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[57] ABSTRACT

Method and apparatus for classifying broadcast infor-
mation first receives the broadcast information and
processes it to provide a plurality of a low bandwidth
analyzed waveforms. The analyzed waveforms are used
to generate a spectragram which is then compared with
a plurality of reference spectragrams stored in a first
stage reference library. The first stage reference spec-
tragrams are then queued in order of their similarity to
the generated spectragram. Next, a plurality of second
stage reference patterns, which correspond to the first
stage reference spectragrams, are correlated with one of
the analyzed waveforms in the queueing order estab-
lished previously. A correlation value is provided for
each second stage reference pattern stored in the second
stage reference library. When it is determined that a
correlation value exceeds the threshold value, a recog-
nition is declared and the broadcast information is clas-
sified as similar to the second stage reference pattern
whose correlation value exceeds the threshold. The
analyzed waveform used in the second stage classifica-
tion may be time warped to account for speed fluctua-
tions in the broadcast information.

66 Claims, 7 Drawing Sheets
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BROADCAST INFORMATION CLASSIFICATION
SYSTEM AND METHOD |

BACKGROUND OF THE INVENTION

This invention relates to apparatus and method by
which broadcast information can be recognized and
classified. More particularly, this invention relates to a
system and method for classifying broadcast informa-
tion using a plurality of reference signal libraries in a
two-stage classification process.

It is known that broadcast stations (television and
radio) are regularly monitored to determine when and
how often certain information is broadcast. For exam-
ple, artists may be paid a royalty rate depending upon
how often their particular work is broadcast. Likewise,
commercial backers of broadcast programming have an
interest in determining when and how often commer-
cials are played. Further, marketing executives and the
broadcasters themselves are interested in determining
the popularity of certain broadcast information in order
to target that information to the appropriate audience at
the appropriate time. Those of ordinary skill in this field
will readily understand that a wide variety of legal,
economic and social concerns require the regular moni-
toring of broadcast information. All such requirements
share a common need for certain information such as
which information was broadcast and when.

Traditionally, such broadcast station monitoring was
performed manually by a plurality of listeners who
would physically monitor the broadcast program and
manually tabulate which information was broadcast and
when. However, the cost of these manual surveys has
become prohibitive. Such a method is labor intensive
and subject to reliability problems. For example, a man-
ual monitor may easily miss a fifteen second commercial
broadcast over radio. In addition, it is virtually impossi-
ble for a single individual to monitor a plurality of
broadcast channels. Therefore, a great number of moni-
tors has been traditionally required to fully monitor
performance in a multi-media environment.

In view of the above problems with manual systems,
it has been proposed to design and implement an auto-
matic broadcast recognition system. It is believed that
such automatic systems will be less expensive and more
reliable than manual surveys.

In recent years, several techniques and systems have
been developed which electronically monitor broadcast
signals and provide information relative to the content
and timing of the program monitored. Initially, these
automatic systems performed signal recognition by
inserting a code signal in the broadcast signal itself.
Upon reception, the automatic system would recognize
the code signal (matching it with a reference library)
and classify the broadcast information accordingly.
Although such coding techniques work for limited ap-
plications, they require allocation of portions of the
broadcast signal band for identification purposes. In
addition, such a system requires special processing,
coding and decoding circuitry. Such circuitry is expen-
sive to design and assemble and must be placed at each
transmitting and receiving station. In addition, those of
skill in this field understand that government regulatory
agencies are adverse to providing additional bandwidth
for purposes of code signal identification.

To overcome some of the disadvantages involved
with the use of the coded signal techniques, certain
automatic broadcast signal identification systems have
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been developed which do not require special coding of
the broadcast signal. Such a system is disclosed in U.S.
Pat. No. 3,919,479 to Moon et al. In Moon et al, an
audio signal is digitally sampled to provide a reference
signal segment which is stored in a reference library.
Then, when the audio signal is broadcast, successive
portions thereof are digitized and compared with the
reference segment in the library. The comparison is
carried out in a correlation process which produces a
correlation function signal. If the reference and broad-
cast signal segments are not the same, a correlation
function with a relatively small amplitude results. On
the other hand, if the reference and broadcast signal
segments are relatively the same, a large correlation
function signal is produced. The amplitude of the corre-
lation function signal is sensed to provide a recognition
signal when the amplitude exceeds a predetermined
threshold level.

While the Moon et al system may operate effectively
in certain situations, it is not effective for many applica-
tions. For example, where signal drop-out is experi-
enced, a single segment correlation system may be se-
verely degraded or disabled all together. Additionally,
the Moon et al system is relatively insensitive to time-
axis variations in the broadcast information itself. For
example, it is known that many disc-jockeys “‘com-
press” broadcast songs by speeding-up the drive mecha-
nism. It is also known that other disc-jockeys regularly
“compress” and/or “stretch” broadcast information to
produce certain desired effects in the audience.

In an attempt to overcome such time-axis variations,
Moon proposes to reduce the bandwidth of the broad-
cast signal by envelope-detecting the broadcast signal
and providing envelope signals having substantially
low, and preferably sub-audio frequency signal compo-
nents. It has been found that when the envelope signal
at sub-audio frequencies is used during the correlation
process, the digitally sampled waveforms are less sensi-
tive to time-axis variations. However, the improve-
ments which can be achieved by such a solution are
very limited and will only operate for broadcast signals
which have been “compressed” or “stretched” by a
small amount. In addition, such a solution is subject to
high false alarm rates. These disadvantages make the
Moon et al system less than desirable for a rapid, accu-
rate, and inexpensive broadcast information recognition
system.

Another automatic signal recognition system is dis-
closed in U.S. Pat. No. 4,450,531 to Kenyon et al. Mr.
Kenyon is a joint inventor of the subject application and
the ’531 patent. The teachings of the ’531 patent are
hereby incorporated into this application by reference.

The Kenyon et al system successfully addresses the
reliability problems of a single segment correlation sys-
tem, and the time-axis variation problems experienced
by prior systems. In Kenyon et al, a plurality of refer-
ence signal segments are extracted from a program unit
(song), digitized, Fourier transformed and stored in a
reference library in a frequency domain complex spec-
trum. The received broadcast signal is then prefiltered
to select a frequency portion of the audio spectrum that
has stable characteristics for discrimination. After fur-
ther filtering and conversion to a digital signal, the
broadcast signal is Fourier transformed and subjected to
a complex multiplication process with reference signal
segments to obtain a vector product. The results of the
complex multiplication process are then subjected to an
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inverse Fourier transformation step to obtain a correla-
tion function which has been transformed from the
frequency to the time domain. This correlation function
is then normalized and the correlation peak for each
segment is selected and the peak spacing is compared
with segment length. Simultaneously, the RMS power
of the segment coincident with the correlation peak
segment is sensed to determine the segment power point
pattern. Thus, Kenyon et al overcomes the disadvan-
tages of a single segment correlation system by provid-
ing a plurality of correlation segments and measuring
the distances between correlation peaks. Where the
distances match, the broadcast signal is declared as
being similar to the signal segments stored in the refer-
ence library. In addition, the RMS value comparison
operates to confirm the classification carried out using
the signal segments.

To overcome the time-axis variation problem, Ken-
yon et al utilizes an envelope detector and band pass
filtering of the broadcast information, similar to the
system of Moon et al. In addition, Kenyon et al, pro-
poses the use of more than one sampling rate for the
reference signal segments. A fast and slow sample may
be stored for each reference signal segment so that
broadcast signals from faster rate stations will correlate
with the faster rate reference segments and signals from
slower rate stations will correlate with the slower rate
reference segments. However, the system according to
Kenyon et al also suffers from a relatively high false
alarm rate and is computationally very demanding. For
example, performing the various multi-segment correla-
tions requires a great deal of computer power. Since a
multitude of segments are sampled, the system accord-
ing to Kenyon et al may take a good deal of time and
require the use of expensive, powerful computers.

A system for speech pattern recognition is disclosed
in U.S. Pat. No. 4,282,403 to Sakoe. Sakoe discloses a
speech recognition system in which a time sequence
input of pattern feature vectors is inputted into a refer-
ence library. The received speech signal is then sub-
jected to spectrum analysis, sampling and digitalization
in order to be transformed into a timed sequence of
vectors representative of features of the speech sound at
respective sampling instances. A time warping function
may be used for each reference pattern by the use of
feature vector components of a few channels. The time
warping function for each reference pattern feature
vector is used to correlate the input pattern feature
vector and the reference pattern feature vector. The
input pattern feature vector sequence is then compared
with the reference pattern feature vector sequence, with
reference to the warping function, in order to identify
the spoken word. However, the Sakoe system time
warps the reference patterns rather than the input sig-
nal. Thus, a plurality of patterns must be calculated for
each reference pattern, necessarily increasing the mem-
ory and computational requirements of the system.

