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

Institute of Technology, 1991, Fourth printing, 2001, Second MIT Press paperback

| O 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 auditony scene analysis." However, the Bhadkamkar, et al patent

‘25 discourages the practical use of auditory scene analysis, concluding that
"[tlechniques involving auditory scene analysis, although interestin g 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 is made."

30 Bregman notes in one pélssage that "[w]e hear discrete units when the soundr

changes abruptly in timbre, pitch, loudness, or (to a lesser extent) location in space."
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02/ 097791 PCT/ US02/ 05806 -2- (Auditory Scene Analysis - The Percept ual
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Auditory scene analysis attempts to characterize audio signals in a manner
15 similar to human perception by identifying elements that are separate according to

human cognition. By developing such methods, one can implement automated
processes that accurately perform tasks that heretofore would have required human
assistance.

The identification of separately perceived elements would allow the unique

20 identification of an audio signal using substantially less information than the full

signal itself. Compact and unique identifications based on auditory events may be
cm'ployed, for example, to identify a signal that is copied from another signal (or is

copied from the same briginal signal as another signal).

25 DISCLOSURE OF THE INVENTION

In accordance with a first aspect of the invention, there is provided a method for

- time aligning first and second audio signals, wherein one audio signal has been derived
from the other audio signal or both audio signals have been derived from a third audio

signal, comprising: |

30 deriving a reduced-information characterization of each of said first and second




time aligning first and second audi o signals, wherein O%M&%bgnm has
been derived fromthe other audio signal or both audio signals have been

derived froma third audio signal, conprising: 30 deriving a

reduced-information characterization,of each of said first and second 1 8
Novenber 2005 -2a- audio signals, each characterization being conposed of
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audio signals with respect to each other in response to said tinme offset
such t hatdesiied, audi o signals are substantially coincident with each other.

In accordance with .a second ct. of the inventio t here i rovi ded a
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audi o signal fromsaid audio signal in the same way that the first
characterization of the audio signal was derived, calculating the time
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when the audio signal and other signal were substantially in synchronism, wherein said
first characterization is based on auditory scene analysis, comprising:
after said audio signal and said other signal have been subjected to differential
time offsets, recovering the embedded first characterization of said audio signal from
said other si gnal and deriving a second reduced-information characterization of said
audio signal from said audio signal in the same way that the first characterization of the
- audio signal was derived, | |
calculating the time offset of the first characterization with respect to the second
cha_racterization, and '
modifying the temporal relationship of the audio signal with respect to the other

signal in response to said time offset such that the audio signal and other signal are

éubstantially in synchronism with each other.

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 perfo:‘rﬁed to

identify auditory events as the basis for characterizing an audio signal. Ideally, the




A nethod is described that.generates a unique reduced-i {§ Q& RbECId0S
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extragt Eito“{ ntal to perceiving simlarities between audio
si\gngﬁs E?suc lglzzgkgﬁcﬂéﬁarrp I 'tude, power, and harnonic structure). The use
©fi ASA i npr ovFhe abdieorsharne analysistdethod stobidatg foythepresead ihedition | me |
aligning, material that has wundergone significant processing, such as |ow
bit codi prowidesa fast and at:cmmsaﬂn@ﬂiﬁof mmc@ggmng twaualahie skgnals, Jarticulatly
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15 that extract features less fundamental to perceiving similarities between audio signals
(such as pitch amplitude, power, and harmonic structure). The use of ASA improves
the chance of finding similarity in, and hence time aligning, materiai that has
undergone significant processing, such as low bit coding or acoustic transmission
through a loudspeaker.
20 In the embodiments discussed below, it is assumed that the two audio signals
O ~ under discussion are derived from a common source. The method of the present
invention determines the time offset of one such audio signal with respect to the '-
other so that they may be brought into approximate synchronism with respect to each
other.
25 Although in principle the invention may be practiced either in the analog or
| digital domain (or some combination of the two), in practical embodiments of the
invention, audio signals are represented by samples in blocks of data and processing
is done in the digital domain. |
Referring to FIG. 1A, auditory scene analysis 2 is applied to an audio signal in

. 30 order to produce a "signature” or "fingerprint,” related to that signal. In this case,




other so that they nmay be brought into approxi mate synchln@Ribsha Whish respect

‘to each other. 25 Although in principle the invention may be practiced"’
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by sanples in blocks of data and processing is done in the digital domain.

- Referring to FIG 1 A auditory scene apalysis 2 is applied to an audio
signal in 30 order to produce a "signature"” or "fingerprint," related to
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of fset output of function 4, is applied to a tinme alignnment function 6. T e
tine ali¢ptesnined omech fastesithan it avasild dake toedetomminaithe tongoéllsst betuaen thé gnal f
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the offset between the signatures is usable to time align the original audio signals.
15 Thus, the offset output of function 4-is applied to a time alignment function 6. The
ﬁme alignment function also receives the two audio signals, Audio signal 1 and
Audio signal 2 (from which Signature 1 and 2 were derived), and provides two audio
signal outputs, Audio signal 3 and Audio signal 4. It is desired to adjust the relative
timing of Audio signal 1 with respect to Audio signal 2 so that they are in time o
20 alignment (synchronism) or are nearly in time alignment. To accomplish this, one .
may be time shifted with respect to the other or, in principle, both may be time (}
shifted. In practice, one of the audio signals is a "pass through” of Audio signal 1 or
Audio signal 2 (i.e,, it is substantially the same signal) and the other is a time shifted
version of the other audio signal that has been temporally modified so that Audio
25 Signal 3 and Audio Signal 4 are in time synchronism or nearly in time synchronism
 with each other, depending on the resolution accuracy of the offset calculation and
time alignment functions. If greater alignment accuracy is desired, further processing

