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(7) ABSTRACT

Methods and apparatus are provided for retrieving audio
information based on the audio content as well as the
identity of the speaker. The results of content and speaker-
based audio information retrieval methods are combined to
provide references to audio information (and indirectly to
video). A query search system retrieves information respon-
sive to a textual query containing a text string (one or more
key words), and the identity of a given speaker. An indexing
system transcribes and indexes the audio information to
create time-stamped content index file(s) and speaker index
file(s). An audio retrieval system uses the generated content
and speaker indexes to perform query-document matching
based on the audio content and the speaker identity. Docu-
ments satisfying the user-specified content and speaker
constraints are identified by comparing the start and end
times of the document segments in both the content and
speaker domains. Documents satisfying the user-specified
content and speaker constraints are assigned a combined
score that can be used in accordance with the present
invention to rank-order the identified documents returned to
the user, with the best-matched segments at the top of the
list.
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METHODS AND APPARATUS FOR
RETRIEVING AUDIO INFORMATION USING
CONTENT AND SPEAKER INFORMATION

FIELD OF THE INVENTION

The present invention relates generally to information
retrieval systems and, more particularly, to methods and
apparatus for retrieving multimedia information, such as
audio and video information, satisfying user-specified cri-
teria from a database of multimedia files.

BACKGROUND OF THE INVENTION

Information retrieval systems have focused primarily on
retrieving text documents from large collections of text. The
basic principles of text retrieval are well established and
have been well documented. See, for example, G. Salton,
Automatic Text Processing, Addison-Wesley, 1989. An
index is a mechanism that matches descriptions of docu-
ments with descriptions of queries. The indexing phase
describes documents as a list of words or phrases, and the
retrieval phase describes the query as a list of words or
phrases. A document (or a portion thereof) is retrieved when
the document description matches the description of the
query.

Data retrieval models required for multimedia objects,
such as audio and video files, are quite different from those
required for text documents. There is little consensus on a
standard set of features for indexing such multimedia infor-
mation. One approach for indexing an audio database is to
use certain audio cues, such as applause, music or speech.
Similarly, an approach for indexing video information is to
use key frames, or shot changes. For audio and video
information that is predominantly speech, such as audio and
video information derived from broadcast sources, the cor-
responding text may be generated using a speech recognition
system and the transcribed text can be used for indexing the
associated audio (and video).

Currently, audio information retrieval systems consist of
two components, namely, a speech recognition system to
transcribe the audio information into text for indexing, and
a text-based information retrieval system. Speech recogni-
tion systems are typically guided by three components,
namely, a vocabulary, a language model and a set of pro-
nunciations for each word in the vocabulary. A vocabulary
is a set of words that is used by the speech recognizer to
translate speech to text. As part of the decoding process, the
recognizer matches the acoustics from the speech input to
words in the vocabulary. Therefore, the vocabulary defines
the words that can be transcribed. If a word that is not in the
vocabulary is to be recognized, the unrecognized word must
first be added to the vocabulary.

A language model is a domain-specific database of
sequences of words in the vocabulary. A set of probabilities
of the words occurring in a specific order is also required.
The output of the speech recognizer will be biased towards
the high probability word sequences when the language
model is operative. Thus, correct decoding is a function of
whether the user speaks a sequence of words that has a high
probability within the language model. Thus, when the user
speaks an unusual sequence of words, the decoder perfor-
mance will degrade. Word recognition is based entirely on
its pronunciation, i.e., the phonetic representation of the
word. For best accuracy, domain-specific language models
must be used. The creation of such a language model
requires explicit transcripts of the text along with the audio.

Text-based information retrieval systems typically work
in two phases. The first phase is an off-line indexing phase,
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where relevant statistics about the textual documents are
gathered to build an index. The second phase is an on-line
searching and retrieval phase, where the index is used to
perform query-document matching followed by the return of
relevant documents (and additional information) to the user.
During the indexing phase, the text output from the speech
recognition system is processed to derive a document
description that is used in the retrieval phase for rapid
searching.

During the indexing process, the following operations are
generally performed, in sequence: (i) tokenization, (ii) part-
of-speech tagging, (iii) morphological analysis, and (iv)
stop-word removal using a standard stop-word list. Tokeni-
zation detects sentence boundaries. Morphological analysis
is a form of linguistic signal processing that decomposes
nouns into their roots, along with a tag to indicate the plural
form. Likewise, verbs are decomposed into units designating
person, tense and mood, along with the root of the verb. For
a general discussion of the indexing process, see, for
example, S. Dharanipragada et al., “Audio-Indexing for
Broadcast News,” in Proc. SDR97, 1997.incorporated by
reference herein.

While such content-based audio information retrieval
systems allow a user to retrieve audio files containing one or
more key words specified in a user-defined query, current
audio information retrieval systems do not allow a user to
selectively retrieve relevant audio files based on the identity
of the speaker. Thus, a need exists for a method and
apparatus that retrieves audio information based on the
audio content as well as the identity of the speaker.