A further signal recognition system is disclosed in
U.S. Pat. No. 4,432,096 to Bunge. In Bunge, sounds or
speech signals are converted into an electrical signal
and broken down into several spectrum components in
a filter bank. These components are then integrated
over a short period of time to produce the short-time
spectrum of a signal. The spectral components of the
signal are applied to a number of pattern detectors
which supply an output signal only if the short-time
spectrum corresponds to the pattern adjusted in the
relevant pattern detector. Each pattern detector has
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two threshold detectors which supply a signal if the
applied input lies between the adjustable thresholds.
Thus, the pattern detectors supply an output signal only
if all threshold value detectors are activated. For each
sound of speech, a pattern detector is provided. When a
series of sounds is recognized, the series of addresses of
the pattern detectors which have successfully generated
an output signal are stored and subsequently applied to
the computer for comparison. It can be readily appreci-
ated that such a system requires a number of pattern
detectors and a corresponding powerful computation
device. In addition, while the Bunge system uses a filter
bank to provide a low frequency output signal which is
relatively less semsitive to time-axis variations, the
Bunge system is still subject to time distortion problems
and a high false alarm rate.

Known automatic broadcast recognition systems
have been caught in a quandary of choosing an appro-
priate time-bandwidth (sampling time times frequency
band width) product. Where the broadcast signal is
sampled with a large time-bandwidth product, signal
recognition may be made accurately. However, when a
suitably large time-bandwidth product is employed, it
will be extremely sensitive to time-axis variations. Thus,
most known systems utilize a predetermined time-band-
width product and suffer recognition inaccuracies and
time-axis variations. In addition, the computational load
imposed by all known techniques severely limits the
number of songs or other recordings that can be simul-
taneously sampled in real time.

Thus, what is needed is a small, inexpensive system
with limited processing power which automatically
monitors a plurality of broadcast chanmels simulta-
neously for a large number of sounds. Such a system
should provide accurate recognition and, at the same
time, remain relatively insensitive to time-axis varia-
tions.

SUMMARY OF THE INVENTION

The present invention is designed with a view toward
overcoming the disadvantages of known automatic
broadcast information recognition systems while at the
same time satisfying the objectives alluded to above.

The present inventors have discovered that an inex-
pensive, reliable and accurate automatic information
classification system may be achieved by utilizing a
two-stage classification process. First, known broadcast
information (a song or commercial) is “played into” the
system in order to generate first and second stage refer-
ence libraries. Once the libraries have been generated,
broadcast information is monitored by the system. In
the first stage classification, the input signal is spectrally
analyzed and filtered to provide several low bandwidth
analog channels. Each of these channels is fed to a fea-
ture generator where it is digitized to form a feature
data set that is analyzed to determine if it matches one of
the patterns in the first stage reference library. In a
preferred embodiment the feature generator forms a
multi-channel sequence by computing linear combina-
tions of the input channels. Each of these feature se-
quences is then smoothed using a moving average filter,
further reducing the bandwidth. These reduced band-
width sequences are then resampled to form a feature
set of very low bandwidth but long duration. These
sequences are grouped into a spectragram and used in
the first stage classification process to rule out unlikely
candidates in the first stage reference library. In addi-
tion, the feature generator generates an additional fea-
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5
ture sequence which will be used in the second stage
classification process.

Preferably each spectragram is a time/frequency
matrix having a plurality of elements. Likewise, the first
stage reference patterns are also preferably time/fre-
quency matrices having the same number of elements as
the generated spectragram. The first stage classification
process then compares the generated spectragram with
the first stage reference spectragram. The reference
spectragram may be visualized as a template which is
“laid-over” the generated spectragram so that corre-
sponding matrix elements match. Then, the difference
between corresponding elements of the generated spec-
tragram and the first stage reference spectragram is
measured to determine the similarity between the gen-
erated spectragram and the reference spectragram.
Then, the sum of the element differences for the entire
spectragram is obtained to provide a difference mea-
surement between the generated spectragram and the
first stage reference spectragram. This difference com-
putation is repeated for each pattern in the first stage
reference library. Songs having a difference measure-
ment less than a threshold value are considered to be
candidate identifications. Those with difference mea-
surements greater than a threshold value are rejected as
being not similar to the broadcast information.

The first stage reference patterns which have not
been rejected in the first stage classification process are
then queued according to their difference measure-
ments. Thus, the queueing order places the most similar
first stage reference pattern at the head of the queue.

Next, the second stage reference classification pro-
cess is carried out in the queueing order established in
the first stage classification process. The second stage
reference library contains a number of signal patterns
which correspond 1-to-1 with the entries of the first
stage reference library. The second stage reference
patterns are queued in the order established in the first
stage classification process, and then correlated with
the additional feature sequence provided from the fea-
ture generator. This additional feature sequence does
not have as low a bandwidth as the feature sequence
used in the first stage classification process. In a pre-
ferred embodiment, a cross correlation is conducted
between the additional feature sequence and the second
stage reference patterns in the queueing order. If the
peak correlation value for any of the cross-correlations
exceeds a detection threshold, the broadcast informa-
tion is classified as being similar to the information rep-
resented by the second stage reference pattern. At this
time a recognition may be declared and the time, date
and broadcast information identification, and broadcast
information source may be entered in a detection log.

By performing the computationally demanding cross-
correlation in the queueing order established in the
less-demanding first stage classification process, pro-
cessing resources are conserved and the computer
power required to classify broadcast information is
significantly reduced.

To account for time-axis variations in the broadcast
information, a preferred embodiment may include a
“time-warping” function for use in the second stage
classification process. Specifically, the additional fea-
ture sequence provided to the second stage classifica-
tion process may be “compressed” and/or “stretched”
to account for variations in broadcast speed. Then, the
second stage correlation process correlates the second
stage reference pattern with the unmodified additional
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feature sequence, with a “compressed” additional fea-
ture sequence, and/or with a “stretched” additional
feature sequence. Therefore, proper identification can
take place even if the broadcast information is broadcast
more rapidly or more slowly than intended.

BRIEF DESCRIPTION OF THE DRAWINGS

The advantageous features according to the present
invention will be readily understood from the descrip-
tion of the presently preferred exemplary embodiment
when taken together with the attached drawings in
which:

FIG. 1 is a block diagram depicting the system ac-
cording to the presently preferred embodiment;

FIG. 2 is a block diagram showing the filter banks of
FIG. 1;

FIG. 3 depicts a series of waveforms showing the
wave-shaping carried out in the filter banks of FIG. 2;

FIG. 4 is a series of waveforms showing four feature
sequences generated by the feature generator processor
of FIG. 2;

FIG. 5 depicts a spectragram which is constructed
with relation to the waveforms shown in FIG. 4;

FIGS. 6(a) and 6(b) depict the first stage comparison
process carried out between the generated spectragram
and the first stage reference matrix;

FIG. 7 shows time-warped versions of the input
waveform used in the second stage classification pro-
cess;

FIG. 8 is a series of waveforms depicting the digitized
feature sequence used in the second stage classification
process, the normalized second stage reference pattern,
and the cross-correlation function therebetween;

FIG. 9 is a top-level flow chart depicting a method
according to the preferred embodiment;

FIG. 10 is a flow chart of one step of FIG. 9,

FIG. 11 is a flow chart of another step of FIG. 9;

FIG. 12 is a flow chart of yet another step from FIG.
9;

FIG. 13 is a flow chart showing still another step
from FIG. 9; and

FIG. 14 is a flow chart showing the confirming step
according to FIG. 9.

DETAILED DESCRIPTION OF THE
PRESENTLY PREFERRED EXEMPLARY
EMBODIMENT

While the present invention will be described with
reference to a broadcast music classification system,
those with skill in this field will appreciate that the
teachings of this invention may be utilized in a wide
variety of signal recognition environments. For exam-
ple, the present invention may be utilized with radio,
television, data transfer and other broadcast systems.
Therefore, the appended claims are to be interpreted as
covering all such equivalent signal recognition systems.

