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BACKGROUND ART
The division of sounds into units or segments perceived as separate and
distinct is sometimes referred to as “anditory event analysis” or "auditory scene
analysis” (“ASA™). An extensive discussion of auditory scene analysis is set forth by
20  Albert S. Bregman in his book Auditory Scene Analysis - The Perceptual
| Organization of Sound, Massachusetts Institute of Technology, 1991, Fourth

~

printing, 2001, Second MIT Press paperback edition.) In addition, United States
Patent 6,002,776 to Bhadkamkar, et al, December 14, 1999 cites publications dating
back to 1976 as "prior art work related to sound separation by aunditory scene
25 analysis." However, the Bhadkamkar, et al patent discourages the practical use of

auditory scene analysis, concluding that "[tJechniques involving auditory scene
analysis, although interesting from a scientific point of view as models of human
auditory processing, are currently far too computationally demanding and specialized

- to be considered practical techniques for sound separation until fundamental progress

30 ismade.”



17 Novenber 2005 WO 02/097792 PCTI 1J507/05999 -2 There are many different
met hods for extracting characteristics or features fromaudRinePbgyd ded
the features or characteristics are suitably defined, their extraction can
be perweorgard;Asi ng aut omat ed processes. For exanple "I Sq’l:ﬁgst}ﬂ:&wgl/ sC
29/ W5 11" (MPEG is currently standardizing a variety of audro descriptors
as 5 part of the MPEG 7 standard- A cemmon shortcom ng of such nethods is,
that they ignore auditory scene anal ysis- Such methods seek ‘to neasure,
peri odi cal There ard @iany' diffagsit ¢adthods fooexPAQLRSShAGcRA{ATBIRBabHEH as
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boundari es of these events (where they begin and e wth res o tinme)
pilovi déstiralt aabbrelingf®homianaognids ‘n_chﬁm\@ardﬂ,sMPEGMeﬁa@&ﬁEaﬁsaﬂay BYaiseful
signal. The | ocations of auditory event boundaries can be assenbled to :
gener & eharacidizang apfhetitpiyi loyentdderised ar pspordascgvattysspeas of thager pri nt "
of an a’udig- signal that can be stored for use, for exanple, in conparative
anal ygf%se\‘f\ﬁ flhve&?'ﬁ’é'r simlarly generated signatures (as, for exanple, in a
dat abase of known works).

DISCLOSURE OF THE INVENTION

in accordance with a first aspect of the prevention there is provided a method
for generating a reduced-information representation of an audio signal comprising

dividing an audio signhal into auditory events, each of which tends to be
perceived as separate and distinct, and

formatting and storing information relating to said auditory events.

In accordance with aspects of the present invention, a computationally
efficient process for dividing audio into temporal segments or “auditory events” that
tend to be perceived as separate and distinct is provided.

The locations of the boundaries of these events (where they begin and end
with respect to time) provide valuable information that can be used to described an
audio signal. The locations of auditory event boundaries can be assembled to
generate a reduced-information representation, “signature, or “fingerprint” of an audio
signal that can be stored for use, for example, in comparative analysis with other
similarly generated signatures (as, for example, in a database of known works).

Bregman notes that ‘fwle hear discrete units when the sound changes
abruptly in timbre, pitch, loudness, or (f'o a lesser extent) location in space.” (Auditory

Scene Analysis-The Perceptual Organization of Sound, supra af page 469). Bregman
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Bregman notes that ."[w] e hear discrete units when the sound changes
abruptly in tinbre, pitch, loudness, or (to a |esser extEngdvehefbb@N i N
space.” (Auditory Scene Analysis-The Perceptual Organization of Sound,
supra at page 469). Bregman 17 Novenber 2005 2a al so di scusses the
perception of nultiple sinultaneous sound streans when, for exanple, they
are separated in frequency. In order to detect changes in tinbre and pitch
and certain changes in anplitude, the audio event detection process :
according to an aspect-of the present*%i)02/097792 17 PNey?&-g0S9f 99 - 3--

i nvention detects changes in spectral conposition with respect to tine.
When applied.to a nultichannel sound arrangenment in which the channels

r epr esent alsglidisagissem tha percpplian of huiltiple céegtanccwsy dongl stteans agpactfoof t he
pr esent iégﬁgg' LLory events that result fromchanges in
spati al IocatJ%ﬁnaf%ﬁﬂﬁgggggfhﬁgéégb?ﬁe. Optionally, according to a further
aspect of the v esdaitto detept changeshie pmbeesed pitoh ahd cedainechangesnipes i n
anpl | t udeabiillad GRPSENo LOert! dRectif brotadt dodlindf APLERLES nBYdghpCt 1 No
changes in spectral conposition w R respect R LPS [Ea8
conputational |y demandi ng i npl ementation, the process diwvdes audio into
time segnents by anal yzing the entire frequency band (full bandw dth 10
audi o) or substantially the entire frequency band (in practical _

i npl enentations, band limting filtering at the ends of the spectrumis
often enpl oyed) and giving the greatest weight to the | oudest audi o signal
conponents. This approach takes advantage of a psychoacoustic phenonenon
in which at smaller tinme scales (20 mlliseconds (ins) and | ess) the ear
may tend to focus on a single auditory event at a 15 given tinme. This

inplies that while nmultiple events nmay be occurring at the sane tinme, one

conponent tends to be perceptually nost prom nent and may be processed
individually as though it were the. only event taking place. Taking
advantage of this effect also allows the auditory event detection to scale
with the conplexity of the
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audi‘o bei ng processed. For exanple, if the input audio signal being
processed is a 20 solo instrunment, the audio events that,-a5e, .l KA ed
will i keMD@0%H3 i ndi vi dual notes being played. Sim I1a7m§l"ﬁ$5%% nput
voi ce signal, the individual conponents of speech, the vowels and
consonants for exanple, will likely be s4dentified as individual audio

el enments. As the conplexity of the audio increases, such as nusic with a
dr unbeatinwentioh idefdots chraiges i st dompositiontwith serpetDroytimee Wheat ect i on
identifies 25 the "npopst prominent” (i. e., the |oudest) audio el enment at
any gi veibisdeiora mulichanagl saundarrangsmenst in pihich therchanuedisaepiesannt may be
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15 given time. This implies that while multiple events may be occurring at the same

time, one component tends to be perceptually most prominent and may be processed
individually as though it were the only event taking place. Taking advantage of this
effect also allows the auditory event detection to scale with the complexity of the
audio bemng processed. For example, if the input andio signal being processed is a
/™ 20 solo instrument, the audio events that are identified will likely be the individual notes
| being playéd. Similarly for an input voice signal, the individual components of
speech, the vowels and consonants for example, will likely be identified as individual
audio elements. As the complexity of the audio increases, such as music with a
- drumbeat or multiple instruments and voice, the auditory event detection identifies
25  the “most prominent” (i.e., the londest) audio element at any given moment.
Alternatively, the most prominent audio element may be determined by taking
hearing threshold and frequency response into consideration.
While the locations of the anditory event boundaries computed from full-
bandwidth audio provide useful information related to the content of an audio signal,

30 it might be desired to provide additional information further describing the content of