SUMMARY OF THE INVENTION

Generally, a method and apparatus are disclosed for
retrieving audio information based on the audio content as
well as the identity of the speaker. The disclosed audio
retrieval system combines the results of content and speaker-
based audio information retrieval methods to provide refer-
ences to audio information (and indirectly to video).

According to one aspect of the invention, a query search
system retrieves information responsive to a textual query
containing a text string (one or more key words), and the
identity of a given speaker. The constraints of the user-
defined query are compared to an indexed audio or video
database (or both) and relevant audio/video segments con-
taining the specified words spoken by the given speaker are
retrieved for presentation to the user.

The disclosed audio retrieval system consists of two
primary components. An indexing system transcribes and
indexes the audio information to create time-stamped con-
tent index file(s) and speaker index file(s). An audio retrieval
system uses the generated content and speaker indexes to
perform query-document matching based on the audio con-
tent and the speaker identity. Relevant documents (and
possibly additional information) are returned to the user.

Documents satistying the user-specified content and
speaker constraints are identified by comparing the start and
end times of the document segments in both the content and
speaker domains. According to another aspect of the
invention, the extent of the overlap between the content and
speaker domains is considered. Those document segments
that overlap more are weighted more heavily. Generally,
documents satisfying the user-specified content and speaker
constraints are assigned a combined score computed using
the following equation:

combined score=(ranked document score+(lambda*speaker seg-
ment score))*overlap factor

The ranked document score ranks the content-based infor-
mation retrieval, for example, using the Okapi equation. The
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speaker segment score is a distance measure indicating the
proximity between the speaker segment and the enrolled
speaker information and can be calculated during the index-
ing phase. Lambda is a variable that records the degree of
confidence in the speaker identity process, and is a number
between zero and one.

Generally, the overlap factor penalizes segments that do
not overlap completely, and is a number between zero and
one. The combined score can be used in accordance with the
present invention to rank-order the identified documents
returned to the user, with the best-matched segments at the
top of the list.

A more complete understanding of the present invention,
as well as further features and advantages of the present
invention, will be obtained by reference to the following
detailed description and drawings.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1 is a block diagram of an audio retrieval system
according to the present invention;

FIG. 2A is a table from the document database of the
content index file(s) of FIG. 1;

FIG. 2B is a table from the document chunk index of the
content index file(s) of FIG. 1;

FIG. 2C is a table from the unigram file (term frequency)
of the content index file(s) of FIG. 1;

FIG. 2D is a table from the an inverse document index,
(IDF) of the content index file(s) of FIG. 1,

FIG. 3 is a table from the speaker index file(s) of FIG. 1;

FIG. 4 illustrates a representative speaker enrollment
process in accordance with the present invention;

FIG. § is a flow chart describing an exemplary indexing
system process, performed by the audio retrieval system of
FIG. 1, and

FIG. 6 is a flow chart describing an exemplary content and
speaker audio retrieval system process, performed by the
audio retrieval system of FIG. 1.

DETAILED DESCRIPTION OF PREFERRED
EMBODIMENTS

An audio retrieval system 100 according to the present
invention is shown in FIG. 1. As discussed further below, the
audio retrieval system 100 combines the results of two
distinct methods of searching for audio material to provide
references to audio information (and indirectly to video)
based on the audio content as well as the identity of the
speaker. Specifically, the results of a user-specified content-
based retrieval, such as the results of a Web search engine,
are combined in accordance with the present invention with
the results of a speaker-based retrieval.

The present invention allows a query search system to
retrieve information responsive to a textual query containing
an additional constraint, namely, the identity of a given
speaker. Thus, a user query includes a text string containing
one or more key words, and the identity of a given speaker.
The present invention compares the constraints of the user-
defined query to an indexed audio and/or video database and
retrieves relevant audio/video segments containing the
specified words spoken by the given speaker.

As shown in FIG. 1, the audio retrieval system 100 of the
present invention consists of two primary components,
namely, an indexing system 500 that transcribes and indexes
the audio information, and an audio retrieval system 600. As
discussed further below, the indexing system 500 processes
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the text output from a speech recognition system during the
indexing phase to perform content indexing and speaker
indexing. During the retrieval phase, the content and speaker
audio retrieval system 600 uses the content and speaker
indexes generated during the indexing phase to perform
query-document matching based on the audio content and
speaker identity and to return relevant documents (and
possibly additional information) to the user.

As discussed below, the speech recognition system pro-
duces transcripts with time-alignments for each word in the
transcript. Unlike a conventional information retrieval
scenario, there are no distinct documents in the transcripts
and therefore one has to be artificially generated. In the
illustrative embodiment, for the content-based index, the
transcribed text corresponding to each audio or video file is
automatically divided into overlapping segments of a fixed
number of words, such as 100 words, and each segment is
treated as a separate document. In an alternative
implementation, topic identification schemes are used to
segment the files into topics. Likewise, for the speaker-based
index, the audio or video file is automatically divided into
individual segments associated with a given speaker. Thus,
a new segment is created each time a new speaker speaks.