First, an overview of the invention will be provided
for clarification purposes. Reference may be had to
FIG. 9 for this overview. The automatic recognition of
broadcast recordings is useful in determining the rate of
play and the time of play of these recordings to deter-
mine royalties, projected sales, etc. The prior art in this
area has met with limited success due to the necessity of
using a relatively large bandwidth product to ensure
accuracy. When a suitably large time-bandwidth prod-
uct is employed, most techniques experience difficulty
due to speed variations common in broadcast music
stations. In addition, the music computation load im-
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posed by these techniques limits the number of songs or
other recordings that can be simultaneously searched
for in real time.

The present invention manages the large processing
load imposed by a large signature data base through the
use of an efficient, though less accurate, first (screening)
stage classification process. This first stage eliminates
from further consideration songs that are clearly differ-
ent from the current input signal. Only those patterns
that match the input reasonably well in the first stage
are queued for intensive scrutiny by the accurate but
computationally demanding second stage. This is be-
cause the queueing order established in the first stage
classification process is ranked by order of similarity to
the broadcast song. Thus, the second stage will first
consider the most likely candidates before the less likely
candidates. Early recognition will result with a corre-
sponding decrease in computer processing power. This
two-stage classification process results in a classification
system whose overall capacity is increased by over an
order of magnitude compared to known classification
systems.

The use of additional stages in a hierarchical classifi-
cation structure could provide additional capacity for a
given processing resource. For example, much larger
data bases may require a three-stage classification pro-
cess to again conserve processing power. Those of skill
in this field will readily understand that the teachings in
this invention may also be applicable to a three-or-more
stage classification process.

FIGS. 1 and 9 depict apparatus and method accord-
ing to the presently preferred embodiment. The audio
signal from one or more broadcase sources is input to an
audio channel receiver 4 through antenna means 2. In
the present invention, the processing structure of FIG.
1 allows simultaneous processing of up to five audio
channels. Therefore, up to five broadcast stations may
be monitored and their broadcast programs classified.
Additional hardware and software modifications could
be performed to increase or decrease the number of
channels simultaneously monitored.

From audio channel receiver 4, the input audio signal
is provided to an audio preprocessor 6. Audio prepro-
cessor 6 may include filter banks 8, envelope detector
10, and low pass filters 12. The audio preprocessor
performs a coarse spectral analysis by bandpass filtering
the audio input into several bands. These bands are then
envelope detected and lowpass filtered to form several
low bandwidth analog channels. Each of these channels
is then fed to a processor which performs a feature
generation function. Specifically, the processor digi-
tizes and further processes the low bandwidth analog
channels to form a feature data set that is analyzed to
determine whether it matches one of the patterns of the
first stage classification library. In the preferred em-
bodiment, the feature generating processor forms a
four-channel sequence by computing linear combina-
tions of the input channels. Each of these feature se-
quences is then smoothed using an averaging filter,
further reducing the bandwidth. These reduced band-
width sequences are then resampled to form a feature
set of very low bandwidth but long duration.

The sequences are then grouped into a spectragram
and used by the first stage classification process to rule
out unlikely candidates. In addition, a fifth sequence is
generated by the feature generating processor for use in
the second stage classification process.
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The four input channels are combined in a weighted
sum to form a feature sequence with specific properties.
In the process of forming the linear combinations,
weighting coefficients are used which are specially
selected to minimize the influence of broadband impul-
sive energy. It has been found that this greatly reduces
sensitivity to speed variations and amplitude distortions
that frequently result from the use of compressors by
broadcast stations.

The second stage feature sequence provided by the
feature generating processor is not filtered and resam-
pled, but is used at a relatively large bandwidth. Since it
is used at this greater bandwidth, a feature sequence that
is long enough to provide satisfactory pattern discrimi-
nation will be very sensitive to speed variations. To
counter this, the sequence is resampled at slightly differ-
ent rates to form several new sequences that represent
the input waveform at different speeds. This process is
referred hereinafter as “time warping”. A recording
that is broadcast faster than normal must be expanded or
stretched to replicate the original waveform. -Similarly,
a recording that is broadcast slower than normal must
be compressed. The set of compressed and expanded
waveforms comprise a linearly time warped set of repli-
cas of the input feature sequence.

The first classification stage operates on the low
bandwidth spectragrams, treating them as time-fre-
quency matrices of the most recent feature data. These
spectragrams should be normalized to compensate for
gain variations in the broadcast and receive systems.

In the first stage classification process, the most re-
cently generated spectragram is compared with every
reference pattern stored in the first stage reference li-
brary. For each first stage reference pattern in the li-
brary, a distance is computed between it and the input
spectragram. This distance may be computed as the sum
of differences between corresponding elements of the
input and reference matrices. This distance is a measure
of the similarity between the current broadcast song
and the subject reference recording. This distance com-
putation is repeated for each pattern in the data base.
Songs whose distances are less than a threshold value
are considered to be candidate identifications. Those
with distances greater than the threshold value are re-
jected.

To conserve processing resources and insure that the
most likely candidates are considered first, the first
stage classifications are positioned in a queue according
to their distance scores. Patterns that have passed the
first stage classification test and entered into the queue
are subject to a confirming classification in the second
stage. This classification process uses the single channel
wider bandwidth feature set, including the time warped
replicas. For each entry in the queue, the corresponding
single channel reference pattern is compared with each
of the time warped replicas of the most recent feature
vector. A correlation procedure is employed that in-
volves computing the cross correlation function and
then scanning it to select the maximum value. This is
repeated for each of the time warped replicas. If the
peak correlation value for any of the correlations ex-
ceeds a detection threshold, a recognition is declared
and the time, date, song identification number, and
radio station are entered in a detection log. If none of
the songs in the queue passes the confirming classifica-
tion, the next time segment is analyzed in the same way.
In such a fashion, an inexpensive, efficient and accurate
broadcast music classification system is realized. There-
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fore, a small system with limited processing power can
monitor several radio channels simultaneously for a
large number of songs. This large capacity has an eco-
‘nomic advantage in that the revenue producing capabil-
ity of a single monitoring unit is proportional to the
number of songs monitored times the number of stations
under surveillance.

The first stage features have a reduced dimensionality
and can be computed and evaluated at low computation
cost. Nevertheless, the effect of the first stage process-
ing is to reduce the number of song candidates to a small
fraction of the data base size. The second stage of classi-
fication uses a song signature of significantly higher
dimensionality (time band width product) than the first
stage, makes song detection decisions only for songs
queued in the first stage, and only for those songs which
are identified as probable for the first stage. The first
stage has a song detection threshold bias towards high
detection rates and moderate false alarm rates. The
second stage has both high detection rates and low false
alarm rates. The net effect of this two stage detection
procedure is the ability to monitor a large number of
songs over several channels using only limited process-
ing power. Thus, the apparatus and method according
to the present invention may provide an economically
significant broadcast information classification system.

Turning now to FIG. 1, the apparatus according to
the present invention will be described. Antenna 2 re-
ceives radio waves including audio signals. The antenna
apparatus is capable of receiving up to five radio chan-
nels simultaneously. The audio signal is received by
audio channel receiver 4, and provided to audio prepro-
cessor 6 through MULTIBUS (TM of Intel Corp.) 100.
Audio preprocessor 6 includes filter banks 8, envelope
detectors 10, and low pass filters 12. The audio prepro-
cessor 6 will be described in more detail with reference
to FIG. 2.

FIG. 1 also depicts analog-to-digital converter 14
which may be used to digitize the audio signal. Multi-
plexer 16 is used to carry out multiplexing operations
when a plurality of audio signals is being simultaneously
classified. Both A/D converter 14 and multiplexer 16
are also coupled to MULTIBUS (TM of Intel Corp.)
100.

Also coupled to MULTIBUS (TM of Intel Corp.)
100 is an array processor 18. Array processor 18 com-
prises a Marinco 3024 CPU 20 and a feature vector
operations section 22. Both the feature vector opera-
tions section 22 and the CPU 20 are coupled to MUL-
TIBUS (TM of Intel Corp.) 100. The functions of array
processor 18 include the time warping of the second
stage feature sequence and the second stage correlation
computations.

The processor 24 is also coupled to MULTIBUS
(TM of Intel Corp.) 100 and performs the functions of
control, data-base management, all in/out (I/0O) man-
agement, and the first stage classification calculations.
Processor 24 may include a microprocessor 26, a mem-
ory 28, 1/0 interfaces 30, a real time clock 32, reference
pattern memory 34 and off-line memory 36. Preferably,
microprocessor 26 may be a Motorola 68000 series mi-
croprocessor. Preferably, working memory 28 includes
two Megabytes of memory. Likewise pattern memory
34 stores both the first stage and second stage reference
libraries and preferably is realized by a 10 Megabyte
hard disk. The offline memory 36 may be used to chan-
ge/add/delete reference patterns from the reference
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10
pattern libraries in memory 34. Preferably off-line mem-
ory 36 comprises a one Megabit floppy disk.

