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BACKGROUND OF THE INVENTION

Speaker recognition is a tool that has been increasingly deployed in a variety
of applications, particularly in telecommunications. For example, speaker
recognition is currently utilized for voice mail access, telephone banking, and calling
cards. Speaker recognition provides the ability to recognize a person automatically
from his or her voice.

A person’s voice may be characterized by acoustic features that vary
depending on the state of physiological attributes of the speaker. For examiple, as
illustrated in FIG. 1, as the speaker 10 changes the shape of his or her vocal tract to
produce a certain sound, the acoustic features of the speaker’s voice varies with the
vocal state 15a, ...,15d. Feature vectors X;,...,Xy represent acoustic features in D-
dimensions that are extracted from a speech waveform and which vary with vocal
state.

Acoustic features that are effective for automatic speaker recognition and
easily extracted from a speech waveform are frequency spectra. FIG. 2 is a diagram

illustrating frequency spectra produced by different vocal states. As illustrated,
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vocal states 15b, 15c produce frequency spectra 17b, 17c¢, respectively, that differ in
number, magnitude, and frequency of spectral frequency components (i.e., formant
peaks). Different speakers generally produce different frequency spectra 17b, 19b
for the same state 15b. Other features known to those skilled in the art may also be
employed, such as volume, clarity, speed, and pitch.

FIG. 3A is a graph illustrating distributions of frequency spectra produced by
different vocal states for a speaker. In this example, each plotted point corresponds
to a formant peak in two dimensions, amplitude A and frequency F. As shown,
repeated tests of each vocal state typically produces a cluster of frequency spectra
20a, 20b, 20c, and 20d. Clustering occurs because (i) speech production is not
deterministic (i.e., a sound produced twice is generally not exactly the same) and (i1)
spectra produced from a particular vocal-tract shape can vary widely due to
coarticulation effects. Thus, automatic speaker recognition systems typically employ
statistical speaker models to represent the acoustic features of a person’s voice.

As illustrated in FIG. 3B, the distribution of frequency spectra produced
from a particular vocal state may be modeled according to a multidimensional
Gaussian probability density function (pdf). Thus, an individual speaker model may
be implemented as a Gaussian mixture model (GMM). A GMM speaker model is a
weighted summation of Gaussian pdf’s 25a,...,25d with state-dependent mean
vectors p (i), variance vectors 0,(1), and mixture weights wy(i) for states i=1,...,M.
Each state in a GMM speaker model models the distribution of acoustic features
associated with a particular vocal state.

FIG. 4 is a diagram illustrating a background speaker model which is
generated from a collective group of speakers. A background model 65 may be
generated for a specific class of individuals 50, for example, a gender-based class.
As with individual speaker models, background speaker models may be represented
as a weighted summation of Gaussian probability density functions with a state
dependent mean vectors py(i), variance vectors dy(i), and mixture weights wg(i) for
states i=1,..., M. Each state in the background speaker model 65 models the
distribution of acoustic features associated with a i)al“cicular vocal state 55a,...., 55d

produced by a class of speakers 50.
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Background speaker models are generally used in speaker verification
applications to determine whether the speaker is the person he or she claims to be.
Particular speaker verification systems implement a likelihood ratio test in which an
input utterance is applied to a speaker model representing the claimed speaker and to

a background model representing a certain class of non-claimed speakers. Each

" model computes a probability indicating the “likelihood” of the input utterance being

produced by the claimed speaker or not. The determination of whether the speaker
is verified depends on the ratio of the probabilities meeting a certain threshold value.
For more details regarding the implementation of individual and background
speaker models using Gaussian mixture models, refer to D.A. Reynolds, “Automatic
Speaker Recognition Using Gaussian Mixture Speaker Models,” The Lincoln
Laboratory Journal, vol. 8, no. 2, pp. 173-192, 1995, the entire contents of which

are incorporated herein by reference.

SUMMARY OF THE INVENTION i

A speaker model is typically stored as sets of speaker model parameters for
each modeled state. For example, FIG. 5 is a diagram illustrating the storage
requirements for a speaker model implemented as a Gaussian mixture model
according to the prior art. The parameters of each set includes a mixture weight .,
a D-dimensional mean vector p,, a D-dimensional variance vector 9, and a
determinant value (not shown).

