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Description
BACKGROUND
[0001] The subject matter of this application broadly
relates to systems and methods that facilitate remote
identification of audio or audiovisual content being
viewed by a user.
[0002] In many instances, it is useful to precisely identify audio or audiovisual content presented to a person,
such as broadcasts on live television or radio, content
being played on a DVD or CD, time-shifted content recorded on a DVR, etc. As one example, when compiling
television or other broadcast ratings, or determining
which commercials are shown during particular time
slots, it is beneficial to capture the content played on the
equipment of an individual viewer, particularly when local
broadcast affiliates either display geographically-varying
content, or insert local commercial content within a national broadcast. As another example, content providers
may wish to provide supplemental material synchronized
with broadcast content, so that when a viewer watches
a particular show, the supplemental material may be provided to a secondary display device of that viewer, such
as a laptop computer, tablet, etc. In this manner, if a viewer is determined to be watching a live baseball broadcast,
each batter’s statistics may be streamed to a user’s laptop as the player is batting.
[0003] Contemporaneously determining what content
a user is watching at a particular instant is not a trivial
task. Some techniques rely on special hardware in a settop box that analyzes video as the set-top box decodes
frames. The requisite processing capability for such systems, however, is often cost-prohibitive. In addition, correct identification of decoded frames typically presumes
an aspect ratio for a display, e.g. 4:3, when a user may
be viewing content at another aspect ratio such as 16:9,
thereby precluding a correct identification of the program
content being viewed. Similarly, such systems are too
sensitive to a program frame rate that may also be altered
by the viewer’s system, also inhibiting correct identification of viewed content.
[0004] Still other identification techniques add ancillary
codes in audiovisual content for later identification. There
are many ways to add an ancillary code to a signal so
that it is not noticed. For example, a code can be hidden
in non-viewable portions of television video by inserting
it into either the video’s vertical blanking interval or horizontal retrace interval. Other known video encoding systems bury the ancillary code in a portion of a signal’s
transmission bandwidth that otherwise carries little signal
energy. Still other methods and systems add ancillary
codes to the audio portion of content, e.g. a movie soundtrack. Such arrangements have the advantage of being
applicable not only to television, but also to radio and
pre-recorded music. Moreover, ancillary codes that are
added to audio signals may be reproduced in the output
of a speaker, and therefore offer the possibility of non-
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intrusively intercepting and distinguishing the codes using a microphone proximate the viewer.
[0005] While the use of embedded codes in audiovisual content can effectively identify content being presented to a user, such codes have disadvantages in practical
use. For example, the code would need to be embedded
at the source encoder, the code might not be completely
imperceptible to a user, or might not be robust to sensor
distortions in consumer-grade cameras and microphones.
[0006] GB 2,483,970 describes searching a search index for control parameters wherein the search index includes control parameters that correspond to runtime data generated by a controller within a process control system. The method described includes receiving the search
parameter from a user via an application to view search
results associated with the search parameter, determining a display context based on the application, forming
a set of matched control parameters and rendering the
set of matched control parameters for display via the application as the search results based on the determined
display context.
BRIEF DESCRIPTION OF THE DRAWINGS
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[0007] For a better understanding of the invention, and
to show how the same may be carried into effect, reference will now be made, by way of example, to the accompanying drawings, in which:
30
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FIG. 1 shows a system that synchronizes audio or
audiovisual content presented to a user on a first
device, with supplementary content provided to the
user through a second device, with the assistance
of a server accessible through a network connection.
FIG. 2 shows a spectrogram of an audio segment
captured by the second device of FIG. 1, along with
an audio signature generated from that spectrogram.
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FIG. 3 shows a reference spectrogram of the audio
segment of FIG. 2, along with an audio signature
generated from the reference spectrogram, and
stored in a database accessible to the server shown
in FIG. 1.
FIG. 4 shows a comparison between the audio signature of FIG. 3 and a matching audio signature in
the database of the server of FIG. 1.
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FIG. 5 shows a comparison between an audio signature corrupted by external noise with an uncorrupted audio signature.
55
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FIG. 6 illustrates that the corrupted signature of FIG.
5, when received by a server 18, may result in an
incorrect match.
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FIG. 7 shows waveforms of a user coughing or talking over audio captured by a client device from a
display device, such as a television.
FIG. 8 shows various levels of performance degradation in correctly matching audio signatures relative
to the energy level of extraneous audio.
FIG. 9 shows a first system that corrects for a corrupted audio signature.
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FIG. 10 shows a comparison between a corrupted
audio signature and one that has been corrected by
the system of FIG. 9.
15

FIG. 11 illustrates the performance of the system of
FIG. 9.
FIG. 12 shows a second first system that corrects
for a corrupted audio signature.
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FIG. 13 shows a third first system that corrects for a
corrupted audio signature.
FIG. 14 shows the performance of the system of FIG.
13.
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FIGS. 15 and 16 show a fourth system that corrects
for a corrupted audio signature.
30