. Hence, idetarnained gubbandshirathdetan the

An auditory event detecting process according to the present invention may
be inplenented by dividing a tinme donmain audi o wavef or

i nt erval s OWPEPRs and then converting the data in eag‘ﬁ b\%ﬁ ?%%%e
frequency domain, using either a filter bank or a tinme-frequency

t ransfonnati on, such as the FFT. The ampl i tude of 20 the spectral content
of each bl ock may be nonnalized in order to elimnate or reduce the effect
of anpl i amaeditdryieyent foEarsk in esdiotsigua! fanelysis cls“lonjmnpler apransinsighalon

provi des a nd| (F:}S’ 8n of the spectral conteng nplitude as a function of
frequenc% 280 @CEPSS AWOIRS malieteqneacy isn bﬂnda'ﬁédi laceipn ebnt-ent of
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orchestr ng auditory events ctra anges that

occurs asinforieationcdomnld pr@ha&edditidngnmfoﬁﬂmmmavﬁlme>ﬁ anepidebahd@nd 3 at
sanpl es 2048 and 2560, respectively. As nmentioned above, in order to

m ni ni zeanalgsisonput ati onal conplexity, only 30 a single band of
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direction inpERAGSsimple and computationally efficient process according to aspects of

15  the present invention has been found usefully to identify auditory events,
An auditory event detecting process according to the present invention may be
implemented by dividing a time domain audio waveforn into time intervals or blocks
and then converting the data in each block to the frequency domain, using either a
filter bank or a time-frequency transformation, such as the FFT. The amplitude of
20  the spectral content of each block may be normalized in order to eliminate or reduce ’”;‘:
| the effect of amplitude changes. Each resulting frequency domain representation
provides an indication of the spectral content (amplitude as a function of frequency)
of the audio in the particular block. The spectral content of successive blocks is
compared and changes greater than a threshold may be taken to indicate the temporal
25  start or temporal end of an auditory event. FIG. 1 shows an idealized wavefonm of a
single channel of orchestral music illustrating auditory events. The spectral changes
that occur as a new note is played trigger the new auditory events 2 and 3 at samples
2048 and 2560, respectively. |
| As mentioned above, in order to minimize the computational complexity, only

30 asingle band of frequencies of the time domain audio waveform may be processed,



“each: channel may be treated independently and the resulting event

boundaries for all channels may then be ORed together. {FSenltRf 260l €,

an audi t oW 0emT92t hat abruptly switches directions wll palekyydsesul t in

an "end of event" boundary in one 15 channel and a "start of event™

boundary in another channel. Wen ORed_together, two events will be

I dentified. Thus, the auditory event detection process of the present
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and pitch), anplitude and directional changes. As nentioned "above, as a :

further H%stto 3A kidzin the case ofapaveragsf qualdyneusie Gy stenpuiratibsmatiatipnhé exi t y,
t.of the tinme domain waveformin °
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the 25 manner described above. The resulting even oundari1es nay en be
ORed t ogBlihdegree do adficinthet frequenmytddmainddath esedoto bbabrahhsathivelag

mul tiple frequency bands may be fixed, adaptive, or a conbination of fixed
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case of copverti rig thg full bandw dth audi o using the FFT, only sub-bins 5
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preserved.
15  channel and a “start of event” boundary in-another channel. When ORed together,

two events will be identified. Thus, the auditory event detection process of the
present invention is capable of detecting auditory events based on spectral (timbre
and pitch), amplitude and directional changes.

As mentioned above, as a further option, but at the expernse of greater

e

C

20 computational complexity, instead of processing the spectra! content of the time

| domain waveform in a single band of frequencies, the spectrum of the time domain
waveform prior to frequency domain conversion may be divided into ﬁvo OF more
frequency bands. Each of the frequency bands may then be converted to the
frequency domain and processed as though it were an independent channel in the

25 manner described above. The resulting event boundaries may then be ORed together
to define the event boundaries for that channel. The multiple frequency bands may
be fixed, adaptive, or a combination of fixed and adaptive. Tracking filter techniques
employed in audio noise reduction and other arts, for example, may be employed to
d_cﬁne adaptive frequency bands (e.g., dominant simultaneous sine waves at 300 Hz

30 and 2 kHz could result in two adaptively-determined bands centered on those two



As shown in FIG 2, the frequency domain magnitude of a digital audio . .
signal 10 contains useful frequency information out to4@ntEeApEss0f Fs/ 2
where Fs wo od@77anpl i ng frequency of the digital audio spgﬂggwﬁy”

di viding the frequency spectrum of the audio signal into two or nore
subbands (not necessarily of the swi ne bapdwi dth and not necessarily up to

a frequency of Fs/2 Hz), the frequency subbands may be analyzed over tine

in a nannBequencies): Adthgugh ifiltepimgrithiedtata befiire cogveariontto des fielfu@ity démain

met hod. The subband auditqry_event_ jnformation provides additional
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f r equéncycomespiranking toliftequyney sutibaamdslof ih@réstividuld ba pedde’syd RgeiHierboundary
resol ution of 512 sanples) has found nultiple subband auditory events
starting, varioUsmatively.dathe ease abmaltiple subbandsnat ranltiphe chaarels) isstyad of
sanpl es 2@%311 307 and 84. It i)s unl i ke{)@ﬁé that this |evel of signal
detai | wourd"BEOEHAFT ABFLOW BiFPL DOpRImes. witaelbErsylta iserae Jossisptrenation,
anal ysi s.¢he GVBB?baﬁﬁaﬁﬁgpﬁ?@%ﬁ%ﬁ&ﬁ%ﬁ%&éﬁm'On may be used to derive

an auditory event sSIg or ea .~ While this would increase

the size of th&sshewd inFIghal i 4 ' e
conputation ti rr% requilpedm{]?’ g?nggggﬁ%‘??l?’g#‘ eﬂgélgl%&u?fe%a?@ ﬁig‘d{‘@ s&ggag

gr eatlly remhtemstisefidrivbqincy ixforndtansalito o Reqichvy pF F3Q WereFORahEr €S as
being the same. A tradeoff between signature size, conputational C WD (
02/ 09779 S2mPlkeg Evguenooobtherdigitabandiostgnl. By dividing the frequehcyi gratrum -
coeur ecY Gl don BRI S ORI RELLERL ony ALt vel
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analyzed over time in a manner similar to a full bandwidth auditory event detection
15 method.
'The subband auditory event information provides additional information about
an audio signal that more accurately describes the signal and differentiates it fiom
other audio signals. This enhanced differentiating capability may be useful if the
audio signature information is to be used to identify matching audio signals from a
20  large number of audio signatures. For example, as shown in FIG. 2, a frequency
subband auditory event analysis (with a anditory event boundary resolution of 512
samples) has found multiple subband auditory events starting, variously, at samples
1024 and 1536 and ending, variously, at samples 2560, 3072 and 3584 . Itris unlikely
 that this level of signal detail would be available from a single, wideband auditory
25  scene analysis.
The subband auditory event information may be used to derive an auditory
event signature for each subband. While this would increase the size of the audio
signal’s signature and possibly increase the computation time required to compare
-_mqlﬁple signatures it could also greatly reduce the probability of falsely classifying

30 two signatures as being the same. A tradeoff between signature size, computational
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" boundaries (at sérrpl es 1024, 1536, 2560, 3072 and 3584. Although this would
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‘15 of auditory events in a single subband may also provide information as to the tone-

like nature of an audio signal. Analyzing the relationship of frequency subband
auditory events across multiple chanuels can also provide spatial content information.
In the case of analyzing multiple audio channels, each channel is analyzed
independently and the auditory event boundary information of each may either be
e 20 retained separately or be combined to provide combined auditory event information.
- This is somewhat analogous to the case of multiple subbands. Combined auditory
~ events may be better understood by reference to FIG. 3 that shows the anditory scene
analysis results for a two channel audio signal. FIG. 3 shows time concurrent
segments of audio data in two channels. ASA processing of the audio in a first
25  channel, the top waveform of FIG. 3, identifies auditory event boundaries at samples
that are multiples of the 512 sample spectral-profile block size, 1024 and 1536
samples in this example. The lower waveform of FIG. 3 is a second channel and
ASA processing results in event boundaries at samples that are also multiples of the
' spectral-profile block size, at samples 1024, 2048 and 3072 in this example. A

30 combined auditory event analysis for both channels results in combined auditory



conbi ned auditory event analysis for both channels results in conbi ned

auditory ‘event segnents with boundaries at sanples 1024, Sy and
3072 (theVutR/4937¢ event boundaries of the channels aréT"%@ngmgﬁt her).

