (tharisaspegrantinery e ertoRershendhsrbier spitbedaggyooch channel o

a typical entertainment program carries a non-speech signal for a substantial portion of the
program duration. Consequently, according to this first aspect of the invention, masking of
speech audio by non-speech audio may be controlled by (a) determining the attenuation of a
signal in a non-speech channel necessary to limit the ratio of the signal power in the non-
20 speech channel to the signal power in the speech channel not to 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 (c) 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 non-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



100161 The following detailed description and accompanying drawings provide a better understanding
of the nature and advantages of the present invention. BRIEF DESCRIPTION OF THE DRAWINGS
15100171 Figure 1 illustrates a signal processor according to one embodiment of the present
invention. 100181 Figure 2 illustrates a signal processor according to mother embodiment of the
present invention. 100191 Figure 3 illustrates a signal processor according to another embodiment
of the 20present invention. [0020] Figures 4A-4B are block diagrams illustrating further variations of
the embodifiSRHEAEGHES petomE 1od (BEiSEat RieTOMN [o02tsDestiibkd forainamstechniques
for maintairfing.apeeshsandibilisy dip {be dedewinaidSaeseriptian, i prmess AT ExRlanation. numerous
examples 9 S ecil}ic details. are set forth in order to provide a thorough understanding of the present
invention.(fatﬂwﬁll e evide AEHER éReﬁ?{b?Jr@‘é’lé?ﬁ'éﬁ"?ﬁsﬂ‘?écaﬁ‘iﬁétlfh’@fﬁ?@%@ﬁﬁrfv@m&ﬁﬁs defined by
the claimsaifrayatoiutesorhetonalintthéofentiuses nthasexamples alana ar dnEemination with
other feat i and . urther include modifications and equivalents of the
30fea?ﬁreléﬁgﬁ%gggg%é%ﬁ%%eé%g%g% 1%1%{#-3 0] 5%&%%"’%18 (%ﬂﬁﬁeéq BrevdLatligbiis cribed
below. Th%?tatﬁéi’/‘féﬁie described in a certain order is mainly for ease of presentation. It is to be
understood that particular steps may be performed in other orders or in parallel as desired according
to various(tibtéméhetivhasinanisrhtharietstisveptiustaplecpa®donddhowrastbtider; such will be

spointed gubapecificaliemhRmAobeVidaRLEARY therauisit 100431 The, Qfthe first aspect of

ESH b s oUslt : : ﬁq]@ﬁl@'gw b
the invention is illustrated in Flfgure 1. Referring now to Figure 1, a multi-channel signal consisting of a

speech cHARFER 1) AhiEe ndheseaER dish e pmeaheTnayss rasehetiditatedower of the
signals in @achyf(thagedhannaltyis speastited witha bankehRewekesinaiars (dl4d 105, and 106)
and eXpr%?o%%nae or more specific tasks).

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

understanding of the nature and advantages of the present invention.

BRIEF DESCRIPTION OF THE DRAWINGS

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

invention.

[0018] Figure 2 illustrates a signal processor according to another embodiment of the

present invention.

[0019]  Figure 3 illustrates a signal processor according to another embodiment of the

20 present invention.

[0020]  Figures 4A-4B are block diagrams illustrating 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.



10 logarithmic scale [dB]. These power estimators may contain a smoothing mechanism, such as a
leaky integrator, so that the measured power level reflects the power level averaged over the duration
of a sentence or an entire passage. The power level of the signal in the speech channel is subtracted
from the power level in each of the non-speech channels (by adders 107 and 108) to give a measure
of the power level difference between the two signal types. 15 Comparison circuit 109 determines fly
each non-igeech channel the number of dB by which the non-speech channel must be attenuated in

order for itS ftber Y&UEHEIERrdiAndmrsstsesaismlsserindthel powBraeber efelessithedlinathe speech

channel. (Thessyorholisondenoasayaripieandmaydlenbadeirired to.asaaptheta.) According to
one embognign nt 8?06 im(g)lemﬁ:lntati(ci)n of this is to add the threshold valupe- (stored by the circuit 110)
yz%?eli/e diterence NS AL BRETES S8 sLerbasrrads e tH8%hargin) and limit the result

to the power
to be equaitplondassithan Wero foadimiterstdd hangdrdd): FHelresulidsthegainiopaegated

attenuatiog):in JB thatJnHsk lied 1o the non-speech channels to keep their power level 14 dB
below the i?)ower level of the Ifé’:‘)eec ((:)hanln% . %Ogllutaebcfgn\t/%)ige fort- is 15 dB. The value of i} may be

edjusted apsiegiet eieneTtRdments. 251060 eeauseicie s 5 wnitue slaion hetveen a
measure expressed on a logarithmic scale (dB) and that same measure e réssed on adinear scale, a
circuit thaffSequitaEnt b Imindan e wigabeansistiese howercly shanasid iiesibtdaticare expressed on

a linear sagleecinchahimplomentationialkiexeldifie soees Aisd spiager byAlias .l the Jingar measures.