Finally, the processing system may be coupled with
such peripherals as CRT 38, printer 40, and terminal 42.
Such peripherals are coupled to the system through I/O
interfaces 30.

Turning now to FIG. 2, the coarse spectral analysis
step S100 of FIG. 9 will be described. The received
audio signal is provided to audio preprocessor 6 where
it is divided into a plurality of channels. In the presently
preferred embodiment, four channels have been se-
lected. However, greater or fewer channels may be
used depending upon the exact type of information
which is to be classified. Each channel includes a band-
pass filter 8, a rectifier 10, and a low pass filter 12. The
purpose of the audio preprocessor is to reduce the
amount of information processed in the first stage. This
provides a long term averaging of the first stage fea-
tures. Since the purpose of the first stage is to reduce the
computation required for recognition, it is desirable to
reduce the amount of information processed per unit
time. Signal discrimination accuracy is proportional to
the time bandwidth product of the feature vector.
Therefore, by reducing feature vector bandwidth while
expanding duration, accuracy is maintained while re-
quired processing per unit time is decreased. This is true
for any process that requires continuous searching for
time series events.

In order to accomplish this, the audio input signal
depicted in FIG. 3 is provided to each of bandpass
filters 8. Each bandpass filter outputs a signal depicted
in FIG. 3 as the bandpass filtered signal. The filtered
signals are provided to rectifiers 10, each of which
outputs a waveform shown in FIG. 3. Finally, the recti-
fied signals are provided to lowpass filters 12, each of
which outputs a lowpass filtered signal, as depicted in
FIG. 3. By sampling the reduced bandwidth signal,
processing time is conserved while simultaneously re-
ducing the sensitivity of the system to speed variations
in the audio signal. Therefore, from lowpass filters 12
are provided a plurality of waveforms as depicted in
FIG. 4. These waveforms are respectively denoted by
Xi(t), Xa(t), X3(t), and Xa(t). Each of these waveforms
is provided to processor 24 which generates feature
sequences according to the waveforms.

Processor 24 thus provides a plurality of feature se-
quences denoted by Xsi(t), Xsa(t), Xs3(t), Xsa(t) and
X (t). Each of these feature sequences is formed as a
linear combination of all four waveforms X(t) through
X4(t). As shown in FIG. 4, at a time t; the four wave-
forms are sampled and amplitude voltages V4, Vpi,
V1 and Vp; are respectively measured. Then, for time
t1 a feature vector may be calculated for each of the
waveforms. The feature vector is a series of numbers
describing characteristics of the input signal. In the
preferred embodiment, a feature vector for waveform
Xsi(t) at time t; may be calculated as follows:

XS1(01=KV.4+KaVp+K3Ver+KaVpy. .. [¢Y]
Thus, each sequence of feature vectors includes compo-
nents from each of the four waveform bands. The coef-
ficients K are selected to specifically suppress noise.

The special selection of coefficients K is used to sup-
press the effects of amplitude distortion in the broadcast
signal. Amplitude distortion (sometimes denoted as
“amplitude compression™) sometimes is intentionally
applied by certain broadcast stations to avoid overdriv-
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ing inexpensive receivers. Such “amplitude compres-
sion” degrades the similarity of a stored reference pat-
tern to that computed from the input radio signal. For a
given level of detection of reliability, this requires
larger reference patterns to be used than would be nec-
essary if the distortion were not present. The need for
large reference patterns causes a reduction in process-
ing efficiency, particularly making it difficult to employ
an effective first stage which makes preliminary deci-
sions using song signatures of low dimensionality. The
newly developed approach overcomes this distortion
problem by taking explicit advantage of the spectral
properties of this distortion.

The “amplitude compression” process does not sig-
nificantly effect narrowband signal components, but
primarily affects impulsive components which are
wideband in nature. A multi-channel time series consist-
ing of a frequency based time series before compression
will be denoted as fi(tj) After compression, each band
time series becomes:

glt)=adt)+1dt) . . . )
where compression is described as an additive compo-
nent aft;) to each band. In the implemented approach to
suppressing effects of amplitude compression, the addi-
tive components ai(t;) are assumed to be linearly related.
Thus, it is assumed that there exists a linear equation
which approximately estimates each agt;) based on the
values of ax(t)) for ks4i. Thus,

3
af(t) = kii bika(t) + edt) @

where eft)) is the estimation residual for time t;.

If the f;may be approximated as independent (which
they are not), then the coefficients b may by estimated
by the correlation process from a data epoch covering
time (t1,ta) through the solution of the set of (N—1)
linear equations:

(@i, ap) — 2 bir'(ak’,ax) =0 @
it k;’:l 1 )
for each k =4 i
M &)
where (ak, ar') = .21 artpar ()
J=

Since the [fx] are approximate as independent, it fol-
lows that (ar,ax’)=(gk, gt') for k's=k.

This estimate of (ak, ax’) is most accurate when the
ai(t}) take on their largest magnitude in comparison
with the fx(t}). This occurs when amplitude compres-
sion is the greatest. Thus, the estimate is made:

6
M

(@r, ai) = &k 8K
where (8, g&) = 2 gi{t) g£'(®)
{i:lgpl > 13
where |g(t)| is a measure of the magnitude of the re-
ceived broadcast signal and T is a selected threshold

above which the signal is considered to be heavily com-
pressed.
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12
The set of linear equations is solved for estimates of
the bik. Then, the effect of compression is suppressed by
replacing received energy band time series gi(t)) by:

(®)
g'dt) = giy) — kil_ birgr(t))

To a linear approximation, the N time series g'At))
have had the effect of compression removed. This ap-
proach suppresses linearly dependent information be-
tween energy bands and emphasizes linearly indepen-
dent information. The linearly dependent information
can be added, for improved recognition purposes, but
must be downweighted because of its vulnerability to
amplitude compression.

What is achieved by this method is a set of g'{t)
which are relatively immune to the effects of compres-
sion. The coefficients bjx may be estimated using data
from an ensemble of broadcast music and transmitting
stations so that they do not have to be re-estimated for
each broadcast station, and so that they are independent
of the music being transmitted.

Sampling of the waveforms in FIG. 4 is preferably
conducted at a rate of eight times per second. The band-
width is preferably 13 Hz. The Nyquist sampling theory
indicates that the sampling rate should be approxi-
mately 4 Hz. The present inventors have chose a sam-
pling rate of 8 Hz in order to ensure greater accuracy.

Referring now to FIG. 5, it can be seen that processor
24 constructs a spectragram in accordance with the
linear combinations of the waveforms of FIG. 4. Thus,
as shown in FIG. 5, each block contains data integrated
over eight seconds of time. Thus, the spectragram is a
matrix having four spectral channels and eight time
channels. Each matrix element contains a feature com-
ponent calculated as described above. The spectragram
is computed as indicated in step S110 of FIG. 9. This
will be described in more detail with reference to FIG.
10.

According to FIG. 10, the feature data sets deter-
mined in step S100 are smoothed using a moving aver-
age filter, as indicated in step S101. Next, at step S103,
the waveforms are resampled to form a low bandwidth
multi-channel time series. This has the further advan-
tage of reducing the sensitivity to speed variations.
Finally, at step S105 the time/frequency matrix of the
most recent sample is formed, as depicted in FIG. 5.

Once the first stage spectragram has been generated,
the spectragrams should be normalized to compensate
for gain variations in the broadcast and receive systems.
This step is depicted as S130 in FIG. 9, and is further
illustrated in FIG. 11. To accomplish the normalization,
all elements of the input spectragram are summed in
step S111. This sum represents the total energy in the
spectragram. Then, at step 5113, each element of the
spectragram is divided by the spectragram sum. This
produces a spectragram with unit energy for easy com-
parison with the reference pattern.

After normalization, the input spectragram and the
reference spectragram from the first stage reference
library are compared in a preliminary classification step
$150, as shown in FIGS. 9 and 13. Each element of the
input and reference spectragrams preferably includes 16
bits representing the value of the matrix element. As
visually depicted in FIGS. 6(a) and 6(b), the first stage
comparison is merely a matter of matching the input
signal spectragram with the reference matrix. This pro-
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cess can be visualized as overlaying a reference tem-
plate on the input signal spectragram.