DETAILED DESCRIPTION
[0008] All following occurrences of the word "embodiment(s)", if referring to feature combinations different
from those defined by the independent claims, refer to
examples which were originally filed but which do not
represent embodiments of the presently claimed invention; these examples are still shown for illustrative purposes only.
[0009] FIG. 1 shows the architecture of a system 10
capable of accurately identifying content that a user
views on a first device 12, so that supplementary material
may be provided to a second device 14 proximate to the
user. The audio from the media content outputted by the
first device 12 may be referred to as either the "primary
audio" or simply the audio received from the device 12.
The first device 12 may be a television or may be any
other device capable of presenting audiovisual content
to a user, such as a computer display, a tablet, a PDA,
a cell phone, etc. Alternatively, the first device 12 may
be a device capable of presenting audio content, along
with any other information, to a user, such as an MP3
player, or it may be a device capable of presenting only
audio content to a user, such as a radio or an audio system. The second device 14, though depicted as a tablet
device, may be a personal computer, a laptop, a PDA, a
cell phone, or any other similar device operatively connected to a computer processor as well as the micro-
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phone 16, and, optionally, to one or more additional microphones (not shown).
[0010] The second device 14 is preferably operatively
connected to a microphone 16 or other device capable
of receiving an audio signal. The microphone 16 receives
the primary audio signal associated with a segment of
the content presented on the first device 12. The second
device 14 then generates an audio signature of the received signal using either an internal processor or any
other processor accessible to it. If one or more additional
microphones are used, then the second device preferably processes and combines the received signal from the
multiple microphones before generating the audio signature of the received signal. Once an audio signature is
generated that corresponds to content contemporaneously displayed on the first device 12, that audio signature
is sent to a server 18 through a network 20 such as the
Internet, or other network such as a LAN or WAN. The
server 18 will usually be at a location remote from the
first device 12 and the second device 14.
[0011] It should be understood that an audio signature,
which may sometimes be called an audio fingerprint, may
be represented using any number of techniques. To recite merely a few such examples, a pattern in a spectrogram of the captured audio signal may form an audio
signature; a sequence of time and frequency pairs corresponding to peaks in a spectrogram may form an audio
signature; sequences of time differences between peaks
in frequency bands of a spectrogram may form an audio
signature; and a binary matrix in which each entry corresponds to high or low energy in quantized time periods
and quantized frequency bands may form an audio signature. Often, an audio signature is encoded into a string
to facilitate a database search by a server.
[0012] The server 18 preferably stores a plurality of
audio signatures in a database, where each audio signature is associated with content that may be displayed
on the first device 12. The stored audio signatures may
each be associated with a pre-selected interval within a
particular item of audio or audiovisual content, such that
a program is represented in the database by multiple,
temporally sequential audio signatures. Alternatively,
stored audio signatures may each continuously span the
entirety of a program such that an audio signature for
any defined interval of that program may be generated.
Upon receipt of an audio signature from the second device 14, the server 18 attempts to match the received
signature to one in its database. If a successful match is
found, the server 18 may send to the second device 14
supplementary content associated with the matching
programming segment. For example, if a person is
watching a James Bond movie on the first device 12, at
a moment displaying an image of a BMW or other automobile, the server 18 can use the received audio signature to identify the segment viewed, and send to the second device 14 supplementary information about that automobile such as make, model, pricing information, etc.
In this manner, the supplementary material provided to
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the second device 14 is preferably not only synchronized
to the program or other content is presented by the device
12 as a whole, but is synchronized to particular portions
of content such that transmitted supplementary content
may relate to what is contemporaneously displayed on
the first device 12.
[0013] In operation, the foregoing procedure may preferably be initiated by the second device 14, either by
manual selection, or automatic activation. In the latter
instance, for example, many existing tablet devices,
PDA’s, laptops etc, can be used to remotely operate a
television, or a set top box, or access a program guide
for viewed programming etc. Thus, such a device may
be configured to begin an audio signature generation and
matching procedure whenever such functions are performed on the device. Once a signature generation and
matching procedure is initiated, the microphone 16 is periodically activated to capture audio from the first device
12, and a spectrogram is approximated from the captured
audio over each interval for which the microphone is activated. For example, let S[f,b] represent the energy at a
band "b" during a frame "f" of a signal s(t) having a duration T, e.g. T=120 frames, 5 seconds, etc. The set of
S[f,b] as all the bands are varied (b=1,...,B) and all the
frames (f=1,...,F) are varied within the signal s(t), forms
an F-by-B matrix S, which resembles the spectrogram of
the signal. Although the set of all S[f,b] is not necessarily
the equivalent of a spectrogram because the bands "b"
are not Fast Fourier Transform (FFT) bins, but rather are
a linear combination of the energy in each FFT bin, for
purposes of this disclosure, it will be assumed either that
such a procedure does generate the equivalent of a spectrogram, or some alternate procedure to generate a spectrogram from an audio signal is used, which are well
known in the art.
[0014] Using the generated spectrogram from a captured segment of audio, the second device 14 generates
an audio signature of that segment. The second device
14 preferably applies a threshold operation to the respective energies recorded in the spectrogram S[f,b] to generate the audio signature, so as to identify the position
of peaks in audio energy within the spectrogram 22. Any
appropriate threshold may be used. For example, assuming that the foregoing matrix S[f,b] represents the
spectrogram of the captured audio signal, the second
device 14 may preferably generate a signature S*, which
is a binary F-by-B matrix in which S*[f,b]=1 if S[f,b] is
among the P% (e.g. P%=10%) peaks with highest energy
among all entries of S. Other possible techniques to generate an audio signature could include a threshold selected as a percentage of the maximum energy recorded
in the spectrogram. Alternatively, a threshold may be selected that retains a specified percentage of the signal
energy recorded in the spectrogram.
[0015] FIG. 2 illustrates a spectrogram 22 of an audio
signal that was captured by the microphone 16 of the
second device 14 depicted in FIG. 1, along with an audio
signature 24 generated from the captured spectrogram
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22. The spectrogram 22 records the energy in the measured audio signal, within the defined frequency bands
(kHz) shown on the vertical axis, at the time intervals
shown on the horizontal axis. The time axis of FIG. 2
denotes frames, though any other appropriate metric
may be used, e.g. milliseconds, etc. It should also be
understood that the frequency ranges depicted on the
vertical axis and associated with respective filter banks
may be changed to other intervals, as desired, or extended beyond 25 kHz. In this illustration, the audio signature
24 is a binary matrix that indicates the frame-frequency
band pairs having relatively high power. Once generated,
the audio signature 24 characterizes the program segment that was shown on the first device 12 and recorded
by the second device 14, so that it may be matched to a
corresponding segment of a program in a database accessible to the server 18.
[0016] Specifically, server 18 may be operatively connected to a database from which individual ones of a
plurality of audio signatures may be extracted. The database may store a plurality of M audio signals s(t), where
sm(t) represents the audio signal of the mth asset. For
each asset "m," a sequence of audio signatures {Sm∗[fn,
b]} may be extracted, in which Sm∗[fn, b] is a matrix extracted from the signal sm(t) in between frame n and n+F.
Assuming that most audio signals in the database have
roughly the same duration and that each sm(t) contains
a number of frames Nmax>>F, after processing all M assets, the database would have approximately MNmax signatures, which would be expected to be a very large
number (on the order of 107 or more). However, with
modern processing power, even this number of extractable audio signatures in the database may be quickly
searched to find a match to an audio signature 24 received from the second device 14.
[0017] It should be understood that the audio signatures for the database may be generated ahead of time
for pre-recorded programs or in real-time for live broadcast television programs. It should also be understood
that, rather than storing audio signals s(t), the database
may store individual audio signatures, each associated
with a segment of programming available to a user of the
first device 12 and the second device 14. In another embodiment, the server 18 may store individual audio signatures, each corresponding to an entire program, such
that individual segments may be generated upon query
by the server 18. Still another embodiment would store
audio spectrograms from which audio signatures would
be generated. Also, it should be understood that some
embodiments may store a database of audio signatures
locally on the second device 12, or in storage available
to in through e.g. a home network or local area network
(LAN), obviating the need for a remote server. In such
an embodiment, the second device 12 or some other
processing device may perform the functions of the server described in this disclosure.
[0018] FIG. 3 shows a spectrogram 26 that was generated from a reference audio signal s(t) by the server
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18. This spectrogram corresponds to the audio segment
represented by the spectrogram 22 and audio signature
24, which were generated by second device 14. As can
be seen by comparing the spectrogram 26 to the spectrogram 22, the energy characteristics closely correspond, but are weaker with respect to spectrogram 22,
owing to the fact that spectrogram 22 was generated from
an audio signal recorded by a microphone located at a
distance away from a television playing audio associated
with the reference signal. FIG. 3 also shows a reference
audio signature 28 generated by the server 18 from the
reference signal s(t). The server 18 may correctly match
the audio signature 24 to the audio signature 28 using
any appropriate procedure. For example, expressing the
audio signature obtained by the second device 14, used
to query the database, as Sq*, a basic matching operation
in the server could use the following pseudo-code:
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where, for any two binary matrixes A and B of the same
dimensions, <A,B> are defined as being the sum of all
elements of the matrix in which each element of A is
multiplied by the corresponding element of B and divided
by the number of elements summed. In this case, score
[n,m] is equal to the number of entries that are 1 in both
Sm*[n] and Sq*. After collecting score[n,m] for all possible
"m" and "n", the matching algorithm determines that the
audio collected by the second device 14 corresponds to
the database signal sm(t) at the delay f corresponding to
the highest score [n,m].
[0019] Referring to FIG. 4, for example, the audio signature 24 generated from audio captured by the second
device 14 was matched by the server 18 to the reference
audio signature 28. Specifically, the arrows depicted in
this figure show matching peaks in audio energy between
the two audio signatures. These matching peaks in energy were sufficient to correctly identify the reference audio signature 28 with a matching score of score[n,m]=9.
A match may be declared using any one of a number of
procedures. As noted above, the audio signature 24 may
be compared to every audio signature in the database
at the server 18, and the stored signature with the most
matches, or otherwise the highest score using any appropriate algorithm, may be deemed the matching signature. In this basic matching operation, the server 18
searches for the reference "m" and delay "n" that produces the highest score[n,m] by passing through all possible values of "m" and "n."
[0020] In an alternative procedure, the database may
be searched in a pre-defined sequence and a match is
declared when a matching score exceeds a fixed thresh-
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old. To facilitate such a technique, a hashing operation
may be used in order to reduce the search time. There
are many possible hashing mechanisms suitable for the
audio signature method. For example, a simple hashing
mechanism begins by partitioning the set of integers
1,...,F (where F is the number of frames in the audio capture and represents one of the dimensions of the signature matrix) into GF groups, e.g., if F=100, GF=5, the partition would be {1,...,20}, {21,....,40}, ..., {81,...,100}) Also,
the set of integers 1,...,B is also partitioned into G B
groups, where B is the number of bands in the spectrogram and represents another dimension of the signature
matrix. A hashing function H is defined as follows: for any
F-by-B binary matrix S*, HS* = S’, where S’ is a GF-byGB binary matrix in which each entry (GF,GB) equals 1 if
one or more entries equal 1 in the corresponding twodimensional partition of S*.
[0021] Referring to FIG. 4 to further illustrate this procedure, the query signature 28 received from the device
14 shows that F=130, B=25, while GF=13 and GB=10,
assuming that the grid lines represent the frequency partitions specified. The entry (1,1) of matrix S’ used in the
hashing operation equals 0 because there are no energy
peaks in the top left partition of the reference signature
28. However, the entry (2,1) of S’ equals 1 because the
partition (2.5,5) x (0,10) has one nonzero entry. It should
be understood that, though GF=13 and GB=10 were used
in this example above, it may be more convenient to use
GF=5 and GB=4. Alternatively, any other values may be
used, but they should be such that 2^{GFGB}<<MNmax.
[0022] When applying the hashing function H to all
MNmax signatures in the database, the database is
partitioned into 2^{GFGB} bins, which can each be
represented by a matrix Aj of 0’s and 1’s, where j=1,..,2^
{GFGB}. A table T indexed by the bin number is created
and, for each of the 2{GFGB} bins, the table entry T[j]
stores the list of the signatures Sm*[n] that satisfies
HSm*[n]=Aj. The table entries T[j] for the various values
of j are generated ahead of time for pre-recorded
programs or in real-time for live broadcast television
programs. The matching operation starts by selecting the
bin entry given by HSq*. Then the score is computed
between Sq* against all the signatures listed in the entry
T[HSq*]. If a high enough score is found, the process is
concluded. Alternatively, if a high enough score is not
found, the process selects ones of the bins whose matrix
Aj is closest to HSq* in the Hamming distance (the
Hamming distance counts the number of different bits
between two binary objects) and scores are computed
between Sq* against all the signatures listed in the entry
T[j]. If a high enough score is not found, the process
selects the next bin whose matrix Aj is closest to HSq* in
the Hamming distance. The same procedure is repeated
until a high enough score is found or until a maximum
number of searches is reached. The process concludes
with either no match declared or a match is declared to
the reference signature with the highest score. In the
above procedure, since the hashing operation for all the
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stored content in the database is performed ahead of
time (only live content is hashed in real time), and since
the matching is first attempted against the signatures
listed in the bins that are most likely to contain the correct
signature, the number of searches and the processing
time of the matching process is significantly reduced.
[0023] Intuitively speaking, the hashing operation performs a "two-level hierarchical matching." The matrix
HSq* is used to prioritize which bins of the table T in which
to attempt matches, and priority is given to bins whose
associated matrix Aj are closer to HSq* in the Hamming
distance. Then, the actual query Sq* is matched against
each of the signatures listed in the prioritized bins until a
high enough match is found. It may be necessary to
search over multiple bins to find a match. In Figure 4, for
example, the matrix Aj corresponding to the bin that contains the actual signature has 25 entries of "1" while HSq*
has 17 entries of "1," and it is possible to see that HSq*
contains Is at different entries as the matrix Aj, and viceversa. Furthermore, matching operations using hashing
are only required during the initial content identification
and during resynchronization. When the audio signatures are captured to merely confirm that the user is still
watching the same asset, a basic matching operation
can be used (since M=1 at this time).
[0024] The preceding techniques that match an audio
signature captured by the second device 14 to corresponding signatures in a remote database work well, so
long as the captured audio signal has not been corrupted
by, for instance, high energy noise. As one example, given that the second device 14 will be proximate to one or
more persons viewing the program on a television or other such first device 12, high energy noise from a user
(e.g., speaking, singing, or clapping noises) may also be
picked up by the microphone 16. Still other examples
might be similar incidental sounds such as doors closing,
sounds from passing trains, etc.
[0025] FIGS. 5-6 illustrate how such extraneous noise
can corrupt an audio signature of captured audio, and
adversely affect a match to a corresponding signature in
a database. Specifically, FIG. 5 shows a reference audio
signature 28 for a segment of a television program, along
with an audio signature 30 of that same program segment, captured by a microphone 16 of device 14, but
where the microphone 16 also captured noise from the
user during the segment. As can be anticipated, the usergenerated audio masks the audio signature of the segment recorded by the microphone 16, and as can be seen
in FIG. 6, the user-generated audio can result in an incorrect signature in the database being matched (or alternatively, no matching signature being found.)
[0026] FIG. 7 shows exemplary waveforms 34 and 40,
each of an audio segment captured by a microphone 16
of a second device 14, where a user is respectively
coughing and talking during intervals 36. The user-generated audio during these intervals 36 have peaks 38
that are typically about 40dB above the audio of the segment for which a signature is desired. The impact of this

