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« {57y Abstract; A method for determining if one audio signal is derived
‘ 7 - from another andio signal or if two audio signals are derived from the

. . - same audio signal compares rednced-information characterizations of

(Slgnature 1) (S'gnature a "¢ said audio sigfa]s, wherein said characterizations are based on anditory

. scene analysis. The comparison removes from the characterisations or

f"5—1 - minimizes in the characterisations the effect of teraporal shift or delay

- on the audio signals(5-1), calculates a measure of similarity(5-2), and

Remove De]ay Effects . compares the measure of similarity against a threshold. In one altema-

- . tive, the effect of temporal shift or delay is removed or minimized by

5.9 © cross-correlating the two characterizations. In another alternative, the

}' } Yl - effect ol temporal shift or delay is removed or minimized by transform-

ing the characterizations into a domain that is independent of 1emporai

Slmllanty Measure * delay effects, snch as the frequency domain. In both cases, a measure _
‘ . of similarity is calcnlated by calculating a coefficient of correlation. - .

Correlation Score
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rel ates. aracterizing audio signals and using chara errzatirons to
det erm ne |f one audio signal is derived fromanother audio signal or if
two ‘audi o signals are derived from the same audio signal. BACKGROUND ART

The division of sounds into units PEREERWEPIGN Separate is. sonetines
referred to as "auditory event anal ysis" or ‘auditory scene anal ysis"

~("ASA").. An exCengiaring Avdie SimnCharatstiations Hreoé oﬁﬂﬁhd’ﬁ(b@ Egemet forth
by Al beft °S. Bregman in his book Auditory Scene Anal ysis - The Percept ual

Organi zation of Sound, Massachusetts
TECI—INICAL FIELD

5 The invention relates to audio signals. Mme particularly, the invention relates .
to charactenzmg audio s1g11als and usmg charactenzanons to determine if one audio
signal is derived from another audio signal or if two audio s:gnals are derived from

the same audio signal.

o '~ BACKGROUND ART |
( | 4_::7 The division of sounds into units perceii;éd as separate is sometimes referred
to as “auditory event analysis” or "aunditory scene analysis” (“ASA™). An extensive
deCHSSIOIl of auditory scene analysis is set forth by Albert S. Bregman in his book
Audttmy Scene Analysis - The Perceptual Orgamzatzon of Sound, Massachusetts
15 Institute of Technology, 1991, Fourth prmtmg, 2001, Second MIT Press paperback
| edltlon In addition, United States Patent 6,002,776 to Bhadkamkar, et al, December
| 14, 1999 cites pnbhcatxons datm g back to 1976 ; as "prior art work related to sound
separation by auditory scene analysis." However, the Bhadkambkar, et al patent
discourages the practical use of auditory scene analysis, concluding that
20 "ftlechniques involving auditorx scene analysis, although interesting from a scientific
O point of view as models of human auditoi'y processing, are cunently far too
| computationally demanding and specialized to be considered practical techmques for
:sound separation until fundamental progress is made.”
| | Bregman notes in one passage that "[w]e hear discrete units when the sound
25 | changés abrupﬂy in timbre, pitch, loudness, or (to a lesser extent) location m space."
| (Au&frbiy Scene Analysis - The Perceptual Orgqnizaﬁon of Sound, supra at page
| 469). Bregman also discusses the perception of multiple simultaneous sound streams
‘.Wlieh, for example, they are separated in frequency.
' There are many different methods for extracting characteristics or features

30 from audio. Provided the features or characteristics are suitably defined, their

extraction can be performed using automated processes. For example “ISO/IEC JTC




15 Institute of Technol ogy, 1991, Fourth printing, 2001 Press
paperback - edition. In addition, United States Patent 6%@?9%%M065

Bhadkar nkar, et 4 Decenber 14, 1999 cites publications dating back to 1976
as "prior art work related to sound-3eparation by auditory scene anal ysis."
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reduced-information characterizations are based on auditory scene analysis.

A method is described that generates a unique reduced-information characterization
~ of an audio signal that may be used to identify the audio signal. The characterization may be
considered a "signature” or "fingerprint” of the audio signal.

According to the present invention, an auditory scene analysis (ASA) is performed to identify
auditory events as the basis for characterizing an audio signal. Ideally, the auditory scene
analysis identifies auditory events that are most likely to be perceived by a human listener
-even after the audio has undergone processing, such as low bit rate coding or acoustic
transmission through a loudspeaker. The audio signal may be characterized by the boundary
locations of auditory events and, optionally, by the dominant frequency subband of each
-auditory event. The resulting information pattern constitutes a compact audio fingerprint or

signature that may be compared to
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based on auditory event information. ASA extracts informationm or features
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invention, audio signals are represented by samples in blocks of data and processing
| is done in the digital domain.
. Referring to FIG. 1A, anditory scene analysis 2 is applied to an audio signal in
order to produce a "signature” or "fingerprint,” related to that signal. In this case,
20 there are two aundio signals of interest. They may be similar in that one may be
derived from the other or both may have been previously derived from the same
original signal, but this is not known in advance. Thus, anditory scene analysis is
~ applied to both signals. For simplicity, FIG. 1A shows only the application of ASA
to one signal. As shown in FIG. 1R, the signatures for the two audio signals,
25 Sigr}gature.' 1 and Signature 2, are applied to a correlator or correlation function 4 that
- generates a correlation score. A user may set a minimum correlation score as
providing a desired degree of confidence that at least a pox_ﬁoﬁ of the two signatures
are the same. In practice, the two signatures may be stored data. In one practical
application, one of the Signa’tures aay be derived, for example, from an unauthorized

30 copy of a musical work and the other signature may be one of a large number of
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15 A powerful indicator of the beginning or end of a perceived anditory évent is
believed to be a change in spectral content. In order to detect changes in ‘timbre and
pitch (spectral content) and, as an anciliary result, certain changes in amplitude, the
audio event detection process according to an aspect of the present ‘in'vE:nﬁon detects
changes in spectral composition with respect to time. Optionally, according to a

20 further aspect of the present invention, the process may also detect changesin - (\2

amplitude with respect to time that would not be detected by detecting changes in
- spectral composition with respect to time. -
In its least computationally demanding ifiplementation, the process divides
andio into time segments by analyzing the entire frequency band of the audio signal
25  (full bandwidth audio) or substantially the entire frequency band (in practical - :
implementations, band limiting filtering at the ends of the spectrum afe ofien’ :
émployed) and giving the greatest wei ght to the loudest audio ‘signal coriiponeiits.
This approach takes advantage of a psychoacoustic phenomenon in Which at smaller
time scales (20 msec and less) the ear may tend to focus on a single auditory event at

30 agiven time. This implies that while multiple events may be occurring at the same
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. take into account more than one audio siream in different frequency bands rather than
assuming that only a single stream is perceptiblé_ at a particular time,

20 Even a simple and computationaily efficient process according fo an aspect of
the present invention for segmenting audio has been found useful to identify auditory
events. |

An auditory event detecting process of the present invention may be
implemented by dividing a time domain audie waveform into time intervals or blocks

25 and then converting the data in each block to the frequency domain, using either a
filter bank or a time-frequency fransformation, such as a Discrete Fourier Transform
(DFT) (implemented as a Fast Fourier Transform (FFT) for speed). The amplitude of
the spectral content of each block may be normalized in order to eliminate or reduce
the effect of amplitude changes. The resulting frequency domain representation

- 30 proyides an indication of the spectral content (amplitude as a function of frequency)
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15  together so that event boundaries resulting from both types of change are identified.