Since each of the signal and reference matrices con-
tains the same number of elements, a 1-to-1 comparison
between matrix elements is conducted. As shown in
FIGS. 6(a) and 6(), the value of matrix element Xg1,1 is
compared with matrix element Xg1,1. This may be visu-
alized as comparing the distances between the two ele-
ment values. Returning to FIG. 12, the distance be-
tween the input spectragram is determined in step S131.
This is accomplished by summing the differences be-
tween corresponding time/frequency elements of the
signal spectragram and the reference matrix. This dis-
tance calculation is carried out for each of the entries in
the first stage reference library.

Next, at step S133, all first stage reference matrices
whose distance measurements are less than a predeter-
mined threshold are accepted as likely candidates.
Those first stage reference matrices whose distance
measurements exceed the threshold are rejected as un-
likely candidates.

Once a distance measurement has been calculated for
each matrix in the first stage reference library, those
songs that are identified as likely candidates are sub-
jected to a sort and queueing step S170, as depicted in
FIGS. 9 and 13. As discussed above, by queueing the
songs in their order of similarity to the input signal, the
computationally demanding second stage classification
will be greatly abbreviated. It should be noted that a
wide variety of sort and queueing procedures are avail-
able for carrying out this step. The inventors have de-
cided to utilize the sorting and queueing procedure
depicted in FIG. 13.

At step S151 of FIG. 13, the distance value for each
queue entry is set to a maximum. Next, for each song
whose distance measurement is less than the threshold
value a queue entry is generated containing the song
number and its distance score, as shown in step S153.
Then, for each new entry into the queue, the queue is
scanned from the end to locate the rank order position
for the new entry. The new entry is then inserted into
the queue at the appropriate space. Entries having a
larger distance than the new entry will then be moved
toward the end of the queue. This process is depicted in
step S155. Lastly, in step 157, the array processor is
directed to process songs in the queue in ascending
order of distance measurements. Thus, a reference spec-
tragram which has a low distance value from the input
song will be subjected to the second stage classification
before a reference spectragram having a higher distance
measurement.

The above-described procedures complete the first
stage classification process. The first stage produces a
queue ordered by similarity to the input song. This
queue order will be used in the second stage classifica-
tion process to compare the most likely reference songs
to the input song.

Second stage classification actually begins with the
generation ‘of the wider bandwidth feature sequence
X(t), as depicted in FIG. 2. As discussed above, it is
necessary to “time warp” the second stage feature se-
quence in order to account for speed variations in the
broadcast signal. For purposes of the preferred embodi-
ment, it is assumed that all such speed variations are
constant, and thus the time warping feature of the pre-
ferred embodiment is a linear time warp.

Radio stations are known to introduce significant
speed variations into recordings that are broadcast. For
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a feature vector with a sufficient time-bandwidth prod-
uct to provide near error free recognition, most recog-
nition systems are intolerant of these speed variations.
This problem has been addressed in the Kenyon et al
patent referred to above through the use of a segmented
correlation approach. In this approach, short feature
vectors with relatively small time-bandwidth products
were identified separately. The final recognition deci-
sion was based on the timing of individual segment
recognitions. While this procedure allowed recognition
of songs with substantial speed variation, it did not take
full advantage of the fact that these speed differences
introduce a linear time base error. The method accord-
ing to the present invention is to linearly compress or
expand the time base of the input feature sequence until
the distortion has been removed. The entire feature
vector is then compared with undistorted vectors from
the reference set. The compression and expansion of the
feature vector is performed by resampling and interpo-
lating the input sequence. This linear time warping is
done in small enough increments that at least one incre-
ment will match the stored reference with essentially no
degradation. Such time warping is depicted in FIG. 7.

As shown in FIG. 7, the input waveform can be com-
pressed into a compressed waveform, and/or stretched
into an expanded waveform. According to the pre-
ferred embodiment, a set of four time warped wave-
forms are provided in addition to the un-warped wave-
form. For purposes of broadcast music recognition,
applicants have chosen to provide waveforms com-
pressed by 2% and 4%, and waveforms stretched by
2% and 4%. Thus, two compressed waveforms, two
stretched waveforms, and the original waveform are
provided for comparison to the second stage reference
library.

Next, as depicted by step $270 in FIG. 9, a confirm-
ing classification is carried out between the time warped
(and un-warped) waveforms and the reference patterns
in the second stage reference library according to the
queueing order established in step S170.

Generally, this confirmation classification is carried
out in accordance with the teachings of the Kenyon et
al patent incorporated herein by reference. In brief, a
correlation is a mathematical means of measuring how
well two waveforms compare. If one of the two wave-
forms is of finite length and is permanently stored in an
appropriate memory storage device, a running compari-
son of the finite stored waveform against a second con-
tinuous waveform may be accomplished through on-
line solution of the correlation integral equation to pro-
duce a third waveform known as the correlation func-
tion. When the continuous waveform contains a signal
segment (which may even be obscured by noise) which
matches the stored waveform, the correlation function
attains a large value. The sensing of this large value
constitutes a recognition, and is the process by which
the occurrence of a commercial advertisement or song
is recognized in the process according to the present
invention.

The pattern matching according to the present inven-
tion involves a correlation procedure with a minimum
of 50% overlap of input data and zero filling of refer-
ence patterns so that linear correlations are generated
instead of circular correlations. The correlation proce-
dure involves computing the cross correlation function
and then scanning it to select the maximum value. This
is repeated for each of the time warped replicas. If the
peak correlation value for any of the correlations ex-
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ceeds a detection threshold, a recognition is declared
and the classification process for that song is over. The
confirmatory classification process will now be de-
scribed with reference to FIGS. 8 and 13.

In FIG. 8, the digitized broadcast waveform may be
on of the time warped (or un-warped) waveforms gen-
erated in step S210. For example, this digitized broad-
cast may represent 512 samples of the audio signal input,
taken over a 64 second period. Next, a normalized refer-
ence pattern from a second stage reference library is
matched to an arbitrary portion on the digitized broad-
cast waveform. Note that only the first half of the nor-
malized reference contains a waveform, the second half
being zero filled. Zero filling is used to accomplish
segment splicing which takes the newest reference
block and concatenates it to the previous block. Next, a
cross correlation is carried out between the digitized
broadcast and the normalized reference to provide a
correlation function, as depicted in FIG. 8. Note that
correlation peak CP indicates a high correlation be-
tween the digitized broadcast an the normalized refer-
ence at that particular point.

The correlation process is carried out by first com-
puting the Fourier transform of all five time warped and
un-warped waveforms. This provides complex conju-
gate spectra which are compared with the second stage
reference patterns. The reference patterns themselves
have been previously normalized so that no additional
normalization is required for the reference patterns.
Next, samples from the digitized broadcast and refer-
ence waveform are cross multiplied and inverse Fourier
transformed to provide the correlation signal depicted
in FIG. 8. Note that the correlation function in the zero
filled half of the normalized reference waveform is
minimal. Thus, only correlations in the first half of the
correlation function are valid. The second half of the
correlation function is generated by taking the correla-
tion waveform and essentially reversing it to get a mir-
ror image of the reference waveform. The above-
described cross correlation process is depicted at step
S211 in FIG. 14.

Next, the correlation functions between each second
stage reference pattern and the plurality of time-warped
(and un-warped) input signals are compared to select
the maximum correlation value for the current input
song, as depicted in step S213. The appropriate wave-
form with the highest correlation value is selected and
compared to a threshold value which determines recog-
nition, as depicted in step S215. As soon as a correlation
peak value is determined to be above the pre-set thresh-
old, a victory is declared and it is determined that the
song has been “recognized”. Then, the time of detec-
tion, the date, the broadcasting station, and the song
number may be derived and provided to output periph-
eral equipment. Such decision logging may be carried
out as step $300, depicted in FIG. 9. This completes the
second stage classification process.

Thus, the above-described system and method pro-
vides for an accurate, reliable, yet inexpensive system
for classifying broadcast information. Those of skill in
this field will understand that a wide variety of modifi-
cations may be made without departing from the spirit
and scope of the subject invention.

An additional advantage of the apparatus according
to the present invention is that it may be used to gener-
ate the first and second stage reference libraries. This is
an automatic training procedure in which broadcast
songs are “played into” the system to provide the first
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and second stage reference patterns. The automatic
training procedure first selects the most spectrally dis-
tinctive section of the song for use in reference pattern
generation. Certain sections of a recording are more
spectrally distinctive than others. When such a section
is used to generate a reference pattern, the performance
of a pattern recognizer is improved since it operates on
more information. A measure of the distinctiveness of a
portion of a recording is the bandwidth of this feature
vector. This can be estimated as follows:

B—[;{X ]2/[5{1(2 :|
=| 2 (W) 2 (w)

where X(w) represents the power spectral density at
any particular frequency. Very large bandwidths can be
produced by songs with impulsive features. While these
features are distinctive, they are more subject to distor-
tion and require greater processor dynamic range.