The present invention establishes the best portions of the
audio as determined by the content-based retrieval and the
speaker-based retrieval. It is noted that the size of a segment
in the content based index is about the time it takes to speak
100 words, which is approximately 30 seconds. The length
of a segment in the speaker-based index, however, is
variable, being a function of the speaker change detector.
Thus, the segment length cannot be predicted. Thus, accord-
ing to a feature of the present invention, the start and end
times of the segments in both domains are compared.

According to a further feature of the present invention, the
extent of the overlap between the content and speaker
domains is considered. Those documents that overlap more
are weighted more heavily. Generally, as discussed further
below in conjunction with FIG. 6, the combined score is
computed using the following equation:

combined score=(ranked document score+(lambda*speaker seg-
ment score))*overlap factor

The ranked document score ranks the content-based infor-
mation retrieval, for example, using the Okapi equation,
discussed below. The ranked document score is a function of
the query terms, and is thus calculated at retrieval time. The
speaker segment score is a distance measure indicating the
proximity between the speaker segment and the enrolled
speaker information and can be calculated during the index-
ing phase. Lambda is a variable that records the degree of
confidence in the speaker identity process, and is a number
between zero and one. The overlap factor penalizes seg-
ments that do not overlap completely, and is a number
between zero and one. The combined score can be used to
rank-order the identified documents returned to the user,
with the best-matched segments at the top of the list.

FIG. 1 is a block diagram showing the architecture of an
illustrative audio retrieval system 100 in accordance with the
present invention. The audio retrieval system 100 may be
embodied as a general purpose computing system, such as
the general purpose computing system shown in FIG. 1. The
audio retrieval system 100 includes a processor 110 and
related memory, such as a data storage device 120, which
may be distributed or local. The processor 110 may be
embodied as a single processor, or a number of local or
distributed processors operating in parallel. The data storage
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device 120 and/or a read only memory (ROM) are operable
to store one or more instructions, which the processor 110 is
operable to retrieve, interpret and execute.

The data storage device 120 preferably includes an audio
corpus database 150 for storing one or more audio or video
files (or both) that can be indexed and retrieved in accor-
dance with the present invention. In addition, the data
storage device 120 includes one or more content index file(s)
200 and one or more speaker index file(s) 300, discussed
below in conjunction with FIGS. 2 and 3, respectively.
Generally, as discussed below in conjunction with FIGS. 2A
through 2D, the content index file(s) 200 includes a docu-
ment database 210 (FIG. 2A), a document chunk index 240
(FIG. 2B), a unigram file (term frequency) 260 (FIG. 2C)
and an inverse document index (IDF) 275 (FIG. 2D). The
content index file(s) 200 are generated in conjunction with
a speech recognition system during an indexing phase and
describes the audio (or video) documents as a list of words
or phrases, together with additional indexing information.
The speaker index file(s) 300 is generated in conjunction
with a speaker identification system during the indexing
phase and provides a speaker label for each segment of an
audio file. Thereafter, during the retrieval phase, the content
index file(s) 200 and speaker index file(s) 300 are accessed
and a document is retrieved if the document description in
the content index file(s) 200 matches the description of the
user-specified query and the speaker identity indicated by
the speaker label in the speaker index file(s) 300 matches the
designated speaker identity.

In addition, the data storage device 120 includes the
program code necessary to configure the processor 110 as an
indexing system 500, discussed further below in conjunction
with FIG. 5, and a content and speaker audio retrieval
system 600, discussed further below in conjunction with
FIG. 6. As previously indicated, the indexing system 500
analyzes one or more audio files in the audio corpus database
150 and produces the corresponding content index file(s)
200 and speaker index file(s) 300. The content and speaker
audio retrieval system 600 accesses the content index file(s)
200 and speaker index file(s) 300 in response to a user-
specified query to perform query-document matching based
on the audio content and speaker identity and to return
relevant documents to the user.

INDEX FILES

As previously indicated, the audio sample is initially
transcribed, for example, using a speech recognition system,
to produce a textual version of the audio information.
Thereafter, the indexing system 500 analyzes the textual
version of the audio file(s) to produce the corresponding
content index file(s) 200 and speaker index file(s) 300.

As previously indicated, the content index file(s) 200
includes a document database 210 (FIG. 2A), a document
chunk index 240 (FIG. 2B), a unigram file (term frequency)
260 (FIG. 2C) and an inverse document index (IDF) 275
(FIG. 2D). Generally, the content index files 200 store
information describing the audio (or video) documents as a
list of words or phrases, together with additional indexing
information. In the illustrative embodiment, the content
index file(s) 200 records, among other things, statistics
required by the Okapi equation.

The document database 210 (FIG. 2A) maintains a plu-
rality of records, such as records 211 through 214, each
associated with a different 100 word document chunk in the
illustrative embodiment. In one implementation, there is a
50 word overlap between documents. For each document
chunk identified in field 220, the document database 210
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indicates the start and end time of the chunk in fields 222 and
224, respectively, as well as the document length in field
226. Finally, for each document chunk, the document data-
base 210 provides a pointer to a corresponding document
chunk index 240, that indexes the document chunk.
Although documents have a fixed length of 100 words in the
illustrative embodiment, the length in bytes can vary. As
discussed below, the document length (in bytes) is used to
normalize the scoring of an information retrieval.