5

10

15

20

25

30

35

40

45

50

55

6

10

typical difference in the audio energy between the usergenerated audio and the audio signal from a television
was evaluated in an audio signature extraction method
in which signatures are formed by various sequences of
time differences between peaks, each sequence from a
particular frequency band of the spectrogram. Referring
to FIG. 8, this typical difference of about 40dB between
user-generated audio and an audio signal from a television or other audio device resulted in a performance drop
of approximately 65% when attempting to find a matching
signature in a remote database. As can also be seen
from this figure, even a difference of only 10dB still degrades performance by over 50%.
[0027] Providing an accurate match between an audio
signature generated at a location of a user with a corresponding reference audio signature in a remote database, in the presence of extraneous noise that corrupts
the audio captured signature, is problematic. An audio
signature derived from a spectrogram only preserves
peaks in signal energy, and because the source of noise
in the recorded audio frequently has more energy than
the signal sought to be recorded, portions of an audio
signal represented in a spectrogram and corrupted by
noise certainly cannot easily be recovered, if ever. Possibly, an audio signal captured by a microphone 16 could
be processed to try to filter any extraneous noise from
the signal prior to generating a spectrogram, but automating such a solution would be difficult given the unpredictability of the presence of noise. Also, given the possibility of actual program segments being mistaken for
noise (segments involving shouting, or explosions, etc.),
any effective noise filter would likely depend on the ability
to model noise accurately. This might be accomplished
by, e.g. including multiple microphones in the second device 14 such that one microphone is configured to primarily capture noise (by being directed at the user, for example). Thus, the audio captured by the respective microphones could be used to model the noise and filter it
out. However, such a solution might entail increased cost
and complexity, and noise such as user generated audio
still corrupts the audio signal intended to be recorded
given the close proximity between the second device 14
and the user.
[0028] In view of such difficulties, FIG. 9 illustrates an
example of a novel system that enables accurate matches between reference signatures in a database at a remote location (such as at the server 18) and audio signatures generated locally (by, for example, receiving audio output from a presentation device, such as the device
12), and even when the audio signatures are generated
from corrupted spectrograms, e.g. spectrograms of audio
including user-generated audio. It should be appreciated
that the term "corruption" is merely meant to refer to any
audio received by the microphone 16, for example, or
any other information reflected in a spectrogram or audio
signature, signal or noise, that originates from something
other than the primary audio from the display device 12.
It should also be appreciated that, although the descrip-