It will be appreciated that in practice the accuracy of auditory event
boundari es depends on the size of the S gpectral -profile block size (Nis
512 sanples in this exanple) because event boundaries can occur only at

bl ock boutnimbiresl auditoey eheitamalysis fok both shamedd résbRs i eopildaedandiiggn found
to determ ned auditory_ event boundaries with sufficient accuracy as to -
provi de s@fenésegments with bopsdarisat samnplasoli24, 1536, 2048 and\3050e(thes auditmye

ts ingl the (.1 ' 10 ti djo.before.the t ient, (2
the.t anarisht Davareis Al Shaipeld Bt Red (BRI ot b becmrrpaaiadhet in
i ont i . ) . :

p; Zgglm'ega%a%éﬁiﬂgﬁﬁ%%q E}e nf(‘:é/lﬁiétlrogpFgﬁge%)g\g}g?\@?gg%e@e%?@eggzgRgﬂﬁ bi | ance
evol vés apectrabppiile Hlablcsifzbg\l\ds)mt satnptesfinrthis @adﬁrl%m beBfuse@iRht and the

second half of the vowel. FI 3 al so shows the conbi hed event boundaries
when t he bamidasieg can@scur adlyghblockdbasindarids. ablevsstheless. td binckateeiof 812 dat a

bl ocks of t cPan el s. S}Lélgth event, segnentation provides five conbined

audi tory SES 138 PEeR fqunddodigistming andtionyavens beundesies wit swéfipient| G 4
shows an le of a four chanpel input signal. Channels | and 4 each
contain t%@gﬁﬁﬁ@ﬁ‘f@#&#gﬁ dycf?lsélﬁtﬁel s 2 and 3 each contain two

auditory 20 t | ' FYTIR i f
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FIG 4. In principle, the pr_ocessed’ audio may be digital or analog and neel. /
not be dqorfiga@iithe audiodeansientiovespeech signal ixctapresensqebin FHGi 8Bhaviteai nput

signals likely.,are, 25 one or nore channels of digital_ audio represented by
sanpl es imeaPﬁﬁéfPﬁIEbhﬁ squengy silancs pventc and gxpRsIasdhe sihilangeevohies or
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segmentation provides five combined auditory event regions (the event boundaries
are ORed together).
FIG. 4 shows an example of a four channel input signal. Channels 1 and 4
each contain three auditory events and channels 2 and 3 each contain two auditory
20  events. The combined auditory event boundaries for the concurrent data blocks ¢
across all four channels are located at sample numbers 512, 1024, 1536, 2560 and
- 3072 as indicated at the bottom of the FIG. 4.
In principle, the processed audio may be digital or analog and need not be
divided into blocks. However, in practical applications, the input signals likely are
25  one or more channels of digital audio represented by -.=mples in which consecutive |
samples in each channel are divided into blocks of, .. example 4096 samples (as in
the examples of FIGS. 1, 3 and 4, above). In practical embodiments set forth herein,
anditory events are determined by examining blocks of andio sample data preferably

representing approximately 20 ms of audio or less, which is believed to be the

30  shortest auditory event recognizable by the human ear. Thus, in practice, auditory



J 17 Novenber 2005 WD 02/ 097792 PCTI US02/ 05999 -9- events are |ikel y to be

determ ned by exam ni ng bl ocks of, for exanple, 512 san |
corresponds to about 11.6 ins of input audio at a sanpmr?gﬁ??{nebe\g?bgg 1

kHz, wi tRP#20%8%r bl ocks of audi o sanple data. However, Pcvuseghsud this
docunent reference is nade to "bl ocks" rather than "subbl ocks" when '
referring to the 5 exam nation of segnenis of audio data for the purpose of
det ecti ng audi toﬁ(i( event boundaries. Because the audio sanple data is

exani ned SVRBIaER kikely to e deteiniedithecxamitiing bjodwat] foraxanipil, S12&4mpRd
stop poi nt -boundari es ner(:‘lﬁj%sar'#l y wil]. each coincide wth block ’
boundar i 84UChfapEspands o abeut 41 6158 ofdeputandio of asappliosgaienef 46 ddiHzment s

(as larg g essi ngy over head nd reso] uti on of 10
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| ocat i onreferenedk p@dde ©VENbHs” rhthe IBRCNASALO Wil xte?%ﬂrl%et%et% i nvention
o signal |

there_is provided a nethod for - dividing an audi 0 auditory
eventd, exyRimftiophdticgnesds of sudie duta i ﬂecblﬁposésep@étaétﬁlg’ﬂﬁiﬁﬂi@i@tg@%g ,

conpri si cal culating the spectral content and anplitude content o

successi Gg‘l’i‘ﬁ?‘ﬂ\es %6@2@32’?3@%9 Séﬁml%dﬁtag‘ﬁélx?D%‘?gE’i blocks inhwadidd dieence in

spectral @%' ' ) tween.sai d uccessi ve.fi me bl ocks of said

audi o si 3‘?1(&?? i ee'rr]{t ?‘fl‘;q/? ﬁ%wg%ﬂtau |%t8P>POé§}§I?ﬁ 8&??%@&%@%6%9@@01@

bet ween withcslosk Uountiartes DR s Wi 8 1LLET RS MpdigsgRect ral content
res or

bet ween such successive tine blocks exceeds a t en the

di f f er erkequinemends Goplaigarddodanequire 168 proeassive By &HeEH S Id fesbiufatd ©Cks
exceeds a threshold, In a third aspect of the present i'nvention there is

pr oviYeCEntdesastr Gimallar plopks pravitdei pbee dbtarind lisfonhatiodion hidoedtiod ¢t O
audi tory, h of which tends to be perceived as separate and

di sti nct%&%ﬁ}%ic}vfﬁggﬁs of auditory events, conprising 7

in a second aspect of the present invention there is provided a method for
dividing an audio signal into auditory events, each of which tends to be perceived as
separate and distinct, comprising

calculating the spectral content and amplitude content of successive time
biocks of said audio signal,

calculating the difference in spectral and amplitude content between said
successive time blocks of said audio signal,

identifying an auditory event boundary as the boundary between successive
tirﬁe blocks when the difference in the spectral content between such successive
time blocks exceeds a threshold or when the difference in the amplitude content
between such successive time blocks exceeds a threshold.

