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(57) Abrégée/Abstract:

A signhature Is extracted from the audio of a program received by a tunable receiver such that the signature characterizes the
program. |n order to extract the signature, blocks of the audio are converted to corresponding spectral moments. At least one of
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(57) Abrege(suite)/Abstract(continued):
the spectral moments Is then converted to the signature. Also, a test audio signal from a recelver Is correlated to a reference audio

sighal by converting the test audio signal and the reference audio signal to corresponding test and reference spectra, determining
test slopes corresponding to coefficients of the test spectrum and reference slopes corresponding to coefficients of the reference
spectrum, and comparing the test slopes to the reference slopes In order to determine a match between the test audio signal and

the reference audio signal.
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A signature 1s extracted from the audic of a program

recelved by a tunabie receiver such that the signature character-
izes the program. In order to extract the signature, blocks of

the audio are converted to corresponding spectral moments.. At
least one of the spectral moments is then converted to the
signature. Also, a test audio signal from a receiver is corre-
lated to a reference audio signal by converting the test audio
signal and the reference audio signal to corresponding test and
reference spectra, determining test slopes éorresponding to
coefficients of the test spectrum and reference slopes corre-
sponding to coefficients of the reference spectrum, and comparing
the test slopes to the reference slopes in order to determine a

match between the test audio signal and the reference audio

signal.
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AUDIO SIGNATURE EXTRACTION AND CORRELATION

S h Field of the ventlior
" The presént~iﬁvention:relatgs tO'audio'signature
extraction and/QI'audid corrélatibn”usefﬁl, f0r exampl£} in
identifying;televiéion'andfdr ?adio prdgrams and/of‘thei:‘

sources.

" - . ) . Y. > E

- Several approaches to metering the video and/or -audio

. tuned by television and/or radio receivers in order to determine’ -

the sources or identities of corresponding television or radio
programs are known. For example, one approach is to real time

correlate a prcgramftp*which;thegtuner-of a receiver is tuned

.withreachxof,the~pr6graﬁs available to the receiver as derived

from an auxiliaryutuner.- Anérrangément adopting this approach

‘is disclosed in U.s. Epplicétion Serial No. 08/786,270 filed

January 22, 1997. Another arrangement useful for this measure-

,mgntapproachis'found'in;the teadhingé of Lu et al. in U.S.

Patent N‘o... 5, 5:94-,‘, 934, . |
tion system.. For example, good matches or mismatches should

result from very short program segments. Longer program segdments
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delay the correlation process because the time taken to scan
through all available programs increases accordingly. Also, the
correlation score should be high when the output from the re-
celver and the output from the auxiliary tuner correspond to the
same program. Matches between two different programs must occur
very infrequently. Moreover, the matching c¢riteria should be
independent of signal level so that signal level does not affect
the correlation score.

Another apprcach is to add ancillary identification
codes to television and/or radio programs and to detect and
decode the ancillary c¢odes in order to identify the encoded
programs or the corresponding sources of the programs when the
programs are tuned by monitored receivers. There are many
arrangements for adding an ancillary code to a signal in such a
way that the added code is not noticed. For example, it is well
known to hide such ancillary codes in non-viewable portions of
television video by inserting them into either the video's
vertical blanking interval or horizontal retrace interval. An
exemplary system which hides cocdes in non-viewable portions of
video 1s referred to as "AMOL" and is taught in U.S. Patent No.
4,025,851. This system is used by the assignee of this applica-

tion for monitoring transmissions of television programs as well

as the times 0of such transmissions.
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Other known video encoding systems have sought to bury
the ancillary code in a portion of a television signal’s trans-
mission bandwidth that otherwlise carries little signal energy.
An example of such a system is disclosed by Dougherty in U.S.
Patent No. 5,629,739, which 1s assigned to the assignee of the
present application.

Other methods and systems add ancillary codes to audio
signals for the purpose of identifying the signals and, perhaps,
for tracing their courses through signal distribution systenms.
Such arrangements have the obvious advantage o0of being applicable
not only to television, but also to radio and to pre-recorded
music. Moreover, ancillary codes which are added to audio
signals may be reproduced in the audio signal output by a speak-
er. Accordingly, these arrangements offer the possibility of
non-intrusively intercepting and decoding the codes with equip-
ment that has a microphone as an input. In particular, these
arrangements provide an approach to measuring broadcast audiences
by the use of portable metering equipment carried by panelists.

In the field of encoding audio signals for program

audience measurement purposes, Crosby, in U.S. Patent No.

3,845,391, teaches an audio encoding approach in which the code

A

is inserted in a narrow frequency "notch" from which the original
audio signal is deleted. The notch is made at a fixed predeter-
mined frequency {(e.g., 40 Hz). This approach led to codes that

-3 -
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were audible when the original audio signal containing the code
was of low intensity.

A series of improvements followed the Crosby patent.

Thus, Howard, 1in U.S. Patent No. 4,703,476, teaches the use of

two separate notch frequencies for the mark and the space por-

tions of a code signal. Kramer, in U.S. Patent No. 4,931,871 and
in U.S. Patent No. 4,945,412 teaches, inter alia, using a code

signal having an amplitude that tracks the amplitude of the audio
signal to which the code is added.