The document chunk index 240 (FIG. 2B) maintains a
plurality of records, such as records 241 through 244, each
associated with a different word in the corresponding docu-
ment chunk. Thus, in the illustrative implementation, there
are 100 entries in each document chunk index 240. For each
word string (from the document chunk) identified in field
250, the document chunk index 240 indicates the start time
of the word in field 255.

A unigram file (term frequency) 260 (FIG. 2C) is asso-
ciated with each document, and indicates the number of
times each word occurs in the document. The unigram file
260 maintains a plurality of records, such as records 261
through 264, each associated with a different word appearing
in the document. For each word string identified in field 265,
the unigram file 260 indicates the number of times the word
appears in the document in field 270.

The inverse document index 275 (FIG. 2D) indicates the
number of times each word appears in the collection of
documents (the audio corpus), and is used to rank the
relevance of the current document amongst all documents in
which the word occurs. The inverse document index 275
maintains a plurality of records, such as records 276 through
279, each associated with a different word in the vocabulary.
For each word identified by the vocabulary identifier in field
280, the inverse document index 275 indicates the word
string in field 285, the inverse document frequency (IDF) in
field 290 and a list of the documents in which the word
appears in field 295. The list of documents in field 295
permits a determination of whether the word appears in any
documents without actually searching.

As previously indicated, the speaker index file(s) 300,
shown in FIG. 3, provides a speaker label for each segment
of an audio file. The speaker index file(s) 300 maintains a
plurality of records, such as records 305 through 312, each
associated with a different segment of an audio file. Each
segment of speech is associated with a different speaker. For
each segment identified in field 325, the speaker index file(s)
300 identifies the corresponding speaker in field 330, and the
corresponding audio or video file containing the segment in
field 335. In addition, the speaker index file(s) 300 also
indicates the start and end time of the segment (as offsets
from the start of the file) in fields 340 and 345, respectively.
The speaker index file(s) 300 indicates a score (distance
measure) in field 350 indicating the proximity between the
speaker segment and the enrolled speaker information, as
discussed below in conjunction with FIG. 5.

SPEAKER REGISTRATION PROCESS

FIG. 4 illustrates a known process used to register or
enroll speakers. As shown in FIG. 4, for each registered
speaker, the name of the speaker is provided to a speaker
enrollment process 410, together with a speaker training file,
such as a pulse-code modulated (PCM) file. The speaker
enrollment process 410 analyzes the speaker training file,
and creates an entry for each speaker in a speaker database
420. The process of adding speaker’s voice samples to the
speaker database 420 is called enrollment. The enrollment
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process is offline and the audio indexing system assumes
such a database exists for all speakers of interest. About a
minute’s worth of audio is generally required from each
speaker from multiple channels and microphones encom-
passing multiple acoustic conditions. The training data or
database of enrolled speakers is stored using a hierarchical
structure so that accessing the models is optimized for
efficient recognition and retrieval.

INDEXING PROCESS

As previously indicated, during the indexing phase, the
indexing system 500, shown in FIG. 5, processes the text
output from the speech recognition system to perform con-
tent indexing and speaker indexing. As shown in FIG. 5, the
content indexing and speaker indexing are implemented
along two parallel processing branches, with content index-
ing being performed in steps 510 through 535, and speaker
indexing being performed during steps 510 and 550 through
575. It is noted, however, that the content indexing and
speaker indexing can be performed sequentially, as would be
apparent to a person of ordinary skill in the art.

As an initial step for both content indexing and speaker
indexing, capstral features are extracted from the audio files
during step 510, in a known manner. Generally, step 510
changes the domain of the audio files to the frequency
domain, reduces the dynamic range and performs an inverse
transform to return the signal to the time domain.
Content-Indexing

The audio information is then applied to a transcription
engine, such as the ViaVoice™ speech recognition system,
commercially available from IBM Corporation of Armonk,
N.Y., during step 515 to produce a transcribed file of
time-stamped words. Thereafter, the time-stamped words
are collected into document chunks of a fixed length, such
as 100 words in the illustrative embodiment, during step
520.

The statistics required for the content index file(s) 200 are
extracted from the audio files during step 530. As discussed
above, the indexing operations includes: (i) tokenization, (ii)
part-of-speech tagging, (iii) morphological analysis, and (iv)
stop-word removal using a standard stop-word list. Tokeni-
zation detects sentence boundaries. Morphological analysis
is a form of linguistic signal processing that decomposes
nouns into their roots, along with a tag to indicate the plural
form. Likewise, verbs are decomposed into units designating
person, tense and mood, along with the root of the verb.

During step 530, the indexing system 500 obtains the
statistics required by the Okapi equation. For each word
identified in the audio field, the following information is
obtained: the term frequency (number of times the word
appears in a given document); the inverse document fre-
quency (IDF) (indicating the number of documents in which
the word occurs); the document length (for normalization)
and a set of chain linked pointers to each document con-
taining the word (an inverted index).