In a third aspect of the present invention there is provided a method for
dividing multiple channels of audio signals into auditory events, each of which tends
to be perceived as separate and distinct, or portions of auditory events, comprising

calculating the spectral content of successive time blocks of the audio signal
in each channel, '

calculating the difference in specitral content between successive time blocks
of said audio signal in each channel,

identifying a combined auditory event boundary as the boundary between

- successive time blocks when the difference in the spectral content between

successive time blocks of said audio signal in any channel exceeds a threshold.
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caIcUIating the‘spectfal content of successive tinme bl ocks of the audio

signal in each channel, calculating the difference in spag \feﬂLbe?Qﬁ(?éam
bet ween successive tinme blocks of said audio signal in each channel,

identifying a conbined auditory event boundary as the boundary between
successive tinme blocks when the difference in the spectral content between
successive tinme bl ocks of said audicbgignal i n any channel exceeds a

a fourth aspect of the present

invention theng j oyvi.ded A f.or .divjiding nultiple channels of
audi o signal s int gjugtﬁdﬂyélpg?tyo@t\pg?érg,&éa{cﬁe"&fmm‘?r&{ tpé%"d‘iecpf"'d“ 0‘152 ‘cei ved as
separ at e diding msttipiec chanoelspdrauidiorsigrofis it atditoyy eweitd, ach ORRIcH itags

cal cul at ifhge thg I - anplitude cantent of successive tinme
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spectral and &rlshiatingidhe spedral doptent endsamplitudal coetssti vestidcaesitd @gles of sai d

audi o si gpks bﬂhg%ﬁaﬁﬁj@ﬂgﬁleach%ﬁgﬁﬁéyi ng a conbi ned auditory event

boundary as the boun etween “successive tine blocks when the -
di f f er ence i ncalqelatipgdhe gifecencecint sipetrabaend supliceescorteriti mawbdrockiy of sai d

audi o si g”@é‘is%“o%g”"épmgBﬁéaig’éﬁ&g%fﬁ?%g é]gagﬁgmggﬁe{aher aspects of the

invention will be appreciated an ’he detailed description
of the invent ideRtifyingr a pembingduadiditost event RRINESYDESER Balr@snObeflidanDRA W NGS

FIG | i syaddskidedirhe eslod@V Gk f |, hdl nnel, gf orchestral nusic
i|lustrating auditor IO%% Eglﬁgh_%ndﬁfgzéﬂ]gz@dqﬁonsggﬁvﬂafm%tﬁ'ﬁe {wegndi agr am
i |l ustr afHergsEMRIPS $ obsaid gudip giangl ihwny chamrihextieledaadiveshaid.o fr equency
subbands in order to identify subband 20 auditory events. The hori zont al

scal e is sangh@sr o mtﬁgrim,&ﬁg]%%gﬁ@éé&%}gg%de%ﬁ%o(ge‘i%ﬁ% a series

of idealized waveforns I n two audi oW ng au % in each
channel datsilabdescniptioawdithe dwentionds resbaid and¥Qtopdannel s.

15 BRIEF DESCRIPTION OF THE DRAWINGS
FIG. 1 15 an idealized wavefonm of a single channel of orchestral music
illustrating auditory.
FIG. 2 is an idealized conceptual schematic diagram illustrating the concept of
dividing full bandwidth audio into frequency subbands in order to identify subband
20 auditory events. The horizontal scale is samples and the vertical scale is frequency.
FIG. 3 is a series of idealized waveforms in two audio chénnels, showing
andio events in each channel and combined audio events across the two channels.
FIG. 4 is a series of idealized waveforms in four audio channels showing audio
events in each channel and combined audio events across the four channels.
25 FIG. 5 is a flow chart showing the extraction of audio event locations and the
optional extraction of dominant subbands from an audio signal in accordance with
the present invention. 7
FIG. 6 is a conceptual schematic representation depicting spectral analysis in

accordance with the present invention.



FIG 4 is a series of idealized wavefornms in four audio channels show ng:
audi o events in each channel and conbi ned audi o events EANSIS mBQ d‘ogur
channel s.wdq2febB925 is a fl ow chart show ng the extracti onpofusizes®o event
| ocations and the optional extraction of dom nant subbands from an audio
signal in accordance with the present -ilovention. FIG 6 is a concept ual
schematic representati on depicting spectral analysis in accordance with
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di scusse

The first step, illustrated conceptually in FIG. 6 calculates the spectral content
15 of successive time segments of the audio signal. In a practical embodiment, the ASA
block size is 512 samples of the input audio signal. In the second step 5-2, the
differences in spectral content from block to block are determined (“Perform spectral
. profile difference measurements™). Thus, the second step calculates the difference in
spectral content between successive time segments of the audio signal. As discussed
20 above, a powerful indicator of the beginning or end of a perceived auditory event is C
believed to be a change in spectral content. In the third step 5-3 (“Identify location
of auditory event boundaries™), when the spectral difference between one spectral-
profile block and the next is greater than a threshold, the block boundary is taken to
be an auditory event boundary. The audio segment between consecutive boundaries
25 constitutes an auditory event. Thus, the third step sets an anditory event boundary
between successive time segments when the difference in the spectral profile content
between such successive time segments exceeds a threshold, thus defining auditory
events. In this embodiment, anditory event boundaries define auditory events having
‘a length that is an integral multiple of spectral profile blocks with a minimum length

30 of éne spectral profile block (512 samples in this example). In principle, event



* 20 above, a powerful indicator of the beginning or end of a perceived
auditory event is believed to be a change in spectral e
third stewobnzdeftobdentify location of auditory event bgzmmgrja;iﬁgggb ggghmhen
the spectral difference between one spectral- -profile block and the next is
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: conbijged ehp the auditory event boundary information in order to define a
\feature of each auditory 10 event. Either overlappi ng or non-overl appi ng
segnents of t Ritlerdiverhappiizcor nemdoepdspping segedntsofthenude sagbder al
profiles of the input audio. Overlap results in finer resolution as to the
| ocat i on windawdid ang used tn corpute spestal praifides of thedpputl audid.y Overlap sesudts
event, sucq. as a transient wever, overlap al so increases, cqQ nal
[

. t i
15 conpl dRifier respiition s todhe legatign Qf?ﬁ {tegy eygnts a%d,sa%w@wédg@gﬁ?@afy

to miss an event, such as a transient. However, overlap also increases computational

15 complexity. Thus, overlap may be omitted. FIG. 6 shows a conceptual
representation of non-overlapping 512 sample blocks being windowed and -
transformed into the frequency domain by the Discrete Fourier Transform (DFT).
Each block may be windowed and fransformed into the frequency domain, such as by

using the DFT, preferably implemented as a Fast Fourier Transform (FFT) for speed.

(20 "The following variables may be used to compute the spectral profile of the
o input block: '
N =number of samples in the input signal
M = number of windowed samples in a block used to compute
spectral profile
25 P = number of samples of spectral computation overlap
Q = number of spectral windows/regions computed

In general, any integer numbers may be used for the variables above,
However, the implementation will be more efficient if M is set equal to 2 power of 2
so that standard FFTs may be used for the spectral profile calculations. In addition, if

30 N, M, and P are chosen such that Q is an integer number, this will avoid under- -



representation of non-overl appi ng 512 sanpl e bl ocks bei ng wi ndowed and
transformed into the frequency donmain by the D screte FoyN&embeadgisonn
(DFT). Esahohoork may be wi ndowed and transforned into thectasoieney

domai n, such as by wusing the DFT, preferably inplenented as a Fast Fourier
Transform (FFT) for speed. 20 The fol |l quhbng vari ables nmay be used to
conpute the spectral profile of the 1input block: N = nunber of sanples in

t he i nputrushgrnbr bver-runling acdiowt tidovrd oS thiepN eamiples? P AGlabiesl t o conpute
spectral profile 25 P = nunber of sanples of spectral conputation overlap
Q = nunbefnbedispensolthewguditonysyoengavalysisprpatssgthierpayametens listed/ niayttrgsst

nunber s y be used for the variables above. However, the inplenentation
will be re efficient if Mis set equal to a power of 2 so that standard