10 Program audlence measurement systems in which panelists
are expected to carry microphone-equipped audio monitoring
devices that can pick up and store inaudible codes transmitted in
an audio signal are also known. For example, Aijalla et al., in

WO 94/1198% and in U.S. Patent No. 5,579,124, describe an ar-

15 rangement in which spread spectrum techniques are used to add a

code to an audio signal so that the code is either not percepti-

ble, or can be heard only as low level "static" noise. Also,
Jensen et al., in U.S. Patent No. 5,450,490, teach an arrangement
~for adding a code at a fixed set of frequencies and using one of

two masking signals in order to mask the code frequencies. The

choice of masking signal is made on the basis of a frequency
analysis of the audic signal to which the code is to be added.

Jensen et al. do not teach a coding arrangement in which the code
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frequencies vary from block to block. The intensity of the code
inserted by Jensen et al. is a predetermined fraction of a

measured value (e.g. , 30 dB down from peak intensity) rather

than comprising relative maxima or minima.

MoreoveYy, Preuss et al., 1n U.S. Patent No 5,319;735,
teach a multi-band audio encoding arrangement in which a spread
' spectrum code 1s inserted in recorded music at a fixed ratio to
the input signal intensity (code-to-music ratio) that is
preferably 19 dB. Lee et al., in U.S. Patent No 5,687,191, teach
an audio coding arrangement suitable for use with digitized
audio signals in which the code intensity is méde to match the
input signal by calculating a signal-to-mask ratio in each of
several frequency bands and by then inserting the code at an
intensity that is a predetermined ratio of the audio input in
that band. As reported in this patent, Lee et al. have also

described a method of embedding digital information in a digital

waveform in pending U.S. Patent No 5,822, 360.

U.S. Patent 6,272,176 discloses a system and method
using spectral modulation at selected code frequencies in order
to insert a code into the program audio signal. These code
frequencies are varied from audio block to audio block, and the
spectral modulation may be implemented as amplitude modulation,
modulation by frequency swapping, phase modulation, and/or

odd/even index modulation.
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Yet another approach to metering video and/or audio
tuned by televisions and/or radios is to extract a characteristic
signature (or a characteristic signature set) from the program
selected for viewing and/or listening, and to compare the charac-

teristic signature (or characteristic signature set) with refer-

ence signatures (or reference signature sets) collected from
Known program sources at a reference site. Although the refer-
ence site could be the viewer's household, the reference site is
usually at a location which is remote from the households of all
10 of the viewers‘beingmonitored. The signature approach is taught |
by Lert and Lu in U.S. Patent No. 4,677,466 and by Kiewit and Lu

in U.S. Patent No. 4,687,208.

In the signature approaches, audio characteristic
signatures are often extracted. Typically, these characteristic
15 signatures are extracted by a unit located at the monitored
receiver, sometimes referred to as a site unit. The site unit
monitors the audio output of a television or radio receiver
elther by means of a microphone that picks up the sound from the
speakers 0of the monitored receiver or by means of an output line

from the monitored receiver. The site unit extracts and trans-

mits the characteristic signatures to a central household unit,

]

sometimes referred to as a home unit. Each characteristic
signature is designed to uniquely characterize the audio signal
tuned by the receiver during the time of signature extraction.

-6 -
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Characteristic signatures are typically transmitted
from the home unit to a central office where a matching operation
1s performed between the characteristic signatures and a set of
reference signatures extracted at a reference site from all of
the audio channels that could have been tuned by the receiver in
the household being monltored. A matching score is computed by a
matching algorithm and is used to determine the identity of the
program to which the monitcred receiver was tuned or the program
source (such as the broadcaster) of the tuned progran.

There are several desirable properties for audio
Characteristic signatures. The number of bytes in each charac-
teristic signature should be reasonably low such that the storage
Oof a characteristic signature requires a small amount of memory
and such that the transmission of a characteristic signature from
the home unit to the central office requires a short transmission
time. Also, each characteristic signature must be robust such
that characteristic signatures extracted from both the output of
a microphone and the output lines of the receiver result in
substantially identical signature data. Moreover, the correla-
tion between characteristic signatures and reference signatures

extracted from the same program should be very high and conse-
quently the correlation between characteristic signatures and
reference signatures extracted from different programs should be

very low.
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Accordingly, the present invention is directed to the
extraction of signatures and to a correlation technique having

one or more of the properties set out above.

Summary of the Invention

According to one aspect of the present invention, a
method of extracting a signature from audio of a program received
by a tunable receiver 1s provided. The signature characterizes
the program. The method comprises the following steps: a)
converting the audio to corresponding spectral moments; and, b)
converting at least one of the spectral moments to the signature.

According to another aspect of the present invention, a
method of extracting a signature from a program received by a
tunable receiver 1s provided. The signature characterizes the
program. The method comprises the following steps: a) convert-
ing the program to a corresponding frequency related spectrum;
and, b} converting a frequency related component of the frequency
related spectrum to the signature.