may be applied to Audio Signal 3 and/or Audio Signal 4 by one or more other

processes that form no part of the present invention.
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audi o signal in order to recover the waternmark. Such recovery requires

cl ose t evasionl ofani yhe signabfs cameparad taadivatesingriddsverSionsofithg abdicesipnalved,
at least.to,a first degree of ali nt by deriving a signature of each
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15  audio signals, as explained herein. Further details of FIGS. 1A and IB are set forth

below.
For some applications, the processes of FIGS. I A and 1B should be real-time.
For other applications, they need not be real-time. In a real-time application, the
process stores a history (a few seconds, for example) of the auditory scene analysis
20 for each input signal. Periodically, that event history is employed to update the offset
calculation in order to continually correct the time offset. The auditory scene
analysis information for each of the input signals may be generated in real time, or
the information for either of the signals may already be present (assuming that some
offline anditory scene analysis processing has already been performed). One use for
25 - areal-time system is, for example, an audio/video aligner as mentioned above. One
series of event boundaries is derived from the audio; the other series of event
boundaries is recovered from the video (assuming some previous embedding of the
audio event boundaries into the video). The two event boundary scqﬁences can be
periodically compared to determine the time offset between the audio and video in

30  order to improve the lip sync, for example.




process stores a history (a few seconds, for exanple) ofg{; johory scene
analysis 20 for each input signal. Periodically, that even@ﬁ??gjgﬁ}@ S

enpl oyed twoup@aisgyt he of fset calculation in order to cont',m 43! Lorrect
the tine offset. The auditory scene analysis information f‘Jor é%’ﬁbscc?? t he

I nput signals may be generated in real tigre, or the information for either
of the signals may al ready be present (assum ng that sonme offline auditory
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nodify th a}.l i Bnrre t of. thﬁ tgudi o0 signals to achieve their substantial
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| Ih accordance with aspects of the present invention, a compﬁtationally
efficient process for dividing audio into temporal segments or "auditory events" that
tend to be perceived as separate is provided. |
A powerful indicator of the beginning or lcnd of a perceived auditory event is
20  believed to be a change in spectral content. In order to detect changes in timbre and
pitch (spectral content) and, as an anciﬂaxy result, certain changes in amplitude, the (
audio event detection process according to an aspect of the present invention detects |
changes in spectral cbmposition with respect to time. Optionally, according to a
| further aspect of the present invcntibn, the process may also detect changes in
25 amplitude with respect to time that would not be detected by detecting changes in
spectral composition with respect to time.
In its Jeast computationally demanding implementation, the process divides
audio into time segments by ana'iyzing the entire frequency band of th.c audio signal -
(full bandwidth audio) or substantially the entire freque.ncy baﬁd (in practical :

30 implementations, band limiting filtering at the ends of the spectrum are often
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- consonantguchQis AHSERVith adrhimbeakét sulple instruments and voice, the auditory event
detection identifies the most prominent (i.e., the loudest) audio element at any given

15 moment. Alternatively, the "most prominent” audio element may be determined by
taking hearing threshold and frequency response into consideration.

Optionally, according to further aspects of the present invention, at the
expense of greater computational complexity, the process may also take into
consideration changes in spectral composition with respect tb time in discrete

20 frequency bands (fixed or dynamically determined or both fixed and dynamically
determined bands) rather than the full bandwidth. This alternative approach would
take into account more than one audio stream in different frequency bands rather than
assuming that only a single stream is perceptible at a particular time.
| Even a simple and computationally efficient process according to an aspect of

25 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 audio waveform into time intervals or blocks
and then converting the data in each block to the frequency domain, using either a

30 filter bank or a time-frequency transformation, such as a Discrete Fourier Transform
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30 filter banki order té utirithize ghe bemplitationhbeomplexity, Dt adingle Bagdioft €
Fourier Transform 18 Novenmber 2005 WO 02/097791 PCTI US02105806 -8- (DFT)
(i npl enefresprensies of st tihe wlomsain AndivswavefofMANpy tterpropessty, piiferablypeitherde of

t he spectral content of  each bl ock ma e, normalized in qorder to elimnate
or réducthe chéfr@wwﬁbaaiﬁf iﬂtwcwﬁhg@@@ﬂe&aﬁ bﬁ@imu{t i5ﬁgHz tedadhig donmai n
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end of aaxﬁuﬂliegpry event. In order to mnimze the conputational

conpl exity, only a single band of frequencies of the tine donain audio
wavef orm may Beeferabbye shefieqpenslyaicabam data feemormalized, as is described below.

15 The degree to which the frequency domain data needs to be normalized gives an
indication of amplitude. Hence, if a change 1n this degree exceeds a predetermined
threshold, that too may be taken to indicate an event boundary. Event start and end
points resulting from spectral changes and from.amplitude changes may be ORed
together so that event boundaries resulting from either type of change are identified. |

20 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 requirements (as larger
blocks require less processing overhead) and resolution of event location (smaller

25  blocks provide more detailed information on the location of auditory events).