In practical embodiments in which the audio is represented by samples divided
-into blocks, each auditory event temporal start and stop point boundary necessarily
coincides with a boundary of the block into which the time domain audio waveform
is divided. There is a trade off between real-time processing réquirements (as larger
20 blocks require less processing overhead) and resolution of event location (smaller (ﬁ}
blocks provide more detailed information on the location of auditory events).

As a further option, as suggested above, but at the éxpense of greater
computational coniplexity, instead of processing the spectral content of the time
domain waveforni in a single band of frequencies, the spectrim of the time domain

25  waveform prior to frequency domain conversion may be divided into two or 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. 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
30 - combination of fixed 'an_d adaptive. Tracking filter techniques employed in audio
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25 wavef orm'prior t'0 frequency domai n conversion may be divided into two or
nore frequency bands. EDESORIPTEON QORTHRE DRAWINGSt hen be converted to
t he fr’e’q'Uen(i_‘y‘ domai.n and processed as though it were an i ndependent '
channel . The FIEeskAis adlaw ehart seeming theexiragtion of alsigremare frogranandio
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dom nant si mul taneous si ne waves a Hz an kHz couTd result in two

adapt i vqiggoﬁﬁgmemvhhdhbpmnmmemﬁm on those two frequencies). Qher,
t echni ques, : fory‘fr ovi ding auditory scene anal ysis _may be enpl oyed to

i dentify audiFl6r 2 aflow ¢hart shewing she exiraction ¢Homdipesemt lratnnoandHize
DRAWNGS FIG ., 1A is a flowhart owi ng the ext.ractign of a signature from
an audi ®PomghgKiragtiqn of dgmpant %\ﬁﬁﬁl‘“«'ﬁi@%% jlioj ah greorRats ity

si gnal far . exam 10 represent. nusic (e.g., a nusical conposition
or ﬁgongﬁ%{?r?—%e&ﬁ? - r_c,o ' flow chart illustrating the correlation of two
signatures | ®]G. 3 is a conceptual schematic representation depicting the step of spectral

=)

- analysis in accordance with the present invention,
. FIGS. 4A and 4B are idealized audio waveforms showing a plurality of audio
event locations or event borders in accordance with the present invention.
N 20 - FIG. 5 is a flow chart showing in more detail the correlation of two signatures
C- ! in accordance with the correlation 4 of FIG. 2 of the present invention,
FIGS. 6A-D are conceptual schematic representations of signals illustrating
-examples of signature alignment in accordance with the present invention. The
figures are not to scale. In the case of a digital audio signal represented by samples,
25  the horizontal axis denotes the sequential order of discrete data stored in each -

signature array. .

BEST MODE FOR CARRYING OUT THE INVENTION
In a practical embodil,ncnt of the invention, the audio signal is represented by

‘30 - samples that are processed in blocks of 512 samples, which corresponds to about
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anal ysi's Ird It provi ably | arge wi ndow size to perform
useful auditory scene anal yéuditory Scene Analysis 2 (FIG. 14)

15 Following audio input data blocking (not shown), the input audio signal is
~ divided into anditory events, each of which tends to be percéived as separate, in
process 2 ("Aﬁditmy Scene Analysis") of FIG. 1A. Auditory scene analysis imay be
dccomplished by an anditory scene dnalysis (ASA) process discussed above.
Although one suitable process for performing auditory scene analysis is described in’
20 further detail below, the invention contemplates that other useful techniques for (}
performing ASA may be employed.
FIG. 2 outlines a process in accordance with techniques of the present
invention that may be used as the auditory scene analysis process of FIG. 1A, The
" ASA step or process 2 is composed of three general processing substeps. The first
25 substep 2-1 (“Pérform Spéctral Analysis")takes the audio signal, divides it into
‘blocks and calculates a spectral profile or spectral content for each of the'blocké.
Spectral analysis transforms the audio signal into the short-term frequency domain.
This can be performed ﬁéing any filterbank; either based ol trarisforms or banks of
band-pass filters, and in either linear or warped frequency space (such as the Bark

30 scale or critical band, which better approximate the characteristics of the huthan ear):




. In the follow ng di scussi ons, the input signals are. ass g én?beg% ﬁ$ta Wlt h
anplitude values in the range [-1,+l]. Auditory Scene A yS| S P I A)
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t he second substep 2- 2, differences in spectral content from bl ock to
bl ock arthredbm]dr thertsock: Haemﬂaxyns tntentto e aoranfdifoey évéficb@nndnry. Thus, the
measur engnt s" Thus, the second substep cal culates the 10 di fference in,

spect r althizd substep seis ABanditarycvent boundary hegyreen suegessive time segmFgBal . I n
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segments exceeds a threshold. As discussed above, a powerful indicator of the
beginning or end of a perceived auditory event is believed to be a change in spectral
. content. The locations of event boundaries are stored as a signature. An optional
process step 2-4 ("Identify dominant subband”) uses the spectral-analysis to identify
20 adominant frequency subband that may also be stored as part of the signature.

In this embodiment, auditory event boundaries define auditory events having a
length that is an integral multiple of spectral profile blocks with a minimum length of
~ one spectral profile block (512 samples in this example) In principle, event
boundaries need not be so limited.
25 Either overlapping or non-overlapping segments of the andio may be
| ~ windowed and used to compute spectral profiles of the input audio..-Qverlap results
in finer resolution as to the location of auditory events and, also, makes it less Iikely
to miss: an event, such as a transient. However, as time resolution Increases,
frequency resolution decreases. Overlap also increases computational complexity.