Alternative implementations may.replace the power measure with measures that are related to
i mg % wﬁaaéhﬁg(%s

% BOIRESUIIE ST th sigharnd-HRDsndsHeresedwBithy feature of the first

30signal stgrenél?ﬁf suc

aspeldit of thgaiibentionlis[tBcalesthgairethuaderineddoyiay akigosipmotoritalkrelaied 4o the

likelihood pf ' in the é:q channel in f cte (;,\i ech. Sti|l referring to Figure 1, a control

signal (11%))f %%?eﬁcg\%%é%n% Fﬁ%ﬁﬁnféﬁa\?\ﬂfﬁg’[ %Wéaé?ﬁg ?bf/ﬂrglcif%%ﬁéjl%wfilf ‘éef{&"fia%ffglﬂéﬁst@&ed gains

are then dppfisenef thicvsrespdndini nprsspectir channkte:| oy henypiifidrs 1ktprdil 17) to yield the

modified sigaals I aBdRiLASAIL 139 They 99@;59'osfim&&.;éée\eﬂ'uxah%ﬂ'g%@%@%{gwwatica"y >
ech.

derived meas Ig)r/%jof the likelihood of the signal in the speech channel being s arious methods

of automatiCally dEt & HRARG IR d0d Brlavelghidsisansd eesrachn wigningldypse used. According

to orié enfbadiménty asprach lielhoed prasesson-b3e-geneiasibaspasch dikelihgadyalue p (113)
from the im‘ormation (i:ﬂ (t:Ee Celcrr;lagt el 101. One example of such a mechanism is described by

Robinson and Virton in "AUTomAted SRR 466 Iikirtslertsr 1imassavch#Bring” (Audio
EngineeribgjSotienywRrdprinbfitrmbign4s hetsseayentian 113 Mah3005) daltreaatively, the control

i A he SR DDA (L UAMRIEEY R SAER Sreaioame Sne o longsice
implementation of this is to add the threshold value © (stored by the circuit 110} 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
attenuation) 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 © is 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 circuit 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



100261 Those skilled in the art will easily recognize how the an-angcment can be extended 15to any
number of input channels. [00271 The principle of the second aspect of the invention is illustrated in
Figure 2. Referring now to Figure 2, a multi-channel signal consisting of a speech channel (101) and
two non-speech channels (102 and 103) is received. The power of the signals in each of these
channels is measured with a bank of power estimators (201, 202, and 203). Unlike their
20counterparts in Figure 1, these power estimators measure the distribution of the signal power across
frequencyy fesiting speachoSidl rsfwdtra i Fagher tharcatsthgrma iiBes 1ae ssetal resolution of the

power sp I | tesqlution ofithe.inte ligibiliee predickinedmode! (205 and
206, not 3%&%@%%%@%%%?%%%%@ 04 i oi

e power spectra are fed into comparis ircui . The purpose of
this blocklig %f@ﬁ@téﬁﬂi?@t?@%ﬁkﬂérgﬂ%‘ﬁﬂﬁ (%’ BERHTEA 8 WdcH @oﬁ?—%ﬁ%%gﬁﬁ Oéh%r%gl to ensure that
the signal;ishiier napdspaack shanns tResonabregues( the) initltgibility b theastigmatiinlthe speech
channel to he less than a predetermined criterion. This functiopality, is achj loying an
intell%ibilﬂ?’ﬁ?gd}}?ﬁﬁ?{%% ?ﬁfﬁg 38@1 %E‘f ﬁ%ﬁa}olr% |8tséjg%%lé:c %%éﬁ%%lﬁ ;}/%%rl?\y?ﬁgﬁgower spectra of
the speechegigiad{20bjnanichhipdespesch sipnbileRodiand 968)! Tieszchseshisigihy3erfiction circuits

205 and 206, ma implemen ' intelligibli iGti ofehacsawing te.design choices and
tradeoffs. EQ&%%%@%%@ES ES%an%&cEﬁ%%é’H% ?ﬁt% %%f%g tg%%ggﬁed in %It\éIBSI 53.5-19%7 ("Methods for

Calculatidiatns Spaeni] 1Al uarain hdshaus RécOgRsITREASRR model of

Muesch apd Buts,GUsing siatisties dlesisian theenito presickapspattiroetigibility. |. Model structure”
Journal of the Acoustical Society of America, 200 ,@%109,. 28896-29191%% It is clea gggythe output of

the MtelliQbarEEReden B YO RPNy the I%néﬂ"fﬁ%e S rélétc%mghg{hnel 5is something

other thag SpeechtiResmiethisdaswhdtdalawsythbeautprt] ofgie (htdMigibilty geetdittion model will be
referred to as the predicted speech intelligibility. The perceived mistakewill Be, accappiad for in
subsequenrll nﬁlr%eles%rlr%a‘glf sec%(iﬁbeﬁg%%%r%ﬁlfeas outrl)ut from theécomparison Si%?uit 204 with a
parametesrtthasds related to the likelihood of the signal being speech (113, not yet discussed).
10100291 The intelligibility prediction models have in common that they predict either increased or

unchangd@08geecthinteiligipfity ths tHewlstaibiRAneHAY M ok BT erarasbre fe&EIFY5hal. Continuing

on in 4he process flow &fifigurengndbe. comparison circuits 207 and 208 compare the predicted
intelligibility with a criterion value. If the level of the non-speech signal is low so that the predicted

intelligibilgyogype GHieuphethr GriRpacesnatein L&MbICR iBustitiedizediguedB, is retrieved from
circuit 209 or 210 and provided to the circuits . . - d
Referring now to Figure 2, a multi-channel signal consisting of a speech channel (101} an
two non-speech channels (102 and 103) is received. The power of the signals in each of these
channels is measured with a bank of power estimators (201, 202, and 203). Unlike their
20  counterparts in Figure 1, these power estimators measure the distribution of the signal power
across frequency, resulting in a power spectrum rather than a single number. The spectral
resolution of the power spectrum ideally matches the spectral resolution of the intelligibility

prediction model (205 and 206, not yet discussed).