The information obtained during step 530 is stored in a
content index file(s) 200 during step 535, or if a content
index file(s) 200 already exists, the information is updated.
Speaker-Indexing

As discussed further below, the speaker-based informa-
tion retrieval system consists of two components: (1) an
acoustic-change detection system (often referred to as
speaker segmentation), and (2) a speaker-independent,
language-independent, text-independent speaker recogni-
tion system. To automate the speaker identification process,
the boundaries (turns) between non-homogencous speech
portions must be detected during step 550. Each homoge-
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neous segment should correspond to the speech of a single
speaker. Once delineated, each segment can be classified as
having been spoken by a particular speaker (assuming the
segment meets the minimum segment length requirement
required for speaker recognition system).

The model-selection criterion used to segment the speech
during step 550 of the illustrative embodiment, is the well-
known Bayesian Information Criterion (BIC). The input
audio stream can be modeled as a Gaussian process on the
cepstral space. BIC is a maximum likelihood approach to
detect (speaker) turns of a Gaussian process. The problem of
model identification is to choose one from among a set of
candidate models to describe a given data set. It assumes the
frames (10 ms) derived from the input audio signal are
independent and result from a single-gaussian process. In
order to detect if there is a speech change in a window of N
feature vectors after the frame i, 1=i<N, two models are
built. The first model represents the entire window by one
Gaussian, characterized by its mean and fill covariance {u,
3}. The second model represents the first part of the window,
up to frame i, with a first Gaussian {,, 2}, and the second
part of the window with another Gaussian {u,, 2,}. The
criterion is then expressed as: ABIC(i)=—R(i)+\P, where

. N Ny Ny
R() = Eloglzl - 710g|21| - Tloglzzl

and

oLy, ddrDy
‘§(+ 2 ]%N

is the penalty associated to the window, N, =i is the number
of frames of the first part of the window, and N,=(N-i) is the
number of frames of the second part; d is the dimension of
the frames. Therefore, P reflects the complexity of the
models, as

did+1)
d+ 3

is the number of parameters used to represent the Gaussians.

ABIC<0 implies, taking the penalty into account, that the
model splitting the window into two Gaussians is more
likely than the model representing the entire window with
only a single Gaussian. The BIC therefore behaves like a
thresholded-likelihood ratio criterion, where the threshold is
not empirically tuned but has a theoretical foundation. This
criterion is robust and requires no prior training.

In the illustrative implementation, the BIC algorithm has
been implemented to make it fast without impairing the
accuracy. The feature vectors used are simply mel-cepstra
frames using 24 dimensions. No other processing is done on
these vectors. The algorithm works on a window-by-
window basis, and in each window, a few frames are tested
to check whether they are BIC-prescribed segment bound-
aries. If no segment boundary is found (positive ABIC), then
the window size is increased. Otherwise, the old window
location is recorded, which also corresponds to the start of
a new window (with original size).

A detailed set of steps for a BIC implementation is set
forth below. The BIC computations are not performed for
each frame of the window for obvious practical reasons.
Instead, a frame resolution r is used, which splits the window
into M=N/r subsegments. Out of the resulting (M-1) BIC
tests, the one that leads to the most negative ABIC is
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selected. If such a negative value exists, the detection
window is reset to its minimal size, and a refinement of the
point detected is performed, with a better resolution. These
refinement steps increase the total number of computations
and impact the speed-performance of this algorithm. Hence,
these should be tailored to the particular user environment,
real-time or offline.

If no negative value is found, the window size is increased
from N,_, to N, frames using the following rule” N,=N,_,+
AN,, with N, also increasing when no change is found:
N;-N,_;=2(N,_;-N,_,). This speeds up the algorithm in
homogeneous segments of the speech signal. In order not to
increase the error rate though, the AN, has an upper bound.
When the detection window gets too big, the number of BIC
computations is further reduced. If more than M,,,,, subseg-
ments are present, only M, -1) BIC computations will be
performed—skipping the first.

During step 555, the results of step 550 are used to
analyze the features produced during step 510 and to gen-
erate segment utterances, comprised of chunks of speech by
a single speaker. The segment utterances are applied during
step 560 to a speaker identification system. For a discussion
of a speaker identification system, see, for example, H. S. M.
Beigi et al, “IBM Model-Based and Frame-By-Frame
Speaker-Recognition,” in Proc. of Speaker Recognition and
Its Commercial and Forensic Applications, Avignon, France
(1998). Generally, the speaker identification system com-
pares the segment utterances to the speaker database 420
(FIG. 4) and finds the “closest” speaker.

The speaker identification system has two different
implementations, a model-based approach and a frame-
based approach with concomitant merits and demerits. The
engine is both text and language independent to facilitate
live audio indexing of material such as broadcast news.
Speaker Identification—The Model-Based Approach

To create a set of training models for the population of
speakers in the database, a model M, for the i speaker based
on a sequence of M frames of speech, with the

s
d-dimensional feature vector { f,,},._; . as Is computed.
These models are stored in terms of their statistical

parameters, such as, {ﬁl J-,Zi)j,éi timt »p CODSisting of
the Mean vector, the Covariance matrix, and the Counts, for
the case when a Gaussian distribution is selected. Each
speaker, i, may end up with a model consisting of n;
distributions.