According to still another aspect of the présent
invention, a method of correlating a test audio signal derived
from a receiver to a reference audio signal comprises the follow-
ing steps: a) converting the test audio signal to a correspond-
ing frequency related test spectrum; b) selecting segments

between frequency related components of the frequency related

.8 .
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test spectrum as test segments; and, ¢) comparing the test
segments to reference segments derived from the reference audio
signal in order to determine a match between the test audio
signal and the reference audio signal.

According to yvet another aspect of the present inven=-

tion, a method of correlating a test audio signal derived from a
recelver to a reference audio signal comprises the following
steps: a) converting the test audio signal to a test spectrum;
b) determining test slopes corresponding to coefficients of the

10 test spectrum; ¢} converting the reference audlo signal to a
reference spectrum; d) determining reference slopes correspond-
ing to coefficients of the reference spectrum; and, e) comparing
the test slopes to the reference slopes 1n order to determine a
match between the test audio signal and the reference audio

15 signal.

q 4 B [
1T escrli O C e Drawlng

b

These and other features and advantages will become
more apparent from a detailed consideration of the invention when

taken in conjunction with the drawings in which:

Figure 1 1s a schematic block diagram of an audience
measurement system 1n accordance with a spectral signature

portion of the present invention;
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Figure 2 1s a spectral plot of the square of the MDCT
coefficients (the so0lid line) and the FFT power spectrum (the
dashed line) of an audilo block;

Figure 3 is a plot showing a smoothed spectral moment
function derived from the speétral power function of Figure 2;

Figure 4 1s a schematic block diagram of an audience
measurement system 1n accordance with a spectral correlation

portion of the present invention:

Figure 5 1s a plot of the Fourier Transform power
spectra of two matching audio signals; and,

Figure 6 1s a plot of the Fourier Transform power

spectra of two audio signals which do not match.

Detalled Description he Inventior

In the context of the following description, a fre-
quency is related to a frequency index by the exemplary predeter-
‘mined.relationship set out below 1n equation (l1). Accordingly,
frequencies resulting from a transform, such as a Fourier Trans-
form, may then be indexed in a range, such as -256 to +255. The
index of 255 1s set to correspond, for example, to exactly half
of a sampling frequency fs, although any other suitable corre-

y'y

spondence between any index and any frequency may be chosen. If
an index of 255 1s set to correspond to exactly half a sampling
frequency fg, and if the sampling frequency is forty-eight kHz,

- 10 -
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then the highest index 255 corresponds to a frequency of twenty-

four kHz.

The exemplary predetermined relationship between a
frequency and its frequency index is given by the following

equation:

I = (=) (1)

where equation (1) is used in the following discussion to relate
a frequency f; to its corresponding index I;.
Figure 1 shows an arrangement for identifying programs
selected for viewing and/or listening and/or for identifyving the
10 sources of programs selected for viewing and/or listening based

upon characteristic signatures extracted from program audio.

Within a household 10, characteristic signatures are extracted by
a site unit 12 from the audio tuned by a monitored receiver 14.
Although the monitored receiver 14 is shown as a television, 1t

could be a radio or other receiver or tuner. Each characteristic

signature is designed to uniquely characterize the audio tuned by
the monitored receiver 14 during the time that the corresponding
characteristic signature is extracted. For the purpose of audio

signature extraction, the site unit 12 may be arranged to monitor

-11 -
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the audio output of the monitored receiver 14 elither by means of
a microphone that picks up the sound from the speakers of the

monitored receiver 14 or by means of an audio output jack of the
monitored receiver l4. The site unit 12 transmits the character-

istic signatures it extracts to a home unit 16.

To the extent that the household 10 contains other
receivers to be monitored, additional site units may be provided.
For example, characteristic signatures are also extracted by a
site unit 18 located at a monitored receiver 20. The site unit

10 18 may also be arranged to monitor the audio output of the
monlitored receiver 20 either by means of a microphone or by means
of an audio output jack of the monitored receiver 14. The site
unit 18 likewlise transmits the characteristic signatures it
eXxtracts to the home unit 16.

15 Characteristic signatures are accumulated and periodi-
cally transmitted by the home unit 16 to a central office 22
where a matching operation is performed between the characteris-
tic signatures extracted by the site units 12 and 18 and a set of
reference signatures extracted at a reference site 24 from each

of the audio channels that could have been tuned by the monitored

receivers 14 and 20 in the household 10. The reference site 24
éan be located at the household 10, at the central office 22, or
at any other suitable location. Matching scores are computed by
the central office 22, and the matching scores are used to

- 12 -
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determine the identity of the programs to which_the‘monitored
receivers 14 and 20 were tuned or the program sources (sSuch as
broadcasters) of the tuned programs.