30  Thus, overlap may be omitted. FIG. 3 shows a conceptual representation of non-
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wi ndowes and transformed into the frequen\cg ~domain by the Discrete Fourier

Trandfor m (DFT).' Kch Bimurbersf speckiah siregionseoniputedd i nto the C
fequency domain, such as by using' ,the DFT, preferably, ..inp]enented as a\.’
Fast Fouri er #ﬁ@lﬁ@ﬂ){:{i}%?gqrgpﬂgbg@dpagnggef %Q{Itﬁm(%’ﬂ@bl’%ﬁt‘aﬁq’-es may be
used to t.he: Ls: -kl b k:. nber of. s | es
used, Lo, aapEs uhe iapRahebdls A1 Bhnd MMM LA KT CRa ke ST
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nunmber of spectral w ndows/regions conputed In“general, any-iInt eg%r nunber s
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15 to:

M. = 512 samples (or 11.6 msec at 44.1 kHz)
‘P = 0 samples (no overlap)
The above-listed values were determined experimentally and were found
generally to identify with sufficient accuracy the location and duration of auditory
20 events. However, setting the value of P to 256 samples (50% overlap) has been
 found to beuseful in identifying some hard-to-find events. While many different
- types of windows-may be used to minimize spectral artifacts due to windowing, the
window used in the spectral profile calculations is an M=point Hanning, Kaiser- |
Bessel or other suitable, preferably non-rectangular, window. The above:indicated
25  values and a Hanning window type were selectéd after extensive experimental
analysis as they have shown to provide excellent results across a wide range of audio |
material. Non:rectangular windov\}ing_is-prefexred for the processing of audio signals
with predominantly low frequency content. Rectangular windowitig produces
spectral artifacts that may cause incorrect detection of events. Unlike certsin codec

30 applications where an overall overlap/add process must provide a constant level, such
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M/2 in that the FFT represents negative as well as positive frequencies). .

Substep 2-2 calculates a measure of the difference between the spectra of
-adjacent blocks. For each block, each of the M (log) spectral coefficients from
substep 2-1 is subtracted from the corresponding coefficient for the preceding block,
20 and the magnitude of the difference calculated (the sign is ignored). These M. - |
differences are then summed to one number. Hence, for the whole andio signal, the
result is an array of Q positive numbers; the greater the number the more a biock
- differs in spectmm from the preceding block. This difference measure could also be
- expressed as an average difference per spectral coefficient by dividing the difference
25 measure by the number of spectral coefficients used in the sum (in this case M
coefficients).
Substep 2-3 identifies the locations of auditory event boundaries by applying a
threshold to the array of difference measures from substep 2-2 with a threshold value.
‘When a difference measure exceeds a threshold, the change in spectrum is deemed

30 sufficient to signal a new event and the block number of the change is recorded as an
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to signal a new event and_the bl ock nunber of the change is recorded as an
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boundar i
information representing the location of auditory event boundaries where g =0, 1, . .
. » Q-1. For a block size of M = 512 samples, overlap of P = 0 samples and a signal-
sampling rate of 44.1kHz, the auditéry scene analysis fumction 2 outputs
20  approximately 86 values a second. Preferably, the array B(g) is storedasthe =~ - )
signature, such that, in its basic form, without the optional dominant subband -
frequency information, the audio signal's signéture is an afray B(q) representing a
string of auditory event boundaries.
An example of the results of auditory scene ahalysis for two different signals is
25  shown in FIGS. 4A and 4B. The top plot, FIG. 4A, shows the results of auditory
scene processing where auditory event boundaries have been identified at samples

11024 and 1536. The bottom plot, FIG. 4B, shows the identification of event
boundaries at samples 1024, 2048 and 3072.
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(of size¥ M“%é ‘és) the output of the auditory scene anBEVAPRE233tess of
function 2 of FIG 1 Ais an array B(q) of |nformat|on representing the:

| ocati on of auditory event boundaries where q = 0, 1, . . Q. For a block

f M= 512 | | i | - i ng
e of a1kt o e MR RS R (R 5 eutpats 20 M
. t el t B st d
R Bl Snéioé‘%s% ik, fn SpHRdD ?@%21%?&%&?%%&0%%@%@@
doni nantpIey)dso. eiﬁ&ﬁ@ﬁf&ihdtﬁno&ﬂﬁtﬂehdadlﬁ% 'dené%g%ﬂ{d% ral it ture is an

‘array B(q) répresenting a string of tory event n exanpl e

of the rfeaquensydiubbmid’ of thebiivk @palverdion bfthd datadhicheh ®léclsigpal s is 25
shown in FIGS. 4A and 4B. The top plot, FIG 4A shows the results of
audi Por yreqneagy dpmuemﬁg ipfiafarmation mded/eﬁo ﬁﬁmmney subbaradsd. Hdén

Iot FIG 4B, shows the

lgﬁﬂii H6F baS e G arat t el FaLexted Gy AL yent basss! forraatan, %
Noverbery 185 At 0BLAMSCT kRT3 A ifre |onaﬁﬁl"g§{%‘%&l¥% AR aTrEs OPan

pr ocessiinfbrififionrfor Bvery! dadito?y event ﬁrcﬁ)iaé@ﬁ{e éd’ifelﬁﬁf@ﬂ bebés&ﬂ (dRScribid O
si gnal .denoting the dom nant ~ frequency, "subband” he bl o conver si on
of the dlxelcaw) withafunthiet iflerhatiohén aﬂdftmmtu:ﬂlmnhtdiry eesmj beundaryynf or mat i on

di vided into frequency subbands). This bl ock-based informtion may be
nd@rté@lﬁlﬂ'@lm:tory event based information, so that the domi nant

3 r'equency- suﬁggﬁvi I d ar}‘tglpf | Edgég{qﬁsvsyé%%&g%atyo yﬁﬁvent P%-igéfl I nf Oé%rrat i on
or every au (o) Qfsust
70 i nf of bbPadd’ R of Bt B3 &b, Rt SR 40 Bk E}%%ﬁ“@n@%ﬁ%’?%m

a pl ur akjliete the homBhAL s mbbf @Rishivd. OH'It»elﬁéﬁve‘fj‘ %Eﬁleﬁcnttei’&t g%e"ﬁsteﬁ' 1§ the

range or. band of frequencies where the hunman €ar i s nost. sitive
Al ter nat;el‘eetme subbendsc rm@specm 1hey be&ﬁvided for example mto three subbands

15 The preferred frequency range of the subbands is:

Subband 1 ' 301Hz to 560Hz
Subband2  560Hz to 1938Hz
Subband 3 1938Hz to 9948Hz

‘ To determine the dominant subband, the square of the maghitude spectrum (or
20 the power magmtude spectrum) is summed for ¢ach subband. This resuiting sum for
' each subband is calculated and the largest is chosen. The subbands may also be
;welghted prior to selectmg the largest. The weighting may take the form of dlvzdmg
o the sum for each subband by the number of spectral values in the subband or
alternatively may take the form of an addition or multiplication to emphasme the
25 | impei'fance of a band over another. This can be useful where some subbands have
more energy on average'than other subbands but are less perceptually imponant
Con31denng an audlo signal con51st1ng of Q blocks, the output of the dommant
subband processmg is an anay DS(q) of information representing the dominant
subband in each block (q =0,1,...,Q-1). Prefer ably, the array DS(g) is stored in
30 fhe si gnafure along with the array B(g). Thus, with the optional dominant subband




sel ect the subbands. The spectrum may be divided, for e three
subbands. 15 The preferred frequency range of the subbaﬁﬁg&r’%ﬁb‘:‘é{?@gg