Using the distance measure proposed in H. S. M. Beigi et.
al, A Distance Measure Between Collections of Distribu-
tions and Its Application to Speaker Recognition,” Proc.
ICASSP98}, Seattle, Wash., 1998, for comparing two such
models, a hierarchical structure is created to devise a speaker
recognition system with many different capabilities includ-
ing speaker identification (attest a claim), speaker classifi-
cation (assigning a speaker), speaker verification (second
pass to confirm classification by comparing label with a
“cohort” set of speakers whose characteristics match those
of the labeled speaker), and speaker clustering.

The distance measure devised for speaker recognition
permits computation of an acceptable distance between two
models with a different number of distributions n;. Compar-
ing two speakers solely based on the parametric represen-
tation of their models obviates the need to carry the features
around making the task of comparing two speakers much
less computationally intensive. A short-coming of this dis-
tance measure for the recognition stage, however, is that the
entire speech segment has to be used to build the model of
the test individual (claimant) before computation of the
comparison can begin. The frame-by-frame approach alle-
viates this problem.

10

15

20

25

30

35

40

45

50

55

60

65

10

Speaker Identification—The Frame-By-Frame Approach
Let M, be the model corresponding to the i** enrolled
speaker. M; is entirely defined by the parameter set, {

7u, U,Fu} ST s consisting of the mean vector,
covariance matrix, and mixture weight for each of the n,
components of speaker i’s Gaussian Mixture Model
(GMM). These models are created using training data con-
sisting of a sequence of M frames of speech, with the

d-dimensional feature vector, {?m}mﬂ) ... an as described
in the previous section. If the size of the speaker population
is N, then the set of the model universe is {M,},_;

The fundamental goal is to find the i such that M, best
explains the test data, represented as a sequence of N frames

{?n}nﬂ) ... or tomake a decision that none of the models
describes the data adequately. The following frame-based
weighted likelihood distance measure, d, , is used in making

the decision:

in’

7
d;, = —log Z piip(ful j* component of M;H,
=)

where, using a Normal representation,

1 o2 5 )
o 7

P71 =

The total distance, D,, of model M; from the test data is then
taken to be the sum of all the distances over the total number
of test frames.

For classification, the model with the smallest distance to
that of the speech segment is chosen. By comparing the
smallest distance to that of a background model, one could
provide a method to indicate that none of the original models
match very well. Alternatively, a voting technique may be
used for computing the total distance.

For verification, a predetermined set of members that
form the cohort of the labeled speaker is augmented with a
variety of background models. Using this set as the model
universe, the test data is verified by testing if the claimant’s
model has the smallest distance; otherwise, it is rejected.

This distance measure is not used in training since the
frames of speech would have to retained for computing the
distances between the speakers. The training is done,
therefore, using the method for the model-based technique
discussed above.

The index file for speaker-based retrieval is built by taking
a second pass over the results of speaker classification and
verification during step 565. If the speaker identification is
verified during step 565, then the speaker label is assigned
to the segment during step 570.

As previously indicated, each classification result is
accompanied by a score indicating the distance from the
original enrolled speaker model to the audio test segment,
the start and end times of the segment relative to the
beginning of the audio clip concerned, and a label (name of
the speaker supplied during enrollment). In addition, for any
given audio clip, all the segments assigned to the same
(speaker) label are gathered. They are then sorted by their
scores and normalized by the segment with the best score.
For every new audio clip processed by the system and added
to the index, all the labeled segments are again sorted and
re-normalized.

This information is stored in a speaker index file(s) 300
during step 575, or if a speaker index file(s) 300 already
exists, the information is updated.
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RETRIEVAL PROCESS

As previously indicated, during the retrieval phase, the
content and speaker audio retrieval system 600, shown in
FIG. 6, uses the content and speaker indexes generated
during the indexing phase to perform query-document
matching based on the audio content and speaker identity
and to return relevant documents (and possibly additional
information) to the user. Generally, retrieval can be per-
formed using two distinct, non-overlapping modules, one for
content-based and the other for speaker-based retrieval. The
two modules can be programmed to run concurrently using
threads or processes since they are completely independent.
In the illustrative implementation both modules run sequen-
tially.

At retrieval time, the content and speaker audio retrieval
system 600 loads the same vocabularies, tag dictionaries,
morphological tables and token tables that were used in
indexing during steps 610 and 20. The appropriate content
index file(s) 200 and speaker index file(s) 300 are loaded
into memory during step 620. A test is performed during step
625 until a query is received.

The query string is received and processed during step
630. In response to a received textual query, the query string
is compared during step 635 against the content index file(s)
200 to compute the most relevant document(s) using an
objective ranking function (ranked document score). The
ranked document score that is used in the ranking of these
documents is also recorded for subsequent computing of the
combined scores in accordance with the present invention
(step 645).