Reference signatures are extracted at the reference

site 24, for example, by use of an array of Digital Video Broad-

casting (DVB) tuners each set to recelve a corresponding one of a
plurality of channels available for reception in the geographical
area of the household 10. With the advent of digital television,
the task of creating and storing reference signatures by conven-
10 tional methods is somewhat more complicated and costly. This
increase in complexity and cost results because each major
digital television channel, as defined by the Advanced Television
Standards Committee (ATSC), can carry either a single High
Definition Television (HDTV) program or several Standard Defini-
13 tion Television (SDTV) programs in a corresponding number of
minor channels. Therefore} a signature which can be extracted
directly from an ATSC digital bit stream would be more efficient
and economical.
At the reference site 24, a spectral moment signature

1s extracted, as described below, utilizing the ATSC bit stream

directly. The audioc in an ATSC bit stream is conveyed as a

compressed AC-3 encoded stream. The compression algorithm used
to generate the compressed encoded stream is based on the Modi-

fied Discrete Cosine Transform (MDCT) and, when decoded, trans-

-13 -
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form coefficients rather than actual time domain samples of audio
are obtained. Thus, reference signatures can be extracted at the
reference site 24 by decoding the audio of a received program

signal as selected by a corresponding tuner in orxder to recover

the audioc MDCT coefficients and by converting these MDCT coeffi-

cients directly to spectral moment signatures in the manner
described below, without the need of first 4digitizing an analog

audio signal and then performing a MDCT on the digitized audio

signal.

10 The monitored receivers 14 and 20 could also provide
these MDCT coefficients directly to the site units 12 and 18.
However, such coefficients are not available to the site units 12
and 18 without intruding into the cabinets of the monitored
receivers 14 and 20. Because the panelists at the household 10

15 might object to such intrusions into their receivers, it is

preferable for the site units 12 and 18 to derive the MDCT or
other coefficients non-intrusively.

These MDCT or other coefficients can be derived non-
intrusively by extracting an analog audio signal from the moni-

tored receiver 14, such as by picking up the sound from the

speakers of the monitored receiver 14 through the use of a
:ﬁicrophone or by connection to an audio output jack of the
monitored receiver 14, by converting the extracted analog audio
signal to digital form, and by transforming the digitized audio

-14 -
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signal using elither the MDCT or a Fast Fourier Transform (FFT).
The resulting MDCT or FFT coefficients are converted to a spec-
tral moment signature as described below.

As exXplalned immediately below, a useful feature of

spectral moment signatures i1is that spectral moment signatures

produced by a MDCT and spectral moment signatures produced by a
FFT are virtually identical.
Spectral moment signatures are derived from blocks of
audio consisting of 512 consecutive digitized audio samples. The
10 sampling rate may be 48 kHz in the case of an ATSC bit stream.
Each block of audlo samples has an overlap with its neighboring
audio blocks. That is, each block of audio samples consists of

256 samples from a previous audio block and 256 new audio sam-

ples.

15 In the AC-3 bit stream, the 512 samples from each audio
block are transformed using a MDCT into 256 real numbers which
are the resulting MDCT coefficients for that block. In a quali-
tative sense, each of these numbers can be interpreted as repre-

senting a spectral frequency component ranging from 0 to 24 kHZ.

20 However, they are not identical to the FFT coefficients for the

same block because the 256 unique FFT coefficients are complex
numnbers.
The square of the magnitudes of the FFT coefficients

represents the power spectrum of the audio block. A plot of the

- 15 -
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square of the MDCT coefficients and of the FFT power spectrum for
the same audio block are shown as a solid line and a dashed line,
respectively, in Fiqure 2. (As shown in Figure 2, the frequency

indexes have been offset by forty merely for convenience and,

.5 therefore, the actual frequency index ranges from 40 to 72.)
Even though there are differences between the two éurves, there
1s an overall similarity that makes it possible to extract MDCT
and FFT signatures that are compatible with one another.
For each audio block n, a spectral moment can be
10 computed as follows:'
k=k,
M = Y kT, | (2)
K=k, '
where k 1s the frequency index, T, is the spectral power at the
frequency index k (either FFT or MDCT), and k,; and k, represent a
frequency band across which the moment is computed. In practical
15 cases, moments computed in the frequency range of 4.3 kHZ to 6.5
kKHz corresponding to a frequency index range of 45 to 70 work
well for most audio signals. If this range is used in equation

(2), then k; = 45 and k, = 70.

The spectral moment M, is computed for each successive
20 ;udio block, and the values for the moment M, aré smoothed by
l1terative averaging across thirty-two consecutive blocks accord-
ing to the following equation:

- 16 -
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i=n
> M,
I=n-31
Mn-fﬂ = T (3)

such that, when the spectral moment M, for the block n is com-
puted, the smoothed ocutput M,_;;, becomes available. Due to the
overlapping nature of the blocks, the computations above are

equivalent to computing a moving average across a 16 x 10.6 = 169
ms time interval. Figure 3 shows the resulting smoothed spectral
moment function for the MDCT coefficients (solid line) and for
the FFT power spectrum {(dashed line) based upon the same set of
audio blocks.

The x-axis of Figure 3 is block index. The blocks from
which spectral moments are computed are indexed in sequence, and
the spectral moments are plotted as shown in Figure 3 as a
function of the block indexes ¢of their corresponding blocks. The
block index is equivalent to a time representation because the
time between blocks is about 5.3 ms. Thus, though the spectral
moments are computed from the frequency spectrum of successive
blocks, the spectral moment signatures are derived from the time
domain function obtained by plotting the spectral moments against
the block index. As discussed more fully below, the maximums of

the function shown in Figure 3 form the time instants at which

signatures are extracted.