1301Hz tqQ, 560Hz Subband 2560Hz to 1938Hz Subband 31938Hz to 9948Hz C To

det er m neVPHIYE nant subband, the square of the magnit ud&XEEEHHh (or

20 the power magnitude spectrum) is sumiﬁd for each subband. This resulting
sum for each subband is cal cul at ed and e largest is chosen. The subbands

may al so t r t ake
the for mng nﬁﬁ'ﬁg &H%B sg%x?a.l "éac tt% aArgz[}&eg@ aﬂ-‘ﬂbf%@r qgéllegg%%?é’
~values. Ifbsrﬂeeuw@barginngrofaﬁmﬁf;ﬂé%mqio\mweé aif&amﬁaﬁﬁ{tfﬁ&{/ eﬁ@y%ﬁg éﬁ&”
or nultiplication to enphasize tthe 25 inportance of a band oVer anot
Thi s canwithineathiblotier ¥hasin avidealided fampleyrtictvanargys wnldhevages t han
ot her subbands but are | ess perceptually inportant. Considering 'an audio
si gnal cHrlowmgyalaes (fas pease intwhich thergtare threa@osgiblerdominsubshhands).
processing is an array DS(q) of |nforrrat|on representl ng the dom nant
subbahd |n each bl ock - éq Preferably, the array DS(q)
is stored ¥n0 J0 @nd s rlatQJr@ él dhgOwilt FQ tﬂe 1ar® a(FveptBoundares)vi t h t he
optional dbrriln&tstbbﬁnd m Noﬁerfbe3 30 3WD Op/ (BokdbanPSubbisiiz) 05329
-14 information, the audio S|gnal S sigpature is tvvo arrays B(qg) and DS(q),

representi 'ng, v | ri d a
domi nant frequency?gé%ébs i do Esgg%ﬁfdb J}IQ% e an ?%%J@te

exanpl e, ey, w@hm%&hﬁoea&a@nﬂeva hian a\fr&h}g@%ﬂﬁ 1fﬁllyﬁ§t ﬁﬁl%nﬁf@f@ﬂ in
which there are three possibl e dom nant-subbands). 5 0001 010

0 0 0 0 BlozkéFRvithientheRoventaThas,)a domiRan? s@blarid hay b dﬁteﬁnﬁn@d i’oﬂsabh

(Doni nant S6bands) In npst cases, the dom nant subband remai ns the same
Wi t hith eauht@rwmemtyandethemaYa@S@m ba modified ta pprade that fhesame aver age C
val ue if not , uni,f.or m.f or .thin the event. Thus, a

domi nantd%%‘b%m fds assignsd ?thg?logémﬁ%{}% fRbry event and the array
DS(q) may be nodified to provide that b8 spme dom nant subband IS
assigned to each block within an event.

The determination of whether one 31gnature is the same or similar to another

stored signature may be accomphshed by a corr elation function or process. The
15 correlation funcnon or pI ocess compares two signatures to determme their snmlanty
This may be done in two steps as shown in FIG. 5: a step 5- 1 that removes or
| minimizes the effect of temporal shift or delay on the 51gnatures followed by a step
5.2 that calculates 2 measure of snmlanty between the sxgnatures \
The first-mentioned step 5-1 minimizes the effect of any delay between two
20 SIgnatures Such delay may have been deliberately added to the audio signal or could ( !
be the result of signal processing and/or low bit rate audl_o codmg. The output of this
| -stép is two modiﬁed signatures in a form suitable for calcﬁlaﬁ_on ofa mqasuré of their
similarity. | ,
The second—mcntloned step 5-2 compares the two modlﬁed sxgnatures to ﬁnd a
25 quant afive measure of their similarity (a correlation score). Tlns measure of
| si::nﬂarity can than be compared againsi a threshold to determine 1f the signaturcs are
the same or different to a desired level of confidence. Two suitabie conelaﬁpq
processes or functions are described. Either one of them or some other éuifc_abie

correlation process or function may be employed as part of the present invention.




, Correlation The determ nation of whether one signature | r
simlar to another stored signature may be acconpli shedhﬁwgg@g%c’gtion
functiongé)d f/rocess. The 15 correlation function or process conpares two
‘si gnat ur82%Y 78 ermine their simlarity. This may be doRETUSO¥G352%t eps as
shown in FIG 5: a step 5-1 that renoves or mnimzes the effect of
tenporal shift or delay on the signaturé8; followed by a step 5-2 that

cal cul ates a neasure of sim.larjty between the signatures. The
first-nmentioned step 5-1 n?msﬂﬁgé{elqtp@ 908\%%%?“%%%_@ ay between two 20
signatures. Such delay may eg | ber added to the audi o signal
or could I ) be the result % 1§},€]ﬁ(§fy fé)&g@?@%@%@&%r low bit rate audio
coding. The ophWorRilafibh FifdtRh ¢ Ppiotesy MlatdsersinbRREINCS: paHRn R6H
suitable for calculation of a neasure of thelr simlarity. he

second- nechi ofthe Spagtubessuchithar hesé Beo koD siel the dhest SHANKF fsrtidhslihifea 25
quant ative neasure of their simlarity (a correlation score). This neasure
of i nifegpeetyvesignahwas bad bavip theshmglingtht. Zhe nodathd repion cdmidbeithe i f t he
signatures .are .the sane or different to,a desired_|eve] of confidence. Two