Areas containing impulsive features may be located
by computing the crest factor as a ratio of the peak
feature value to the standard deviation of the feature
vector computed in the same region. A composite fig-
ure of merit is then computed as either the ratio of, or
the difference between, the bandwidth and crest factor
of the second stage feature vector. This is repeated in
small increments of time (for example one second)
throughout the song. At positions where the figure of
merit is highest, a first stage reference feature matrix is
computed and tested for time alignment sensitivity. For
timing errors as large as can be encountered due to
offsets and time scale errors, the resultant distance must
remain below a threshold value. The position in the
song for training is selected as the one with the highest
second stage figure of merit that also passes the first
stage time sensitivity test. Those of skill in this field will
appreciate that the same hardware used to conduct
music classification can also be used to generate the first
and second stage reference libraries.

Therefore, what has been described above is appara-
tus and method for automatically classifying broadcast
information according to stored reference patterns.
Since the system is microprocessor based, it can be
realized in an extremely small and economical package.
The costs of constructing and installing such systems
will be economically advantageous. Those of skill in
this field will readily wunderstand the advantages
achieved by the structure and functions of the above-
described invention.

While the present invention has been described in
connection with what is presently considered to be the
most practical and preferred embodiments, it is to be
understood that the invention is not limited to the dis-
closed embodiment. To the contrary, the present inven-
tion is intended to cover various modifications and
equivalent arrangements included within the spirit and
scope of the appended claims. The scope of the ap-
pended claims is to be accorded the broadest interpreta-
tion so as to encompass all such modifications and
equivalent structures and functions.

We claim:

1. A method of classifying broadcast information,
comprising the steps of:

receiving broadcast information;

(10
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performing a spectral analysis of said information and
providing a plurality of analyzed waveforms corre-
sponding thereto;

generating a spectragram from said waveforms;

comparing the generated spectragram with a plural-
ity of predetermined first stage reference spectra-
grams;

queueing the first stage reference spectragrams in
order of their similarity to said generated spectra-
gram;

correlating at least one of a plurality of predeter-
mined second stage reference patterns which cor-
respond to said first stage reference spectragrams
with one of said analyzed waveforms in the queue-
ing order established in the queueing step to pro-
vide a correlation value for each of the correlated
second stage reference patterns;

monitoring said correlating step to determine when
one of said correlation values exceeds a threshold
correlation value;

identifying the second stage reference pattern which
corresponds to the correlation value which ex-
ceeds said threshold value; and

classifying the broadcast information as similar to the
identified second stage reference pattern.

2. A method according to claim 1 wherein said
queueing step includes the step of restricting the queue
to only those first stage reference spectragrams which
are less than a similarity threshold with respect to said
generated spectragram.

3. A method according to claim 1 wherein the step of
generating said spectragram includes the steps of:

computing a plurality of linear combinations of said
analyzed waveforms;

forming said linear combinations into a multi-channel
feature sequence;

smoothing said feature sequence with a moving aver-
age filter;

resampling the smoothed feature sequence to provide
a low bandwidth feature set; and

forming said feature set into a generated time/fre-
quency spectragram having a matrix of elements.

4. A method according to claim 3 wherein each of
said first stage reference spectragrams has a time/fre-
quency matrix of elements, and wherein said step of
comparing the generated and reference spectragrams
includes the steps of:

(a) calculating a difference between each element of
said generated spectragram and a corresponding
element of one of said reference spectragrams;

(b) summing the differences between said generated
spectragram elements and said one reference spec-
tragram elements;

(c) calculating a distance between said generated
spectragram and said one reference spectragram
based on the difference sum; and

(d) repeating said steps (a)-(c) for each of said plural-
ity of first stage reference spectragrams.

5. A method according to claim 4 wherein said step of
comparing the generated and reference spectragrams
includes the further step of:

(e) comparing each of the calculated distances with a
threshold distance value, and wherein said queue-
ing step includes the step of queueing only those
first stage reference patterns whose corresponding
distances fall below said threshold distance value.

6. A method according to claim 1 wherein said step of
receiving broadcast information includes the step of
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simultaneously receiving a plurality of said broadcast
information from a corresponding plurality of broadcast
sources, and wherein said steps of performing, generat-
ing, comparing, queueing, correlating, monitoring,
identifying, and classifying are performed on said plu-
rality of broadcast information.

7. A method according to claim 1 wherein said step of
performing said spectral analysis includes the steps of:

providing said broadcast information to a plurality of

channels;

bandpass filtering, in each channel, said broadcast

information to provide a filtered signal in each
channel;

rectifying, in each channel, said filtered signal to

provide a rectified signal in each channel; and
providing the plurality of rectified, filtered signals to
said generating step.

8. A method according to claim 7 wherein said step of
bandpass filtering includes the step of providing a dif-
ferent value bandpass filter in each of said channels.

9. A method according to claim 1 wherein said step of
correlating includes the steps of:

receiving one of said analyzed waveforms from said

performing step;

time warping said one analyzed waveform to provide

at least one time warped waveform;
cross correlating said time warped waveform and
said at least one second stage reference pattern to
provide a plurality of correlation values; and

selecting a maximum correlation value from among
said plurality of correlation values.

10. A method according to claim 9 wherein said time
warping step includes the step of providing at least one
stretched time warped waveform, and wherein said
cross correlating step includes the step of independently
cross correlating both said stretched waveform and said
analyzed waveform with said second stage reference
pattern to provide a plurality of correlation values for
each of said analyzed waveform and said stretched
waveform.

11. A method according to claim 10 wherein said
time warping step includes the step of providing at least
one compressed time warped waveform, and wherein
said cross correlating step includes the step of indepen-
dently cross correlating said second stage reference
pattern with said compressed waveform, said stretched
waveform, and said analyzed waveform.

12. A method according to claim 1 further including
the training steps of:

receiving a plurality of reference broadcast informa-

tion;

analyzing each reference broadcast information to

determine a most spectrally distinctive section
thereof;

generating a first stage reference spectragram for

each of said plurality of reference broadcast infor-
mation from the most distinctive section thereof;
and

generating a second stage reference pattern for each

of said plurality of reference broadcast information
from the most distinctive section thereof.

13. A method according to claim 1 further including
the step of normalizing the generated spectragram prior
to said comparing step.

14. A method of classifying broadcast information,
comprising the steps of:

receiving broadcast information;
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comparing said information with a library of first

stage reference patterns;

queueing the first stage reference patterns in an order

of their similarity to said information;

correlating the broadcast information with a library

of second stage reference patterns, which corre-
spond to said first stage reference patterns, in the
queueing order established in the queueing step;
and

classifying said broadcast information as similar to

one of said second stage reference patterns based
on said correlating step.

15. A method according to claim 14 further including
the steps of:

generating a plurality of analyzed waveforms from

said broadcast information;
time warping one of said analyzed waveforms to
provide at least one time warped waveform; and

wherein said correlating step includes the step of
correlating both said one analyzed waveform and
said time warped waveform with said library of
second stage reference patterns.

16. A method according to claim 15 wherein said
time warping step includes the step of linearly time
warping said one analyzed waveform to provide a
stretched waveform.

17. A method according to claim 14 wherein said
receiving step includes the step of simultaneously re-
ceiving a plurality of broadcast information, and
wherein said steps of comparing, queueing, correlating,
and classifying are performed on said plurality of broad-
cast information, substantially simultaneously.

18. A method according to claim 14 further including
the steps of:

processing said broadcast information to provide a

plurality N of analyzed signal patterns correspond-
ing to said broadcast information;

generating a spectragram from said analyzed signal

patterns;

providing said spectragram to said comparing step

for comparison to said first stage reference pat-
terns; and

providing one of said analyzed signal patterns to said

correlating step for correlation with said second
stage reference patterns.