.17 -
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It should be noted that the AC-3 compression algorithm
occasionally switches to a short block mode in which the audio
block size 1s reduced to 256 samples of which 128 samples are

from a previous block and the remaining 128 samples are new. The
reason for performing this switch is to handle transients or
sharp changes in the audio signal. In the AC-3 bit stream, thé
switch from a long block to a short block is indicated by a
special bit called the block switch bit. When such a switch is
detected by the reference site 24 through the use of this block
switch bit, the spectral moment signature algorithm of the
present invention may be arranged to create the power spectrum of
a long block by appending the power spectra of two short blocks
together.

A spectral moment signature 1s extracted at each peak
of'the smoothed spectral moment function {(such as that shown in

Figure 3}. Each spectral moment signature consists of two bytes
of data. ©One byte of data is the maximum of the corresponding

peak amplitude of the smoothed moment function and may be repre-

sented by a number A, in the range of 0 to 235. The other byte

is the distance D, in units of time between the current amplitude
maxilmum and the previous amplitude maximum. An example of a

épectral moment signature is.sthn in Figure 3. The unit of time
could be conveniently chosen to correspond to the time duration
of an audio block. The matching algorithm analyzes the sequence

- 18 -
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of (A,, D,) pairs recorded over several seconds at the site units
12 and 18 and the sequence of (A,, D,) palrs recorded at the
reference site 24 in order to determine the presence of a match,
if it exists. The number of (A,, D,) palrs in the sequence of

(A,, D,) pairs and the corresponding number of seconds may be set

as desired.

As suggested above, the reference signatures can be
extracted at the reference site 24 as spectral moment signatures
directly from the MDCT transform coefficients. On the other

10 hand, because signatures produced from either MDCT coefficients
or FFT coefficients are wvirtually identical, as discussed above,
signatures may be produced at the site units 12 and 18 from
either MDCT coefficients or FFT coefficients, whichever is more
convenient and/or cost effective. Either MDCT or FFT signatures

15 will adequately match the MDCT reference signatures if the

signatures are extracted from the same audio blocks.

As discussed above, digital video broadcasting (DVB)
includes the possibility of transmitting several minor channels

on a single major channel. In order to non-invasively identify

the major and minor channel, the analog audio output from a

program belng viewed may be compared with all available digital

audio streams. Thus, this audio comparison has to be performed

1n general against several minor channels.

-19 -
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Figure 4 shows an arrangement for identifying channels

selected for viewing and/or listening based upon a correlation
performed between the output of a monitored receiver and the
channels to which the monitored receiver may be tuned. Within a
household 100, a site unit 102 is associated with a monitored
receiver 104 and a site unit 106 is associated with a monitored
receiver 108. An auxiliary DVB scanning tuner may be provided in
each of the site units 102 and 106. FEach auxiliary DVB scanning
tuner seguentially produces all available digital audio streanms
carried in all of the major and minor channels tunable by the
monitored receivers 104 and 108.

. For this purpose, an MDCT may be used to generate the
spectrum of several successive overlapping blocks of the analog
audio output from the monitored receiver 104 and 108 in a manner
similar to the signature extraction discussed above. This audio

output is the audio ¢of a program tuned by the appropriate moni-

tored receiver 104 and/or 108. Typically, each block of audio
has a 10 ms duration. A corresponding MDCT spectrum is also
derived directly from the digital audio bit-stream associated
with a DVB major-minor channel pair at the output of the auxil-
iary DVB scanning tuner. The block of audio from the output of
Ehe monitored receivers 104 and 108 and the block of audio from
the output of the auxiliary DVB scanning tuner are considered

matching if more than 80% of the slopes of the spectral pattern,

20 -
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i.e. the lines joining adjacent spectral peaks, match. If
several consecutive audio blocks, say sixteen, indicate a match,
1t may be concluded that the source tuned by the monitored
receivers 104 and 108 i1is the same as the major-minor channel

combination to which the auxiliary DVB scanning tuner is set.

In practical applications, it 1is necessary to provide a
means of handling audio streams that are not synchronized. For
example, a j-block reference audio from the auxiliary DVB scan-
ning tuner may be compared with a k-block test audio from the

10 monitored recelvers 104 and 108 by time shifting the reference
audio across the test audio in order to locate a match, if any.
For example, ] may be 16 and k may be much longer, such as 128.
This time shifting operation is computationally intensive, but
can be simplified by the use of a sliding Fourier transform

15 algorithm such as that described below.

Accordingly, each of the site units 102 and 106 may be
provided with the auxiliary DVB scanning tuner discussed above so
as to rapidly scan across all possible major channels and across
all possible minor channels within each of the major channels.

The site units 102 and 106 may also include a digital signal

processor (DSP) which produces a set of reference spectral slopes
from the output of the auxiliary DVB scanning tuner, which
produces a set of test spectral slopes from the audio output of
the monitored receiver 104 or 108 as derived from either a
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microphone or a line output of the corresponding monitored
receiver 104 and 108, and which compares the reference spectral

slopes to the test spectral slopes in order to determine the

presence of a match.

As described above, the reference spectral slopes and
the test spectral slopes, which are compared in order to deter-
mine the presence of a match, are derived through the use of a
MDCT. Other processes, such as a FFT, may be used to derive the
reference and test slopes. In this regard, it should be noted
10 that MDCT derived slopes may be compared to MDCT derived slopes,
and FFT derived slopes may be compared to FFT derived slopes, but
MDCT derived slopes should preferably not be compared to FFT

derived slopes.