Generally such speaker model parameters are stored using floating-point
values. Thus, an M-state Gaussian mixture model with D-dimensional features that
is stored using 4-byte floating-point values requires 4¥M*2*(D+1) bytes of storage.
For a typical configuration with M=2048 and D=38, a GMM speaker model requires
approximately 600-700 kilobytes.

‘ In large scale speaker recognition applications, potentially hundreds of
thousands of speaker models may need to be stored, resulting in excessive storage
requirements. Embodiments of the present invention provide a differential

compression technique for speaker models in order to reduce storage requirements

with minimal impact on recognition accuracy. Such embodiments may facilitate
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storage of speaker models on smart cards or hand held devices. Further, by reducing
the storage requirements associated with speaker models, the overhead involved in
loading such models over a data network, such as the Internet, is also reduced.

Embodiments of the present invention provide a method and apparatus for
compressing speaker models, which includes providing a speaker model that is
characterized by sets of speaker model parameters; providing a baseline model that
is characterized by sets of baseline model parameters; and compressing the speaker
model into a delta model that is characterized by sets of delta model parameters.

The sets of delta model parameters may be the difference between the sets of speaker
model parameters and the sets of baseline model parameters. Particular
embodiments implement a background speaker model as the baseline model.

Embodiments of the invention further include providing a plurality of
speaker models and compressing the plurality of speaker models into a plurality of
delta speaker models from the baseline model.

) Embodiments of the invention further include compressing the delta model
by encoding each delta model parameter such that each of the encoded parameters is
limited to a predetermined number of bits. According to one embodiment, the delta
model parameters are encoded using Lloyd-Max scalar quantization.

Further embodiments of the invention may include mapping each of the sets
of speaker model parameters to a corresponding set of baseline model parameters
prior to generating the delta model, such that the difference between mapped sets of
speaker model parameters and baseline model parameters is minimal.

Particular embodiments in which the speaker model is adapted from the
baseline model may further include determining delta model parameters having
non-zero values and encoding the delta model parameters having non-zero values. A
delta model parameter may be determined to have a non-zero value if it is greater
than a predetermined threshold value.

The speaker model and the baseline model may be implemented as Gaussian
mixture models in which each set of the sets of speaker model parameters includes a
weight, a mean vector, and a variance vector. Although embodiments of the |

invention are illustrated using Gaussian mixture models, one skilled in the art would
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realize that embodiments of the invention may be applied to different types of

speaker models that can be represented with sets of speaker model parameters.

BRIEF DESCRIPTION OF THE DRAWINGS

The foregoing and other objects, features and advantages of the invention
will be apparent from the following more particular description of preferred
embodiments of the invention, as illustrated in the accompanying drawings in which
like reference characters refer to the same parts throughout the different views. The
drawings are not necessarily to scale, emphasis instead being placed upon illustrating
the principles of the invention.

FIG. 1 is a diagram illustrating various vocal states of a speaker’s vocal tract
that produce state-dependent acoustic features.

FIG. 2 is a diagram illustrating frequency spectra produced by different vocal
states. |

FIG. 3A is a graph illustrating distributions of frequency spectra produced by
different vocal states for a speaker.

FIG. 3B is a diagram illustrating a Gaussian mixture model representing the
underlying characteristics of a person’s voice.

FIG. 4 is a diagram illustrating a background speaker model which is
generated from a collective group of speakers.

FIG. 5 is a diagram illustrating the storage requirements for a speaker model
implemented as a Gaussian mixture model according to the prior art.

FIG. 6 is a diagram illustrating an apparatus for compressing and
decompressing speaker models according to embodiments of the invention.

FIG. 7 is a diagram illustrating parameters of a delta speaker model
according to one embodiment.

FIG. 8A is a flowchart illustrating a method of differential compression on a
speaker model according to one embodiment.

FIG. 8B is a diagram illustrating the storage requirements of a speaker model

after differential compression according to one embodiment.
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FIG. 9A is a diagram illustrating a speaker model that is adapted from a
background speaker model according to one embodiment.

FIG. 9B is a flow chart illustrating a method of differential compression on
an adapted speaker model according to one embodiment.

FIG. 9C is a diagram illustrating the storage requirements of an adapted
speaker model after differential compression according to one embodiment.

FIG. 10A is a diagram illustrating a method of differential compression on a
realigned épeaker model according to one embodiment.