The following version of the Okapi formula, for comput-
ing the ranked document score between a document d and a
query q is used:

cala)—2B) g

S(d, q) =Z »
ap+azy +calge)

k=1

Here, q, is the k™ term in the query, Q is the number of terms
in the query, c,(q,) and ¢ (q,) are the counts of the k™ term
in the query and document respectively, 1, is the length of the
document, 1 is the average length of the documents in the
collection, and idf(q,) is the inverse document frequency for

the term g, which is given by:
. (N -n(g)+05
idf (q) = IOE(W],

where N is the total number of documents and n(qy) is the
number of documents that contain the term q,. The inverse
document frequency term thus favors terms that are rare
among documents. (For unigrams, o,=0.5 and o,=1.5).
Clearly, the idf can be pre-calculated and stored as can most
of the elements of the scoring function above except for the
items relating to the query.

Each query is matched against all the documents in the
collection and the documents are ranked according to the
computed score from the Okapi formula indicated above.
The ranked document score takes into account the number of
times each query term occurs in the document normalized
with respect to the length of the document. This normaliza-
tion removes bias that generally favor longer documents
since longer documents are more likely to have more
instances of any given word. This function also favors terms
that are specific to a document and rare across other docu-
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ments. (If a second pass is used, the documents would be
re-ranked by training another model for documents, using
the top-ranked documents from the first pass as training
data.)

Thereafter, the identified documents (or a subset thereof)
are analyzed during step 640 to determine if the speaker
identified in the speaker index file(s) 300 matches the
speaker specified by the user in the query. Specifically, the
time bounds of the ranked documents satisfying the content-
based query are compared with those documents satisfying
the speaker-based query to identify documents with over-
lapping start and end times. A single segment from speaker
retrieval may overlap with multiple segments from text
retrieval.

The combined score for any overlapping documents is
computed during step 645 as follows:

combined score=(ranked document score+(lambda*speaker seg-
ment score))*overlap factor

in the manner described above. All of the scored documents
are then ranked and normalized with the most relevant
document getting a match-score of 100.

Generally, the top N documents alone are returned to the
user. Thus, a list of start and end times of the N best-matched
segments, together with the match-scores, and the matched
words that contributed to the relevance score are returned
during step 650. The default start time of each combined
result is the same as the start time for the corresponding
document from the content-based search. (The other choice
is to use the start time of the speaker segment.) The end time
is set to the end of the speaker segment (simply to let the
speaker finish his statement). However, for usability reasons,
the segment can be truncated at a fixed duration, such as 60
seconds, i.c., two times as long as the average document
length.

USER INTERFACE

The illustrative user interface is capable of showing all the
relevant information for each of the N selections returned by
the retrieval engine, and on further selection uses a media
handler component, implemented using the Java Media
Filter, to display MPEG-1 video via a VCR-like interface.
The Java application is responsible for locating the video
files (which can be on a server if the PC is networked), and
then uses information gathered during retrieval to embellish
the results, such as displaying the retrieved document,
associated information such as media file name, start time,
end time, rank, normalized score, a graphic view of where
in the media file the retrieved segment lies, highlighting the
query words (and other morphs that contributed to the
ranking of that document)—this is relevant only for content-
based searching, or permitting highlighting of portion of the
displayed retrieved document for play back.

The top N retrieved items are presented to the user in a
compact form. This lets the user visually review the
retrieved item for further action. Generally, it includes all the
gathered information about the retrieved document includ-
ing a portion of the text of the document. When one of the
retrieved items is selected for perusal of the audio or video,
the media handler component is called upon to locate the
media file, advance to the specified start time, decompress
the stream (if required), and then initialize the media player
with the first frame of the audio or video. The VCR-like
interface permits the user to “play” the retrieved video from
start to finish or to stop and advance at any juncture.

Further improvements can be made within the context of
our approach to content-based information retrieval from
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audio. The current set of documents derived from the speech
recognition output can be augmented by including the
next-best guesses for each word or phrase from the recog-
nizer. This information can be used for weighting the index
terms, query expansion, and retrieval. Also, better recogni-
tion accuracy can be had by detecting segments with music
or mostly noise that only pure speech is indexed for
retrieval. One limitation with the current approach to audio-
indexing is the finite coverage of the vocabulary used in the
speech recognizer. Words such as proper nouns and abbre-
viations that are important from an information retrieval
standpoint are often found missing in the vocabulary and
hence in the recognized transcripts. One method to over-
come this limitation is to complement the speech recognizer
with a wordspotter for the out of vocabulary words. For this
approach to be practical, however, one has to have the ability
to detect spoken words in large amounts of speech at speeds
many times faster than real-time.

It is to be understood that the embodiments and variations
shown and described herein are merely illustrative of the
principles of this invention and that various modifications
may be implemented by those skilled in the art without
departing from the scope and spirit of the invention.