* sui t abl doR)ErlaPPIRE Tegigns betweey, the wosiginturgs.asbovm indie examples dne of

t hem or r ' -rel atq function nay .be

Lherm o (RIS, GRS oF bld BBlEed AR LALLAN, LRSS0 e APS Rl B85 07700
PCT/ US0210532phe pefefredShethdll igbatHOWhEIeQR RS Rppngiebidn £8m ! of
‘Tenpor al Del ay fects This correlation function or~process Isolates a

singl e rsegnainres. Pomtei aniplesaressioiwoin FIG &i Thabvedspping egioat fok fies ewbwo
regions are-the nost similiar portions in the 5 respective signatures and

e aninglof s
_?_ﬁ\-eD, rgfﬁ%“@é@?éﬁ%@gﬁg@“@é@i B’g’\j@rﬁﬁ: %f‘&“ﬁ?}f*’; ¥$e3-1 v @?ng?thé@i ons.
o1 onat urieh B EERABpNBGEal A AR CH o Bl BRGRTe] S0 Be L P Futlé ¢ o
the beg FTABHORRY HRih S o Brger ARy (FIETEAAERRIOT PNC 2! I he” 2™

si gnat ur es i lenelaren rondiertdfelifferat waykhe isdlite aefimaRRtgiby BehPRvHet ween
the two signatures could be all of the smaller
15  arrays of data. A standard mathematical technique involves using the cross

correlation to find a lag or delay measure between the arrays of data. When the
‘beginning of each of two arrays of data is aligned, the lag or delay is said to be zero.
‘When the beginning of each of two arrays of data is not aligned, the lag or delay is
non-zero. The cross comrelation cal'cullates a measure for each possible lag or delay
h 20 between the two arrays of data; this measure is stored as an array (the output of the
'f cross correlation function). The lag or delay that represents the peak in the cross
_ correlation array is considered to be the lag or delay of one array of data with respect
to the other. The following paragraphs expresses such a cormrelation method in a
o mathematical form. |
25 | Let S, (length N,) be an array from Signature 1 and S, (length N,) an array
| from Signature 2. First calculate the cross-correlation array Ry, (see, for example,
John G. Proakis, Dimitris G. Manolakis, Digital Signal Processing: Principles,
| Algorithms, and Applications, Macmillan Publishing Company, 1992, ISBN 0-02-
396815-X). - |




signature and a portion of the larger signature (FIG Gﬁ qu\ﬂenﬁ)@' dhere are
a nunber of different ways to isolate a common region from two fg arrays

of data. A standard mat hematical technique involves using the cross
correl ati W@ Q&7 nd a |ag or del ay measure between the arPEl/ESEH0SRAt a.
~When the beginning of each of two arrays of data is aligned, the lag or
delay is said to be zero. Wen the begilari ng of each of two arrays of data
is not aligned, the lag or delay is non-zero. The cross correlation .
cal cul ates a aASAN € r ossi bl g_ L r delay 20 betweepn.the two
arrays of dat gﬁﬁtﬁ"é,gt_ﬁh(gﬁ‘?’gni"@ st or e,de_gg“qg%"'érray (the out pu{bof t he

- cross correlation function). The |lag or delay that represents the peak in
the cross cofrefesablyntherarags-cardanen depadotined astdpesthadadr FEEbayedf one
array of data with respect to the other. The foll owi ng paragraphs

expr essedeehpigues Worederaexemtiontive in a mathenmatical: form 25 Let S,

(length N,) be.an array from Si ghat I an l.engt h, N2 n arra from
Si gnature 2. %sﬂ?“sf-‘tg%t&%ﬂfﬁf@z @ﬁ%’ﬁ{ﬁgz@@;&r ?’gfq“éith I'r""a%fR%?t I?ﬁ—'ssll%%é'sﬁor
exanple, John G Prpakis, Di.rnitris Mangl akis, Digital Signal .
Procedsi rfgd By aﬁ'cslml&,,-the/lﬂ@éppfrﬁwﬁmi —m@&mm‘?lemwf Wag PUbl i shi ng
Conmpany, 1992, |SBN 0-02- 396815-X). 11 Novenber 2005 WO 02/097790 -

- PCT/ Us02 repezentsthe delay af § relativeffiE2 (1) S, (n).S, (n --1) (1)
Preferably, the cross-correlatiqn is perforned using standard FFT based

. techni ques td,,g&@ducf@ré%éé'ﬁfais 3ti me. Since both S, and 2 are boufkdkd, , .
R,,, has length: N, :+N2i-1. Assumng s, and s2-are sizmiar, the lag 1

cor r espondi ng Sirca this lagepeserts dhe delay niherrrpmonsgpatisb regions er spatiajlyof 2

relativeto § ..Ipeak =1.fox...Mx(R (1)): (2) .Singe-this lag represents, .
[ he el ayverHBDing Rl QriEalirasely s S RIS pangdias 5.l 1S3 prgheang Beos (|
signatures S,, an are retained as S; and SS ; each having the 10 sane
Ieng'?1 aﬂﬁ}JﬁP&@’s@lzas equations, the overlapping parts S, an

Expressed as equations, the overlapping parts S| and &, _‘c')f the signatures S,

and S, are defined as:

<n< lpm,,,+MﬂV(N_._ flmk:,Nz) .m=n —Imk 1

S, (m) =58,() Foat < peak 20
e 0<n<MIN(N,, N, +1,) m=n  l,<0
15 ’ . _ . _
\ 0<n<MIN(N, -1 .N. m=n I =0
© Sy(m) = S,(n) Wy = Lpeges Vo) R peak =
L SR FMIN(N, Ny +1 ) m=n+l,, 1, <0
.
G)
The length of §; and S, is:
20 |
- ) 1, =0
le‘ - MN(N! ;penk’N_) prok ) (4)
MINWN, Ny +1 ) 1 <0
First Correlation Process or Function
Similarity Measure | ) _
25 This step compares the two signatures to find a quantitative measure of their

similarity. The preferred method uses the coefficient of correlation (Eqn. 5). Thisis




,and .2 are defined as: 2 of the signatures S 1 peak + MN(N,
Tl pcak? N2) . in=n -1 peak . Ipeak 2 0 S, (m _ 1?Noyér89é‘r%05M N( N’

_ N2+1p nlpeak<015 05n <M N(N, --1p"k N2) (n) ~
1 < n < ﬁkﬁ[w N2 + | pe peak - peak ak m= n, géi{ﬁ@ﬂ&ﬁ%
m:n+I peak 1p-k <0 (3) The I ength of S, and Sz is: 20 MlN(N -1 peak, N,) |
pcak 2 0 N, 2 ~ " MN(N,,N + 67'peak peak First Correl ation

Focess i ok B ARG SetonIihS 3 RSB

preferre a 1
~ Novenber g%%%%ﬁ&dm 02%%%%5%@%@%]@? Iizt%&m% 7F29Q{Tga%ﬂ gs?g%tﬂgjt}i%ﬁsesl}hod

(W11 aml922hdSBNI0-S3HO2026-8. Wackerly, Richard L. -Scheaffer,

Mat hemat'i cal Statistics wiih, Applications: Fourth Edition, Duxbrry Press,
19 9, TSBN. 0-5--14-92020-4) . Cov(SJ S, ) Po-,0, (95 wher e a-, and crz
, are be standard deviations of S, and S, respectively. The covariance of
5 Cangl. S, i 5,dek oSSy, S LOSRES R S0

oo,

. where g, and o, are the standard deviations of §; and S, respectively.

- The covariance of S, and s, is defined as;

R ' ' Z(S () — 12, )(S, () ~ )

10 Cou(s; 83y == ©)
12

" where g, and g, are the means of S, and S, respectively.