FIG. 10B is a pictorial representation of a mapping vector according to one
embodiment.

FIGS. 11A and 11B is a flow diagram illustrating a method of decompression
according to one embodiment.

FIG. 12 is a diagram illustrating a potential application of differential

compression according to one embodiment.

DETAILED DESCRIPTION OF THE INVENTION

A description of preferred embodiments of the invention follows.

In large scale speaker recognition applications, potentially hundreds of
thousands of speaker models may need to be stored. For example, a single speaker
model that is implemented as a Gaussian mixture model (GMM) requires
approximately 600-700 kilobytes of storage space. With such storage requirements
for a single model, the amount of storage needed for large scale applications is rather
excessive, and may be prohibitive in some cases.

FIG. 6 is a diagram illustrating an apparatus for compréssing and
decompressing individual speaker models according to embodiments of the
invention. Such embodiments may include 2 differential compressor 70, which
compresses an individual speaker model 25 into a delta speaker model utilizing a
background speaker mode] 65 as a baseline for computing parameters of the delta
model. With the delta speaker model, the compressor 70 can apply various encoding
techniques to further compress each parameter of the delta speaker model to a pre-

determined number of bits.
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Particular embodiments may obtain further compression by realizing that
certain modeled states of an ihdividual speaker model may be equal to, or
approximately equal to, corresponding states of the background speaker model. For
example, it is known that an individual speaker model may be generated having
states that are adapted from a background speaker model resulting in a one-to-one
correlation of modeled states. Due to this correlation, an adapted speaker model and
the background model may have corresponding states in which the modeled
distributions of acoustic features are equal, or approximately equal.

In such embodiments, some parameters of the resulting delta speaker model
may be equal to zero or approximately zero, due to such minimal differences
between the individual and background speaker models. Thus, only non-zero
parameters of delta speaker model need to be stored, providing further increases in
compression. The determination of whether a delta model parameter is zero is made
by comparing the value of the delta model parameter with a configurable threshold
value.

The compressed delta speaker model may then be stored or transmitted over
a data network for further processing. The original speaker model may be
regenerated by decompressing the compressed delta speaker model and combining it
with the background speaker model.

FIG. 7 is a diagram illustrating parameters of a delta speaker model
according to one embodiment. As illustrated, the parameters of the delta speaker
model corresponding to a particular state may include a delta mean vector Ap,, a
delta variance vector Ad,, and a delta mixture weight Aw,. The delta mean vector
Ap, is determined by vector subtraction of mean vector p, of the speaker model 25a
and the mean vector g of the background model 65a. The delta variance vector Ad;
is determined by vector subtraction of variance vector d, of speaker model 25a and
the variance vector d; of background model 65a. The delta mixture weight Aw, is
determined by the difference between the mixture weight w, and of the speaker
model 25a and the mixture weight wg of the background model 65a.

FIG. 8A is a flowchart illustrating a method of differential compression on a

speaker mode] according to one embodiment.
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At 110, a speaker model that is characterized by sets of speaker model
parameters is provided for compression. Each set of speaker model parameters may
model the distribution of acoustic features produced from a particular vocal state of
the speaker. For GMM speaker models, a set of speaker model parameters may
include a mixture weight w,, D-dimensional mean vector p, and D-dimensional
variance vector 8,. According to one embodiment, D may be equal to 38
dimensions, while the number of M states modeled for a particular speaker may be
2,048 states.

At 120, a background model is provided as a baseline model that is
characterized by sets of background model parameters. Each set of background
model parameters may model the distribution of acoustic features produced from a
particular vocal state of a collective group of speakers. For GMM background
models, each parameter set may include a mixture weight wg, a D-dimensional mean
vector My, and a D-dimensional variance vector dg. According to one embodiment,
D may be equal to 38 dimensions, while the number of M states mgdeled fora
particular class of speakers may be 2,048 states.

At 130, the speaker model is compressed into a delta model by computing
the difference between speaker model parameters and background model parameters
of each state. For example, a speaker model with parameters A= (1), p,(1), 9,(1) and
a
background model with the parameters Ag= wy(i), pa(i), d5(1) for i=1 to M, the delta

model parameters may be computed according to the following equations:

Alog (i) =log w(i) - log wy(1) (D
A p(0) = p@) - pp(D) )
A 8(1) = 8,(1) - 3(1) ©)

fori=1, ..M.