What is claimed is:

1. A method for retrieving audio information from one or
more audio sources, said method comprising the steps of:

receiving a user query specitying at least one content and

one speaker constraint; and

comparing said user query with a content index and a

speaker index of said audio source to identify audio
information satisfying said user query.

2. The method of claim 1, wherein said content index and
said speaker index are time-stamped and said comparing
step further comprises the step of comparing the start and
end times of the document segments in both the content and
speaker domains.

3. The method of claim 1, wherein said content index
includes the frequency of each word in said audio source.

4. The method of claim 1, wherein said content index
includes the inverse document frequency (IDF) of each word
in said audio source.

5. The method of claim 1, wherein said content index
includes the length of said audio source.

6. The method of claim 1, wherein said content index
includes a set of chain linked pointers to each document
containing a given word.

7. The method of claim 1, wherein said speaker index
includes a score indicating the distance from an enrolled
speaker model to the audio test segment.

8. The method of claim 1, wherein said speaker index
includes the start and end times of each audio segment.

9. The method of claim 1, wherein said speaker index
includes a label identifying the speaker associated with the
segment.

10. The method of claim 1, wherein said comparing step
further comprises the step of comparing documents satisfy-
ing the content-based query with documents satisfying the
speaker-based query to identify relevant documents.

11. The method of claim 1, further comprising the step of
transcribing and indexing said audio source to create said
content index and said speaker index.

12. The method of claim 11, wherein said step of creating
said speaker index comprises the steps of automatically
detecting turns in said audio source and assigning a speaker
label to each of said turns.

13. The method of claim 1, further comprising the step of
returning at least a portion of said identified audio informa-
tion to a user.
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14. The method of claim 1, further comprising the step of
assigning a combined score to each segment of said identi-
fied audio information and returning at least a portion of said
identified audio information in a ranked-list.

15. The method of claim 14, wherein said combined score
evaluates the extent of the overlap between the content and
speaker domains.

16. The method of claim 14, wherein said combined score
evaluates a ranked document score ranking the content-
based information retrieval.

17. The method of claim 14, wherein said combined score
evaluates a speaker segment score measuring the proximity
between a speaker segment and enrolled speaker informa-
tion.

18. The method of claim 1, wherein said speaker con-
straint includes the identity of a speaker.

19. The method of claim 1, wherein said content con-
straint includes one or more keywords.

20. An audio retrieval system for retrieving audio infor-
mation from one or more audio sources, comprising:

a memory that stores a content index and a speaker index

of said audio source and computer-readable code; and

a processor operatively coupled to said memory, said

processor configured to implement said computer-

readable code, said computer-readable code configured

to:

receive a user query specifying one or more words and
the identity of a speaker; and

combine the results of a content-based and a speaker-
based audio information retrieval to provide refer-
ences to said audio source based on the audio content
and the speaker identity.

21. The audio retrieval system of claim 20, wherein said
content index and said speaker index are time-stamped and
said processor is further configured to compare the start and
end times of the document segments in both the content and
speaker domains.

22. The audio retrieval system of claim 20, wherein said
content index includes the frequency of each word in said
audio source.

23. The audio retrieval system of claim 20, wherein said
content index includes the inverse document frequency
(IDF) of each word in said audio source.

24. The audio retrieval system of claim 20, wherein said
speaker index includes a score indicating the distance from
an enrolled speaker model to the audio test segment.

25. The audio retrieval system of claim 20, wherein said
speaker index includes a label identifying the speaker asso-
ciated with the segment.

26. The audio retrieval system of claim 20, wherein said
processor is further configured to compare documents sat-
isfying the content-based query with documents satisfying
the speaker-based query to identify relevant documents.

27. The audio retrieval system of claim 20, wherein said
processor is further configured to transcribe and index said
audio source to create said content index and said speaker
index.

28. The audio retrieval system of claim 20, wherein said
processor is further configured to assign a combined score to
each segment of said identified audio information and return
at least a portion of said identified audio information in a
ranked-list.

29. The audio retrieval system of claim 28, wherein said
combined score evaluates the extent of the overlap between
the content and speaker domains.

30. The audio retrieval system of claim 29, wherein said
combined score evaluates a ranked document score ranking
the content-based information retrieval.
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31. The audio retrieval system of claim 29, wherein said references to said audio source based on the audio
combined score evaluates a speaker segment score measur- content and the speaker identity.
ing the proximity between a speaker segment and enrolled 33. An article of manufacture for retrieving audio infor-
speaker information. mation from one or more audio sources, comprising:

32. An article of manufacture for retrieving audio infor- 5  a computer readable medium having computer readable
mation from one or more audio sources, comprising: program code means embodied thereo.n? said computer

a computer readable medium having computer readable readable program code means COMPIISING:

program code means embodied thereon, said computer a step to receive a user query specifying at least one

content and one speaker constraint; and

10 a step to compare said user query with a content index
and a speaker index of said audio source to identify
audio information satisfying said user query.

readable program code means comprising:

a step to receive a user query specifying one or more
words and the identity of a speaker; and

a step to combine the results of a content-based and a
speaker-based audio information retrieval to provide L