[0028] The power spectra are fed into comparison circuit 204. The purpose of this block is

25  to determine the attenuation to be applied to each non-speech channel to ensure that the
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



211 and 212 as the output of comparison circuit 204. If the criterion is not met, the gain parameter is
decreased by a fixed amount and the intelligibility prediction is repeated. A suitable step size for
decreasing the gain is 1 dB. The iteration as just described continues until the predicted intelligibility
meets or exceeds the criterion value. It is of course possible 20that the signal in the speech channel is
such that the criterion intelligibility cannot be reached even in the absence of a signal in the
non-speech channel. An example of such a situation is a speech signal of very low level or with

severely rEUTeeRily ipRrGIRnG thed prssh Errsosmitinm Senpiveins arsisd o Maresdrapdubtiver reduction of

the gain appliesktadhei nodspeachehannsldossnetiafiegt thainedisiedseeeghiteligibility and the
criterion isp ve mett.. In1 uch a 2f5 onditio Oé]he loop formed by (205,206), (207,208), and (209,210)
continuescfngj v, a g%&%ﬁ%n‘éﬂ%@%’% KNS PP B aiell ot dRaieeBbB One

C.ACO
eflnlteqy, an
particularlgytsie pleldiggriitiepafisucin logitiddo eomntthe nhioabke sibiieratidesmechexithe loop once a
predeterminegd nmberaf i lons h en exceeded. 10930] Continuing on in the process flow of
Figure 2, a control sgg%na%%h?ﬁé% ?Ehré%%? (@8 tBSéﬁldwr%EﬁIEDp G \iﬁ\/llﬁwoﬂ?%utg%ﬁ]t%e f/erl:lﬁ%}%[f)?f’r%rs 114 and
115). TheReefifinsmpdal (yaBysvrfassicialiys e atedigtehsaticdllingbiivedin ddsure sttt likelihood of the

signal in thesseesin sbasnehRaing sPaasbaMathRds:ohautematicaly %&?Uﬁm@&lﬂg likelihood of a

signal be:éné% a %peech signal are knownper se and were discussed in the context of Figure 1 (see the
speech liKEHJOE SrBRESES 158 et gmrier dhat i el aghindedirkhced Abbssimmg
non-speebhichsmrels (by, amphiiarsdskeédand 117) to yield the modified signals R and L' (118 and 119).
[0031) The principle of the third aspect of the invention is illustrated in Figure 3. Refening 5now to
Figuté 3, H3Alti-channelisgifritticprdisting mbécbpaeechnchannel (10 1)ansddwa s@mer speech channels
102 and ; ' ived. Each of the three signalg is divided into.its ctral components (by filter
l(aanks 30%(33?%&25:% g%%%g(%%?éﬁes%eggfétlrlgfafﬁgﬁlsgéar%%)? eesuzgttc iEVe \]f{ﬁtﬁ%q |‘r’r‘1%9§8?’% fA"N-channel filter
bank. AcCHRRI el € eribEdmrans, tvepfiirss ek pakitions. tihe feupeizoy canges 210 4/8-octave

bands or resaIBiaste PHAKNGIRERIMEH: ) AIOPCHIING RUMARIIRGE 8Pfh 5 et hat the signal

f
NOW consists ?f_ N sub-sjgnals is illustrated by the use of heavy lines. The process of Figure 3 can be
recognizettaa & AL ShA Che prodisted minbahmnne Srslidbp sittering. Nisetisgraisttrat form the

nonspeeshichaningislae eatliBgaledby-anrmemnarnod asetafl gaindaluesdbidhe amplifiers 116

and 117). (vatian of these gain values will.b cribed later, Next, the scaled sub-signals
G i B e e DR DA s o (o

15are recombine Into a single au
parameter is decreased by a fixed amount and the intelligibility prediction is repeated. A

suitable step size for decreasing the gain is 1 dB. The iteration as just described continues
until the predicted intelligibility meets or exceeds the criterion value. It is of course possible

20 that the signal in the speech channel is such that the criterion intelligibility cannot be reached
even in the absence of a signal in the non-speech channel. An example of such a situation is a
speech signal of very low level or with severely restricted bandwidth. If that happens a point
will be reached where any further reduction of the gain applied to the non-speech channel
does not affect the predicted speech intelligibility and the criterion is never met. In such a

25 condition, the loop formed by (205,206), (207,208), and (209,210) continues indefinitely, and
additional logic (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 Figure 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



summation circuits 313 and 314). Alternatively, a synthesis filter-bank that is matched to the analysis
filter bank may be used. This process results in the modified non-speech signals R" and L' (118 and
119). [0032] Describing now the side-branch path of the process of Figure 3, each filter bank 20output
is made available to a corresponding bank of N power estimators (304, 305, and 306). The resulting
power spectra serve as inputs to an optimization circuit (307 and 308) that has as output an
N-dimensional gain vector. The optimization emplo3.s both an intelligibility prediction circuit (309 and

310) and SHETRIHESER0d praseHRGIrAM: Breiseaier 200y waihanhepgadio Bstocomasmmadiizes loudness

of the nonrepegehckkanaeiwhile maintainingad 32 Hredeermingddews! of piegicigd jntglligibility of the
speech si%ngﬂ“% itable 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 sign chaoices and tradeaffs. Examples of suitable models are American National
Standard /@I%ﬁ 53&‘% ! r8ggtl L}?ﬂr%o?sﬂ?@t%ﬁﬁoﬁf/ﬁﬁfiﬂ“df HottAdd g &y RseS8nds” and the
German stamdarbi iR 15681t Béreckiniggidesdiainstdrkgpegelsungide Lautheib ags-dein

Gerauschﬁg@gygﬁg‘]‘m[@%&lfggﬁ;%qmc%{%g%%ng{haetlgne%l éggqurc 1s\/laa\é%ihelblet and the constraints

imposed, form and complexity of the optimization circuits (367, 348 may véff)ylgsreatly. According to

one embotiFRbAL A RePEEED MilfsaimeiisiOhal Gonsd 3R dlbptinsitationabfsh freptparameters is used.