FFTs may be used fqi the Qf i tgs@Rs. I n addition, if 30
"N M and P are ch?)é[en sucsﬂatc%gﬁh?jpi(glt %L’girﬁgégﬂﬁrlﬂﬁ@er, this wll avoid
under 517 Novenber 005 =\Q &fidy ARYoViid) 21302/ 05999 -12- running or = .
over-runni ng audio at the end of the N sg les. In a practical enbodinent
of the audit orkhesatmone-hstat walues wore eistermial @gyerimétaly landtwerg®ymde set
to: MW512 samples_(or, 11.6 ns at 44.1 kHz) 5 P = 0 sanples (no overl ap)
The abov&enesalbyte rdanedy wdtheswiBeisnheamacxerlongtinm and durationeof atditony

i ory SvEis,D0Wyte ekt Beovehis ke % 25k Sahples (5095 Suedamprherniba,
n 1 dont 20y RaBAAEtho S gy RPh &R ARG Te Ry RN KR e o1
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' - calculations is an M-point Hanning, Kaiser-Bessel or other suitable, preferably non-
rectangular, window. The above-indicated values and a Hanning window type were
selected after extensive experimental analysis as they have shown to provide
15 excellent results across a wide range of audio material. Non-rectangular windowing -
is preferred for the processing of audio signals with predominantly low frequency
content. Rectangular windowing produces spectral artifacts that'may cause incorrect
- detection of events. Unlike certain encoder/decoder (codec) applications where an
-overall overlap/add process must provide a constant level, 'such a constraint does not
20 apply here and the window may be chosen for characteristics such asits =~ s
time/frequency resolution and stop-band rejection.
In step 5-1 (FIG. 5), the spectrum of each M-sample block may be computed
by windowing the data by an M-point Hanning, Kaiser-Bessel or other suitable
window, converting to the frequency domain using an M-point Fast Fourier
25 Transform, and calculating the magnitude of the complex FFT coefficients. The
resultant data is normalized so that the largest magnitude is set to unity, and the
normalized array of M numbers is converted to the log domain. The array need not
be converted to the log domain, but the conversion simplifies the calculation of the
| difference measure in step 5-2. Furthermore, the log domain more closely matches

30 the nature of the human auditory system. The resulting log domain values have a
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15 coefficients used in the sum (in this case M coefficients).

Step 5-3 identifies the locations of auditory event boundaries by applying a
threshold to the amray of difference measures from step 5-2 with a threshold value.
‘When a difference measure exceeds a threshold, the change in spectrum is deemed

sufficient to signal a new event and the block number of the change is recorded as an

¢ 20 event boundary. For the values of M and P given above and for log domain values

(in step 5-1) expressed in units of dB, the threshold may be set equal to 2500 if the
whole magnitude FFT (including the mirrored part) is compared or 1250 if half the
FFT is compared (as noted above, the FFT represents negative as well as positive

frequencies — for the magnitude of the FFT, one is the mirror image of the other).

25  This value was chosen experimentally and it provides good auditory event boundary
detection. This parameter value may be changed to reduce (increase the threshold) or
increase (decrease the threshold) the detection of events.

For an audio signal consisting of Q blocks (of size M samples), the output of

: step 5-3 of FIG. 5 may be stored and formatted in step 5-4 as an array B(g)-of

30  information representing the location of auditory event boundaries where ¢ =0, 1, . .



10 then sumed to one nunber. Hence, for a contiguous tinme segnent of
audi o, containing Q blocks, the result is an array of Q L g@ﬂg)ers,
one for cWOW2971G8%. The greater the nunber, the nore a@lﬁ%‘%@é}%ﬂ ®Wps in
spectrum fromthe preceding block. This difference nmeasure may al so be
expressed as an average difference per jgspectral coefficient by dividing
the difference neasure by the nunber of spectral 15 coefficients used in
the sum, (a1t ot adsioek Migoef 1 <z @)ﬂplﬁéﬁﬁfeﬂaﬁ et Sdmpleshadladg@ddions of
auditory event boundaries by applying a threshold to the array of

di f f er eisemphingsateest 44.dkiHz g suditaviytseese amalysisdudction Beutpiien a

di fference neasure exceeds a threshold, the change in_spectrumis deened
suf fi ci SRPrxdmafely A0 valpesasoernd.ahhe anay i@ inay stsaed 85 asignatmgngich

recorde s. an 20 .event boyndary. For val ues .qf nd P gi.ven ahove and
For 1 og tinia T Gasiadomm, matheub giesontonsl fPusBant Syt Eotengs nfomaton

t hr eghol ke Jof s ot | F [ pcl udi ng
t he ?1 (e grs e 5p§f {*ﬁ‘%@%@‘éﬁ%@&%@ aﬁ%ﬁﬁ?*@h@%&ﬁﬂﬁg acsgl:rl;npé#’{eqd (as
not ed ab@dRent&rertbbundafiesents negative as well as positive frequencies
-- for the magnitude of the FFT, one is the mrror imge of the other). 25
This val ue was chosen expddemifinidabiinaand:bbandr(optides/)good auditory event
boundary detectiagn. This paranmeter value may be chahged to _reduce

(i ncrease t hEox eaddsblsicky anoptional addiiopalste iy the procesning nbFH. § ito
Sanpl es pspHgR Lo frond sl STl dencBA H2 HEian HPRBSY or et Led 1 n
SteRoo- fsihaAl Y pROGY (c%gglfeél%&é?m@f’qa{t&& E&%ﬁ@%%ﬂg[}%?kﬁy%ﬁ&?&é&&no C,

audi'tory event boundaries

PCTI Us 0240399 infoAmatiod divided info Bedtknd) @fblnd¥) =ThisDlsakapagsg overlap of
P = 0 sanples and a signal- sanpling rate of 44.1kHz, the auditory scene

- anal ysi snfounationmady betcouvertedppaoditontetent Basshinfosmatisgcmoniiat thee arr ay
B(q) may stored as a signature, such that, inits basic form w thout the
opt i onadogunandrequansysubband igislesyifiedifor eueryoamditasy eyerb Sudh inforenatinti o

' | ' t ' B(. ti tri, f di
S gnal g L A e i oo S e b e T L difshy MvenfHeli o

15 may be useful in providing a more detailed and unique reduced-information

representation of the audio signal. The employment of dominant subband
information is more appropriate in the case of determining auditory events of full
bandwidth audio rather than cases in which the audio is broken into subbands and
auditory events are determined for each subband. |
20 The dominant (largest amplitude) subband may be chosen from a phurality of &
subbands, three or four, for example, that are within the range or band of frequencies
where the human ear is most sensitive. Alternatively, other criteria may be used to
select the subbands. The spectrum may be divided, for exainple, into three subbands.