11

EP 2 954 526 B1

tions that follow usually refer to user-generated audio,
the embodiments of this invention apply to any other audio extraneous to the program being consumed, which
means that any of the methods to deal with the corruption
caused by user-generated audio can also be applied to
deal with the corruption caused by noises like appliances,
horns, doors being slammed, toys, etc. In general, extraneous audio refers to any audio other than the primary
audio. Specifically, FIG. 9 shows a system 42 that includes a client device 44 and a server 46 that matches
audio signatures sent by the client device 44 to those in
a database operatively connected to the server 46. The
client device 44 may be a tablet, a laptop, a PDA or other
such second device 14, and preferably includes an audio
signature generator 50. The audio signature generator
50 generates a spectrogram from audio received by one
or more microphones 16 proximate the client device 44.
The one or more microphones 16 are preferably integrated into the client device 44, but optionally the client device
44 may include an input, such as a microphone jack or
a wireless transceiver capable of connection to one or
more external microphones.
[0029] As noted previously, the spectrogram generated by the audio signature generator 50 may be corrupted
by noise from a user, for example. To correct for this
noise, the system 42 preferably also includes an audio
analyzer 48 that has as an input the audio signal received
by the one or more microphones 16. It should also be
noted that, although the audio analyzer 48 is shown as
simply receiving an audio signal from the microphone 16,
the microphone 16 may be under control of the audio
analyzer 48, which would issue commands to activate
and deactivate the microphone 16, resulting in the audio
signal that is subsequently treated by the Audio Analyzer
48 and Audio Signature Generator 50. The audio analyzer 48 processes the audio signal to identify both the
presence and temporal location of any noise, e.g. user
generated audio. As noted previously with respect to FIG.
7, noise in a signal may often have much higher energy
than the signal itself, hence for example, the audio analyzer 48 may apply a threshold operation on the signal
energy to identify portions of the audio signature greater
than some percentage of the average signal energy, and
identify those portions as being corrupted by noise. Alternatively, the audio analyzer may identify any portions
of received audio above some fixed threshold as being
corrupted by noise, or still alternatively may use another
mechanism to identify the presence and temporal position in the audio signal of noise by, e.g. using a noise
model or audio from a dedicated second microphone 16,
etc. An alternative mechanism that the Audio Analyzer
48 can use to determine the presence and temporal position of user generated audio may be observing unexpected changes in the spectrum characteristics of the
collected audio. If, for instance, previous history indicates
that audio captured by a television has certain spectral
characteristics, then a change in such characteristics
could indicate the presence of user generated audio. An-
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other alternative mechanism that the Audio Analyzer 48
can use to determine the presence and temporal position
of user generated audio may be using speaker detection
techniques. For instance, the Audio Analyzer 48 may
build speaker models for one or more users of a household and, when analyzing the captured model, may determine through these speaker models that the collected
audio contains speech from the modelled speakers, indicating that they are speaking during the audio collection
process and, therefore, are generating user-generated
corruption in the audio received from the television.
[0030] Once the audio analyzer 48 has identified the
temporal location of any detected noise in the audio signal received by the one or more microphones 16, the
audio analyzer 48 provides that information to the audio
signature generator 50, which may use that information
to nullify those portions of the spectrogram it generates
that are corrupted by noise. This process can be generally described with reference to FIG. 10, which shows a
first spectrogram 52 that includes user generated audio
dazzling portions of the signal, making them too weak to
be noticed. As indicated previously, were an audio signature simply generated from the spectrogram 52, that
audio signature would not likely be correctly matched by
the server 46 shown in FIG. 10. The audio signature generator 50, however, uses the information from the audio
analyzer 48 to nullify or exclude the segments 56 when
generating an audio signature. One procedure for doing
this is as follows. Let S[f,b] represent the energy in band
"b" during a frame "f" of a signal s(t) having a duration T,
e.g. T=120 frames, 5 seconds, etc. As all the bands are
varied (b=1,...,B) and all the frames (f=1,...,F) are varied
within the signal s(t), the set of S[f,b] forms an F-by-B
matrix S, which resembles the spectrogram of the signal.
Let F^ denote the subset of {1,... ,F} that corresponds to
frames located within regions that were identified by the
Audio Analyzer 48 as containing user-generated audio
or other such noise corrupting a signal, and let S^ be a
matrix defined as follows: if f is not in F^, then
S^[f,b]=S[f,b] for all b; otherwise, S^[f,b]=0 for all b. From
S^, the Audio Signature Generator 50 creates the signature Sq*, which is a binary F-by-B matrix in which
Sq*[f,b]=1 if S^[f,b] is among the P% (e.g. P=10%) peaks
with highest energy among all entries of S^. The single
signature Sq* is then sent by the Audio Signature Generator 50 to the Matching Server 46. Alternatively, a procedure by which the audio signature generator excludes
segments 56 is to generate multiple signatures 58 for the
audio segment, each comprising contiguous audio segments that are uncorrupted by noise. The client device
44 may then transmit to the server 46 each of these signatures 58, which may be separately matched to reference audio signatures stored in a database, with the
matching results returned to the client device 44. The
client device 44 then may use the matching results to
make a determination as to whether a match was found.
For example, the server 46 may return one or more
matching results that indicate both an identification of the
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program to which a signature was matched, if any, along
with a temporal offset within that program indicating
where in the program the match was found. The client
device may then, in this instance, declare a match when
some defined percentage of signatures is matched both
to the same program and within sufficiently close temporal intervals to one another. In determining the sufficiency
of the temporal intervals by which matching segments
should be spaced apart, the client device 44 may optionally use information about the temporal length of the nullified segments, i.e. whether different matches to the
same program are temporally separated by approximately the same time as the duration of the segments nullified
from the audio signatures sent to the server 46. It should
be understood that an alternate embodiment could have
the server 46 perform this analysis and simply return a
single matching program to the set of signatures sent by
the client device 44, if one is found.
[0031] The above procedure can be used not only in
audio signature extraction methods in which signatures
are formed by binary matrixes, but also in methods in
which signatures are formed by various sequences of
time differences between peaks, each sequence from a
particular frequency band of the spectrogram. FIG. 11
generally shows the improvement in performance gained
by using the system 42 in the latter case. As can be seen,
where the system 42 is not used, performance drops to
anywhere between about 49% to about 33% depending
on the ratio of signal to noise. When the system 42 is
used, however, performance in the presence of noise,
such as user-generated audio, increases to approximately 79%.
[0032] FIG. 12 shows an alternate system 60 having
a client device 62 and a matching server 64. The client
device 62 may again be a tablet, a laptop, a PDA, or any
other device capable of receiving an audio signal and
processing it. The client device 62 preferably includes an
audio signature generator 66 and an audio analyzer 68.
The audio signature generator 66 generates a spectrogram from audio received by one or more microphones
16 integrated with or proximate the client device 62 and
provides the audio signature to the matching server 64.
As mentioned before, the microphone 16 may be under
control of the audio analyzer 68, which issues commands
to activate and deactivate the microphone 16, resulting
in the audio signal that is subsequently treated by the
Audio Analyzer 68 and Audio Signature Generator
66.The audio analyzer 68 processes the audio signal to
identify both the presence and temporal location of any
noise, e.g. user generated audio. The audio analyzer 68
provides information to the server 64 indicating the presence and temporal location of any noise found by its analysis.
[0033] The server 64 includes a matching module 70
that uses the results provided by the audio analyzer 68
to match the audio signature provided by the audio signature generator 66. As one example, let S[f,b] represent
the energy in band "b" during a frame "f" of a signal s(t)
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and let F^ denote the subset of {1,...,F} that corresponds
to frames located within regions that were identified by
the Audio Analyzer 68 as containing user-generated audio or other such noise corrupting a signal, as explained
before; the matching module 70 may disregard portions
of the received audio signature determined to contain
noise, i.e. perform a matching analysis between the received signature and those in a database only for time
intervals not corrupted by noise. More precisely, the query audio signature Sq* used in the matching score is replaced by Sq** defined as follows: if f is not in F^,
Sq**[f,b]=Sq*[f,b] for all b; and if f is in F^, Sq**[f,b]=0 for
all b; and the final matching score is given by < Sm*[n],
Sq** >, with the operation <.,.> as defined before. In such
an example, the server may select the audio signature
from the database with the highest matching score (i.e.
the most matches) as the matching signature. Alternatively, the Matching Module 70 may adopt a temporarily
different matching score function; i.e., instead of using
the operation < Sm*[n], Sq* >, the Matching Module 70
uses an alternative matching operation < Sm*[n], Sq*
>F^, where the operation <A,B>F^ between two binary
matrixes A and B is defined as being the sum of all elements in the columns not included in F^ of the matrix in
which each element of A is multiplied by the corresponding element of B and divided by the number of elements
summed. In this latter alternative, the matching module
70 in effect uses a temporally normalized score to compensate for any excluded intervals. In other words, the
normalized score is calculated as the number of matches
divided by the ratio of the signature’s time intervals that
are being considered (not excluded) to the entire time
interval of the signature, with the normalized score compared to the threshold. Alternatively, the normalization
procedure could simply express the threshold in matches
per unit time. In all of the above examples, the Matching
Module 70 may adopt a different threshold score above
which a match is declared. Once the matching module
70 has either identified a match or determined that no
match has been found, the results may be returned to
the client device 62.
[0034] The system of FIG.9 is useful when one has
control of the audio signature generation procedure and
has to work with a legacy Matching Server, while the
system of FIG.12 is useful when one has control of the
matching procedure and has to work with legacy audio
signature generation procedures. Although the systems
of FIG.9 and FIG.12 can provide good results in some
situations, further improvement can be obtained if the
information about the presence of user generated audio
is provided to both the Audio Signature Generator and
the Matching Module. To understand this benefit, consider the audio signature algorithm noted above in which
a binary matrix is generated from the P% most powerful
peaks in the spectrogram and let F^ denote the subset
of {1,...,F} that corresponds to frames located within regions that were identified by the Audio Analyzer as containing user-generated audio. If F^ is provided only to the
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Audio Signature Generator, as in the system of FIG.9,
the frames within F^ are nullified to generate the signature, which is then sent to the Matching Server. The nullified portions of the signature avoids the generation of a
high matching score with an erroneous program. The resulting matching score may even end up below the minimum matching score threshold, which would result in a
missing match. An erroneous match may also happen
because the matching server may incorrectly interpret
the nullified portions as being silence in an audio signature. In other words, without knowing that portions of the
audio signature have been nullified, the matching server
may erroneously seek to match the nullified portions with
signatures having silence or other low-energy audio during the intervals nullified. On the other hand, if F^ is supplied only to the Matching Server, as described with respect to FIG. 12, the server may determine which segments, if any, are to be nullified, and therefore know not
to try to match nullified temporal segments to signatures
in a database; however, because the peaks within the
frames in F^ are not excluded during the generation of
the signature, then most, if not all, of the P% most powerful peaks would be contained within frames that contain
user generated audio (i.e., frames in F^) and most, if not
all of, the "1"s in the audio signature generated would be
concentrated in the frames in F^. Subsequently, as the
Matching Module receives the signature and the information about F^, it disregards the parts of the signature
contained in the frames in F^. As these frames are disregarded, it may happen that few of the remaining frames
in the signature would contain "1"s to be used in the
matching procedure, and, again, the matching score is
reduced. Ideally, F^ should be provided to both the Audio
Signature Generator and the Matching Module. In this
case, the Audio Signature Generator can concentrate
the distribution of the P% most powerful frames within
frames outside F^, and the Matching Module may disregard the frames in F^ and still have enough "1"s in the
signature to allow high matching scores. Furthermore,
the Matching Module may use the information about the
number of frames in F^ to generate the normalization
constant to account for the excluded frames in the signature.
[0035] FIG. 13 shows another alternate system 72 capable of providing information about user-generated audio to both the Audio Signature Generator and the Matching Module. The system 72 has a client device 74 and a
matching server 76. The client device 72 may again be
a tablet, a laptop, a PDA, or any other device capable of
receiving an audio signal and processing it. The client
device 72 preferably includes an audio signature generator 78 and an audio analyzer 80. The audio analyzer 80
processes the audio signal received by one or more microphones 16 integrated with or proximate the client device 72 to identify both the presence and temporal location of any noise, e.g. user generated audio, using the
techniques already discussed. The audio analyzer 80
then provides information to both the audio signature
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generator 78 and to the Matching Module 82. As mentioned before, the microphone 16 may be under control
of the audio analyzer 80, which issues commands to activate and deactivate the microphone 16, resulting in the
audio signal that is subsequently treated by the Audio
Analyzer 80 and Audio Signature Generator 78.
[0036] The audio signature generator 78 receives both
the audio and the information from the audio analyzer
80. The audio signature generator 78 uses the information from the audio analyzer 80 to nullify the segments
with user generated audio when generating a single audio signature, as explained in the description of the system 42 of FIG.9, and a single signature Sq* is then sent
by the Audio Signature Generator 78 to the Matching
Server 76.
[0037] The matching module 82 receives the audio signature Sq* from the Audio Signature Generator 78 and
receives the information about user-generated audio
from the Audio Analyzer 80. This information may be represented by the set F^ of frames located within regions
that were identified by the Audio Analyzer 80 as containing user-generated audio. It should be understood that
other techniques may be used to send information to the
server 76 indicating the existence and location of corruption in an audio signature. For example, the audio signature generator 78 may inform the set F^ to the Matching
Module 82 by making all entries in the audio signature
Sq* equal to "1" over the frames contained in F^; thus,
when the Matching Server 76 receives a binary matrix in
which a column has all entries marked as "1", it will identify the frame corresponding to such a column as being
part of the set F^ of frames to be excluded from the matching procedure.
[0038] The matching server 76 is operatively connected to a database storing a plurality of reference audio
signatures with which to match the audio signature received by the client device 74. The database may preferably be constructed in the same manner as described
with reference to FIG. 2. The matching server 76 preferably includes a matching module 82. The matching module 82 treats the audio signature Sq* and the information
about the set F^ of frames that contains user generated
audio as described in the system 60 of FIG. 12; i.e., the
matching module 82 adopts a temporarily different
matching score function. Thus, instead of using the operation < Sm*[n], Sq* > to compute the score[n,m] of the
basic matching procedure as described above, the
Matching Module 82 may use an alternative matching
operation < Sm*[n], Sq* >F^, which disregards the frames
in F^ for the matching score computation
[0039] Alternatively, if a hashing procedure is desired
during the matching operation, the procedure described
above with respect to FIG. 4 can be modified to consider
the user generated audio information as follows. The procedure starts by selecting the bin entry whose corresponding matrix Aj has the smallest Hamming distance
to HSq*, where the Hamming distance is now computed
considering only the frames outside F^. The matching
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score is then computed between Sq* and all the signatures listed in the entry corresponding to the selected bin.
If a high enough score is not found, the process selects
next bin in the decreasing order of Hamming distance
and the process is repeated until a high enough score is
found or a limit in the maximum number of computations
is reached.
[0040] The process may conclude with either a "nomatch" declaration, or the reference signature with the
highest score may be declared a match. The results of
this procedure may be returned to the client device 74.
[0041] The benefit of providing information to both the
Audio Signature Generator 78 and the Matching Module
82 was evaluated in FIG. 14. This evaluation focused on
the benefit of having knowledge about the set F^ of
frames that contain user generated audio in the Matching
Module 82. As explained above, if this information is not
available and a signature with nullified entries arrives,
then the matching score is reduced given the nullification
of portions of the signature. FIG. 14 shows that the average matching score, if the information about F^ is not
provided to the Matching Module 82, is around 52 in the
scoring scale. When the information about F^ is provided
to the Matching Module 82, allowing it to normalize the
matching score based on the number of frames within
F^, the average matching score increases to around 79.
Thus, queries that would otherwise generate a low
matching score, which signifies low evidence that the audio capture corresponds to the identified content, would
now generate a higher matching score and adjust for the
nullified portion of the audio signature.
[0042] It should be understood that the system 72 may
incorporate many of the features described with respect
to the systems 42 and 60 in FIGS 9 and 12, respectively.
As nonlimiting examples, the matching module 82 may
receive an audio signature that identifies corrupted portions by a series of "Is" and may use those portions to
segment the received audio signature into multiple, contiguous signatures, and match those signatures separately to reference signatures in a database. Moreover,
considering that the microphone 16 is under control of
the Audio Analyzers 48 and 68 of the systems respectively represented in FIGS 9 and 12, the system 72 may
compensate for nullified segments of an audio signature
by automatically and selectively extending the temporal
length of the audio signature used to query a database
by either an interval equal to the temporal length of the
nullified portions, or some other interval (and extending
the length of the reference audio signatures to which the
query signature is compared by a corresponding
amount). The extending of the temporal length of the audio signature would be conveyed to both the Audio Signature Generator and the Matching Module, which would
extend their respective operations accordingly.
[0043] FIGS. 15 and 16 generally illustrate a system
capable of improved audio signature generation in the
presence of noise in the form of user-generated audio,
where two users are proximate to an audio or audiovisual
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device 84, such as a television set, and where each user
has a different device 86 and 88, respectively, which may
each be a tablet, laptop, etc., equipped with systems that
compensate for corruption (noise) in any of the manners
previously described. It has been observed that much
user-generated audio occurs when two or more people
are engaged in a conversation, during which only one
person usually speaks at a time. In such a circumstance,
the device 86 or 88, as the case may be, used by the
person speaking will usually pick up a great deal more
noise than the device used by the person not speaking,
and therefore, information about the audio corrupted may
be recovered from the device 86 or 88 of the person not
speaking.
[0044] Specifically, FIG. 16 shows a system 90 comprising a first client device 92a and a second client device
92b. The client device 92a may have an audio signature
generator 94a and an audio analyzer 96a, while the client
device 92b may have an audio signature generator 94b
and an audio analyzer 96b. Thus, each of the client devices may be able to independently communicate with a
matching server 100 and function in accordance with any
of the systems previously described with respect to FIGS.
1, 9, 12, and 13. In other words, either of the devices,
operating alone, is capable of receiving audio from the
device 84, generating a signature with or without the assistance of its internal audio analyzer 96a or 96b, communicating that signature to a matching server, and receiving a response, using any of the techniques previously disclosed.
[0045] In addition, however, the system 90 includes at
least one group audio signature generator 98 capable of
synthesizing the audio signatures generated by the respective devices 92a and 92b, using the results of both
the audio analyzer 92a and the audio analyzer 92b. Specifically, the system 90 is capable of synchronizing the
two devices 92a and 92b such that the audio signatures
generated by the respective devices encompass the
same temporal intervals. With such synchronization, the
group audio signature generator 98 may determine
whether any portions of an audio signature produced by
one device 92a or 92b have temporal segments analyzed
as noise, but where the same interval in the audio signature of the other device 92a or 92b was analyzed as
being not noise (i.e. the signal) and vice versa. In this
manner, the group audio signature generator 98 may use
the respective analyses of the incoming audio signal by
each of the respective devices 92a and 92b to produce
a cleaner audio signature over an interval than either of
the devices 92a and 92b could produce alone. The group
audio signature generator 98 may then forward the improved signature to the matching server 100 to compare
to reference signatures in a database. In order to perform
such a task, the Audio Analyzers 96a and 96b may forward raw audio features to the group audio signature
generator 98 in order to allow it perform the combination
of audio signatures and generate the cleaner audio signature mentioned above. Such raw audio features may
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include the actual spectrograms captured by the devices
92a and 92b, or a function of such spectrograms; furthermore, such raw audio features may also include the actual audio samples. In this last alternative, the group audio signature generator may employ audio cancelling
techniques before producing the audio signature. More
precisely, the group audio signature generator 98 could
use the samples of the audio segment captured by both
devices 92a and 92b in order to produce a single audio
segment that contains less user-generated audio, and
produce a single audio signature to be send to the matching module.
[0046] The group audio signature generator 98 may
be present in either one, or both, of the devices 92a and
92b. In one instance, each of the devices 92a and 92b
may be capable of hosting the group audio signature generator 98, where the users of the devices 92a and 92b
are prompted through a user interface to select which
device will host the group audio signature generator 98,
and upon selection, all communication with the matching
server may proceed through the selected host device
92a or 92b, until this cooperative mode is deselected by
either user, or the devices 92a and 92b cease communicating with each other (e.g. one device is turned off, or
taken to a different room, etc). Alternatively, an automated procedure may randomly select which device 92a or
92b hosts the group audio signature generator. Still further, the group audio signature generator could be a
stand-alone device in communication with both devices
92a and 92b. One of ordinary skill in the art will also appreciate that this system could easily be expanded to
encompass more than two client devices.
[0047] It should also be understood that, in any of the
systems of FIG. 9, FIG. 12, FIG. 13, or FIG. 16, an alternative embodiment could locate the Audio Analyzer and
the Audio Signature Generator in different devices. In
such an embodiment, each of the Audio Analyzer and
Audio Signature Generator would have its own microphone and would be able to communicate with each other
much in the same manner that they communicate with
the Matching Server. In a further alternative embodiment,
the Audio Analyzer and the Audio Signature Generator
are located in the same device but are separate software
programs or processes that communicate with each other.
[0048] It should also be understood that, although several of the foregoing systems of matching audio signatures to reference signatures redressed corruption in audio signatures by nullifying corrupted segments, other
systems consistent with the present disclosure may use
alternative techniques to address corruption. As one example, a client device such as device 14 in FIG. 1, device
44 in FIG. 9., or device 62 in FIG. 12 may be configured
to save processing power once a matching program is
initially found, by initially comparing subsequent queried
audio signatures to audio signatures from the program
previously matched. In other words, after a matching program is initially found, subsequently-received audio sig-
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natures are transmitted to the client device and used to
confirm that the same program is still being presented to
the user by comparing that signature to the reference
signature expected at that point in time, given the assumption that the user has not switched channels or entered a trick play mode, e.g. fast-forward, etc. Only if the
received signature is not a match to the anticipated segment does it become necessary to attempt to first determine whether the user has entered a trick play mode and
if not, determine what other program might be viewed by
a user by comparing the received signature to reference
signatures of other programs. This technique has been
disclosed in co-pending application serial no.
131/533,309, filed on June 26, 2012 by the assignee of
the present application, the disclosure of which is hereby
incorporated by reference in its entirety.
[0049] Given such techniques, a client device after initially identifying the program being watched or listened
by the user, may receive a sequence of audio signatures
corresponding to still-to-come audio segments from the
program. These still-to-come audio signatures are readily available from a remote server when the program was
pre-recorded. However, even when the program is live,
there is a non-zero delay in the transmission of the program through the broadcast network; thus, it is still possible to generate still-to-come audio signatures and
transmit them to the client device before its matching
operation is attempted. These still-to-come audio signatures are the audio signatures that are expected to be
generated in the client device if the user continues to
watch the same program in a linear manner. Having received these still-to-come audio signatures, the client device may collect audio samples, extract audio features,
generate audio signatures, and compare them against
the stored, expected audio signatures to confirm that the
user is still watching or listening to the same program. In
other words, both the audio signature generation and
matching procedures are done within the client device
during this procedure. Since the audio signatures generated during this procedure may also be corrupted by
user generated audio, the methods of the systems in
FIG.9, FIG. 12, or FIG. 13 may still be applied, even
though the Audio Signature Generator, the Audio Analyzer, and the Matching Module are located in the client
device.
[0050] Alternatively, in such techniques, corruption in
the audio signal may be redressed by first identifying the
presence or absence of corruption such as user-generated audio. If such noise or other corruption is identified,
no initial attempt at a match may be made until an audio
signature is received where the analysis of the audio indicates that no noise is present. Similarly, once an initial
match is made, any subsequent audio signatures containing noise may be either disregarded, or alternatively
may be compared to an audio signature of a segment
anticipated at that point in time to verify a match. In either
case, however, if a "no match" is declared between an
audio signature corrupted by, e.g. noise, a decision on
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whether the user has entered a trick play mode or
switched channels is deferred until a signature is received that does not contain noise.
[0051] It should also be understood that, although the
foregoing discussion of redressing corruption in an audio
signature was illustrated using the example of user-generated audio that introduced noise in the signal, other
forms of corruption are possible and may easily be redressed using the techniques previously described. For
example, satellite dish systems that deliver programming
content frequently experience brief signal outages due
to high wind, rain, etc. and audio signals may be briefly
sporadic. As another example, if programming content
stored on a DRV or played on a DVD is being matched
to programming content in a database, the audio signal
may be corrupted due to imperfections digital storage
media. In any case, however, such corruption can be
modelled and therefore identified and redressed as previously disclosed.
[0052] It will be appreciated that the disclosure is not
restricted to the particular embodiment that has been described, and that variations may be made therein without
departing from the scope of the disclosure as well as the
appended claims, as interpreted in accordance with principles of prevailing law, including the doctrine of equivalents or any other principle that enlarges the enforceable
scope of a claim beyond its literal scope. Unless the context indicates otherwise, a reference in a claim to the
number of instances of an element, be it a reference to
one instance or more than one instance, requires at least
the stated number of instances of the element but is not
intended to exclude from the scope of the claim a structure or method having more instances of that element
than stated. The word "comprise" or a derivative thereof,
when used in a claim, is used in a nonexclusive sense
that is not intended to exclude the presence of other elements or steps in a claimed structure or method.