Each paramaieedenmmsants heaainamplisd tnons.af e feauency,bandsefihe petmaeech channel.
Standardﬁ%gr#%es, sLéch as following the steepest gradient in the N -dimensional search space may

be applie e AR AR Y SRSTHBI iRt opreprmkifsianyilissssmismndihg approach
constfaingdliecgain-s hireguansy anatieradaibe trenbarsdf aamallsral ofnassings

gain-vs.-fr cé[igns ue%Q as ofldi(f:fere ectral gradients or shelf filters. With this
additional ﬁgﬁﬁﬁi‘ﬁ t%j b T 'ie%?é’aﬁsiﬁqlljfgg%aécc %% B ERLH D EP oF

e optimization prob
one-dimeR&la¢aPHstsniZationsgthyeizmbihty, Smbodivregidntetfaustiverseansieds made over a very

small set of posaible GaiInstnGtioNSH s |BLEsaRBr AR bs &%f&l?eug%fgﬁggéiﬁo%'%k} real-time

applications_where a constant computational load and search speed are ired. [ hose skilled
in the art Wil eaSfiylFHEBY, R’ SerdrigHarabisstralhbs deatrinrgtinise Nswtnsealehsibesintinization
accarslingato defitisinel embodimentains $hHaprearRRhipRNion RANGPRMAIRS sealcting the loudness
of the moglill‘ingglaﬂgghslﬁle(etg?l@a% ‘ﬁo R(f not Jarger tharéthe loudness before modification. Another
example is imposing a limi on‘the gain RAVERESs HEY WJ&E?&E%FEﬁd%HWB%@é}Fﬁ order to limit
the potentiz#fsistéinybrakatiagirguiedhEhie pomstruetiolts fittdrdoankif3d 3p3 3490l thgrature the possibility
for 20objegianalis timbregmodifications. Desirable constraints depend both on the technical
implementation of the filter bank and on the chosen tradeoff between intelligibility improvement and

timbre mqgifigjtionefeabeli@ibnahd st ationn hAse CADHIRIIS 318 AmiYed fom Figuse 3.

20 output is made available to a corresponding bank of N power estimators (304, 305, and 306).
The resulting power spectra 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 calculation circuit (311 and 312) to find the
gain vector that maximizes loudness of the non-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 ANSI $3.4-2007 “Procedure for the Computation of Loudness of Steady

30 Sounds” and the German standard DIN 45631 “Berechnung des Lautstirkepegels und der

Lautheit aus dem Geréuschspektrum”.



100351 Continuing on in the process flow of Figure 3, a control signal p (113) is received 25and
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 (sec the speech likelihood processor 130). The
scaled gain functions are then applied to their corresponding 30non-speech channels (by amplifiers
116 and 10033]as Ressediiada shtspmRiGNPELiFReSAs aridlafis ard B16 CRGMESPEaINrating variations
of the aspects shawndmFigyrestind-oiagdition cthose skilledinthe atwiteracogpiseiagyveral ways of
combining the elements of the invention described in Figur_espl throuéga? 3. %QFigure 4A shows
that the aft4RGSMRIBERGUHASTRESR DLt TE e R 1 WRESH SR GeRcY Sub-bands of L, C,
and R. Spegificady.ithetignarls jaréh anddpresaysebe pdieapasse o throufthaffiteebaniatdd 1, 442 and
443), yielding three sets of n sub-bands; {Lk . LL.}, {Ct, C CO,an R2..: il atching
sub-k?and%%g% lboélég%egcﬁlocrﬁ Efﬁréli@dﬁc?%@%lfdt é:%cl:]llr %ﬁ%fﬁ%‘|ﬁﬁ§?%§%@ﬁit%|§5g§%ft %ﬁgi%ﬁte%é%%\gssed sub
signals ané-devomivingdefbshtbresummmatieppticd it s ubthamddspm Ansajesererohpssnent dalue i,, can be
selected [RfARFRSHE foahAAIPM GRAGP SRR MIRIER IS RGRAINALERINR Buerage number
u

of speech cues carried in the corresponding frequency region; i.e., bands at the extremes of the

frequency SpEeHU TP I RIS SHROSHATEREIEN AR soHEspohdihgf 1&dfiant speech

frequencigs.chhisimpignaniationetshe inventioniaffierscanvenngeet fiadrefibgiveiem camputational
complexity and performance. 15[0038] Figure 4B shows another ari?tion For exa 1E)Ie to reduce the
ﬁh R % F{l eﬁ mient

com tat%ﬁﬁ%iﬁ%’é’rﬁ T LR T RS AT TS S R T U i

, IS, and rs) may be
enhancediby:prosessingrthésimadel dRResignatg scdbsding tosthecgirouif8Eshvirs latligure 3, and the Is

and 15 siaisISRIe RIS BRNETHLDATIG 060 Sig0als.Bhegiding o the ireut 125

shown in Figure 1 n the ‘above description, the terms "speech” (or speech audio or speech
channel crospaédivsighnal aikseash-ssedek ¢ovison-speech audio or non-speech channel or
non-speech signal) are used. A skilled artisan will recognize that these terms are used more to

differentid@0%0m Eaass eillse anthress wolhresibgsrom de sefisird spipeithbrEeiéthannels. For

exayle, iR RIESRURN RGNS adlbniithe sprechhshanhelimans2 preglesei anttyiwantain the
dialogue at one table and the_nogies eech cgfnnels @/ contain tf]1e Fialogyebat ogiéerr tgbles (hence,
both contaReSHEEL A& NSRS TEEY eﬂi“eFPﬁ)%] SRS G shg e Ables that certain

Sgue at other
embodimegisthé thedpeesesfviaventitration.dirested cowmpld @ttepogting.limit on the gain

differences between adjacent frequency bands in order to limit the potential for temporal
aliasing in the reconstruction filter bank (313, 314) or to reduce the possibility for

20  objectionable timbre modifications. Desirable constraints depend both on the technical
implementation of the filter bank and on the chosen tradeoff between intelligibility
improvement 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 antomatically 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  non-speech channels (by amplifiers 116 and 117), as described earlier.