' The cocfﬁclent of conelatlon p,isin the range ~1<p<1 where-1and 1

15 mdlcate perfect correlatlon Pleferably, a threshold is apphed to the absolute value

of th15 measure to mdlcate a com:ct match

Q  Match= TRUE _abs(p) >_threshold ‘ | %)
FALSE  abs(p) < threshold
20  Inpractice, the value of the threshold may be tuned (on a Iarge training set of

signatures) to ensuie aceeptable falsc rejection and detection rates.

- The first correlation process or function is preferred for SIgnann'eé that have
large misalignment or delay, and for signatures in which the length of one signature
is significantly smaller than the length of the other signatuwre.




(S; (m - JUu)(sz(m ---,uw) 10 Cov(SlI , So =r_0 N12 r pa are
the nmeans of S; and S:, respectively. (6) The coeffici eﬁwg\’&?:%errrz?pgtion,
p, is in W@@Eﬁg -1 p:5 1 where -1 and 1 15 indicate perfect correlation.
Pref er abl Y, sholdis applied to.the absolute value BfTPRIZO580asure
to indicate a correct match. M abs(p) > threshold atch TRUE = FALSE abs(p)
!~ threshold (7) 20.In practice, the vatae of the threshold may be tuned

(on a large training set lyghat ur 8s 0 _ensurg acceptable fal se
- Eej ect i ongand det ec?i on rﬁeé"?id%ﬁ ]'W#F&Q%Ptéﬁ?‘?sél%ﬁfw cess or function is
~preferred for signatures th%ﬁm%;pgfj@??grdyiﬁg)@gggg&& or. del ay, . and for
h o ne |

signatures in which the I engt gnature significantly smaller

than the | engtFheofecbhi@ coirebitioni (903644 ¢ fuhdtida RIREH O AR é@lé?@x‘e@%&?ﬁ%eh
PCT/ US02/ 05329 -18 Second Correl ati on Process or Function™ Renoval o
Tenpor al @areay tanperal domradn swfoendomen thiabis independestsofitenipora detiy effects.

t ransf or the signatyres fromigheir, current tenporal domain_ into a domain
that i% i E’&‘Fb‘éﬂfeSB s %Hﬁ%ﬂ%ﬁ&geﬂﬂg@m@%&a}t hayerthe samenisngthesuch thatn t wo

modi fi ed §j r t h | ength, such that they can be
directly @%??%gpgﬁe%pﬁgg%gﬁg .()F‘I"ﬁlgﬁpr%'ea‘fe a nunber of ways to transform
data in such Fhaps ifes nur ~ an DLscretg F '
Transform (DFT). The D‘%‘%’ﬁgg f gfgr}‘ag%gf&%%%@od%%ggfsg% g?%&m@ﬁiﬁé&ﬁ%%d
phase. A methbidaises tief Diserett iRomride Teansfor O EIPNThe DFP B a bfiraPcahBeDFT) -
alters the phase of the DFT but not the nagnitude. Thus the nagnitude of
the DFT ckparatédjied magnitvde andphdse.cA spmtial shife or tivae delay of dpy sigaat @hpan of
the signal :

10 7 to the DFT) alters the phase of the DFT but not the magnitude. Thus the magnitude
| of the DFT of a signal can be considered as a tie-invariant representation of the
signal,
This property of the DFT allows each of the two signatures to be transformed
into a time-invariant represeqtation. Ifboth signatures have the same length, the
.15 magnitude DFT can be directly computed for each of the si gnéturés and the results
stored as the modified signatures. If the length of each of the signatures is diﬂ'efent,
then prior to calculating the DFT, either the Iongér mgnaﬂue can be truncated to have |
the same length as the shorter signature, or the shorter mgnature c;an :bze 261;0 p'aéi:ded
or extended to have the same length as the longer signature. Tﬁe folldwing o
20 paragraphs express the method in a mathematical form.
Let S, (length N,) be an array from Signature 1 and S, (length ¥,) an array 2
- from Signature 2. Firstly, the longer signature is truncated or the shorter signature

zero padded such that both signatures have the same length, ¥,,. The transformed

signature arrays, S, and S,, are created by taking th'ew magnitude DFT as follows:

, Nia—l ] : .
25 S EY=] S, (). Ve k=012, N,-1 8
=0 - A
. Ny =l . . .
Sy (k) =| Y. S, (). 2 M k=032, ,N,-1" ©
n=0

In practice, for each signature it is beneficial to subtract its mean prior to

calculating the DFT. Some windowing may also be applied to the S, and §,




. This property of the DFT all ows each of the two si gnat uq EloBé}nE’@rz
transformed into a time-invariant representation. signatures have
t he sane the I'S magnitude DFT can be dlrectly co uted for each of
“the si ﬁb@?@éﬂ%d the results stored as the nodified si §RAUSPESI f the
| ength of each of the signatures is different, then prior to calculating
the DFT, either the |longer signature calPbe truncated to have. the sane

| engt h as t he shorter .sjgnatur he shqrter, sigpature can be zero
- padded - e ey o gk hp Sisetthe PBH@{% foRE, fgwggﬁrgx@rﬁa@eﬁeo The
fol | ow ) ‘ tfical formLet S,

' (Iengtht% §9'be an’ a‘rra@ rom@{%@t @IP ﬁ%ﬂgb%g "NZ) an array from
Signature 2. Firstly, th%dc@ﬁﬁ@oﬁélﬁﬂ%h%%chﬁélrpﬁ'&ﬁkﬁfj or the shorter
signature - zero padded such that both signatures have the same length, N, 1

The transformed signature arréyﬁzlaﬁg)ﬂm.gar-e created by taking. the

magnitude DET. as follows: S2, (k) k 0,1,2,...., 1Y, k =0,1,2....., N1,
--1 :5 =1 (8) T similarity lpeafélﬁ: étep GQmp@'@srth@ hyasigraguies: tosﬁrhbmqﬁamtaﬂwde 0

ZSBHZ?’?%&S?%OIZ&% iSiddly. ol s iclbed 5o e iber gggg,mgggggfgg?e

si gnatu T, v

o) SN (B3PS, T B b nﬂ%tﬁgﬁ SR 15%“%%&3@% VRS Bt

resul ts Wmlwl Richardl Bt samaﬁacpﬁﬁ}maﬁuapsaa@mz% WilRAphN MR FBu Py THI S
~simlarity measure step conpares the two signatures tofind a quantitative
measur e ltl@ihd])uxbllmfhasstl;BQOIﬁSBN@-fSéMQﬁOZ@BDDd uses the. coefficient of
correlation (Egn. 9). This is a standard textbook-nmethod (WIIiam
ge_nd]é)nhal |, Dennis D. MWackerly, Richard L. Scheaffer, Mathematical
tatistics with lications: Fourth Edition, Duxbury Press, 1990, |SBN

0- 534-92026- §)=9€i‘ﬁ‘i.'_ C 9)

0105,

‘where ¢, and o, are the standard deviations of S, and S} respectively.