Figure 5 shows the Fourier Transform power spectra of

15 two matched audio signals. (As in the case of Figure 2, the
frequency indexes shown in Figure 5 have been offset by forty.)
One of these audio signals (e.g, from the output of the auxiliary
DVB tuner) 1s treated as a reference signal while the other
(e.g., from the monitored receiver 104 or 108) represents an

unknown or test signal that has to be identified. The spectra

are obtained from a Fast Fourier Transform of blocks of audio

consisting of 512 digitized samples of each audio stream obtained

by sampling at a 48 kHz rate. As discussed above with respect to
signatures, similar spectra may also be obtained by using a MDCT.
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Also, as discussed above with respect to signatures, the fre-
quency index f,.,, associated with the maximum spectral amplitude
P.ax Can be computed. In the example shown, f... = 19 and P, =
4200. In order to eliminate the effect of noise associated with
most real-world audio signals, only spectral power values that
are greater than P.;,, where P, = 0.05P,,,, are used by the
matching algorithm.

The digital signal processors of the site units 102 and
106 determine the reference and test slopes on each side of each
cf those spectral power values which are greater than P_,,, and

compares the reference and test slopes. Two corresponding slopes

are considered to match 1f they have the same sign. That is, two
corresponding slopes match if they are both positive or both
negative. For an audio block with an index n, a matching score
can then be computed as follows:

S Nmatchcd

" N

totai

(4)

where Nparcheq 1S the number of spectral line segments which match
in slope for both audio signals, and N,,.,, is the total number of
line segments in the audioc spectrum used as a reference. If S, >

K (where K, for example, may be 0.8), then the two audio signals

match.
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Figure 6 shows the case where two audio signals do not
match. (As in the case of Figqures 2 and 5, the frequency indexes
shown in Figure 6 have been offset by forty.) It 1s clear that,
in this case, most ¢f the line segments have slopes that do not

match.

A match obtained between two audio signals based on a
single block is not reliable because the block represents an
extremely short 10 ms segment of the signal. In order to achieve
robust correlation, the spectral slope matching computation

10 described herein is instead performed over several successive
blocks of audio. A match across sixteen successive blocks
representing a total duration of 160 ms provides good results.

Corrélation of audio signals that are well synchronized
can be performed by the method disclosed above. However, 1n

15 practical cases, there can be a considerable delay between the
two audio signals. In such cases, it is necessary to analyze a
much longer audio segment 1in order to determine correlation. For
example, 128 successive blocks for both the reference and test
audio streams may be stored. This number of blocks represents an

audio duration of 1.28 seconds. Then, the Fourier spectrum of

sixteen successive blocks of audio extracted from the central

section of the reference audio stream is then computed and
stored. If the blocks are indexed from 0 to 127, the central

section ranges from indexes 56 to 71. A delay of approximately
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+550 ms between the reference and test audio streams can be
accommodated by this scheme. The test audioc stream consists of
128 x 512 = 65,536 samples. In any 16 x 512 = 8,192 sample
sequence within this test segment, a match may be found. To
analyze each 8,192 sample sequence starting from the very first
sample and then shifting one sample at a time would require the
analysis of 65,536 - 8,192 = 57,344 unique sequences. Each of
these sequences will contain sixteen audio blocks whose Fourier
Transforms have to be computed. Fortunately due to the stable
nature of audio spectra, the computational process can be simpli-
fied significantly by the use of a sliding FFT algorithm,

In implementing a sliding FFT algorithm, the Fouriler
spectrum of the very first audio block is computed by means of
the well-known Fast Fourier Transform (FFT) algorithm. Instead
of shifting one sample at a time, the next block for analysis can
be‘located by skipping eight samples with the assumption tha; the
spectral change will be small. Instead of computing the FFT of
the new block, the effect of the eight skipped samples can be
eliminated and the effect of the eight new samples can be added.
The number of block computations 1s thereby reduced tb a more
manageable 65,536/8 = 8,192,

This sliding FFT algorithm can be implemented according

to the followling steps:
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STEP 1: the skip factor k {(in this case eight) of the Fourler

Transform is applied according to the following equation in order
to modify each fregquency component F,;5{u,) of the spectrum

corresponding to the initial sample block in order to derive a

corresponding intermediate frequency component F;{ug):

27uk
N

F\(u,) = F, [u,)exp=( ) ()

where u, is the frequency index of interest, and where N 1is the
size of a block used in equation (5) and may, for example, Dbe
512. The frequency index u, varies, for example, from 45 to 70.

1t should be noted that this first step involves multiplication

10 of two complex numbers.

STEP 2: the effect of the first eight samples ¢f the old N
sample block is then eliminated from each F;{uy) of the spectrum
corresponding to the initial sample block and the effect of the

eight new samples is included in each F,{u,) of the spectrum

corresponding to the current sample block increment in order to

obtain the new spectral amplitude F,.,{(u,) for each frequency

index u,; according to the following equation:
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m=3 21tu (k-m+1)
F () = F{u,) + Z I(fm(”’) = fw(m))exp-*(-—---ﬁ—--—-) (6)
m=

where f, ;4 and f,,, are the time~domain sample values. It should
be noted that this second step involves the addition ¢of a complex
number to the summation of a produét of a real number and a
complex number. Thilis computation 1s repeated across the fre-
quency 1ndex range of interest (for example, 45 to 70} to provide

the FFT of the new audio block.