[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 algoritluns
included as part of the invention are not inherently related to any particular computer or other
apparatus. In particular, various general-purpose machines may be used with programs written in
accordance with the teachings herein, or it may be more convenient to construct more specialized
apparatus{ée. ., integrated circuits) to perforni the required method steps. 5 Thus, the invention may
he imple H?%é irf GRHEEDFH e B HpHerkingranms Bydatingy oimbees of moreproghammiable

computer Bisiems RashdIuPRlGNG HleASHORe A GRS ALaastang Aaik siofpas syistem (including
volatile anq non-voﬁﬂle. memory.and/or storage elements), at least one input device or port, and at

least one OUPUL JaVics B Poi™Breg I Bddeteshpietsd input data to perform the functions

described in and geperate output 10information. The output information is applied to one or more
output de\;?c&egs’?,i inz]éi11 o%r? ‘%85 for %%émr@3§W§9éﬁf€H§§FS%%h@%@%W@ﬁ‘ﬂéﬁt@%? i?f any desired

ion.
comp@ter feerg dimgee(inicubibgndsadtin€, ass@niylysiGiediightievalqtocedyral fogieakaon ebject oriented

programmjing lang: M icate, wi omputer system. In any, gase, the language 15may
he a comr?)jiled or ir?t%%gge}%%ﬁgnguagé’.%%oﬁag}déﬁéﬁg%ﬁgc%xrﬁ%ﬁr%%esrogfqosg‘}raégr'ha?gspRéﬁé ly stored on or
downloaded foia é%ré%e média Bldddvide(e.g Reoasthites mrhondoraradiad 6r magmetis or optical

media) reagiaoleiloyip10s IRRLALSREEIFLRUTPAIGHR PYRLEARIE E’Hlt@?eés?ﬁqﬁﬂ{%ﬂwsﬁtiﬂ%and

operating the computer when the stora&: media or device is read by the computer system to perform

the 20 pro@BUTARY FEEHIB AR HRIR Y 21 He SPREHE By Ssidiaa g arss hreselspisidiBreeith 196 implemented
as aleompeier-readaiR.Reiag e MERIHTY, GOPHGHIaHMITH A COTRRIYIEL PEOGr BRI, Whels he storage

medium so coaﬁﬁgﬁed causes a computer system to operate in a specific and fgredefined manner to
t

perform tHEFRHCHIRS GESPHEEdFeHEGURE L e d8de B FptReHInShatsewarbus embodiments
of the pregemtrinventioni2icdlongiwitestsanplastohhov aepestsRf theprasaniirvgntion may be

implemenge Ttatiaéa ve. examples.and embodiments should not be deemed to be the only
embodimentqst,l,egng a?g%%g’ 3%%98(%%‘? u%iﬁg%é%eegzﬁcé% iffty %H?f%ﬁ%%%g HpshiEPtesent invention as

defined byheveliendhepeipiensy Baded bmhecabove disclosure and the following claims, other
arrangements, embodiments, implementations and equivalents will be evident to those skilled 30 in the
art miEPH efiglegdd wWigvoLargdsartnigtiront thexpintantrstopdiaf dherinuentidn as defined by the
claims. GJaifes, a typical surround sound signal with five channels (C, L, R, Is, and rs) may be

enhanced by processing the L and R signals according to the circuit 325 shown in Figure 3,

and the Is and s signals, which are typically less powerful than the L and R signals,

according to the circuit 125 shown in Figure 1.

20 [0039] In the above description, the terms “speech” (or speech audio or speech channel or
speech signal) and “non-speech” (or non-speech audio or non-speech channel or non-speech
signal) arc 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 film, 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). Yet it is
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



1. A method of improving audibility of speech in a multi-channel audio signal, comprising: comparing a
first characteristic and a second characteristic of the multi-channel audio 5 signal to generate an
attenuation factor, wherein the first characteristic corresponds to a first channel of the multi-channel
audio signal that contains speech audio and non-speech audio, wherein the first characteristic
corresponds to a first power spectrum of a signal in the first channel, wherein the second characteristic
corresponds to a second channel of the multi-channel audio signal that contains predominantly
non-speestpatdfdhand whenirs 1otheheseBnactaet i ENRIECHE SPBRIES '88tond power spectrum

of a Slgn%tﬁ}ﬁ@éﬁpﬁﬂﬁ&hﬁﬂ@ﬁ%ﬁ@?&%ﬁ@lﬂﬁ%iﬁﬁ@ﬁﬁﬁé&rﬁﬁg%ra@@mﬂmp&@athe second
characteristic comprises: performing intelligibility prediction based on the first power spectrum and
the secorftfiHEMBraSpRIGHSH Yol HredFata A arERe F it R, RS &L B0 TGN 2 g &iR Applied to the
ﬁecpndbp@l\e&%r@@@@lﬁ:jma@%&iﬂaﬂﬁe eredisted-4irteligibikiytopestsra trtexongdndgthod sisig the gain,