The covariance of §, and S, is defined as:

15
M=) )
Z (S (K)= i (S, (k) - u,)
Cov(S,,S,) = £=2
515 . | (10
O L where 4, and u, are the means of §; and S; respectively.
200 The coefficient of correlation, p, is in'the range ~1< p <1 where -1 and 1

indicate perfect correlation. Preferably, a threshold is applied to the absolute value

of this measure to indicate a correct match.

Ma ch {TRUE abs(p) > threshold (1)
FALSE abs(p) < threshold o _ A

In.practice, the value of the threshold may be tuned (on alarge training set of

signatures) to ensure acceptable false re_]ectlon and detecuon rates.




P =Cov(S11 S) (9) where a, and a, are the standard.deviat/ f . and
S2: respectively. The covariance of S, and S; is defi ne?jﬁélg?é‘lﬁga(zggs
(x)-p]) (sq ) Cov(S,,S,) = k-0 (10) N,a where ,u, and u, are the ‘
nmeans of gfdéz)ﬁ%@é)f respectively. 20 The coefcient of correPSHUSHO532 s in:
the range -1 < p 51 where -1 and 1 indicate perfect correlation. '
Preferably,'a threshold is applied to th&absolute value of this neasure

to indicate acorrect tch. .TRUE absg > threshold Match = FALSE abs(p)
I5 t hreshol d Zﬁm& J&B@?ca{uﬁ@&\}‘%ﬁ@é &F‘a'i‘ﬁﬁs Y ﬁPFF ; f@@r-tmfmm gon a ;
dot ot ortiPiafe oFSieourc ARRAGR oy oW Bl R dp Siip BuBGbS RS ™"

pract i caltoadipbiifRha@ otwdRh Sigafitas baebe %‘?ﬁﬁgﬁﬁﬁﬁ eaeuiaﬁggtahﬁe%x} g@%ﬂlea

i brary of signatures representing "known' o content.~Int

si t uat i orand swbtediitlrigh $his hreal sigratmienftin éaeh-\(ﬁ'etﬁroséi%ﬁeﬂm:vsﬁﬁld@ﬁﬂoﬁ atishhoved
by calculating a mean signpature and subtracting this nean signature from
each &t two sittpraxameple, given adatpbasexomtaiming Wesignatoess, §i ie s, q, the mizane

containing Wsignatures, S,, to S-,, the nean signature is calculated as
fol | ows. Signatureis cqliulatedsag follawesy, | 2. . . . . . Npz--1 (12) 10 Wen conparing
two signatures (even . if one of the signatures is not in the Ilibrary) the

mean signature is subtracted fromboth signatures prior to calculating the
covari ance‘_.(sulqsequen_ti aused in the.coefficient of .correlation). The
covari ance b%ﬂ‘)=-ﬁ,— S, (k) k=012,.. N, -1 (12)

w=0

10 When comparing two signatures (even if one of the signatures is not in the ( "
library) the mean signature is subtracted from both signatures prior to calculating the
covariance (subsequently used in the coefficient of correlation). The covariance

becomes:

Nijz~1
DS B~ Sy (D) = £ 11(S5 () = S (6D — 11,

15 Cov(S,,8,) =42 — _ (13)
12

where 4, and p, are the means of S, -S,.,, and S, -8, ., respectively.

 The second correlation process or function is preferred for signatures that have ()
| small misalignment or delay, and for signatures where the lengths of the signatures
20 are similar. It is also significantly faster than the first correlation process or function. |
However since some information is inherently lost (by discarding the phase of the
DFTs), it results in a slighily less accurate measure of similarity.
Applications
As briefly mentioned earlier, an application of this invention is searchable

25 audio databases; for example a record company’s Iibrary of sbn’gs‘. Signatures could

be created for all the songs from the library and the signatures stored in a database.

This invention provides a means for taking a song of unknown origin, calculating its



N3,-1i(S, (k) -- Sjww (k)) - flj } [(S; (k) -"Sa ,N == 1

" C(c)V(S'S:) =k=o Nit (13) where p, and N2 are the rreans‘ﬁ%l))ge,m@§tep, ,,, and
Si -Ste,woodi®SRACtI vely. The second correlation process PéTlfUHEﬁﬁsisﬁﬂ' i's
“preferred Tor signatures that have small m salignnment or” delay, and for
signatures where the lengths of the sigjatures 20 are.simlar. It is also
significantly. faster than the first correlation processor function.
However %ﬁtﬁﬁr coitfptimglitOsdghstnd b@rwpﬁbm | fpsindt AW tHE flired i phase.
of the % Ts) ,éiﬂtmr egjﬂ@i Flé)gggiﬁﬁug@ht Iy essyaccur ate ,rregggt??e gfg]ﬁﬁ%

si mi | ar idatabaiertbidea¢inning thésddmtite Of Yheremtricomedorgr | i er; an application of
“this inventiqn is searchable 25 audi o dat abases; for_exanple a record
conpany' s | i BRgrgetge, M_g@nf@bﬁﬁ(qr@é?@@%@.,_e)tib‘?éﬂédm mMEAsEEIISt he songs
fromthe librar ng the signatures stor.ed in a database. . This inyention
br ovi dePTaPRIKAL AR e Siee e ShEToRs BriRBcarmuTnrd: 106 Evasen e lnpeii of 12

Novegber, 24097 < o |
s o gaf Srshabites M ohd bl of P being oA LR aRROn SRR,
det er m RRe igheatbAfY ¢dnfidinckve adblsaeyvin SeNdmildtitp maedsuees, It hhs bees Yoasd of
(or confidénce in) the simlarity neasure is proportional to the size of
t he si gribatsigratmeesgensratedrfecn dbivat 30 sacendstdfeaddioprdvidé f& gdwed si gnat ur es,
the greater the anount of data being used in ttge conpari son and_, hence the
great er @W%nﬁ@“@mﬁa@lﬂ@&ey ho signatugesithe lonapr aﬁamicer.eqmreda@ been
found that signatures generated from about 30 seconds of audio provide for
good . diPSLIATH A&OM ?'lsﬂgmever the larger the signatures, the |onger the
timggrequired to performa conparigepe.pdffonclusion It should be
understood that inplenmentation of other variations and nodifications of
he inventi oilt giishldthe wirlerstdad dsdtdsiplementatibn ofpRkerantiationt bade skilled in
the art, and that the invention is not limted by these specific
enbodi nenodificdtisns iotféhk inventisntandrsivarmusaspecty ivillds: appacentdo thyse slalled
present invention_any and all_ L. ) ' .