These delta model parameters require less bits to encode as compared to the
number of bits required to encode the original speaker model parameters. For
example, if the values of the speaker model parameters range to 100 units, 100

quantization levels would be necessary for one unit resolution. If the background
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model parameters range to the same order of magnitude, the range of the delta model
parameters might only be up to 10 units, resulting in the need to encode for only 10
quantization levels for the same one unit resolution.

At 140, the delta model parameters may be further compressed by encoding
the delta model parameters such that the encoded parameters are limited to a
predetermined number of bits. According to one embodiment, the delta model
parameters may be encoded using a quantization technique, such as Gaussian
distribution Lloyd-Max scalar quantization. Such quantization may include a table
look-up of indices in pre-computed quantization tables. In order to limit the size of
such tables, the delta model parameters may be shifted and scaled to zero mean, unit
standard deviation values prior to quantizing. The parameter may be shifted and
scaled using the following general equation:

Alog y(i)=(Alog y,(i)-mean(Alog y,(i)))/std(Alog y,(1))
where y,(i) is either wy(i), py(i), or 9,(1).

Each of the scaled delta parameters may then be quantized to an N-bit index
of a Lloyd-Max scalar quantization table. Typically 4-5 compression factors can be
achieved with minimal loss in model accuracy.

At 150, the compressed delta model is then placed in storage or transmitted
across a data network for further processing and/or storage.

FIG. 8B is a diagram illustrating the storage requirements for a speaker
model implemented as a Gaussian mixture model after differential compression
according to one embodiment. As illustrated, sets of compressed delta model
parameters 180.1,...,180.m are stored for each modeled state of the speaker model.
Rather than storing each parameter with 4-byte floating-point values, the delta model
parameters are encoded with a limited number of bits (e.g., N=>5 bits). For example,
when using an N=5 bit quantization on the delta model parameters compressed from
a speaker model having 2,048 states and 38 dimensional features, the compressed
delta model requires M*(2*¥D+1)*N/8 bytes of storage, which is equal to 98,560
bytes or 96 kilobytes. This represents approximately a 6.5 reduction factor.

In the embodiments illustrated in FIGS. 8A and 8B, any correspondence of

speaker model parameter sets and background model parameter sets may be utilized
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in computing the delta model parameters. In other words, a set of delta model
parameters may be computed from a speaker model parameter set and a background
model parameter set that do not correspond to the same vocal state. This may result
in the calculation of the delta model parameters having values that are greater than if
the modeled states of the speaker model and background model had been aligned
according to same vocal states.

Embodiments of the invention further include a method and apparatus for
aligning the m(;deled states of a background model and a speaker model. According
to one embodiment, a speaker model is originally generated having its modeled
states adapted from the states of a background model. This results in the adapted
speaker model and the background speaker model having modeled states i=1,..M

associated with the same vocal state. FIGS. 9A-9C are diagrams illustrating

 differential compression on an adapted speaker model according to one embodiment.

According to an alternative embodiment, the modeled states of the speaker model
and background model are aligned to minimize the difference represented in the
delta model. FIGS. 10A-10B are diagrams illustrating differential compression of a
speaker model having its modeled states éligned with the modeled states of a
background model according to one embodiment.

FIG. 9A is a diagram illustrating a speaker model that is adapted from a
background speaker model according to one embodiment. In this embodiment, the
speaker model is originally derived by adapting the parameters of the background
model using the speaker’s training speech in a form of Bayesian adaptation. Such

adaptation results in the states of the background model corresponding directly to the

states of the speaker model.

According to one embodiment, adaptation of the speaker model is a two step
estimation process. In the first step, estimates of sufficient statistics of the speaker’s
training data are computed for each state in the background model. These statistics
may be the count, and the first and second moments required to compute the mixture
weight, mean, and variance. These “new” sufficient statistic estimates are then
combined with the “old” sufficient statistics from the background mode] parameters

for each state using a data-dependent mixing coefficient. The data-dependent
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mixing coefficient is designed so that states with high counts of data from the
speaker rely more on the new sufficient statistics for final speaker model parameter
estimation, while states with low counts of data from the speaker rely more on the
old sufficient statistics for final speaker model parameter estimation. Using a
data-dependent adaptation coefficient is a way of controlling how much new training
data should be observed before the new parameters begin replacing the old
parameters from the background model in order to generate the new speaker model.
For more details regarding the adaptation of speaker models from background
speaker models, please refer to D.A. Reynolds, et al., “Speaker Verification Using
Adapted Gaussian Mixture Models,” Digital Signal Processing, vol. 10, no. 1-2-3,
January 2000, pp 19-41.