Claims
1.

22
(ii) generate (78) an audio signature of the
received audio over a temporal interval
based on the identified presence or absence of corruption in the received audio
signal;
(iii) modify (78) said audio signature by nullifying those portions of said audio signature
corrupted by said extraneous audio; and
(iv) communicate said modified audio signature, via the transmitter, to a server (18);
and

5

10

a receiver, communicatively coupled to the at
least one processor, and capable of receiving a
response from said server (18), said response
based on the modified audio signature.

15

2.

The apparatus (10) of claim 1, wherein said extraneous audio is user-generated audio.

3.

The apparatus (10) of claim 1, wherein said at least
one processor is further configured to identify said
extraneous audio based on at least one of: (i) an
energy threshold; (ii) a change in spectrum characteristics of the received audio signal; and (iii) a speaker detector that indicates a presence of a known user’s speech in the received audio signal.

4.

The apparatus (10) of claim 1, wherein said at least
one processor is further configured to, via the transmitter, communicate to said server (18) which portions of said temporal interval are associated with
the corruption in the received audio signal.

5.

The apparatus (10) of claim 1, wherein, after the audio signature has been modified, said server (18) is
capable of using said audio signature to identify a
content viewed by said user from among a plurality
of content in a database.

6.

The apparatus (10) of claim 1, wherein said at least
one processor is further configured to generate a
plurality of audio signatures over said temporal interval, each audio signature associated with a continuous selected portion of said temporal interval.

7.

The apparatus (10) of claim 1, wherein said at least
one processor is further configured to extend a period in which an audio signal is collected by said microphone (16) based on a duration of corruption
identified by said at least one processor.

8.