As a further option, as suggested above, but at the expense of greater
computational complexity, instead of processing the spectral 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 two or more

30 frequency bands. Each of the frequency bands may then be converted to the
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i nt o two identify asuditory exemtsno yhopredsnt Baehtioh. t he frequency bands may then
be converted to the 18 Novenber 2005 WO 02/097791 PCT/ US02105806 - 9-
frequbhcy domain and processed as though it were an independent channel -

hée resulting event boun | t er to define the
event boundaries for t haﬁmﬁﬁyowWﬁﬁ?&m ncy bands may be
fixed, adapti r Lnatd : | e 8 ' iLter
t echni ques errp\qugygdA |ﬁr§i g%gﬁ% Slﬁgp\ggérﬂé%égﬁﬁﬁ%af%gﬁggﬁglsogrztsg'ﬁﬁft@r% 1?éé)('lzl;—l'rrpl e,
may be ergi audd sighallaf acterddretviive thé paseaniiwendnds T sidio dpHabaidy, for

simul t aneous sine waves at $00 Hz and 2 kHz could
example, represent music (e.g, a musical composition or "song").
15 FIG. 1B is a flow chart illustrating a process for the time alignment of two
audio signal signals in accordance with the present invention.

FIG. 2 is a flow chart showing the process of extraction of audio event
locations and the optional extraction of dominant subbands from an audio signal in
accordance with the present invention.

20 - FIG. 3 is a conceptual schematic representation depicting the step of spectral -
(j analysis in accordance with the present invention.

' FIGS. 4A and 4B are idealized audio waveforms showing a plurality of
auditory event locations and auditory event boundaries in accordance with the
i)resent mvention.

25
BEST MODE FOR CARRYING OUT THE INVENTION

In a practical embodiment of the invention, the audio signal is represented by

samples that are processed in blocks of 512 samples, which corresponds to about.

11.6 msec of input audio at a sampling rate of 44.1 kHz. A block length having a

30 time less than the duration of the shortest perceivable auditory event (about 20 msec)
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amplitude values in the range [-1,+1].

Auditory Scene Analysis 2 (FIG. 14)

Following audio input data blocking (not shown), the input audio signal is

divided into auditory eveﬁts, each of which tends to be perceived as separate, in

15 - process 2 ("Auditory Scene Analysis") of FIG. 1A. Auditory scene analysis may be
accomplished by an auditory scene analysis (ASA) process discussed above.

Although one suitable process for perfonming auditory scene analysis is described in |
further detail below, the invention contemplates that other useful techniques for
performing ASA may be employed. \

20 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
substep 2-1 (“Perform Spectral Analysis") takes the audio signal, divides it into
blocks and calculates a spectral profile or spectral content for each of the blocks.

25  Spectral analysis transforms the audio signal into-the short-term frequency domain.
This can be performed using any filterbank; either based on transforms or banks of
band-pass filters, and in either linear or warped frequency space (such as the Bark
scale or critical band, which better approximate-the characteristics of the human ear).
With any filterbank there exists a tradeoff between time and frequency. Greater tite

30. resolution, and hence shorter time intervals, leads to lower frequency resolution.
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useful for fast Fourier transform (FFT) pnalysis. Third, it provides a
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15  beginning or end of a perceived auditory event is believed to be a change in speciral
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
a dominant frequency subband that may also be stored as part of the signature.

In this embodiment, auditory event boundaries define auditory events having a

20 length that is an integral multiple of spectral profile blocks with a minimum length of

(W one spectral profile block (5]2 samples in this example). In principle, event

boundaries need not be so limited.

7 Either overlapping or non-overlapping segments of the audio may be

windowed and used to compute spectral profiles of the inpuf audio. Overlap results
25  in finer resolution as to the location of auditory events and, also, makes it less likely

to miss an event, such as a transient. However, as time resolution increases,

frequency resolution decreases. Overlap also increases computational complexity.

Thus, overlap may be omitted. FIG. 3 shows a conceptual representation of non-

overlapping 512 sample blocks being windowed and transformed into the frequency

30 domain by the Discrete Fourier Transform (DFT). Each block may be windowed and
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be w ndowed and 18 Novenber 2005 02/ 097791
15 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
events. However, setting the value of P to 256 samples (50% overlap) has been
found to be useful in identifying some hard-to-find events. 'While many different
20 types of windows may be used to minimize spectral artifacts due to windowing, the -
window used in the spectral pfoﬁle calculations is an M-point Hanning, Kaiser- O
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 excellent results across a wide range of audio
25 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 codec
applications where an overall overlap/add process must provide a constant level, such

a constraint does not apply here and the window may be chosen for characteristics

30 such as its time/frequency resolution and stop-band rejection.
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high frequencies. (Note that it would be possible to reduce the size of the array to
M/2 in that the FFT represents negative as well as positive frequencies).

15 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,
and the magnitude of the difference calculated (the sign is ignored).- These M
differences are then summed to one number. Hence, for the whole audio signal, the -

20 result is an array of Q positive numbers; the greater the number the more a block

(‘\’ differs in spectrum from the preceding block: This difference measure could also be

expressed as an average difference per spectral coefficient by dividing the difference
measure by the number of spectral coefficients used in the sum (in this case M
coefficients).