FIG. 9B is a flow chart illustrating a method of differential compression on
an adapte& speaker model according to one embodiment.

At 210, a speaker model adapted from a background model is provided for
compression. Since the speaker model was adapted from the background model, the
speaker mode] and the background model may have ccgrresponding states in which
the modeled distributions of acoustic features are equal, or approximately equal.

At 220, the background model from which the speaker model is derived is
provided, serving as a baseline model.

At 230, the speaker model is compressed into the delta model by computing
the difference between the adapted speaker model parameters and the background
model parameter sets of each state, as described at 130 of FIG. 8A. Thus, fora
GMM speaker model, the delta model parameters are Alog w(i), A p i), and A 9,(1)
fori=1,..., M.

At 240, delta model parameters having non-zero values are determined to
prevent unnecessary storage of delta model parameters having a zero or
approximately zero values. Rather, the delta model parameters that have zero or
approximately zero values may be identified in data structures, such as an M-bit
flags, that correspond to each parameter type. When a parameter corresponding to a
particular state is zero or approximately zero, a single bit in the M-bit flag for a

particular parameter type is set to indicate that the parameter for that state is zero.
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The following equations illustrate how the zero vectors are calculated for each

parameter type (i.e., weight, mean, and variance).

zero-weight (i) = 1if A log o (i)=¢

0if A log w,(i)<e (4)
zero-mean (i) = 1 if ”A py(1) ” >€

0if [|A (i) <e (5)
zero-variance (i) =  1if ||A a,(1) H >

0if [|A 3,i) || <e ©)

wherei=1,..., M.
At 250, with reference to the zero vectors for weight, mean and variance, the
delta model may be further compressed by encoding the non-zero delta model

parameters such that each of the encoded non-zero parameters are limited to a pre-

_determined number of bits. According to one embodiment, the non-zero delta model

parameters may be encoded using a quantization technique, such as an N-bit
Laplacian distribution Lloyd-Max quantization. Such quantization may include a
table look-up of indices in pre-computed quantization tables. In order to limit the
size of such tables, the delta model parameters may be shifted and scaled to zero
mean, unit standard deviation values as described at 140 of FIG. 8A. Each of the
scaled delta parameters may then be quantized to an N-bit index of a Lloyd-Max
quantization table.

At 260, the compressed delta model parameters are then placed in storage or
trahsmitted across a data network along with the zero vectors for each parameter
type and the mean and standard deviation.

The size of the file compressed model size can be controlled by: 1) the
number of quantization bits N that are used, 2) the value of ¢ used to determine
whether a delta parameter is zero and 3) setting the maximum number of delta model
parameters which can be declared non-zero (i.e. this is essentially automatically
setting & to values such that the desired number of non-zero parameters are
obtained). By using these settings, substantial compression can be achieved with

varying losses and performance.
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FIG. 9C is a diagram illustrating the storage requirements of an adapted
speaker model after differential compression according to one embodiment. As
shown, M-bit zero vectors 290a, 292a, and 294a are stored for each of the parameter
types (i.e., weight, mean and variance respectively). The zero vectors identify states
of the delta model that have parameter values equal to, or approximately equal to,
zero. For example, the zero vector for the delta weight 290a identifies states 2, 4
and 5 as having zero-valued delta weight parameters. Thus, when regenerating the
individual speaker model, states 2, 4, and 5 may be regenerated by copying or
referring to mixture weights wg(2), wp(4), and wy(5) from the background model.

The remaining states are states of delta model that have non-zero parameter
values, which are stored as compressed delta model parameters. For example, zero
vector 290a identifies states 1 and 3 as having non-zero valued delta weight
parameters, which are stored as compressed delta model weight parameters 290b.
Thus, when regenerating the speaker model from the delta model and the
background model, states 1 and 3 may be generated by adapting the background
model parameter sets with the compressed delta model parameters that are stored
290b.