Useful fiequency ranges for the subbands are (these particular frequencies are not

25 critical):
Subband 1 300 Hz to 550 Hz
Subband 2 550 Hz t0 2000 Hz
Subband 3 2000 Hz to 10,0600 Hz

. To determine the dominant subband, the square of the magnitude spectrum (or

30 the power magnitude spectrum) is summed for each snbband. This resulting sum for



"l den4J~ dom nant subband (optional) For each bl ock, an optional additional
step in the processing of FIG 5 is to extract informtzq, kR bhes audi o
si gnal devopr/mgy7ehe dom nant frequency 10 "subband" of theCiiusokios999
(conversion of the data in each block to the frequency domain results in
i nfonnation divided into frequency; sulBands). This bl ock-based
I nformati on nay be converted to auditory-event based information, so that

t he dogadlasibbarrbisandyulatdbantihe dartedsnisi chosdn f %e%\dﬁba{mﬁl!ﬂaﬁ' a9y wvent .
Such information for every audi tory event provides informat’lon regardi ng

t he audweightedpainr Mmdtllzg'\ﬂlejl&gcaty ‘Biee wedglhuting mayrtales thierfora oftdieiding ai | ed
-and uni ue re ced I nfo eseptation of the audio signal. The
enpl oy Bﬁ’ﬁﬁéﬁ?bé@&i)bﬁﬁw F‘ F’hﬁ sRectal v ity Mbbaadeos n the case

o ot A Ao SR R St oo

det epni ﬂﬁﬂoftﬁﬁc@afﬁ buAA andfhe {hq*iﬁﬁaax{n@ hséﬁ?"\nﬂféé sGHR b Ieiigband

may be chosen froma plurality o ree or our or exanpl e,
t hat ar mosethergy ba avarage thanling sabbindwbenaiedsss m‘&e&;ﬁuﬁll}enh tear is
nost sensitive. Alternatively, other criteria be used to select the
subbands. Tk@ogﬁd@mmmélma}p@@asumgpfé&blm{@ thierugputiof dhe dotinanis

e AT ;eqrgnszﬁsz
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chosen dJﬁ%ﬁﬂ%@Bﬁﬁdqﬁhﬁ&mnbﬁw ISEI&?&J B'si anhe ‘§F‘<l§r eaggswf%d@fgest

The weighting may take the fonn of I VI e sum and by
t he nunb8fgjotepizsehting, reapoeively) 4 itﬁnguiﬂwdﬁlt.orp event boundaries and a

dominant frequency subband within each block, from which the dox_ninaht frequency

subband for each auditory event may be determined if desired. Thus, in an idealized
15  example, the two arrays could have the following values (for a case in which there

are three possible dominant subbands).

0 000 0 1 0 (EventBoundaries)
333331

1 0 0001001
11 2221113 1 (Dominant Subbands)

[

- In most cases, the dominant subband remains the same within each auditory-

| 20 event, as shown in this example, or has an average value if it is not uniform for alt
blocks within the event. Thus, a dominant subband may be determined for each
auditory event and the array DS(g) may be modified to provide that the same
dominant subband is assigned to each block within an event.

The process of FIG. 5 may be represented more generally by the equivalent

25 arrangelﬁents of FIGS. 7, 8 and 9. In FIG. 7, an audio signal is applied in parallel to
an “Identify Auditory Events” function or step 7-1 that divides the audio signal into
auditory events, each of which tends to be perceived as separate and distinct and to
an optional “Identify Characteristics of Auditory Events” function or step 7-2. The

process of FIG. 5 may be employed to divide the audio signal into auditory events or



alternatively may take the foamof an addition or nultiplication to :

enphasi ze the 5 inportance of a band over another. Thiseqp Ussdgsl where
some subb¥¥42/493V nore energy on average than ot her subb’éﬂé{%@gmﬁ%ﬂe | ess

perceptual ly inportant. Considering an audi o signal consisting of Q bl ocks,
t he out put of the domi nant subband pr-owessing is an array DS(q) of

i nformati on representing the dom nant subband in each block (g = 0, 1,

, Q1). Foemeethen spitablepracessmpgbgenployed.ndhe euditorysenemn infoethatior, he

Subband VN i ik isafbn 5%3@@“%@5%%& s, é&s%%?x%@,%? Tﬁ%é‘t?&m
DS ! F ¥ . ) I ] 43 . i
and % EERTH i rorkE ANE kel of hrfe Bl tbin A Folfbi mttiRat °°

dom nantgtéh Uy e MR %ﬁtiﬁim"‘fhefnﬁﬁr @Pxﬁf‘ac?élf%f‘c?"t’ 1 Rlor &Y 583 QEF) eﬁbﬂ%g 1

desi red. us, in an idealized 15 exanp two arrays cou ave the
fol | di nihevamiditesy €vent mfoasationm Tie Cldentify €hameeeristicse fipngionbhestdp mi-gant
subbands). 1010001Q010000010 (Event Boundaries) 11222211133333311 (Dom nant
Subbandsihay shesanterizg semeor @il ithe anditeryisysnts byeone asmare charactetistiisy each

auditorys 20 event,.as shown jn thi.g exanpl e, s .an average value if it
i s not .u%‘?cfzr’c)?li‘ﬂr%t}enéﬁfzs HP%’C‘P‘Q £ lae‘?q‘ﬁg%%\ﬁfél?%ﬁmanﬂmmogﬁﬁband
may be ?{ﬁﬁﬁ{ ' [ LOr Y, K ( may be

nodi fi e tpdg}'o%\?:éaiéo{sh(%ge %@gﬁéﬂ%ﬁeé%@nyﬁgﬁtﬁgﬂgg%ﬁa%ﬁﬁ?s?‘?gﬁ%ﬁ to each

bl ock widHarictaflsedeilay ASSinhRRR G mbldof e MPEIR 7 RIS HeB ﬁgto?%lr e
generally by the equivalent 25 arrangenents of FIGS. 7, 8 anc} . I'n FIG 7,
an aldi anshuling, fos exanipled meanae aleebverof tlenaidigepevent, Audebnirg divent s” C

function or step 7-1 that divides the audio signal into auditory events, t .
each of ampitWwdecridherandiioryeyans ameasurcdthe apecteph flathessiofdhe anditory an

22, Theveph-gibuhsfiaR (6s ety sbentmsuByEBnEy Seiad henhHaEiesTG D | nt o
S o PR SRR e BBy AR At I oo
transient. Characteristics for one or more auditory events are also received by the

15 “Store and Format” function or step 7-3 and stored and formatted along with the
auditory event information.

Alternatives to the arrangement of FIG. 7 are shown in FIGS. 8 and 9. In FIG.
8, the audio input signal is not applied directly to the “Identify Characteristics”
function or step 8-3, but it does receive information from the “Identify Auditory
20 Events” fanction or step 8-1. The arrangement of FIG. 5 is a specific example of 7
such an arrangement. In FIG. 9, the functions or steps 9-1, 9-2 and 9-3 are arranged
in series.
The details of this practical embodiment are not critical. Other ways fo,
calculate the spectral content of successive time segments of the audio signal,

25 calculate the differences between successive time segmens:s, and set auditory event
boundaries at the respective boundaries between successive time segments when the
difference in the spectral profile content between such successive time segments
exceeds a threshold may be employed.

It should be understood that implementation of other variations and -

30 modifications of the invention and its various aspects will be apparent to those skilled



‘which may be an identification of auditory event boundaries, determ ned by
fiuiction or step 7-1 is stored and formatted, as desir 5 re and
Format " f WWR02/8A77%®r step 7-3. The optional "ldentify Cﬂggggggﬁﬁgaggg"
function or step 7-3 also receives 5 the auditory event information. The
"ldentify Characteristics" function or step 7-3 nmay characterize sone or
all of the auditory events by one or nore characteristics. Such
char act er irsthecart,ranyl that thedevertidisiiot linsiedd By tedset PR ciREmdBHimLRRand of
the auditory event, as described in connection with the process of FIG 5.
The char afessitibed; déisthgrefiosncontemplidedivecaver oy theqiresdia inPEGich anyliand atl

-~descriptors,.~10.i ncl udi

, , for ex le, a_ mpasure of power of the auditory
event . a Modifications, Vﬁﬁﬁﬁ&?% q& eﬁ?lvﬁégtsaﬁbat fagfvl@'é e trie gpiritiand sfopetnd
spectr al b I . e and ther the auditory event is