25 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
sufficient to signal a new event aﬁd the block number of the change is recorded as an
event boundary. For the values of M and P given above and for log domain values

30  (in substep 2-1) expressed in units of dB, the threshold may be set equal to 2500 if
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correspondi ng coefficient for the preceding and t gni t ude of

the dif fedleniae theldiffembecs kdthecs isgecdssive gitne eedmenthané st adiforgeosges are

then summed to one nunber. Hence, for the whole audio signal, the 20 result
i s al? arbenndsriepapthsi respastive boundarieshectyicen suecassiveriimissegtivatswhen thebl ock

differs i.n.spectrumfromithe preceding bl ock. This difference neasure coufd
2l so- be ddiEsPEEihe speral il Eohient Beeieed uch NSeISvE UISToEmSRC by
di vidin ' {ﬁ@ t he nunber of spectral coefficients used
in the g#n‘ijé?fighﬁxﬁﬁé%gg?é g@@; i ((:lr ents). 25 Substep 2-3 identifies the

| ocations of mEydintidio ﬁgﬁﬂtcda@uﬁﬂ ?ggg bhycléqerxiz%wsa.@#lggzgféd&ygph gbe

array of difference neaSures fro tep 2-2 wth at
the auditory scene analysis process of function 2 of FIG. 1A is an array B(g) of

15  information representing the location of auditory event boundaries where ¢ =0, 1, . .
., Q-1. For ablock size of M = 512 saimples, overlap of P = 0 samples and a signal-
sampling rate of 44.1kHz, the auditory scene analysis function 2 oufputs
approximately 86 values a second. Preferably, the array B(g) is stored as the -
signature, such that, in its basic form, without the optional dominant subband

20  frequency information, the audio signal's signature is an array B(g) representing a
string of auditory event boundaries.

An example of the results of auditory scene analysis for two different signals is
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 ét samples

25 1024 and 1536. The bottom plot, FIG. 4B, shows the identification of event
boundaries at samples 1024, 2048 and 3072 |
Identify dominant subband (optional)

For each block, an optional additional step in the ASA processing (shown in

FIG. 2) is to extract information from the audio signal denoting the dominant

30 frequency "subband" of the block (conversion of the data in each block to the |




When a difference nmeasure exceeds a threshold, the cha ' rumis
"deened sufficient to signal a new event and the bl ockqggqr?g%?%g &}tshe change
is recorded as an event boundary. For the values of Mand P given above
‘and for 180 %8ME™h val ues 30 (in substep 2-1) expressed i RARPYIFHO6 4B, t he

threshol'd may be set equal to 2500 if 18 Novenmber 2005 WO 02/097791

PCTI1 US02105806 - 14 the whol e magni tudgskFT (including the mrrored part)
is conpared or 1250 if half the FFT is conpared (as noted above, the FFT.
- r epr esentreqneneyt domaiasresults magftpmattdrv@wclergquerfmmncy sabbanids).ndbis t ude of
the FFET, ,one is the, mrror i e of the otheyr). This, value was chosen
experine RF%EFVSS information imaysde S%Ved'[?d#t@cﬂ"!d‘%gmfﬁveﬂbhﬁ?ﬁﬁlrlyfmi@@ #Pon.
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spectral content of successive. tinme segnents of the audio signal,

cal cup at belomd wiitli fistlerasforbetivedn addatimsti the aidimrg egeriboundang set
audi tory, event ;10 boundarjes at the respective boundaries between
successi FHOrmakons eﬁérﬂ%"waehgamst @nnphgtdsa subband mayheehassn fromra | e
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event bobedsed ®seldeetiee subbatlds.l, , Q1. For a block size of M= 512
sanpl es, overlap of P = 0 sanples and a signal- sanpling rate of 44.1 kHz,

t he a@dit or y Beapecanal yay detdividedpforxample; sito dimge subbands. yTisGprefemed a

- (Second. Preferably, t array B(g) is stored as the signature, such that,
(i--‘fn. i ts HEQYeICY JAnge RF&WO%‘ESPWES gptional doni nant subband 20 frequency

i nformation, the ' fgnal ' s,gi r-eyi.s an array B(q) representing a

string of audi tor§H§b%hcﬂboundaﬁlalggqiﬁ@%l e of the results of auditory

scene anal ysis fogub¥snd f f er ensgeHgR8119388[z Shown in FIGS. 4A and 4B. The

top plot, FIG 4A shows the results of auditory

Subband 3 1938Hz to 9948Hz
15 To determine the dominant subband, the square of the magnitude spectrum (or
the power magnitude spectrum) is summed for each subband. This resulting sum for
each subband is calculated and the largest is chosen. The subbands may also be
weighted prior to selecting the largest. The weighting may take the form of dividing
the sum for each subband by the number of spéctra] values in the subband, or
20 alternatively may take the form of an addition or multiplication to emphasize the
: (j importance of a band over another. This can be useful where some subbands have
| more energy on average than other subbands but are less perceptually important.
| Considering an audio signal consisting of Q blocks, the output of the dominant
subband processing is an amray DS(g) of information representing the dominant
25 subband in each block (g =0, 1, . .., Q-1). Preferably, the array DS(g) is stored in
the signature along with the array B(g). Thus, with the optional dominant subband
information, the audio signal's signature is two arrays B(g) and DS(g), representing,
respectively, a string of auditory event boundaries and a dominant frequency subband
within each block. Thus, in an idealized example, the two arrays could have the

30 following values (for a case in which there are three possible dominant subbands).




scene processing where auditory event boundaries have identjfied at
sanpl es 25 1024 and 1536. The bottom plot, FIG 4B, shgl\%s%%" gﬁe&b‘g o