The apparatus (10) of claim 1, wherein at least one
of a start time of the temporal interval, an end time
of the temporal interval, and a duration of the temporal interval are selectively adjusted responsively
to said presence or absence of corruption.
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An apparatus (10) comprising:
a microphone (16) capable of receiving an audio
signal comprising primary audio and extraneous
audio, the primary audio from a device (12) that
outputs media content to one or more users, and
the extraneous audio comprising audio that is
extraneous to said primary audio;
at least one processor, communicatively coupled to a transmitter, the at least one processor
configured to:
(i) analyze (80) a received audio signal to
identify a presence or absence of corruption
in the received audio signal, the corruption
comprising extraneous audio in addition to
the primary audio;
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ment associated with the reference audio signature causing the highest total score.

The apparatus (10) of claim 1, wherein said receiver
receives complementary content from said server
(18) based on said server (18) matching said audio
signature to content in said database.
5

10. An apparatus (18) comprising:
at least one processor capable of searching a
plurality of reference audio signatures, each
said reference audio signature associated with
an audio or audiovisual program available to a
user on a presentation device (12); and
a receiver, communicatively coupled to the at
least one processor, the receiver configured to:

10

15

receive a query audio signature from a
processing device (10) proximate said user;
receive a message indicating a presence of
corruption in said query audio signature;
and
identify, using said message and said query
audio signature, a content being watched
by said user;
wherein said query audio signature encompasses
an interval from a first time to a second time, and
said message is used by said at least one processor
to indicate selective portions of said query audio signature to match to at least one of said reference audio signatures.
11. The apparatus (18) of claim 10, wherein said message is used to nullify intervals within said reference
audio signatures when matching said query audio
signature to said at least one of said reference audio
signatures.
12. The apparatus (18) of claim 10, wherein said message is used by said at least one processor to selectively delay identification of said program being
watched by said user until at least one other said
query audio signature is received.
13. The apparatus (18) of claim 10, wherein said apparatus receives at least one query audio signature and
identifies said content being watched by said user
by, in the at least one processor:
(a) comparing each said query audio signature
to a reference audio signature;
(b) generating respective scores for said at least
one query audio signature based on a comparison to said reference audio signature, and adding said scores to obtain a total score;
(c) repeating steps (a) and (b) for at least one
other reference audio signature; and
(d) identifying as said content being watched by
said user, an audio or audiovisual program seg-
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14. The apparatus (18) of claim 10, wherein said apparatus (18) receives at least one query audio signature
and identifies said content being watched by said
user by, in the at least one processor:
(a) comparing each said at least one query audio
signature to a reference audio signature;
(b) generating respective scores for said at least
one query audio signature based on a comparison to a target said reference audio signature,
and adding said scores to obtain a total score;
(c) if said total score exceeds a threshold, identifying as said content being watched by said
user, an audio or audiovisual program segment
associated with the reference audio signature
causing said score to exceed said threshold as
said content being watched by said user
(d) if said total score does not exceed said
threshold, designating another reference audio
signature in said database as the target reference audio signature and repeating steps (a)
and (b) until either said total score exceeds said
threshold or all programs in said database have
been designated.
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15. The apparatus (18) of claim 10, wherein said at least
one processor is configured to use a plurality of
scores to identify said content being watched by said
user, said scores generated by comparing said query
audio signature to said reference audio signatures,
and wherein said scores are normalized based on
information within said message.
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16. The apparatus (18) of claim 10, wherein each of said
reference audio signatures has a temporal length
and wherein said at least one processor is capable
of extending said length based on said message.

30

17. An apparatus (14) comprising:

45

50

55

13

a transmitter configured to be communicatively
coupled to a server (18); and
at least one processor communicatively coupled
to the transmitter, wherein the at least one processor is configured to:
(a) receive a first sequence of audio features from a first apparatus corresponding
to a first audio signal collected by a first microphone (16) from an audio device (12);
(b) receive a second sequence of audio features from a second apparatus corresponding to a second audio signal collected by a
second microphone (16) from the said audio
device (12);

25
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(c) use the first and the second audio features to (i) identify a presence or absence
of corruption in the first audio signal; (ii)
identify a presence or absence of corruption
in the second audio signal and (iii) generate
an audio signature of the audio produced
by said audio device (12) based on the identified presence or absence of corruption in
each of the first and second audio signals;
and
(d) communicate said audio signature, via
the transmitter, to the server (18).

26
(i) generates a first audio signature of the
received said audio signal;
(ii) analyzes the received said audio signal
to identify at least one interval in the received said audio signature not corrupted
by said user-generated audio;
(iii) uses the identified said at least one interval to match said first audio signature to
a second audio signature stored in a database; and
(iv) synchronizes said first audio signature
with said primary audio based on
the match to said second audio signature.

5

10

18. A method comprising:
15

(a) receiving an audio signal from a device (12)
presenting content to a user proximate a device
(14) having a processor;
(b) identifying selective portions of said audio as
being corrupted;
(c) sending a message to said location remote
from said device (14) indicating that some temporal portions of said query audio signature are
corrupted;
(d) using said audio and said identification to
generate at least one query audio signature of
the received audio;
(e) comparing said at least one query audio signature to a plurality of reference audio signatures each representative of a segment of content available to said user, said plurality of reference audio signatures at a location remote
from said device (14), said comparison based
on the selective identification of corruption in
said at least one query audio signature;
(f) based on said comparison, sending supplementary content to said device (14) from said
location remote from said device (14).
19. The method of claim 18, wherein said query audio
signature is generated by nullifying corrupted portions of said query audio signature.
20. The method of claim 18 where said message is embedded in said query audio signature.

Patentansprüche
1.

Vorrichtung (10), umfassend:
ein Mikrofon (16), das ein Audiosignal empfangen kann, ein Hauptaudio und ein Fremdaudio,
wobei das Hauptaudio von einer Vorrichtung
(12) stammt, die Medieninhalte an einen oder
mehrere Benutzer ausgibt, und das Fremdaudio
Audio umfasst, das nicht von dem Hauptaudio
stammt;
mindestens einen Prozessor, der kommunikativ
mit einem Sender gekoppelt ist, wobei der mindestens eine Prozessor zu Folgendem konfiguriert ist:
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(i) Analysieren (80) eines empfangenen Audiosignals, um ein Vorhandensein oder
Nichtvorhandensein von Korruption in dem
empfangenen Audiosignal zu identifizieren,
wobei die Korruption ein Fremdaudio zusätzlich zu dem Hauptaudio umfasst;
(ii) Erzeugen (78) einer Audiosignatur des
empfangenen Audios über ein zeitliches Intervall auf der Grundlage des identifizierten
Vorhandenseins oder Fehlens einer Korruption in dem empfangenen Audiosignal;
(iii) Modifizieren (78) der Audiosignatur
durch Annullieren der Abschnitte der Audiosignatur, die durch das Fremdaudio korrumpiert wurden; und
(iv) Übermitteln der modifizierten Audiosignatur über den Sender an einen Server (18);
und
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21. The method of claim 18, where said message is used
to selectively delay said comparison until at least one
other said query audio signature is received.
50

22. An apparatus (10) comprising:
at least one microphone (16) capable of receiving an audio signal comprising primary audio
from a device (12) that outputs media content
to one or more users, said audio signal corrupted
by user-generated audio; and
at least one processor that:

einen Empfänger, der kommunikativ mit dem
mindestens einen Prozessor gekoppelt ist und
eine Antwort von dem Server (18) empfangen
kann, wobei die Antwort auf der modifizierten
Audiosignatur basiert.

55

2.

14

Vorrichtung (10) nach Anspruch 1, wobei das
Fremdaudio ein Benutzer erzeugtes Audio ist.

27
3.
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Vorrichtung (10) nach Anspruch 1, wobei der mindestens eine Prozessor ferner konfiguriert ist, um
das Fremdaudio auf der Grundlage von mindestens
einem der Folgenden zu identifizieren:
5

(i) einen Energieschwellenwert;
(ii) eine Änderung der Spektrumseigenschaften
des empfangenen Audiosignals; und
(iii) einen Sprachdetektor, der das Vorhandensein einer bekannten Benutzersprache in
dem empfangenen Audiosignal anzeigt.
4.

5.

Vorrichtung (10) nach Anspruch 1, wobei der mindestens eine Prozessor ferner konfiguriert ist, um
über den Sender an den Server (18) zu kommunizieren, welche Abschnitte des zeitlichen Intervalls
der Korruption in dem empfangenen Audiosignal zugeordnet sind.
Vorrichtung (10) nach Anspruch 1, wobei, nachdem
die Audiosignatur modifiziert wurde, der Server (18)
die Audiosignatur verwenden kann, um einen von
dem Benutzer gesehenen Inhalt aus mehreren Inhalten in einer Datenbank zu identifizieren.
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6.

7.

8.

9.