19. A method according to claim 18 wherein said step
of processing includes the steps of:

bandpass filtering said broadcast information into a

plurality of bands; and

computing a plurality of linear combinations of said

plurality of bands to provide said plurality of ana-
lyzed signal patterns.
20. A method according to claim 19 wherein said step
of bandpass filtering includes the steps of bandpass fil-
tering, rectifying, and then lowpass filtering each said
band.
21. A method according to claim 18 wherein said step
of generating a spectragram includes the steps of:
sampling said plurality of analyzed signal patterns at
a predetermined rate;

constructing a time/frequency matrix having N fre-
quency channels, n time channels, and a plurality of
N(n) of matrix elements;

calculating, for each matrix element, a matrix value
X n,n as follows:

XN n©=[KiXV4u(Ol+. . . [KNXV (D]
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where:

t equals time at which samples are taken from said
plurality of analyzed signal patterns;

V4, through Vi, are amplitude values of first
through N’ analyzed signal patterns taken at
sample time t; and

K, through Ky are constants preselected to mini-
mize the influence of broadband impulsive en-
ergy.

22. A method according to claim 21 further including
the step of normalizing said matrix to provide said spec-
tragram.

23. A method according to claim 21 wherein each
said first stage reference pattern comprises an Nxn ref-
erence matrix of elements, and wherein said step of
comparing comprises the steps of:

measuring a variation between each element of the
time/frequency matrix and a corresponding ele-
ment of each of said reference matrices;

summing the measured variations between the time/-
frequency matrix and each reference matrix to
provide a distance measurement for each reference
matrix;

comparing each distance measurement with a thresh-
old value; and

eliminating those first stage reference patterns whose
corresponding distance measurement exceeds said
threshold value.

24. A method according to claim 23 wherein said
queueing step comprises the step of ordering non-
eliminated first stage reference patterns according to
their corresponding distance measurements.

25. A method according to claim 14 wherein said
correlating step includes the steps of:

calculating a correlation value for at least one second
stage reference pattern with reference to said
broadcast information; and

comparing said correlation value with a threshold
correlation value; and

wherein said classifying step includes the step of clas-
sifying said broadcast information as similar to only
the second stage reference pattern whose corre-
sponding correlation value exceeds said threshold
reference value.

26. A method according to claim 14 further including

the training steps of:

(a) analyzing reference broadcast information to iden-
tify a spectrally distinctive portion thereof;

(b) determining a figure of merit for said distinctive
portion using a peak value and a standard deviation
value from said distinctive portion;

(c) generating a first stage reference pattern from said
distinctive portion;

(d) testing the generated first stage reference pattern
for time alignment sensitivity;

(e) repeating said steps (a)-(d) when the generated
first stage reference pattern does not pass the time
sensitivity test; and

(f) using said spectrally distinctive portion to provide
first and second stage reference patterns when said
generated first stage reference pattern passe the
time sensitivity test.

27. A method of classifying broadcast information,

comprising the steps of:

comparing a portion of received broadcast informa-
tion with a library of first stage reference patterns;
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queueing said first stage reference patterns in an order
of their similarity to said broadcast information
portion;

correlating said portion with a library of second stage

reference patterns in the queueing order estab-
lished in said queueing step, said second stage refer-
ence patterns corresponding to said first stage ref-
erence patterns; and

classifying said broadcast information as similar to

one of said second stage reference patterns based
on said correlating step.

28. A method according to claim 27 further including
the steps of:

receiving said broadcast information;

processing said broadcast to provide a plurality of

spectrally distinguishable waveforms;

processing said waveforms to provide processed

spectral information corresponding to said wave-
forms;

and wherein said comparing step compares said pro-

cessed spectral information with said first stage
reference patterns.

29. A method according to claim 28 wherein said step
of processing said waveforms includes the step of pro-
cessing said waveforms to provide a spectragram mairix
having N(n) elements, and wherein each of said first
stage reference patterns includes a reference matrix
having N(n) elements;

measuring a distance value between each element of

said reference matrix and a corresponding element
of said spectragram matrix; and

summing distance values for all of said spectragram

and reference matrix elements to provide a differ-
ence measurement for each reference matrix with
respect to said spectragram matrix.

30. A method according to claim 29 wherein said
queueing step comprises the steps of:

disregarding those reference matrices whose corre-

sponding difference measurements exceed a prede-
termined threshold; and

queueing non-disregarded reference matrices accord-

ing to their respective difference measurements.

31. A method according to claim 27 wherein said
comparing step includes the steps of:

receiving said broadcast information;

processing said broadcast information to provide a

plurality of waveforms; and

processing said waveforms to provide a plurality of

feature sequences which are linear combinations of
said waveforms;

and wherein said correlating step includes the steps

of:

cross-correlating one of said feature sequences with

said second stage reference patterns until a cross
correlation value corresponding to one of said
second stage reference patterns exceeds a predeter-
minéd threshold.

32. A method according to claim 31 further including
the step of: to provide a time-expanded feature sequence
and a time-compressed feature sequence;

and wherein said cross-correlating step includes the

step of cross-correlating said second stage refer-
ence pattern with at least one of said time-expanded
feature sequence, said time-compressed feature
sequence, and said one feature sequence.

33. A method according to claim 27 further including
the training steps of:

providing a plurality of reference information;
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analyzing each of said reference information to iden-
tify a spectrally distinctive portion thereof;
generating a first stage reference pattern from said
distinctive portion;

testing the generated first stage reference pattern for

time alignment sensitivity; and

generating a second stage reference pattern from said

distinctive portion when the generated first stage
reference pattern passes the time alignment sensi-
tivity test.

34. Apparatus for classifying broadcast information,
comprising:

means for receiving broadcast information;

means for performing a spectral analysis of said infor-

mation and providing a plurality of analyzed wave-
forms corresponding thereto;

processing means for (a) generating a spectragram

from said waveforms; (b) comparing the generated
spectragram with a plurality of predetermined first
stage reference spectragrams; (c) queueing the first
stage reference spectragrams in order of their simi-
larity to said generated spectragram; (d) correlat-
ing at least one of a plurality of predetermined
second stage reference patterns which correspond
to said first stage reference spectragrams with one
of said analyzed waveforms in the queueing order
established to provide a correlation value for each
of the correlated second stage reference patterns;
(e) monitoring the correlation to determine when
one of said correlation values exceeds a threshold
correlation value; (f) identifying the second stage
reference pattern which corresponds to the corre-
lation value which exceeds said threshold value;
and (g) classifying the broadcast information as
similar to the identified second stage reference
pattern.

35. Apparatus according to claim 34 wherein said
processing means restricts the queue to only those first
stage reference spectragrams which are less than a simi-
larity threshold with respect to said generated spectra-
gram.

36. Apparatus according to claim 34 wherein said
processing means (al) computes a plurality of linear
combinations of said analyzed waveforms; (a2) forms
said linear combinations into a multi-channel feature
sequence; (a3) smooths said feature sequence with a
moving average filter; resamples the smoothed feature
sequence to provide a low bandwidth feature set; and
(a5) forms said feature set into a generated time/fre-
quency spectragram having a matrix of elements.

37. Apparatus according to claim 36 wherein each of
said first stage reference spectragrams has a time/fre-
quency matrix of elements, and wherein said processing
means (b1) calculates a difference between each element
of said generated spectragram and a corresponding
element of one of said reference spectragrams; (b2)
sums the differences between said generated spectra-
gram elements and said one reference spectragram ele-
ments; (b3) calculates a distance between said generated
spectragram and said one reference spectragrm based
on the difference sum; and (b4) repeats the functions
(b1)~(b4) for each of said plurality of first stage refer-
ence spectragrams.

38. Apparatus according to claim 37 wherein said
processing means (b5) compares each of the calculated
distances with a threshold distance value, and wherein
said processing means queues only those first stage
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reference patterns whose corresponding distances fall
below said threshold distance value.

39. Apparatus according to claim 34 wherein said
means for receiving broadcast information simulta-
neously receives a plurality of said broadcast informa-
tion from a corresponding plurality of broadcast
sources, and wherein said means for performing and
said processing means for (a) generating, (b) comparing,
(c) queueing, (d) correlating, (e) monitoring, (f) identi-
fying, and (g) classifying carries out these functions on
said plurality of broadcast information.

40. Apparatus according to claim 34 wherein said
means for performing said spectral analysis includes:

means for providing said broadcast information to a

plurality of channels;

means for bandpass filtering, in each channel, said

broadcast information to provide a filtered signal in
each channel;

means for rectifying, in each channel, said filtered

signal to provide a rectified signal in each channel;
and

means for providing the plurality of rectified, filtered

signals to said processing means.

41. Apparatus according to claim 40 wherein said
means for bandpass filtering includes a different value
bandpass filter in each of said channels.