‘identifi j event boundaries at sanples 1024, 2048 Q72. 1dent
dom nant C@E’b I(eg'g?ifgzopti onal ) For each bl ock, an optional -a%&%%’azq%q“step.i n

the ASA processing (shown in FIG 2) is to extract information fromthe
audi o signal denoting the dom nant 30 f#hdégquency "subband" of the bl ock
(conversion of the data in each block to the 18 Novenber 2005 WO 02/:097791
PCTI US02105806 -15- -frequency domain results in informati-on divided into

frequency pulgbandg) _T@ii Oblﬁgﬁ qu(?dph foq Hz't ic?g%%\ﬁ{ggpg nverted to

audi t ory-event based i nformat y subband

is identif]jeq foraegery auditpr t hi i nf j y

audi tory event provides ?hg cgr?e?\éﬁqoﬁ -gr ojéeésir]ng(r( eisngfrhl: %‘gﬁabagl\&gll ow) with
further information in addition to the auditory event boundary

i nffonnation. The dom nant (largest anplitude) subband may be chosen from a
plurality of Bumesheases: thedominanbsubbandremainsthe, satieavithinecachtaniditotyhe
range or bar}d of freq?ﬁnci es ere}@éhe human ear i.s. nost sensitive.

Al t er nat FY&IL as Shomn ig this gxample, or has ancaverags walpe if it iseotsusiesmdtor alloThe

t RV . th bbapds. T, f d
£ equoncy ks SR thEEvent i HRrfinghFhihaidGhay pe 8RR QuBBiha 2560r
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t he square of the magnitude Spectrum (or the power magnltuge spectrum is

sumed f domesait ssbbinad és askigrredrtesaabh bhgckswithfan eeagth subband is cal cul at ed
and the largest is chosen. The subbands nay al so be weighted prior to

'selecting the largest. The wei ght#n@/hesCalekéatidre form of dividing the sum
[P cach, SUbb B B AUEREL of ek Al V55 D Beubbanc B 20 (.
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The Time Offset Calculation function (FIG. 1B) takes two signatures and calculates a
measure of their time offset. This is performed using known cross correlation
methods.

Let S, (length @) be an array from Signature I and S, (length Q,) an array

15 from Signature 2. First, calculate the cross-correlation array R (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). | -

20 Rep. =3 5,@)5,(g~D) I =04142,.... 0

q="'€ﬂ

In a practical embodiment, the cross-correlation is performed using standard

FFT based techniques to reduce execution time.




|

nore energy on average than other subbands but are Iess,bqq@(gv(églgé#ﬂgg gut out

"inmportant. Considering an audi o signal consisting of Q blocks,

of the dqui ubband processing is an array DS(q) of infonnation
repr esen%g%@%é.i%om nant 25 subband in each block (q = oFCI/US02/05806 (5 1)

Preferably, the array DS(q) is stored in the signature along with the
array B(q). Thus, with the optional domilhant subband information, the
audio signal's_signature is two arrays B( and DS(q), representing,
respecti vel y, Sines bothgSoindafigarofipite ve ngtla the achesrapompodentiofaRy, has .
frequency subband w thin each block. Thus, in an idealized exanple, the
two arr agdergil of Gav@, tle BE Iagl/Iconesponding de tid maxenmwasdemantin 2f, t her e

““are three possible domi nant subbands). 18 Novenber 2005 WO.

02/ 097791apIEseIs hosasofsecrof S, @laih@owLH01000 0010( Event Boundaries) 1 1 2

~2.221113333 3311(Dom nant Subbands). In nost cases, the dom nant subband

remains the sanme wthin each auditory event, as shown in this exanple, or
has agl aver age val u% if its,is net uniformfor all 5. blocks within the
event? Thus, &e5i ah M faard®) may be determined for each audit@y event
and the array DS(q) may be nodified to provide that the.sane dom nant
subband is assigned to each block within an event. Tine Ofset Cal cul ation

h f ' [ - [ . f
10 audi tor y s FBRO TIPS A ws hAEE pEfhd siarPuure abeys s Se B prare el o
d ib . ' te Calicul at i f [ F |, .B), tak t
o1 gnat ur DUDtEaiR b il 3R s, MU, Ehiedh bR btP ebbivatept Sie 7 e° 11

perfor neﬂld{gmaciée 95 gggaﬁ@{@tdﬁ%)ﬂm?ﬁéovm%éwglr\n@ééqtgg%? be an

array from Signature and engt an-array re 2.

@;r S10 cCthlac id, /e P Re5LD 093= § P2 k@hpldsOTiRkéfYe e dilset BASunitPHf S¥RRRHR, John
5 Proakis, Dirnitris G Manolakis, Digital Signal Processing: Principles,

Al gori t hsmmplesd Applications, Macm ||l an Publishing Conpany, 1992, |SBN 0-02
396815-X). 20 REEF2 (1) _ S, (9)S2 (q -1) 1=0,1,2,....
Time Alignment
The Time Alignment function 6 (FIG. 1B) uses the calculated offset to time
align the two audio signals. It takes as inputs, Audio Signals 1 and 2 (used to
15 generate the two signatures) and offsets one in relation to the other such that they are
both more closely aligned in time. The two aligned signals are output as Audio
Signals 3 and 4. The amount of delay or offset applied is the product of the relative

signature delay /., between signature S, and $,, and the resolution M-P, in samples

>

of the signatures.