~ substantia eﬁ%/dggfsﬁ%% l&"?ﬁﬁ@%&aélg%%lg?l%??é@ ﬁ‘rﬁf\}m\é@ﬁ%@%m ude ot her _
char acs eri st i CEhéyfdieasinieati 4] i j .
Characteristics fgr one or ﬂgfgm%ﬂgﬁ?§§§ég@ﬁ%@gﬁgﬁgﬁéﬁigﬁgﬁggﬁF%%%§§§“§ﬁ% 15
"Store anfimstionsperfoumetiindigital stpmpl Frodessnds, yropednand faiFApedhoRb G%tew th
the auditory event information. Alternatives to the arrangenent of G 7
are showncqmpwiess; and/gmspesial pprposedigit] compwensi dnierfaces bietwatn analogtand
appl i ed dj.r A the "ldentify.Characteristics" function or step 8-3,
ot 1 ¢ oo RAL b Csthdiins abt s P FEIES SPPEOEAE oA R 00 g Fomitions
function ﬁymﬁﬁﬁﬂﬁqﬁ&yoﬂ'ﬁngéﬁgngenent of FIG 5°is a specific exanple of
such an arrangenent. In Fl 9, the functions or steps 9-1, 9-2 and 9-3 are

~arranged in series. The details of this practical enbodiment are not -

\eritical. Oher ways to calculate the spectral content of successive tine
segnents of the audio signal, 25 calculate the differences between -
successive tinme segnents 3, and set auditory event. boundaries at the
respective boundari es between success vv e tinme segnents when the
difference in the spectral profile content between such successive tine
segnents exceeds a threshold may be enployed. It shoul d be understood that
i npl enentation of other variations and 30 nodifications of the invention

and its various aspects will be apparent to those skilled 17 Novenber 2005




WD 02/ 097792 PCT/1JS02105999 -17- in the art, and thatl tpe invent£6)6‘|5i S not
limted b%(, t hese specific enbodi ments described. It id MREFEPDTe

cont enpl a QP %y er by the present invention any and all - nodifications,
variations, or equivalents that fall within the true spirit and scope of

t he basi c underlying principles disclosedand claimed herein. 5 The present
I nvention and its various aspects maycigu'l\r/ml enented as software functions
performed in digital signal processors, programed general - purpose digital
conput ers, and/or special purpose digital conputers. Interfaces between
anal og and digital signal streans rmay be perfornmed in appropriate hardware
and/ or as fundtidmeethod foogenaating adedncéd-imivamatioPepRsORETOR of ahSwudid VB
17 Novenber 2005 1, A nmethod for. generating a reduced-information

r epr esentSEIBROBIPTERB udi o signal conprising 5 dividing an audi o signal

i di - f i ch d Y d
arsti ot and 9T PR e AR Aeoflinfain’ B S PP TG 9 dbBeutar 1 ory
events. é)erc:@i'@ed[r% Qﬂﬁ:uﬁfe %Ih?ggy}lg%\ﬁéﬁ?el n said formatting and storing

formats and 10 stores au boundaries. 3. The nmethod of claim?2

wherein sai d fetadnguridstoriag iforREoaTe1ANeS siid SHdRGS &ehfd i ¢ to one or
nore of said auditory events and wherein said formatting and storing al so
formats and stores such auditory event characteristics. 15 4. The nethod of

claim 3 wherejin characteristjcs assignable o one or nore _of said auditory
events incl udé: W&ﬁ#@fﬁm whgTRIA satd and stuing Hymatend

easul BresAftfelel BBRkat ory event, a measure of the spectral.
flatness of the auditory ~
3. The method of claim 2 wherein sélid method further comprises assigning a
characteristic to one or more of said auditory events and wherein said formatting and
storing also formats and stores such auditory event characteristics.
15
4. The method of claim 3 wherein characteristics assignable to one or more of
said auditory events include one or more of: the dominant subband of the frequency
spectrum of the;mditmy event, a measure of power of the auditory event, a measure
of amplitude of the auditory event, a measure of the spectral flatmess of the auditory
20 event, whether the auditory event is substantially silent, and whether the auditory

event includes a transient,

5. The method of any one of claims 1-4 wherein said dividing an audio signal
into auditory events comprises
25 calculating the spectral content of successive time blocks of said audio signal,
calculating the difference in spectral content between successive time bl-ocks
of said audio signal, and
identifying an auditory event boundary as the boundary between successive
‘time blocks when the difference in the spectral content between such successive time

30  blocks exceeds a threshold.



"20 event, whether the auditory event is substantially silent, and whether
the auditory event includes a transient. 5. The nethod 1o6fyR8¥%H2P80d
clainms 1- WohHesrR2 sai d dividing an audio signal into audpCeSIBYRM S
conprises 25 calculating the spectral content of successive tinme bl ocks of
said audio signal, calculating the di-fifigerence in spectral content between
successive tinme blocks of said audio signal, and identifying an auditory
event boundary as the boundary between successive tinme blocks when the .
difference in.the specfral,caontent between such syccessive ti 30Q .bl ocks
exceeds a thr%s%b‘lﬁamff?{‘m%‘ﬁﬂ%m? O SgRYINEHY @W@V%@%Qﬁ@gﬂd}g 6.

- A et hodgdqk tgh)\ékf%(fe%v@@aé ag)at§iagazagstmgstg?(%gghrsg{(%pevents, each of which

tends to be perceil as separate an rising cal culating the

spectral cont@ii¢ulafing e SotaBednim &ff Qdeesile Hidhé biks O fShi@hdio s?%nal,

-cal culating the difference in spectral content between successive tine

bl ock& of saiadiculadng the diffdrencend speetnali oritent betwaasdi snocgssevectimetlockdar y as

t he boundary , between successive tinme blocks when the difference in the
spect r al Ok3Hé andigsignabanduch successive tine bl ocks exceeds a threshol d.

10 7. Th .nod..of. cl ai wh ' k3 d ' | | i di gi tal d
i gnal v epr AR B oR o BSlaRh afdeny s B hctuplath Betil vl stk ont of

audi o si Ihiok ' ) i ' ' "
convert1 e blotREWKER IS AnIARS SpEAPMIRRLATBerh/¥en 3ICh SuScdtiR e vink2

f r equenchlodksrek cecdidtaathrésholdie nmet hod of claim 7 wherein said cal cul ating
further includes converting the normalized frequency donain data to the

g main.
L

. represented by samples and said calculating the spectral content of audio signal

7. The method of claim 6 wherein said audio signal is a digital andio signal

includes
windowing data representing the audio signal,
15 converting said data to the frequency domain, and

normalizing the frequency domain data.

8. The method of claim 7 wherein said calculating further includes converting
the normalized frequency domain data to the log domain,
20
9. The method of claim 7 or claim 8 wherein said calculating the difference in
spectral content includes
subtracting each spectral coefficients of the current block from the
corresponding coefficient of the preceding block, calculating the magnitude of each

25  difference, and summing the differences to one number for each block.

10. The method of claim 9 wherein said setting an auditory event includes
recording the block as an event boundary when the number for the current block
differs from the number for the previous block by a value greater than a threshold.