avin n adjusted, as the attenuation factor once the predicted intelligibili the criterion;
adjuﬁngelf SattEAUS |Bﬁnferi}:at%arb%1%:%8ﬁ:%flr%¥ § a Qﬁggéﬁ‘ﬁﬂfuﬂ%gg%ﬁﬁ t%%ggbiaér%%élg[lgga%madjustedn’
attenuationdactorrape atteméineptheusecosidicheashePusinig it et defeisterirasessipatitrcasttor. 2. The

method of i Lo UNSLGAMRINAG, volailAIRFRSSINGRE MUlbGhANG! Rudle signal to generate the

first characteristic e 25second characteristic. 3. The method of any previous claim, further

comprisirtierproEbesiligstadirap erisHiteItoPgE KA st SHE QLIPHKERHEDH VAIGd "384 he method of

any previgy claimivhereintesesgadehannelisione dkaiptaplitoisegand.chanpels, wherein the
second characteristic js one of a pIurallt%/i,of syef‘%) d characteristics W({gglrgin th%n%qv%nuation factor is

one ' a PREPERA)OF iSRRG TRERAR AR RIS o Rl Uiste

t es, 1
) : efn the aa}usteg %%enuatldnnfactor Is one of a plurality
of adjustadsaitanuation factors, further comprising:
[0042] Each such program may be implemented in any desired computer language
(including machine, assembly, or high level procedural, logical, or object oriented
programming languages) to communicate with a computer system. In any case, the language

15  may be a compiled or interpreted language.

[0043] Each such computer program is preferably stored on or downloaded to a storage
media or device (e.g., solid state memory or media, or magnetic or optical media) readable by
a general or special purpose programmable computer, for configuring and operating the
computer when the storage media or device 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 to 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 in the art and may be employed without departing from the spirit and scope of the invention

as defined by the claims.

11



comparing the first characteristic and the plurality of second characteristics to generate the plurality of
attenuation factors; adjusting the plurality of attenuation factors according to the speech likelihood
value to generate the plurality of adjusted attenuation factors; and 5attenuating the plurality of second
channels using the plurality of adjusted attenuation factors. 5. The method of any of claims 1 to 4,
wherein the multi-channel audio signal includes a third channel that contains predominantly
non-speech audio, further comprising: 10 comparing the first characteristic and a third characteristic to
generate an additional attenuation factor, wherei@ltimshird characteristic corresponds to the third
channel; adjusting the additional attenuation factor according to the speech likelihood value to
generate an adjusted additional attenuation factor; and attenuating the third channel using the
adjusted attenuatidfmeaRs LT 15RO TAS FHEBHGY Afersith 1 APHEethaHe Sedirdepthnerepstitum has a
plurality of bands cuherneig £oisparngtthetfirsiCharacie dstiecandtitb ersecondiahanactenstc further

comprises performing pudnesncalcHialon based e speond aguer spectiumig generate a

t .
20calculated Ioudsﬁ%ss; erein the step or a ng a gain ulrrt%er%g%"le[r)lnses a jusﬁng a plurality of

gains applied respetithhenpebos thenidindhenthlasdiostany thebeapesrinereimidioapstadicseethtelligibility

meets an intelligibililicCHHRAGR ARG tersAleUIARLIPHIPARE MRS IAIERSS SHISTianzANhwherein
the step of using ttt;e ain comprises ustlgg the 8|Lj:ll;a|ﬂ%/ of gains, havm% been a«%{lusted, a? hhe
attenuation factor FSr B R B AR T8 S aR ftRAT SRR I PRI GiBTRP haae Y iAteliigibility
criterion and the caidtdcitathibadhe semigbis dhedos drrdssuviteliornspiabeparatusvihetading a circuit
for mpgov ng audiflity of, sREESH NG OGRS AU SIRNR] SemArsig:R%a Gemparison circuit
that is configured to compare a first characteristic and a second o
second channel, wherein comparing the first characteristic and the second characteristic
comprises:
performing intelligibility prediction based on the first power spectrum and the
second power spectrum to generate a predicted intelligibility;
15 adjusting a gain applied to the second power spectrum until the predicted
intelligibility meets a criterion; and
using the gain, having been adjusted, as the attenuation factor once the predicted
intelligibility meets the criterion;
adjusting the attenuation factor according to a speech likelihood value to generate an

20 adjusted attenuation factor; and

attenuating the second channel using the adjusted attenuation factor.

2. The method of claim 1, further comprising:
processing the multi-channel audio signal to generate the first characteristic and the

25 second characteristic.

3. The method of any previous claim, further comprising:

processing the first channel to generate the speech likelihood value.

30 4. The method of any previous claim, wherein the second channel is one of a plurality of
second channels, wherein the second characteristic is one of a plurality of second
characteristics, wherein the attenuation factor is one of a plurality of attenuation factors,
and wherein the adjusted attenuation factor is one of a plurality of adjusted attenuation

factors, further comprising:

12



characteristic of the multi-channel audio signal to generate an attenuation factor, wherein the first
characteristic corresponds to a first channel of the multi-channel audio signal that contains speech
audio and non-speech audio, wherein the first characteristic corresponds to a first power spectrum of a
signal in the first channel, wherein the second characteristic corresponds to a second channel of the
multi-channel audio signal that contains predominantly the non-speech audio, and wherein the second
characteristic corresponds to a second power spectrum of a signal in the second channel, wherein the
comparison circuitcopagnisés: foairrchatedligibilityndréd iphioaigirdUit dvat isacandiiptiva dotgepatfierm

intelligibility predigfio PQ%@%@Q&Q&[ irsthqwer spectrum and the second power spectrum to generate
a predicted intelligibilit a gain Za!ustmenf circuit that is configured to adjust agaln applied to the

second power spéétrﬁrrﬁafhﬁ PiHEMYRfiateaurHteniGmnm redis s the rrsac i i gxPs&ection circuit
that is configured ¢ensekechdhpeugai, dﬂaajﬁlgebe&&laﬁjumﬁdma@ ihe attenuatlon factor once the predicted

mtellrgbrbrlrty meets he crrter lier that is configure fo, ad tron factor according
18kl 1Ahs car E[ Eh%
to a speech I|keI|hoo%uva?§eht%pglgﬁe ??Sgﬁogdjug ed atten ae or) an enalllﬁ ampllfler that is

configured to attefigite-the second channel using the adjusted 15attenuat|on factor. 8. The apparatus
of claim 7, wherein the second power spectrum has a pIuraIity of bands, wherein the comparison
circuit further comprises; udnes cu atl rcur ured {0 per orm loudness

nfj
calculation®hased ﬁﬁ(’dé)é& &Wésr B’ t ie %c?ﬂi 21981 RS dhd an
optimization circuthmaih@mdnh@wm@t@ achdmhmqaiﬂwaim}*@ﬁgmlascapphehbrespeouv@y to each band of

the sggond power spagiiyhuntl e aEedisted ateliiUlibvmeria. a0 oielialbi by gtitarion and the

calculated loudness meets a loudness criterion, and that uses the plurality of gains, having been
adjusted, as the cRHERYABrACERoY HEFELIR B ahserdepiarmryBeRs thihpraiicibemstelligibilty meets
the intelligibility critgiivingihd thditcalduatechiondhassanteris ghe taugaasslicalidiohyud fae apparatus of

any of claims 7 to gl’lgl%t% a(éﬁ)lmeﬁigicﬂl%onal attenuation factor; and

attenuating the third channel using the adjusted attenuation factor.

15

6. The method of claim 1, wherein the second power spectrum has a plurality of bands,

wherein comparing the first characteristic and the second characteristic further
comprises
performing loudness calculation based on the second power spectrum to generate a

20 calculated loudness; wherein the step of adjusting a gain further comprises adjusting 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 loudness
meets a loudness criterion; and wherein the step of using the gain comprises
using the plurality of gains, having been adjusted, as the attenuation factor for each band

25 respectively once the predicted intelligibility meets the intelligibility criterion and the

calculated loudness meets the loudness criterion.

7. An apparatus including a circuit for improving audibility of speech in a multi-channel
audio signal, comprising:

30 a comparison circuit that is configured to compare a first characteristic and a second
characteristic of the multi-channel audio signal to generate an attenuation factor, wherein
the first characteristic corresponds to a first channel of the multi-channel audio signal that
contains speech audio and non-speech audio, wherein the first characteristic corresponds

to a first power spectrum of a signal in the first channel, wherein the second characteristic

13



a first power spectral density calculator that is configured to calculate the first power 30spectrum of the
first channel; and a second power spectral density calculator that is configured to calculate the second
power spectrum of the second channel. 10.The apparatus of any of claims 7 to 8, further comprising:

a first filter bank that is configured to divide the first channel into a first plurality of spectral
components; a first power estimator bank that is configured to calculate the first power spectrum from
the first plurality of spectral components; 5a second filter bank that is configured to divide the second
channel into a seconehmtudaﬁb;aoéapﬂaﬂnaﬁr&ﬂ)nfptmmuté‘caanhal sediongpdwer @staimator bank that is

configured to calcylaie, e % GRNHRY e%rct?&?(ﬁg%‘df&%&etﬂ%&es%‘é’&% QL‘AFQL[&%QJ SReRIR, RRMPONents.

1011.The apparatus of any of claims 7 to 10, further comprising: a speech determination processor
that is configured ASFSERESBINE APSEEMEMRAItEgERdhsReIoR § @gk?lfv HRETHB I GaRRSTIEMNA computer
program embodiegrthitangiplisesecording medium for improving audibility of 15speech in a

multl-<g1annel audio S|gnal th%ll‘gd puter #)rpggalrcuﬁ)ﬁltrglgngn gd?vdcieger%xecugel %1% ssmg
racter cte

comprising: comparing a?rs Ic and a secon risti e mu hahnel audio
signal to generateﬁ@ﬁleﬂférmaﬂbﬁpfﬁ@tﬁﬁtwn@?éﬁpqﬁ@mgﬁéﬁﬁrmmmvébﬁpésmﬁd@g@larzﬁﬁst channel
of the multi-channglaudicssigaakihatcontains speech audio and non-speech 20audio, wherein the first
characteristic corresponds to aflr l?Spower spectrum of a SI nal in the first channel, wherein the second

characteristic correspon8$18 A4KEERY ERAHIEFOP o8 TR éﬂg MR R RRYRA TS SE5Rtins
predominantly theomee-speach auditegmelwtrdnainlligs siecordicharnteienistic corresponds to a second

powefgspectrum of a Sng%'aiH @@cﬁ%@ﬂgﬁhﬁ‘mﬁoﬁ}%%% select the gain, having been adjusted,

as the attenuation factor once the predicted intelligibility meets the criterion;

a multiplier that is configured to adjust the attenuation factor according to a speech
likelihood value to generate an adjusted attenuation factor; and

an amplifier that is configured to attenuate the second channel using the adjusted

15 attenuation factor.

8. The apparatus of claim 7, wherein the second power spectrum has a plurality of bands,
wherein the comparison circuit further comprises:
a loudness calculation circuit that is configured to perform loudness calculation based on
20 the second power spectrum to generate a calculated loudness; and
an optimization circuit 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 loudness meets a loudness criterion, and that
uses the plurality of gains, having been adjusted, as the attenuation factor for each band
25 respectively once the predicted intelligibility meets the intelligibility criterion and the

calculated loudness meets the loudness criterion.