‘ ( 20 For applications where only the passage common to the two sources is of

interest (as in the case of watermark detection where unmarked and marked signals
are to be directly éompared), the two sources may be truncated to retain only that
commen passage. ‘
For applications where no information is to be lost, one signal may be offset
25 by the insertion' of leading samples. For example let x (n) be the samples of Audio
Signal 1 with a length of ¥, samples, and x,(n) be the samples of Audio Signal 2
with a length of N, samples. Also /,,, represents the offset of S, relative to S, in

units of M-P audio samples.




4=-.n (1) In a practical enbodiment, the cross-correl at{0f, .58 r med
using standard FFT based techni ques to reduce execution £ me. %gaﬁlovenber

2005 3WD 0(}%3,77%} PCT/ US02/ 05506 - 17 Since both S, and S2 are finite in
| ength, the non-zero conponent of R ,.,,, has a |ength ofPG{UN2ERE06 5> The
lag | corresponding to the maxi mumele : nt in RE,EE represents the tine
offset of S2 relative to S,. 1 peak = 1% or MAX (RE,E, (1)) (2) This offset

has the same Tﬁb%ﬁ%ﬁ% biiSerSh9 ‘Agl?(ﬁg?&é@slhx%laﬁv@tosgalgédeg?%@gqgéi&iﬁ Lﬂ ent to

i npl-enent ati on, enent s© o ave an up

the audpeodlQYf 1B Bn4Rsd ofRe0eNE ,f)cgg{_ e arrays mnus the overlap of
adj acentbb ocks: 10 i?Hat ?g ?\}#g”ﬁ’é 12P? 0 = 512 sanples. Therefore the

of fset has units of 512 audio sanples. Tinme Alignment The Tinme Alignnent
function 6 (FIG 1B) uses the calculated offset to time align the two
audi o signalsp,|i;tafags gs inputs, Audio Signals | and 2 (us to 15
generate the two signatures) and offsets one in relation to tHe other such
that ¢hey are both nore closely aligned in tine. The two aligned signals
~are output as Audio Signals 3 and 4. The anount of delay or offset applied

i s the produclf bf itlzero,ehabothanpei goedlsiare cepay ukmodiftdasRigiali 3 bhhdd S2
and S, and the resolution MP, Iin sanples, -of the signatures. 20 For

~ appl i cat (sseFIchdB). dfilLy, ihpositestiga inputrgima] ox, (#)eisttnod ivd Ioe nsestingyf
interest (as in the case of watermark detection where unnmarked and narked
si gnal s leading sarbpledi rect|y conpared), the two sources may be truncated to
retain only that common passage. For applications where no information is
~to be lost, one signal may be of fset :

10 x;(m)={ 0 OOy 4)

Signals x,(n) and x,(n) are output as Signals 3 and 4 (see FIG. 1B).

If D, is negative then input signal x,(n) is modified by inserting leading samples.

5 ' x'z(m)={ 0 0<m<-D, (5)

x(n) 0sn<l, m=n-D,

Computation Complexity and Accw;acy
The computational power required to calculate the offset is proportional to the (
lengths of the signature arrays, O, and Q,. Because the process described has some
20. - offset error, the time alignment process of the present invention may be followed by
a-conventional process having a finer resolution that works directly with the audio
signals, rather than signatures. For example such a process may take sections of the
| aligned audio signalé (slightly longer than the offset error to ensure some overlap)
and cross correlate the sections directly to determine the exact sample error or fine
25 offset. | '
“Since the signature arrays are used to calculate the sample offset, the accuracy
of the time alignment method is limited to the audio block size used to generate the

signatures': in this implementation, 512 samples. In other words this method will

x,(n) 0sn<l, m=n+D, (

y




25 by the insertion of |eading sanples. For exanple IetlgNo‘Xeg% }%%0 he
"sanples of Audio Signal | with a length of N, sanples, and X €(kn e the

sanpl es Audio Signal 2 wth a length of N2 sanples. Also 1,,,, _
repr.esensgotﬁﬁg%a?]f set of S. relative to S, in units of M PCAHIHEN¥8pI es.
18 Novenber 2005 WO 02/097791 PCT/ US02/ 05506 -18- The sanple offset D2, of
Audio Signal 2 relative to.Audio Signaligk is the product of the signature
offset 1 and MP. = | SM- P) (3) If D21 is zero, the both input signals

are out pheveermerinsthe sampleo fetiof appsorimately pdus/micns bal)the blodhosize:s in

posi tive,t.hen jnput sig X, Is nodified by inserting |[|eading sanples.

10 xi (ng“yrﬁpkg?ﬁgkﬁ?"%q%ﬁ’(‘&éimL, .men+D2, (4) Signals x,(n) and x2(n)

~are output a ' yew , -1 tiye then input
si gnal x2(n) sfll_?k I’%Dngll. ?‘."ﬁﬁgg“y’d‘f“ﬁéﬁt i 'Ege‘%‘s'edagﬁ?‘ﬁd’l’%fg%?’sﬁtﬁggmﬁﬁﬁ_ 1xh(n)
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power required to calculate the offset is proportional to the erngt hs of

t he si gnkoweeoffsetaysr rquisesifigd resélatiandn thdsignanressraye{niorbagrapas sone

20 offset, error, the tinme alighnent process of the present invention may be

f ol | onedelginentsy 3Rd dhisireqniresdrigherprosassing pawer i compabngithesrassat  wor ks