42. Apparatus according to claim 34 wherein said
processing means (d1) receives one of said analyzed
waveforms from said means for performing; (d2) time
warps said one analyzed waveform to provide at least
one time warped waveform; (d3) cross correlates said
time warped waveform with said at least one second
stage reference pattern to provide a plurality of correla-
tion values; and (d4) selects a maximum correlation
value from among said plurality of correlation values.

43. Apparatus according to claim 42 wherein said
processing means provides at least one stretched time
warped waveform, and wherein said processing means
independently cross correlates both said stretched
waveform and said analyzed waveform with said sec-
ond stage reference pattern to provide a plurality of
correlation values for each of said analyzed waveform
and said stretched waveform.

44. Apparatus according to claim 43 wherein said
processing means provides at least one compressed time
warped waveform, and wherein said processing means
independently cross correlates said second stage refer-
ence pattern with said compressed waveform, said
stretched waveform, and said analyzed waveform.

45. A method according to claim 34 wherein said
processing means (i1) receives a plurality of reference
broadcast information; (t2) analyzes each reference
broadcast information to determine a most spectrally
distinctive section thereof; (t3) generates a first stage
reference spectragram for each of said plurality of refer-
ence broadcast information from the most distinctive
section thereof; and (t4) generates a second stage refer-
ence pattern for each of said plurality of reference
broadcast information from the most distinctive section
thereof.

46. Apparatus according to claim 34 wherein said
processing means normalizes the generated spectragram
prior to said comparison.

47. Apparatus for classifying broadcast information,
comprising:

means for receiving broadcast information;

processing means for (a) comparing said information

with a library of first stage reference patterns; (b)
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queueing the first stage reference patterns in an
order of their similarity to said information; (c)
correlating the broadcast information with a li-
brary of second stage reference patterns, which
correspond to said first stage reference patterns, in
the queueing order established; and (d) classifying
said broadcast information as similar to one of said
second stage reference patterns based on said cor-
relation.

48. Apparatus according to claim 47 further including
means for generating a plurality of analyzed waveforms
from said broadcast information;

and wherein said processing means (al) time warps

one of said analyzed waveforms to provide at least
one time warped waveform; and wherein said pro-
cessing means correlates both said one analyzed
waveform and said time warped waveform with
said library of second stage reference patterns.

49. Apparatus according to claim 48 wherein said
processing means linearly time warp said one analyzed
waveform to provide a stretched waveform.

50. Apparatus according to claim 47 wherein said
means for receiving includes means for simultaneously
receiving a plurality of broadcast information, and
wherein said processing means performs the processing
functions (a)-(d) on said plurality of broadcast informa-
tion, substantially simultaneously. -

51. Apparatus according to claim 47, wherein said
processing means (al) processes said broadcast informa-
tion to provide a plurality N of analyzed signal patterns
corresponding to said broadcast information; (a2) gen-
erates a spectragram from said analyzed signal patterns;
(a3) provides said spectragram for comparison to said
first stage reference patterns; and (ad) provides one of
said analyzed signal patterns for correlation with said
second stage reference patterns.

52. Apparatus according to claim 51 wherein said
processing means (ala) bandpass filters said broadcast
information into a plurality of bands; and (alb) com-
putes a plurality of linear combinations of said plurality
of bands to provide said plurality of analyzed signal
patterns.

53. Apparatus according to claim 52 wherein said
processing means rectifies, and then lowpass filters each
said band.

54. A method according to claim 51 wherein said
processing means (a24) samples said plurality of ana-
lyzed signal patterns at a predetermined rate; (a2b) con-
structs a time/frequency matrix having N frequency
channels, n time channels, and a plurality of N(n) of
matrix elements; and (a2c) calculates, for each matrix
element, a matrix value Xy, as follows:

XN =KX Van(Ol+. - - [KNX Vn(®)]

where:

t equals time at which samples are taken from said
plurality of analyzed signal patterns;

V4, through Vpy, are amplitude values of first
through N analyzed signal patterns; taken at sam-
ple time t; and

K;through Kvare constants preselected to minimize
the influence of broadband impulsive energy.

55. A method according to claim 54 wherein said
processing means normalizes said matrix to provide said
spectragram.

56. Apparatus according to claim 54 wherein each
first stage reference pattern comprises an Nxn reference
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matrix of elements, and wherein said processing means
(a5) measures a variation between each element of the
time/frequency matrix and a corresponding element of
each of said reference matrices; (a6) sums the measured
variations between the time/frequency matrix and each
reference matrix to provide a distance measurement of
each reference 'matrix; (a7) compares each distance
measurement with a threshold value; and (a8) eliminates
those first stage reference patterns whose correspond-
ing distance measurement exceeds said threshold value.

57. Apparatus according to claim 56 wherein said
processing means queues non-eliminated first stage ref-
erence patterns according to their corresponding dis-
tance measurements.

58. Apparatus according to claim 47 wherein said
processing means (c1) calculates a correlation value for
at least one second stage reference pattern with refer-
ence to said broadcast information; and (c2) compares
said correlation value with a threshold correlation
value; and wherein said processing means classifies said
broadcast information as similar to only the second
stage reference pattern whose corresponding correla-
tion value exceeds said threshold reference value.

59. Apparatus according to claim 47 wherein said
processing means analyzes said broadcast information
to identify a spectrally distinctive portion thereof; (f)
determines a figure of merit for said distinctive portion
using a peak value and a peak value standard deviation
from said distinctive portion; (g) generates a first stage
reference pattern from said distinctive portion; (h) tests
the generated first stage reference pattern for time
alignment sensitivity; (i) repeats the functions (e)-(h)
when the generated first stage reference pattern does
not pass the time sensitivity test; and uses said spectrally
distinctive portion to provide first and second stage
reference patterns when said generated first stage refer-
ence pattern passes the time sensitivity test.

60. Apparatus for classifying broadcast information,
comprising:

means for receiving said broadcast information; and

processing means for () comparing a portion of the

received broadcast information with a library of
first stage reference patterns; (b) queueing said first
stage reference patterns in an order of their similar-
ity to said broadcast information portion; (c) corre-
lating said portion with a library of second stage
reference patterns in the queueing order estab-
lished in said queueing step, said second stage refer-
ence patterns corresponding to said first stage ref-
erence patterns; and (d) classifying said broadcast
information as similar to one of said second stage
reference patterns based on said correlating step.

61. Apparatus according to claim 60 further including

means for receiving said broadcast information;
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means for processing said broadcast to provide a
plurality of spectrally distinguishable waveforms;
and wherein said processing means (i) processes said
waveforms to provide processed spectral informa-
tion corresponding to said waveforms; and (ii)
compares said processed spectral information with
said first stage reference patterns.

62. Apparatus according to claim 61 wherein said
processing means (ia) processes said waveforms to pro-
vide a spectragram matrix having Nxn elements,
wherein each of said first stage reference patterns in-
cludes a reference matrix having Nxn elements, (iia)
measures a distance value between each element of said
reference matrix and a corresponding element of said
spectragram matrix, and (iib) sums distance values for
all of said spectragram and reference matrix elements to
provide a difference measurement for each reference
matrix with respect to said spectragram matrix.

63. Apparatus according to claim 62 wherein said
processing means (b1) disregards those reference matri-
ces whose corresponding difference measurements ex-
ceed a predetermined threshold, and (b2) queues non-
disregarded reference matrices according to their re-
spective difference measurements.

64. Apparatus according to claim 60 wherein said
processing means (al) processes said broadcast informa-
tion to provide a plurality of waveforms, and (a2) pro-
cesses said waveforms to provide a plurality of feature
sequences which are linear combinations of said wave-
forms; and wherein said processing means (c1) cross-
correlates one of said feature sequences with said sec-
ond stage reference patterns until a cross correlation
value corresponding to one of said second stage refer-
ence patterns exceeds a predetermined threshold.

65. Apparatus according to claim 64 wherein said
processing means (ci) time warps said one feature se-
quence to provide a time-expanded feature sequence
and a time-compressed feature sequence, and wherein
said processing means (c2) cross-correlates said second
stage reference pattern with at least one of said time-
expanded feature sequence, said time-compressed fea-
ture sequence, and said one feature sequence.

66. Apparatus according to claim 60 wherein said
processing means (t1) provides a plurality of reference
information, (t2) analyzes each of said reference infor-
mation to identify a spectrally distinctive portion
thereof, (t3) generates a first stage reference pattern
from said distinctive portion; (t4) tests the generated
first stage reference pattern for time alignment sensitiv-
ity; and (t5) generates a second stage reference pattern
from said distinctive portion when the generated first
stage reference pattern passes the time alignment sensi-

tivity test.
* * * * *
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