Vorrichtung (10) nach Anspruch 1, wobei der mindestens eine Prozessor ferner konfiguriert ist, um
mehrere Audiosignaturen über das Zeitintervall zu
erzeugen, wobei jede Audiosignatur einem kontinuierlich ausgewählten Abschnitt des Zeitintervalls zugeordnet ist.
Vorrichtung (10) nach Anspruch 1, wobei der mindestens eine Prozessor ferner konfiguriert ist, um
einen Zeitraum zu verlängern, in dem auf der Grundlage einer Dauer der Korruption, welche von dem
mindestens einen Prozessor identifiziert wurde, ein
Audiosignal von dem Mikrofon (16) gesammelt wird.
Vorrichtung (10) nach Anspruch 1, wobei mindestens eine von einer Startzeit des zeitlichen Intervalls,
einer Endzeit des zeitlichen Intervalls und einer Dauer des zeitlichen Intervalls selektiv als Reaktion auf
das Vorhandensein oder Fehlen einer Korruption
eingestellt werden.
Vorrichtung (10) nach Anspruch 1, wobei der Empfänger einen komplementären Inhalt von dem Server
(18) auf der Grundlage des Bestimmens einer Übereinstimmung der Audiosignatur mit dem Inhalt in der
Datenbank durch den Server (18) empfängt.
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net ist, das einem Benutzer auf einer Präsentationsvorrichtung (12) zur Verfügung steht; und
einen Empfänger, der kommunikativ mit dem
mindestens einen Prozessor gekoppelt ist, wobei der Empfänger zu Folgendem konfiguriert
ist:
Empfangen einer Abfrageaudiosignatur
von einer Verarbeitungsvorrichtung (10) in
der Nähe des Benutzers;
Empfangen einer Nachricht, die das Vorhandensein einer Korruption in der Abfrageaudiosignatur anzeigt;
und
Identifizieren eines Inhalts, der von dem Benutzer angesehen wird, unter Verwendung
der Nachricht und der Abfrageaudiosignatur;
wobei die Abfrageaudiosignatur ein Intervall von
einem ersten Zeitpunkt bis zu einem zweiten
Zeitpunkt umfasst und die Nachricht von dem
mindestens einen Prozessor verwendet wird,
um ausgewählte Abschnitte der Abfrageaudiosignatur anzugeben, die mit mindestens einer
der Referenzaudiosignaturen übereinstimmen
sollen.
11. Vorrichtung (18) nach Anspruch 10, wobei die Nachricht verwendet wird, um Intervalle innerhalb der Referenzaudiosignaturen zu annullieren, wenn eine
Übereinstimmung der Abfrageaudiosignatur mit der
mindestens einen der Referenzaudiosignaturen bestimmt wird.
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10. Vorrichtung (18), umfassend:
mindestens einen Prozessor, der mehrere Referenzaudiosignaturen durchsuchen kann, wobei jede Referenzaudiosignatur einem Audio
oder einem audiovisuellen Programm zugeord-
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12. Vorrichtung (18) nach Anspruch 10, wobei die Nachricht von dem mindestens einen Prozessor verwendet wird, um das Identifizieren des von dem Benutzer
gesehenen Programms selektiv zu verzögern, bis
mindestens eine andere Abfrageaudiosignatur empfangen wird.
13. Vorrichtung (18) nach Anspruch 10, wobei die Vorrichtung mindestens eine Abfrageaudiosignatur
empfängt und den von dem Benutzer gesehenen Inhalt in dem mindestens einen Prozessor durch Folgendes identifiziert:
(a) Vergleichen jeder Abfrageaudiosignatur mit
einer Referenzaudiosignatur;
(b) Erzeugen entsprechender Punktzahlen für
die mindestens eine Abfrageaudiosignatur auf
der Grundlage eines Vergleichs mit der Referenzaudiosignatur und Addieren der Punktzahlen, um eine Gesamtpunktzahl zu erhalten;
(c) Wiederholen der Schritte (a) und (b) für mindestens eine andere Referenzaudiosignatur;
und
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(d) Identifizieren eines Audio- oder audiovisuellen Programmsegments, das der Referenzaudiosignatur zugeordnet ist, welche die höchste
Gesamtpunktzahl verursacht, als der Inhalt, der
von dem Benutzer gesehen wird.
14. Vorrichtung (18) nach Anspruch 10, wobei die Vorrichtung (18) mindestens eine Abfrageaudiosignatur
empfängt und den von dem Benutzer gesehenen Inhalt in dem mindestens einen Prozessor durch Folgendes identifiziert:
(a) Vergleichen jeder der mindestens einen Abfrageaudiosignaturen mit einer Referenzaudiosignatur;
(b) Erzeugen entsprechender Punktzahlen für
die mindestens eine Abfrageaudiosignatur auf
der Grundlage eines Vergleichs mit einer Zielaudiosignatur und Addieren der Punktzahlen, um
eine Gesamtpunktzahl zu erhalten;
(c) wenn die Gesamtpunktzahl einen Schwellenwert überschreitet, Identifizieren eines Audio- oder audiovisuellen Programmsegments,
das der Referenzaudiosignatur zugeordnet ist,
welche dazu führt, dass die Punktzahl den
Schwellenwert überschreitet, als der Inhalt, der
von dem Benutzer gesehen wird;
(d) wenn die Gesamtpunktzahl den Schwellenwert nicht überschreitet, Festlegen einer anderen Referenzaudiosignatur in der Datenbank als
die Zielreferenzaudiosignatur und Wiederholen
der Schritte (a) und (b), bis entweder die Gesamtpunktzahl den Schwellenwert überschreitet oder alle Programme in der Datenbank benannt wurden.
15. Vorrichtung (18) nach Anspruch 10, wobei der mindestens eine Prozessor konfiguriert ist, um mehrere
Punktzahlen zu verwenden, um den von dem Benutzer gesehenen Inhalt zu identifizieren, wobei die
Punktzahlen durch Vergleichen der Abfrageaudiosignatur mit den Referenzaudiosignaturen erzeugt
werden und wobei die Punktzahlen auf der Grundlage von Informationen in der Nachricht normalisiert
werden.
16. Vorrichtung (18) nach Anspruch 10, wobei jede der
Referenzaudiosignaturen eine zeitliche Länge aufweist, und wobei der mindestens eine Prozessor in
der Lage ist, die Länge auf der Grundlage der Nachricht zu erweitern.

mit dem Sender gekoppelt ist, wobei der mindestens eine Prozessor zu Folgendem konfiguriert ist:
5
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(a) Empfangen einer ersten Sequenz von
Audiomerkmalen einer ersten Vorrichtung,
die einem ersten Audiosignal entspricht,
das von einem ersten Mikrofon (16) einer
Audiovorrichtung (12) gesammelt wird;
(b) Empfangen einer zweiten Sequenz von
Audiomerkmalen einer zweiten Vorrichtung, die einem zweiten Audiosignal entspricht, das von einem zweiten Mikrofon
(16) der Audiovorrichtung (12) gesammelt
wird;
(c) Verwenden der ersten und der zweiten
Audiomerkmale, um (i) ein Vorhandensein
oder Nichtvorhandensein einer Korruption
in dem ersten Audiosignal zu identifizieren;
(ii) ein Vorhandensein oder Nichtvorhandensein von Korruption in dem zweiten Audiosignal zu identifizieren und (iii) eine Audiosignatur des von der Audiovorrichtung
(12) erzeugten Audios auf der Grundlage
des identifizierten Vorhandenseins oder
Nichtvorhandenseins von Korruption in jeder der ersten und der zweiten Audiosignale
zu erzeugen; und
(d) Kommunizieren der Audiosignatur über
den Sender an den Server (18).
18. Verfahren, Folgendes umfassend:
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17. Vorrichtung (14), umfassend:
einen Sender, der konfiguriert ist, um kommunikativ mit einem Server (18) gekoppelt zu werden; und
mindestens einen Prozessor, der kommunikativ

30

55
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(a) Empfangen eines Audiosignals von einer
Vorrichtung (12), die einem Benutzer in der Nähe einer Vorrichtung(14), die einen Prozessor
aufweist, Inhalt präsentiert;
(b) Identifizieren ausgewählter Abschnitte des
Audios als korrupt;
(c) Senden einer Nachricht an den von der Vorrichtung (14) entfernten Ort, die angibt, dass einige zeitliche Abschnitte der Abfrageaudiosignatur korrupt sind;
(d) Verwenden des Audios und der Identifikation, um mindestens eine Abfrageaudiosignatur
des empfangenen Audios zu erzeugen;
(e) Vergleichen mindestens einen der Abfrageaudiosignaturen mit mehreren Referenzaudiosignaturen, die jeweils ein für den Benutzer
verfügbares Inhaltssegment darstellen, wobei
sich die mehreren Referenzaudiosignaturen an
einem von der Vorrichtung (14) entfernten Ort
befinden, wobei der Vergleich auf die selektive
Identifizierung von Korruption in der mindestens
einen Abfrageaudiosignatur basiert;
(f) auf der Grundlage des Vergleichs, Senden
von Zusatzinhalten aus dem von der Vorrichtung (14) entfernten Ort an die Vorrichtung (14).
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19. Verfahren nach Anspruch 18, wobei die Abfrageaudiosignatur erzeugt wird, indem korrumpierte Abschnitte der Abfrageaudiosignatur annulliert werden.

de corruption dans le signal audio reçu, la
corruption comprenant de l’audio étranger
en plus de l’audio primaire ;
(ii) générer (78) une signature audio de
l’audio reçu dans un intervalle temporel sur
la base de la présence ou de l’absence identifiée de corruption dans le signal audio
reçu ;
(iii) modifier (78) ladite signature audio en
annulant les parties de ladite signature
audio corrompues par ledit audio étranger ;
et
(iv) communiquer ladite signature audio
modifiée, par l’intermédiaire de l’émetteur,
à un serveur (18) ; et

5

20. Verfahren nach Anspruch 18, wobei die Nachricht in
die Abfrageaudiosignatur eingebettet ist.
21. Verfahren nach Anspruch 18, wobei die Nachricht
verwendet wird, um den Vergleich selektiv zu verzögern, bis mindestens eine andere Abfrageaudiosignatur empfangen wird.

10

22. Vorrichtung (10), umfassend:
15

mindestens ein Mikrofon (16), das ein Audiosignal empfangen kann, das ein Hauptaudio von
einer Vorrichtung (12) umfasst, die Medieninhalte an einen oder mehrere Benutzer ausgibt,
wobei das Audiosignal durch ein von dem Benutzer erzeugtes Audio korrumpiert wird; und
mindestens einen Prozessor, der:
(i) eine erste Audiosignatur des empfangenen Audiosignals erzeugt;
(ii) das empfangene Audiosignal analysiert,
um mindestens ein Intervall in der empfangenen Audiosignatur zu identifizieren, das
nicht durch das von dem Benutzer erzeugte
Audio korrumpiert wurde;
(iii) das identifizierte mindestens eine der
Intervalle verwendet, um eine Übereinstimmung der ersten Audiosignatur mit einer in
einer Datenbank gespeicherten zweiten
Audiosignatur zu bestimmen; und
(iv) die erste Audiosignatur mit dem
Hauptaudio auf der Grundlage der Übereinstimmung mit der zweiten Audiosignatur
synchronisiert.

un récepteur, couplé de manière communicative
à l’au moins un processeur, et capable de recevoir une réponse dudit serveur (18), ladite réponse étant basée sur la signature audio modifiée.

20

2.

Appareil (10) selon la revendication 1, dans lequel
ledit signal audio externe est un signal audio généré
par l’utilisateur.

3.