9. The apparatus of any of claims 7 to 8, further comprising:
a first power spectral density calculator that is configured to calculate the first power
30 spectrum of the first channel; and
a second power spectral density calculator that is configured to calculate the second

power spectrum of the second channel.

10. The apparatus of any of claims 7 to 8, further comprising:
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25performing 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 using the gain, having been
adjusted, as the attenuation factor once the predicted 30intelligibility meets the criterion; adjusting the
attenuation factor according to a speech likelihood value to generate an adjusted attenuation factor;
and attenuating the second channel using the adjusted attenuation factor. 13. An apparatus for
improving audibilityfioft Sppeebimintiantudtintizaruded duddo Sigfiak damplisitng: fineahsalday odmparing a first
characteristic andsgeggﬁ%gllgmmteristic of the multi-channel audio signal to generate an attenuation
factor, wherein the first characteristic corresponds 5to a first channel of the multi-channel audio signal

that contains spe@dHsanent=ritPA: pkde Wuansiawse feirr et Skt acnsiishecEdrdEdnds to a
first power spectru fokepriginal i1 tpefisst ahpaats;wherein the second characteristic corresponds to a

secong channel of the myj:channl audia sidnal that soniains predominanily, (e pospgech audi,
and wherein the second characteristic corresponds to a second power spectrum of a 10signal in the
second channel, whesiratisenpergnsferdomparing comprises: means for performing intelligibility

prediction based qrdhafipstlviepwiamarestiihand dhaiseeans ARYRIIRESIEUR R Yangrig.a predicted
intelligibility; eanﬁ}for adj stingg%]g?in %‘%ﬁlied to the second power spectrum until the predicted

intelligibility meetd & EHIBFSAPSRY T BERETEH GIRRPATE Yain, having been adjusted, as the
attenuation factor once the predicted intelligibility meets the criterion; means for adjusting the

attenygtion factorggecarding (@, speeahiikelinoed Malie (xgeRgiate an adjusted attenuation factor;

and
a speech determination processor that is configured to process the first channel to

generate the speech likelihood value.

12. A computer program embodied in tangible recording medium for improving audibility of
15 speech in a multi-channel audio signal, the computer program controlling a device to
execute processing comprising:
comparing a first characteristic and a second characteristic of the multi-channel audio
signal to generate an attenuation factor, wherein the first characteristic corresponds to a
first channel of the multi-channel audio signal that contains speech audio and non-speech
20 audio, wherein the first characteristic corresponds to a first power spectrum of a signal in
the first channel, wherein the second characteristic corresponds to a second channel of the
multi-channel audio signal that contains predominantly the non-speech audio, and
wherein the second characteristic corresponds to a second power spectrum of a signal in
the second channel, including:
25 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
using the gain, having been adjusted, as the attenuation factor once the predicted
30 intelligibility meets the criterion;
adjusting the attenuation factor according to a speech likelihood value to generate an
adjusted attenuation factor; and

attenuating the second channel using the adjusted attenuation factor.
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means for attenuating the second channel using the adjusted attenuation factor. 20 14. The apparatus
of claim 13, wherein the second power spectrum has a plurality of bands, wherein the means for
comparing further comprises means for performing loudness calculation based on the second power
spectrum to generate a calculated loudness; wherein the means for adjusting a gain correspond to
means for adjusting a plurality of 25gains applied respectively to each band of the second power
spectrum until the predicted intelligibility meets an intelligibility criterion and the calculated loudness
meets a lolisinessAsridgpiompafid tineroveasiddrilitsinfspleechairn coritéspomndl todesdgsfor using the
plurality of gains, g@( ng; Pg?en adjusted, as the attenuation factor for each band respectively once the

predicted |nteII|g|b|I|ty mee s the mtellfglblllty criterion and the 30calculated loudness meets the
loudness criterionmeans for comparing a first characteristic and a second characteristic of the multi-channel

audio signal to generate an attenuation factor, wherein the first characteristic corresponds
5 to a first channel of the multi-channel audio signal that contains speech audio and non-

speech audio, wherein the first characteristic corresponds to a first power spectrum of a
signal in the first channel, wherein the second characteristic corresponds to a second
channel of the multi-channel audio signal that contains predominantly the non-speech
audio, and wherein the second characteristic corresponds to a second power spectrum of a

10 signal in the second channel, wherein the means for comparing comprises:

means for performing intelligibility prediction based on the first power spectrum
and the second power spectrum to generate a predicted intelligibility;
means for adjusting a gain applied to the second power spectrum until the

predicted intelligibility meets a criterion; and

15 means for using the gain, having been adjusted, as the attenuation factor once the
predicted intelligibility meets the criterion;
means for adjusting the attenuation factor according to a speech likelihood value to
generate an adjusted attenuation factor; and
means for attenuating the second channel using the adjusted attenuation factor.

20

14. The apparatus of claim 13, wherein the second power spectrum has a plurality of bands,

wherein the means for comparing further comprises means for performing loudness
calculation based on the second power spectrum to generate a calculated loudness;
wherein the means for adjusting a gain correspond to means for adjusting a plurality of

25 gains applied respectively to each band of the second power spectrum until the predicted
intelligibility meets an intelligibility criterion and the calculated loudness meets a
loudness criterion; and the means for using the gain correspond to means for using the
plurality of gains, having been adjusted, as the attenuation factor for each band
respectively once the predicted intelligibility meets the intelligibility criterion and the

30 calculated loudness meets the loudness criterion.
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