_ in the art, and that the invention is not limited by these specific embodiments

. described. It is therefore contemplated to cover by the present invention any and all
15 mod_iﬁé_atioﬁs, variations, or equival_eﬁts that fall within the true spirit and scope of
_ the basic underlying principles disclosed and claimed herein, |
| The present im.fentiloln and its various aspects may be implemented as software
functions performed in digital signal processors, programmed general-purpose digital
computers, and/or special purpose digital cotnputers. Interfaces between analog and
20  digital signal streams may be performed in appropriate hardware and/or as fanctions

O in software and/or firmware.




15 nodifications, variations, or equivalents that fall P dg} Qg :
spirit and scope of the, baS|c underlying principles dISC ose clalned
herein. T t invention and its various aspects nay ted as |
sof tware %%@?gs performed in digital signal processors, Eg}rd(i)ggr@ﬂ d
general - purpose digital conputers, and/gr special purpose digital
conputers. Interfaces between anal og and220 di gital signal streans may be
performed i.n appropriate hardware, ;@é‘ms functions. in software and/or
firmvare. 11 Novenber 2005 WO 02/ 097 U502/ 05319 -22- CLAI M5 1. A
met hod for detger ey

- Si gnal or if tﬁomalg‘g?%dsfoéggﬁs ar gg(ﬁlr)l vegd%OSSl%ﬁmhée%grfgg% SI grf#ﬂhg
conpri si rg;gndajmiltwbgiwdﬁdmgﬁdlslﬁ derinéd Grong e 8ahe muded Slgﬁﬁl @Bﬂﬁiﬁéﬂﬂ@um 0
signals, 5 wherein said reduced-infonnation characterizations are baSed on
auditory scen@onwmqgr@uced-mﬂbanatm@ham‘ctmm m‘zfsalcbamﬂmemghais;rrpan ng

i ncl udes renovin e char acterl zations or {;I mzing in.the

char act er¥ %ﬁ‘bﬁgdtrﬁ ucq ifpripgtion, eh Q@ﬁ%ﬂ&ﬂoﬁﬁﬁ#’fﬁ asedq aydigony sceme audi o
si.gnal s, at| ng a neasure of simlarity, and conparing the neasure of
simlari t?‘%& ‘nst a threshold. 3. The nethod of claim2 wherein said
removing identifies a portion in each 15 of said characterizations, “such
that the respective poitions are the nost simlar portions in the
respective chay athemethod ofislaimd Whercie saiicédparis indngedave t he sane
Iength 4. The nmethod of claim3 wherein said renoving identifies. a portion
in each 20 of rsmwmﬁnacﬁmrolmmdmﬁathmsmrnﬁnnmmgpgandhoshamt&mlaﬂbns the 5.
The met ho I aim4 WE sal d cal cul ating cal cul ates a neasure of

sim ¥t %? EF@BPH’(I 6{ eJay pndhe gudus sigaalsel ati on of the identified

portion in eac f.sald characteriza NS 25 6.  The method of claim2 C
wherein said rca']r%\i/)"? ?%éﬁ?g %"{“ Ey | _

comparing the measure of similarity against a threshold.

3. The method of claim 2 wherein said removing identifies a portion it sach
15 of said characterizations, such that the respective portions are the most similar
portions in the respective characterizations and the respective portions have the same

#

~length.

4. The method of claim 3 wheréin said removing identifies a portion in each
20 of said characterizations by performing a ¢ross-correlation. (\
}
5. The method of claim 4 wherein said calculating calculates a measure of
similarity by calculating a coefficient of correlation of the identified portion in each
of said characterizations. '
25 |
6. The method of claim 2 wherein said removing transforms the

characterizations into a domain that is independent of temporal delay effects.

7. The method of claim 6 wherein said removing transforms the

30 characterizations into the frequency domain,




. characterizations into a domain that is independent of or al y
effects. 7. The nethod of claim6 wherein said renovi ng%f&gwqﬂ)ef%@bghe 30

characterizations into the frequency domain. 11 Novenber 2005 WO 02/097790
‘PCT/ 1JSOM®@8H855790. 23 8. The net hod of claim 7 wherein sai PAEAISNA0&I20Ng
calcul ates a nmeasure of simlarity by calculating a coefficient of
correlation of the identified portion ¢23each of said characterizations. 5
9. The nethod of any one of clainms 1-8 wherein one of said '
characterizations is a characterization froma library of

characterizatj ops representin nown audi.o content. .10, 10. The net hod of
“claim9 furt &rﬁﬁr‘f’ﬂ%‘gaﬁgcl%ﬁ%%igﬁlﬂ@ ?’&ﬁé&“@?@%}%ﬂlﬁﬂg‘;%ﬁ BI5a50E8 Qfns i n
sai d | i bggaf; s jZ.at | e pd s | - prior to
Sai d conpailarlsy B, AALASENE AL PALRAL bPOSllioh T i4STRES o AR ubiash
r educed- ofdaidd mhhiaeferizabiogbar act eri zat i ons based on auditory scene anal ysis
are arrays of information representing at |least the | ocation of auditory
eventd boundaries. 12. The nethod of claim 11 wherein said auditory event
boundari es arg eterm ned by 20 calcul ating the spectral content of
successi ve tihelBe od ngmxéma of ¢dens Li8gwherein gnewfsaicheharnetetizatiensnce
in spectyal 1c0 nt bet ween ccessiye tinme segnents of. sgid audi g signal,
and i den iaf'ihaﬁgétgﬂzﬁtb?ﬂ %F&aﬁéw %%%W&%‘F%%ﬂ‘?lﬁ%f%%ﬁ?&a% %@“810
successiyfteo time segnents when the difference in the spectral content
bet ween such successive tine segnents exceeds a threshold. 13. The net hod
of claim12 or claim 13 wherein said arrays of infornmation also represent

the dom nant frequency subband of each of said auditory events. 30
C\_ 10 10. The method of claim 9 further comprising subtracting a mean of the

characterizations in said library from both characterizations after said removing and

prior to said comparing.

11. The method of any one of claims 1-10 wherein said reduced-information
15 characterizations based on auditory scene analysis are arrays of information

- representing at least the location of auditory event boundaries.

12. The method of claim 11 wherein said auditory event boundaries are
determined by " |
20 calculating the spectral content of successive time segments of said audio
signal,
calculating the difference in spectral content between successive time
'segments of said audio signal, and
identifying an auditory event boundary as the boundary between successive
25 time segments when the difference in the speciral content between such successive

time segments exceeds a threshold.

13. The method of claim 12 or claim 13 wherein said arrays of information -
also represent the dominant frequency subband of each of said anditory events.

30