Accordingly, in order to determine the channel number
of a video program in the DVB environment, a short segment of the

audio {(i.e. the test audioc) associated with a tuned program is
compared with a multiplicity of audio segments generated by a DVB

tuner scanning across all possible major and minor channels.

When a spectral correlation match is obtained between the test
audio and the reference audio produced by any particular major-
minor channel pair from the DVB scanning tuner, the source of the

video program can be ldentified from the DVB scanning tuner.

This source identification is transmitted by the site units 102

and 106 to a home unit 110 which stores this source identifica-

tion with all other source identifications accumulated from the

site units 102 and 106 over a predetermined amount of time.

.27 -
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Periodically, the home unit 110 transmits 1ts stored source
identifications to a central office 112 for analysis and inclu-
sion into reports as appropriate.

Certain modifications of the present invention have
been discussed above. Other modifications will occur to those
practicing in the art of the present invention. For example, as
described above, the values for the spectral moment M, are
smoothed by 1terative averaging across thirty-two consecutive
blocks. However, the values for the spectral moment M_ may be
1teratively averaged across any desired number of audio blocks.

Also, as described above, two corresponding slopes are
considered to match 1f they have the same sign. However, slopes
may be matched based on other c¢riteria such as magnitude of the
corresponding slopes.

Moreover, the spectral audio signatures and the spec-
tral audio correlation described above may be used to complement
one another. For example, spectral audio correlation may be used
to find the major channel and the minor channel to which a
receiver 1s tuned, and spectral audio signatures may then be used
to identify the program in the tuned minor channel within the

tuned major channel.

On the other hand, spectral audio signatures and
spectral audio correlation need not be used in a complementary
fashion because each may be used to identify a program or channel
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to which a receiver 1s tuned. More specifically, spectral audio
signatures generated at thé site units 12 and 18 may be communi-
cated through the home unit 16 to the central office 22. In the
central office 22, a database of signatures of all possible
channels that can be recelved by a monitored receiver, such as
the monitored receivers 14 and 20, 1s generated and maintained on
a round the clock basis. Matching i1s performed in order to
determine the best match between a signature S, which is received
from the home unit 16, and a reference signature R, which is
available in the database and which is recorded at the same time
of day as the signature S. Therefore, the program and/or channel
identification is done "off line" at the central office 22.

In the case of audio spectral correlation, the site
units 102 and 106 are provided with DVB scanning tuners and data
processors which can be used to scan through all major and minor
channels available to the monitored receivers 104 and 108, to
generate audio with respect to each of the programs carried in
each minor channel of each major channel, and to compare this
audio with audio derived from the audio output of the monitored
recelvers 104 and 108. Thus, the audio spectral correlation may
be performed locally. Also, as shown by Figure 4, there is no

need for a reference site when audio spectral correlation is

performed.
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Furthermore, the present invention has been described
above as beling particularly useful in connection with digital
program transmitting and/or receiving equipment. Howewver, the
present invention 1s also useful in connection with analog
program transmitting and/or receiving equipment.

Accordingly, the description of the present i1nvention
1s to be construed as illustrative only and is for the purpose of
teaching those skilled in the art the best mode of carrying out
the invention. The details may be varied substantially without
departing from the spirit of the i1nvention, and the exclusive use
of all modifications which are within the scope 0of the appended

claims 15 reserved.
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Claims:

1. A method of extracting a signature from a program received by a tunable receiver, wherein
the signature characterizes the program, and wherein the method comprises the following
steps.

a) converting the program to a corresponding frequency related spectrum; and,

b) converting a frequency related component of the frequency related spectrum to the
signature,

2. The method of claim 1 wherein the frequency related component has a spectral power, and
wherein step b) comprises the step converting the spectral power of the frequency

related component to the signature.

3. The method of claim 2 wherein the spectral power is based upon a FFT of the program.

4. The method of claim 2 wherein the spectral power is based upon @ MDCT of the program.

5. The method of claim 1 wherein step a) comprises the step converting a plurality of blocks of
the program to corresponding frequency related spectra, wherein each of the blocks contains a
number of samples of the program, and wherein step b} comprises the step of converting
frequency related components of the frequency related spectra to the signature.

6. The method of claim 5 wherein each of the frequency related components has a
corresponding spectral power, and wherein step b) comprises the step converting the spectral
powers of the frequency related components to the signature.

7. The method of claim 6 wherein the spectral powers are based upon a FFT of the program.
8. The method of claim 6 wherein the spectral powers are based upon a MDCT of the program.

9. The method of claim 5 wherein each of the blocks contains N samples of the audio, and
wherein each block contains N/2 old samples and N/2 new samples.

10. The method of claim 1 wherein step a) comprises the step of converting blocks of the audio
to corresponding spectral moments, and wherein each of the blocks contains a number of

samples of the audio.