0 ot Y Rl 58 S R PR s P SHR omr
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correlation.
10 Applications
C . - Watermarking involves embedding information in a signal by altering the
signal in some predefined way, including the addition of other signals, to create a
marked signal. The detection or extraction of embedded information often relies on a
comparison of the marked signal with the original source. Also the marked éignal
15  often undergoes other processing including audio coding and speaker/microphone
acoustic path transmission. The present invention provides a way of time aligning a
marked signal with the original source to then facilitate the extraction of embedded
imformation.
Subjective and objective methods for dct.crmining audio coder quality compare
20  acoded signal with the original source, used to generate the coded signal, in order to
(} create a measure of the signal degradation (for example an ITU-R 5 point impairment
| score). The comparison relies on time alignment of the coded audio signal with the
original source signal. This method provides a means of time aligning the source and
coded signals.
25 Other applications of the invention are possible, for example, improving the
| lip-syncing of audio and video signals, as mentioned above. o
It should be understood that implementation of other variations and
modifications of the invention and its various aspects will be apparent to those skilled
in the art, and that the invention is not limited by these specific embodiments

30 described. It is therefore contemplated to cover by the present invention any and all




Since the signature arrays are used to calculate the samle off t he
~accuracy of the tinme alignnent nmethod is limted to thgﬂgﬁfﬁgyéﬁ%%k si ze
used to : he signatures: in this inplenmentation, s. In
ot her moggg%%ﬁ?gg%ethod will 18 Novenber 2005 WO 02/09779f;é%$%%g§é?05806 -
19 have error in the sanple offset of aBQroxinately pl ushni nus hal f the

bl ock size: in this inplementation 256“Sanples. This error can be reduced
by i ncr eggd aoh ; i s M erds .St a
T adeof £ o B s S e MR PR FOpRLT
error rethe basic hhderlyir@pﬁuéiﬁdm disclbbel sidelaimed hargigys (nore array

el ements) and_this requires, higher processing power in conputing the cross
correl ation. Fhepsesent ieantion and iteyalioussaspeatssvay bedwplamented as so@ware
signatureg_arrays | ess, arr.a |.e ts) and this requires | ower prqcessing
pover | nTWaHARS et i digttaEejEnal broressors, pragisnied peheral-pwmoRisifang

i nvol yes. i ’ 1 I . S I i t i | i_n.some
pr edet | neaPpaRers; /B Cheet Aiph BiehtaPBtnplifer?” IEAARY Dtyedh doeiga

mar ked siipiadl sighat sHehRRirhp be peffoimad in appiprRMdREUSHAE Rh@/orat ettt en
relies ona conparison of the marked signal with the original source. Al so
t he mar kadscfiward arid/oofirmywareder goes ot her processing i ncludi ng audi o
codi ng and speaker/ m crophone acoustic path transm ssion. The present
invention provides a way of tinme aligning a marked signal with the

original source to then facilitate the extraction of enbedded information.
Subj ective and objective nethods for determ ning audi o coder quality
conpare 20 a coded signal with the original source, used to generate the
coded signal, in order to create a neasure of the signal degradation (for
exanple an ITU-R 5 point inpain nent score). The conparison relies on ti

al i gnnent of the coded audio signal with the original source signhal. This-
met hod provides a nmeans of time aligning the source and coded signals.




25 Qther applications of the invention are possible, fofggxamkeoosProving
the |ip-syncing of audio and video signals, as nentioned above. It should

.be understood that inplenmentation of other variations and nodifications of
the invention and its various aspects will be apparent to those skilled in
the art, and that the invention is Q%# limted by these specific

enbodi nents 30 described. It is therefore contenplated to cover by the

present invention,an nber 200 WO, 02/ 097791

PCT/ US02/ 05806 ? %FBB&?‘F?JE‘E‘? %‘r%‘mg\fz‘ﬁﬁ ad 58?@1 ayfliogignalsaWRFfED Qneignal |
within t hehisrbé@n ﬂ@nwddtfrcﬁﬂ ¢heSRREADr Bbth Ha¥8 bB@sderived 48R dhlofiidr BighdICi P! es

di scl osed and cl aimed herein. The present invention and its~various aspects
may be i npFURREYRE as software functions perforned in digital signal

bur pose. i it ol S fodBRS raBHbR Baah el ot ettty B <1 ol

streans nayhdna:t@ﬁraﬁmd%ﬁhg CONFRIBEDHN et iRfORMBGNRIhEn BRGaio sﬁ@aisbtﬁ@ths% in
sof t ware and/ or lg%/aQﬁq 18 Novenber 2005 21- 1. A nethod for tine
“asr'i‘éf{ d

al i gni ng f PpeEet infmptionseherastesizatipnsrase basedh en sudjiosy scenagnaiﬁ%h
Cerrrel o chiGe @i crj;QanBﬁ’é B.*bt&ﬁﬁ{i Rﬁ% S%gr acq%glf" é@% ?ﬂ@‘ﬂgﬁ‘gz&f audl 0

conprising deriving reduce ormat 1on ¢
si gnal s, t malio s@aalaﬁbﬁrwhmhmlmysaré)daemgdconposed of less information than the

audi o si ghals th elve ei n, said reduced-information
characteri zati oﬁ@?t@%ﬁgaweﬁss&%%ﬁ argeiervation fithgpspect torthe other
charact eri gitfdcddiizatidy ang substantially the same relative timng

rel-ationship as the "audio signals fromwhich they are derived, calculating
the time of fset moﬂlfy)lngtltﬂtamamtabralatmﬂup osﬁ/salth amchepxgualst\mthtrbspeotﬂomach

characteri nodi Ng.t he te rel ati onshi d audi o
si gnal s V\AI @%@2%{@8{1 %% Sgllgéﬁn $7E5u ﬁ%@% Sudie sfgfllagaﬂrﬁg %l?}lf set us:Jch
that sai d enifitiferss ivgthedash afher.substantial ly

2. The method of claim 1 wherein each of said audio signals is accompanied by a
respective other signal and wherein each of said reduced-information characterizations,
prior to said calculating and modifying, is embedded into the other signal that is carried
with the audio signal from which the respective reduced-information characterization was

derived.
3. The method of claim 2 wherein said other signals are video signals.