30



20 9. The nethod of clainms 7 or claim8 wherein said cal culating the
difference in spectral content includes subtracting each gReGIRb00S

coeffi ci eg{oz%zﬂ%ﬁﬁe current block fromthe corresponding g.g& h%esﬁ t of

t he prece I 6Ck, cal cul ating the nagnitude of each 25 e, and
summ ng the differences to one nunber for each block. 10. The nethod of
claim9 wherein said setting an auditory2@vent includes recording the

bl ock as an event..poundary. en the nunber . for the current bl oc differs
from the nunb -f’Bﬁef‘Fﬁgﬂ@%%&@ |‘@ﬁ‘ewa@mtwg?%@@ﬁqwaﬁc =t hr eshol d.
30 17 Now 92 (PCTH. [ PH9 -20- 41. . The.nmet,hod of

ol ai m 5 v ard eprdilaadty of Sid nlfio MigaCREA, orr e dlisigh PEERASERRE:  on
of said el Sudit@ebvding FHriRBr bhepiskish bl s i RO Y
events, further corrp‘;isi ng format ir?gg:lr?gﬂlg%?g?%djgal at?éﬁitb{(g?@o ver?tp
boundar i dwundati2s. The net hod of claim5 wherein said nethod further

conprises identifying the dom nant subband of each of said auditory
events. 13. The nethod of claim 12 wherein said nethod generates a reduced
10 informati oR~repyresent atign, of sai,d audi o, si gnal .based on the.divisjon of
sai d si gnal |r1r71‘t gﬁ%%m‘%%‘?@"g&l@ﬂwsf WhEreigaal E&?B}Q‘if‘ﬂﬁ’er&r:’ﬁﬁilﬁeﬁ ng
storing | | lbm ' . ' tification of dom nant
subband o gg?@#P%%%ﬁgu iqtagﬁy ev[edn?z(.hﬁ%g.ewgﬁ{e%' nmet hod of claimb5 wherein
said audio signal is divided into two or 15 nore frequency subbands, the
spectral content of successive tinme blocks of said audio signal are

cal cul at ed f od3edke ofethdboftiniml 12 whefeinshidandthod genetates aredwed-n -
spectral .content between successive tine blocks of said audio signal is

cal cifat deforgrationsrepresentationoh said iaudiosigaalhnsad on the divisionef aaus sigagent’ J
boundary .for_a,.subband, i t _at t.he boundary be en sucgcessjve tine -
bl ocke. ity PR R, Swtfly ffbpue imating atd SRR Said &iditory cvent

boundaries and identification of dominant subband of each of said auditory events.

14. The method of claim 5 wherein said audio signal is divided into two or
15 more frequency subbands, the spectral content of succeséive time blocks of said
audio signal are calculated for each of the plurality of subbands, the difference in-
spectral content between successive time blocks of said audio signal is calculated for
each of the plurality of subbands, and an auditory event boundary for a subband is set
at the boundary between successive time blocks when the difference in the specfral_
20 content between such successive time blocks exceeds a threshold in any of the e

subbands.

15. The method of claim 5 wherein said audio signal is divided into two or
more frequency subbands, the spectral content of successive time blocks of said
25 audio signal are calculated for each of the plurality of subbands, the diff'efence in
spectral content between successive time blocks of said audio signal is calculated for
each of the plurality of subbands, and a combined auditory event boundary for the
~andio signal is set at the boundary between successive time blocks when the
~ difference in the spectral content between such successive time blocks exceeds a

30 threshold in any of the subbands.



.20 content between such successive tinme bl ocks exceeds a threshold in any
of the subbands. 15. The nethod of claim5 wherein sai di7aygictnbet o | S
di vided i r nore frequency subbands, the spectral _ Of
successi v@‘??%{r@qﬁ}ocks of said 25 audio signal are cal cul a?ggﬂgﬁﬂ&gggch of
the plurality of subbands, the differen ﬁ-in spectral content between
successive tine blocks of said audio sTg al is calculated for each of the
plurality of subbands, and a conbi ned auditory event boundary for the
audi o signal is set at the boundary between successive tine bl ocks when the
di fference inlg.ha siededd for dioithagtan hetdivcsipnalinbo audiciysdveats, each 6f ahiksh
exceeds a 30 threshold in any of the subbands. 17 Novenmber 2005 WO

02/ 09779enécw beperosived asseparefe andistinet, tompaisiigli ng an audio signal into
audi tory events, .each ﬁf mhicq tends to be.pgrceived gs separat,e and

~distinct, corFﬁiﬁ"le‘HBgé £ SDPElta ﬁgntmagé@mpiap & SARteRt ohsHECARPYS tige cont ent
of succ ' i 54:0l of said audio signal, calculating the

& et ok s puiB sR

di fférenc hpl i tude content between said successive tine

bl ocks of saidalaﬂﬁﬁﬁ%&hsﬂﬂferehe@m %;lie)éh*ayaﬁa afi{flith@¢ %ﬁ&ﬁ%a@&ﬂﬂ%ﬁ@ as the

boundary between successive tine ocks when'the difference in the

spect r al sucoedsine tined bhsokssofchidantiosignet, time 10 bl ocks exceeds a
t hreshol d or when the difference in the anplitude content between _such
successi ve t ilfdenifiing ancsudstoy exenthoywraryas e boundernbetwasn suceessivey

f events, .each of, which

Itiple.ch I di 0.Si Ls int it ,
AR R A AT (SR SR W I R
| Brocks SPOPREERAR LB LR Uk AERERE RncsH Gl Bt RE P p .
~'Spect 1 alsughisueBEsses MRRIDRIRS Rded althf@hblecks of said audio signal in
. each channel, '

|

17. A method for dividing multiple channels of audio signals into auditory
events, each of which tends to be perceived as separate and distinct, or portions of
15 auditory events, comprising
calculating the spectral content of successive time blocks of the andio signal in
each channel,
calculating the difference in spectral content between successive time blocks
- of said audio signal in each channel, |
-, 20 identifying a combined auditory event boundary as the boundary between
- ~successive time blocks when the difference in the spectral content between

successive time blocks of said audio signal in any channel exceeds a threshold.

18. A method for dividing multiple chaunels of audio signals into auditory
‘25 events, each of which tends to be perceived as separate and distinct, or portions of
- anditory events, comprising
calculating the spectral content and amplitude content of successive time
blocks of the audio signal in each channel, |
calculating the difference in spectral and amplitude content between said

30 successive time blocks of said audio signal in each channel,



20 |dent|fy|ng a conbined auditory event boundary as the boundary between
successive tinme bl ocks when the difference in the spectnah«ﬁ@nk@ngmﬂptmeen
successi v ocks of said audio signal in any channel

t hr eshol d%"%%&? et hod for dividing multiple channels of Sﬁﬁﬁ%gsgﬁﬁﬁ%ls
into auditory 25 events, each of which ends to be perceived as separate
and distinct, or portions of auditory e\ conprising calculating the

spectr al cont @%n%ﬁp WBnd t he
audi o si gnal ?ﬁkﬁac a%%g Hhﬁﬁ%lnén?ﬁﬁﬁ§§$¢%ﬁ%%ce |ngége§§?81‘and
anpl i t udesaeEssive tbﬁé\w@crl\saaheﬂl théQl-lﬁBfé@i@é%ﬂfb $poteabPbostienit BétvesHibsiiidi o
signal in each channel, 17 Novenber 2005 WO 02/097792 PCT/US02/ 05999 -22
i dent i fyi Bacagssiyetime bl @ﬁ]@mfciﬂyd andiosigval sy channeh exéredsdathye steildean
ifference_.in the spectral .content_ between

SUen oS e BibeniThe YifEShobt e Hnp Bids coatS beirah SUch Siepotiin AENS BlGESa¢ o

thresh | d de content between such
successi veéi \fﬂgg%{g %“t'% sal %Fgﬁ%egg%tﬁgeﬁh?wn any channel exceeds a
threshold. 19. The nethod of claim 17 or claim 18 wherein the audio in

respective channels represent respective directions in space.

19. The method of claim 17 or claim 18 wherein the audio in respective

channels represent respective directions in space.
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