11. The method of claim 10 wherein each of the blocks contains N samples of the audio, and
wherein each block contains N/2 old samples and N/2 new samples.
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12. The method of claim 1 wherein the signature is a signature S, and wherein the method
further comprises the step of comparing the signature S to a reference signature R.

13. The method of claim 12 wherein the signature S is derived from a FFT, and wherein the
reference signature R is derived from a FFT.

14. The method of claim 12 wherein the signature S is derived from a MDCT, and wherein the
reference signature R is derived from a MDCT.

15. The method of claim 12 wherein one of the signature S and the reference signature R is
derived from a FFT, and wherein the other of the signature S and the reference signature R is
derived from a MDCT.

16. A method of correlating a test audio signal derived from a receiver to a reference audio
signal comprising the following steps:

a) converting the test audio signal to a corresponding frequency related test spectrum,

b) selecting segments between frequency related components of the frequency related
test spectrum as test segments; and,

¢) comparing the test segments to reference segments derived from the reference audio
signal in order to determine a match between the test audio signal and the reference audio
signal.

17. The method of claim 16 wherein step ¢} comprises the following steps:

converting the reference audio signal to a corresponding frequency related reference
spectrum; and,

selecting segments between frequency related components of the frequency related
reference spectrum as the reference segments.

18. The method of claim 17 wherein the test audio signal is converted to a corresponding
frequency related test spectrum by a FFT, and wherein the reference audio signal is converted
to a corresponding frequency related reference spectrum by a FFT.

19. The method of claim 17 wherein the test audio signal is converted to a corresponding
frequency related test spectrum by a MDCT, and wherein the reference audio signal is
converted to a corresponding frequency related reference spectrum by a MDCT.

20. The method of claim 17 wherein, in step c), only test segments associated with frequency
components having a magnitude greater than a first minimum are compared to reference
segments associated with frequency components having a magnitude greater than a second
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minimum in order to determine a match between the test audio signal and the reference audio
signal.

21. The method of claim 20 wherein the first minimum is equal to the second minimum.

22. The method of claim 20 wherein a ratio of the number of matches between the test
segments and the reference segments to the total number of reference segments must exceed
a minimum in order to determine a match between the test audio signal and the reference
audio signal.

23. The method of claim 17 wherein the test segments have corresponding slopes, wherein the
reference segments have corresponding slopes, and wherein step c) comprises the step of
comparing the slopes of the test segments to the slopes of the reference segments in order to
determine a match between the test audio signal and the reference audio signal.

24. The method of claim 23 wherein, in step c), only slopes of test segments associated with
frequency components having a magnitude greater than a first minimum are compared to
slopes of reference segments associated with frequency components having a magnitude
greater than a second minimum in order to determine a match between the test audio signal
and the reference audio signal.

25. The method of claim 24 wherein the first minimum is equal to the second minimum.

26. The method of claim 24 wherein a ratio of the number of matches between the slopes of
test segments and the slopes of the reference segments to the total number of reference
segments must exceed a minimum in order to determine a match between the test audio signal
and the reference audio signal.

27. The method of claim 16 wherein step a) comprises the step of converting blocks of the test

audio signal to a corresponding frequency related test spectrum, and wherein each of the blocks
contains a number of samples of the test audio signal.

28. The method of claim 27 wherein each of the blocks contains N samples of the test audio
signal, and wherein each block contains N/2 old samples and N/2 new samples.

29. A method of correlating a test audio signal derived from a receiver to a reference audio
signal comprising the following steps:

a) converting the test audio signal to a test spectrum;

b) determining test slopes corresponding to coefficients of the test spectrum;

c) converting the reference audio signal to a reference spectrum;
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d) determining reference slopes corresponding to coefficients of the reference
spectrum; and,

e) comparing the test slopes to the reference slopes in order to determine a match
between the test audio signal and the reference audio signal.

30. The method of claim 29 wherein the test audio signal is converted to the test spectrum by a
FFT, and wherein the reference audio signal is converted to the reference spectrum by a FFT.

31. The method of claim 29 wherein the test audio signal is converted to the test spectrum by a

MDCT, and wherein the reference audio signal is converted to the reference spectrum by a
MOCT.

32. The method of claim 29 wherein, in step e), only test slopes associated with coefficients
having a magnitude greater than a first minimum are compared to reference slopes associated
with coefficients having a magnitude greater than a second minimum in order to determine a
match between the test audio signal and the reference audio signal.

33. The method of claim 32 wherein the first minimum is equal to the second minimum.

34. The method of claim 32 wherein a ratio of the number of matches between the test slopes
and the reference slopes to the total number of reference slopes must exceed a minimum in
order to determine a match between the test audio signal and the reference audio signal.
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13) A1

(57) Abrege(suite)/Abstract(continued):
the spectral moments Is then converted to the signature. Also, a test audio signal from a recelver Is correlated to a reference audio

sighal by converting the test audio signal and the reference audio signal to corresponding test and reference spectra, determining
test slopes corresponding to coefficients of the test spectrum and reference slopes corresponding to coefficients of the reference
spectrum, and comparing the test slopes to the reference slopes In order to determine a match between the test audio signal and

the reference audio signal.
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