4. A method for time aligning an audio signal and another signal, comprising
deriving a reduced-information characterization of the audio signal and
- embedding said characterization in the other Signal when the audio signal and other
 signal are substantially in synchronism, wherein said characterization is based on
auditory scene analysis,
recovering the embedded characterization of said audio signal from said other |
signal and deriving a reduced-information characterization of said audio signal from said

audio signal in the same way the embedded characterization of the audio signal was




coi ncident with each other. 2. The nmethod of claim1 whgnein, cach,of said
audi o signals is acconpanied by a respective other signal and wherein each

.of said reduced-informati on characterizations, prior to said calculating

and nodi fying, is enbedded into the ®ther signal that is carried wth the

e dor vaer v SO ER A (ERPRENAS ARCHET RSy BT PR SIREREMT oVl cco

si gnal s. 4have eenBoldedted td differeatialgithegffass, audi o si gnal and anot her signal,
conprising derivi .a reduced-informati on characterizati on of the audi-o
si gnal and enbe&ﬁ?‘ﬁgt‘%%ﬂﬁ taeetEet ot prephpgsterigationevidh feapecs fqythalothekien t he
audi o si gngharafieriRkiBgr signal are substantially in synchronism wherein
said characterization is based on auditory scene analysis, recovering the
enbedded char actadifyigitbateofposdirelatamhip ofitipaldid sigmal sdithdegiebeto thebtheal and
deriving a_reduced-infaqrmati.on aracterizatign of sai udi.o signal from
said audi 888 dﬂé‘?spf"ﬂ?egﬂéaléélﬁ%e L 344 ﬂ&‘r@&fa@aﬂ %‘&f a@f e&#&%{g? ATf t he
audi o si gnghbsmﬁaﬂ.ﬁinh@ﬁ@}ffbﬁl’smmemg%théﬂ_eri ved based on auditory scene
anal ysts, after said audio signal and said other signal have been
subjected to differential tine offsets, calculating the.tine offset of one

characterizatio i p .1 g the other ., characterizati.on, nodifying the
tenporal relati gn\gﬁ%%‘ eg)lfc’%t(ﬁgciaénl}gll‘gg%rﬁé‘ﬁgﬁ W?ﬁ'&"@@%&é’f@%‘%‘ﬁ‘b other signal
in response to said time offset such that the audio signal and ot her signal

are substantially in synchronismwth each other. 5. The nethod of claim4
wherein sai d ot Redhg mgHiod grglaym,J; oredpiny 4jwhereingalcylpgingthenibue offselingludes or

claima4 wh r?drﬁli:ﬁg?é nlé'sé&ég?%ﬁidﬁ%#shiﬁ?ch&%éﬁ&aﬂo@\i' udes performng a

cross-correlation of sal aracterizations. The met hod of any one of
clains 1-6 wherein said reduced-i nfornmati on characterizati ons based on

auditory scene an Si re arrays. of, information, representing . at |east
the location of a@h??“&ﬁ?%é‘sém 0%%%?{3%msgsé)Wé?fe*ﬁ@lc{T@fiﬂefd-@forma&% 7 wherein
sai d audi t gayacedRafiolBaREPs ARIBHEsERE £l sfe arrays of information representing

- at least the location of auditory event boundaries,

8. The method of claim 7 wherein said auditory event boundaries are determined
by
calculating the spectral content of successive time segments of said audio signal,
calculating the difference in spectral content between successive time segmeﬁts of
said audio signal, and
identifying an auditory event boundary as the boundary between successive time
- segments when the difference in the spectral content between such successive time

segments exceeds a threshold.

9. The method of claim 7 or claim 8 wherein said arrays of information also

represent the dominant frequency subband of each of said auditory events.

10. The method of any one of claims 1-3 wherein the reduced-information

characterizations of said audio signals are each derived in the same way.




by calculating the spectral content of successive tine sEIMRALS 28hs said
audi o signal, calculating the difference in spectral content between:
successive tinme segnents of said audio signal, and identifying an auditory
event boundary as the boundary between successive tine segnents when the
difference in the spectral content between such successive tinme segnents
exceeds a threshold. 9. The nethod of-28Faim 7 or claim 8 wherein said
arrays of information also represent the dom nant frequency subband of
each of said auditory events. 10. The nethod of any one of clainms 1-3
wherein the reduced-information characterizations of said audio signals are
each derived in.the iR ¥edaim R War8ARSH R A% ridBrmidion 16 riftteRdnef claim
- 10 wherein said arrays of information also reepresent the dom nant

f r equencydenBpetfteqaency subbape oEedcl ofsrid ewtiipriesrentss .