Appareil (10) selon la revendication 1, dans lequel
ledit au moins un processeur est en outre configuré
pour identifier ledit signal audio étranger sur la base
d’au moins l’un :
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(i) d’un seuil d’énergie ;
(ii) d’un changement dans les caractéristiques
spectrales du signal audio reçu ; et
(iii) d’un détecteur de haut-parleur qui indique
une présence d’une parole d’un utilisateur connu dans le signal audio reçu.
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4.

Appareil (10) selon la revendication 1, dans lequel
ledit au moins un processeur est en outre configuré
pour communiquer, par l’intermédiaire de l’émetteur,
audit serveur (18) quelles parties dudit intervalle
temporel sont associées à la corruption dans le signal audio reçu.

5.

Appareil (10) selon la revendication 1, dans lequel,
après la modification de la signature audio, ledit serveur (18) est capable d’utiliser ladite signature audio
pour identifier un contenu visualisé par ledit utilisateur parmi une pluralité de contenus dans une base
de données.

6.

Appareil (10) selon la revendication 1, dans lequel
ledit au moins un processeur est en outre configuré
pour générer une pluralité de signatures audio dans
ledit intervalle temporel, chaque signature audio
étant associée à une partie sélectionnée continue
dudit intervalle temporel.
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Revendications
1.

32

Appareil (10) comprenant :
45

un microphone (16) capable de recevoir un signal audio comprenant de l’audio primaire et de
l’audio étranger, l’audio primaire provenant d’un
dispositif (12) qui émet un contenu multimédia
à au moins un utilisateur, et l’audio étranger
comprenant de l’audio étranger audit audio
primaire ;
au moins un processeur, couplé de manière
communicative à un émetteur, l’au moins un processeur étant configuré pour :
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(i) analyser (80) un signal audio reçu afin
d’identifier une présence ou une absence

17

33
7.

8.

9.
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Appareil (10) selon la revendication 1, dans lequel
ledit au moins un processeur est en outre configuré
pour prolonger une période pendant laquelle un signal audio est recueilli par ledit microphone (16) sur
la base d’une durée de corruption identifiée par ledit
au moins un processeur.
Appareil (10) selon la revendication 1, dans lequel
au moins l’une d’une heure de début de l’intervalle
temporel, d’une heure de fin de l’intervalle temporel
et d’une durée de l’intervalle temporel sont réglées
sélectivement en réponse à ladite présence ou absence de corruption.
Appareil (10) selon la revendication 1, dans lequel
ledit récepteur reçoit un contenu complémentaire
dudit serveur (18) sur la base de la mise en correspondance de ladite signature audio avec le contenu
dans ladite base de données par ledit serveur (18).
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10. Appareil (18) comprenant :
au moins un processeur capable de rechercher
une pluralité de signatures audio de référence,
chacune desdites signatures audio de référence
étant associée à un programme audio ou audiovisuel disponible pour un utilisateur sur un dispositif de présentation (12) ; et
un récepteur, couplé de manière communicative
à l’au moins un processeur, le récepteur étant
configuré pour :
recevoir une signature audio de requête
provenant d’un dispositif de traitement (10)
à proximité dudit utilisateur ;
recevoir un message indiquant une présence de corruption dans ladite signature audio
de requête ;
et
identifier, à l’aide dudit message et de ladite
signature audio de requête, un contenu visualisé par ledit utilisateur ;
ladite signature audio de requête comprenant
un intervalle compris entre une première fois et
une seconde fois, et ledit message étant utilisé
par ledit au moins un processeur pour indiquer
des parties sélectives de ladite signature audio
de requête afin de correspondre à au moins
l’une desdites signatures audio de référence.
11. Appareil (18) selon la revendication 10, dans lequel
ledit message permet d’annuler des intervalles à l’intérieur desdites signatures audio de référence lorsqu’on fait correspondre ladite signature audio de requête à ladite au moins une desdites signatures
audio de référence.
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12. Appareil (18) selon la revendication 10, dans lequel
ledit message est utilisé par ledit au moins un processeur pour retarder sélectivement l’identification
dudit programme visualisé par ledit utilisateur jusqu’à ce qu’au moins une autre dite signature audio
de requête soit reçue.
13. Appareil (18) selon la revendication 10, dans lequel
ledit appareil reçoit au moins une signature audio de
requête et identifie ledit contenu visualisé par ledit
utilisateur par, dans au moins un processeur :
(a) la comparaison de chacune desdites signatures audio de requête à une signature audio de
référence ;
(b) la génération de scores respectifs pour ladite
au moins une signature audio de requête sur la
base d’une comparaison avec ladite signature
audio de référence, et l’addition desdits scores
pour obtenir un score total ;
(c) la répétition des étapes (a) et (b) pour au
moins une autre signature audio de référence ;
et
(d) l’identification, pendant que ledit contenu est
visualisé par ledit utilisateur, d’un segment de
programme audio ou audiovisuel associé à la
signature audio de référence produisant le score
total le plus élevé.
14. Appareil (18) selon la revendication 10, dans lequel
ledit appareil (18) reçoit au moins une signature
audio de requête et identifie ledit contenu visualisé
par ledit utilisateur par, dans au moins un
processeur :
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(a) la comparaison de chacune desdites au
moins une signature audio de requête à une signature audio de référence ;
(b) la génération de scores respectifs pour ladite
au moins une signature audio de requête sur la
base d’une comparaison avec ladite signature
audio de référence cible, et l’addition desdits
scores pour obtenir un score total ;
(c) si ledit score total dépasse un seuil, l’identification, pendant que ledit contenu est visualisé
par ledit utilisateur, d’un segment de programme
audio ou audiovisuel associé à la signature
audio de référence amenant ledit score à dépasser ledit seuil pendant que ledit contenu est
visualisé par ledit utilisateur
(d) si ledit score total ne dépasse pas ledit seuil,
la désignation d’une autre signature audio de
référence dans ladite base de données comme
signature audio de référence cible et la répétition
des étapes (a) et (b) jusqu’à ce que, soit ledit
seuil total dépasse ledit seuil, soit tous les programmes dans ladite base de données aient été
désignés.
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15. Appareil (18) selon la revendication 10, dans lequel
ledit au moins un processeur est configuré pour utiliser une pluralité de scores pour identifier ledit contenu visualisé par ledit utilisateur, lesdits scores générées en comparant ladite signature audio de requête auxdites signatures audio de référence, et
dans lequel lesdits scores sont normalisés sur la base d’informations contenues dans ledit message.
16. Appareil (18) selon la revendication 10, dans lequel
chacune desdites signatures audio de référence a
une longueur temporelle et dans lequel ledit au
moins un processeur est capable d’étendre ladite
longueur sur la base dudit message.
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17. Appareil (14) comprenant :
un émetteur configuré pour être couplé de manière communicative à un serveur (18) ; et
au moins un processeur couplé de manière
communicative à l’émetteur, l’au moins un processeur étant configuré pour :
(a) recevoir une première séquence de caractéristiques audio d’un premier appareil
correspondant à un premier signal audio recueilli par un premier microphone (16) et
provenant d’un dispositif audio (12) ;
(b) recevoir une seconde séquence de caractéristiques audio d’un second appareil
correspondant à un second signal audio recueilli par un second microphone (16) et
provenant dudit dispositif audio (12) ;
(c) utiliser les première et seconde caractéristiques audio pour (i) identifier une présence ou une absence de corruption dans le
premier signal audio ; (ii) identifier une présence ou une absence de corruption dans
le second signal audio et (iii) générer une
signature audio du signal audio produit par
ledit dispositif audio (12) sur la base de la
présence ou de l’absence identifiée de corruption dans chacun des premier et second
signaux audio ; et
(d) communiquer ladite signature audio, par
l’intermédiaire de l’émetteur, au serveur
(18).

parties temporelles de ladite signature audio de
requête sont corrompues ;
(d) l’utilisation dudit audio et de ladite identification pour générer au moins une signature audio
de requête de l’audio reçu ;
(e) la comparaison de ladite au moins une signature audio de requête à une pluralité de signatures audio de référence représentatives
chacune d’un segment de contenu disponible
pour ledit utilisateur, ladite pluralité de signatures audio de référence à un emplacement distant dudit dispositif (14), ladite comparaison
étant basée sur l’identification sélective de corruption dans ladite au moins une signature audio
de requête ;
(f) sur la base de ladite comparaison, l’envoi de
contenu supplémentaire audit dispositif (14) à
partir dudit emplacement distant dudit dispositif
(14).

20

19. Procédé selon la revendication 18, dans lequel ladite
signature audio de requête est générée par l’annulation de parties corrompues de ladite signature
audio de requête.
25

20. Procédé selon la revendication 18, dans lequel ledit
message est intégré dans ladite signature de requête audio.
30

21. Procédé selon la revendication 18, dans lequel ledit
message est utilisé pour retarder sélectivement ladite comparaison jusqu’à ce qu’au moins une autre
dite signature audio de requête soit reçue.

35

22. Appareil (10) comprenant :

40

45

18. Procédé comprenant :
50

(a) la réception d’un signal audio d’un dispositif
(12) présentant un contenu à un utilisateur à
proximité d’un dispositif (14) doté d’un
processeur ;
(b) l’identification de parties sélectives dudit signal audio comme étant corrompues ;
(c) l’envoi d’un message audit emplacement distant dudit dispositif (14) indiquant que certaines

36

55

19

au moins un microphone (16) capable de recevoir un signal audio comprenant de l’audio primaire provenant d’un dispositif (12) qui émet un
contenu multimédia à au moins un utilisateur,
ledit signal audio étant corrompu par l’audio généré par l’utilisateur ; et
au moins un processeur qui :
(i) génère une première signature audio dudit signal audio reçu ;
(ii) analyse ledit signal audio reçu pour identifier au moins un intervalle dans ladite signature audio reçue non corrompue par ledit audio généré par l’utilisateur ;
(iii) utilise ledit au moins un intervalle identifié pour faire correspondre ladite première
signature audio à une seconde signature
audio stockée dans une base de données ;
et
(iv) synchronise ladite première signature
audio avec ledit audio primaire sur la base
de la correspondance avec ladite seconde
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signature audio.
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