Similarly, zero vector 292a indicates that the mean vectors for states 2 and 4
may be regenerated by copying or referring to mean vectors pg(2) and pg(4) from the
background model, while the mean vectors for states 1, 3, and 5 may be generated by
adapting the background model parameters py(1), p(3), and py(5) with the
compressed delta model parameters that are stored 292b. Zero vector 294a indicates
that the variance vectors for states 1, 3, and 5 may be regenerated by copying or
referring to mean vectors dg(1), 85(3), and J,(5) from the background model, while
the variance vectors for states 2 and 4 may be generated by adapting the background
model parameters 9;(2) and d,(4) with the compressed delta model parameters that
are stored 294b,

FIG. 10A is a diagram illustrating a method of differential compression on a
realigned speaker model according to one embodiment. In this embodiment, the
individual speaker model is originally generated such that the modeled states of the
individual and background speaker models do not correspond to the same vocal

state. In order to realign the modeled states such that they do correspond to the same
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vocal states, parameter sets of the speaker model are mapped to corresponding
parameter sets of the background model according to a minimal difference test.
Through realignment of the modeled states, the realigned speaker model and the
background model may have corresponding states in which the modeled
distributions of acoustic features are equal or approximately equal. Thus, further
compression may be achieved by only storing delta model parameters having non-
zero values as described in FIGS. 9A-9C.

At 310, a speaker model is provided for compression.

At 320, ‘é background model serving as a baseline model is provided.

At 330, parameter sets of the speaker model are mapped to corresponding
parameter sets of the background model. According to one embodiment, a Gaussian
distance measure is computed between the mean vector of a particular speaker
model state and for each of the background model states. The state of the
background model that has the least difference as compared to the modeled state of
speaker model is then mapped to the parameter set of the speaker model. This is
performed until all of the parameter s_ets of the speaker model are mapped to a
corresponding parameter set of the background model. Such mappings may be
stored in a mapping vector 390 as illustrated in FIG. 10B. As shown, the mapping
vector 390 specifies a mapping between a parameter set identified for a particular
state of the background model to a corresponding state of the speaker model.

At 340, the speaker model is compressed into the delta model by computing
the difference between the mapped sets of individual speaker and background
parameters, as described at 130 of FIG. 8A. The mapping vector 390 may be
referenced to determine the corresponding background parameter sets for a particular
parameter set of the speaker model.

At 350, the delta model parameters are determined for those that have non-
zero values. Again, this is performed by computing a zero vector for each of the
parameter types ‘as illustrated and discussed with reference to 240 of FIG. 9B.

At 360, the delta model parameters having non-zero values may be further
compressed through encoding to limit each of the non-zero delta parameters to a pre-

determined number of bits, as described at 250 of FIG. 9B.
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At 370, the compressed delta model parameters are then placed in storage or
transmitted for further processing, along with the zero vectors for each parameter
type, the mapping vector 390, and the mean and standard deviation.

FIGS. 11A and 11B is a flow diagram illustrating 2 method of decompression
according to one embodiment. In decompression, a single background model may
serve as the basis for regenerating multiple individual speaker models from
compressed delta models. Thus, more speaker models may be stored as compressed
delta models within a fixed amount of storage space.

At 405, a background model is provided from storage to serve as a baseline
for regenerating the original speaker model from its compressed delta model.
Preferably, the background model is the same model used to compress the original
speaker model.

At 410, a compressed delta model corresponding to the particular speaker
model is retrieved from storage.

At 415, the parameters of the delta model are decompressed. According to
one embodiment, the delta model parameters may have been compressed by
encoding the parameters using a quantization technique, such as Gaussian
distribution Lloyd-Max scalar quantization. As such, these encoded parameters may
be indices to a pre-computed quantization table. By using the encoded parameters as
indices to the tables, the original delta model parameters may be determined. If the
delta mode] parameters were shifted and scaled to zero mean, unit standard deviation
values prior to quantization during compression, further processing may be
necessary to return the original values of the delta model parameters. According to
one embodiment, the mean and standard deviation values computed at 140 of FIG.

8 A may be retrieved from storage in order to reverse the shifted and scaled values.

At 420, a parameter set for a first state is obtained from the delta model.

At 425, a determination is made as to whether the states of the original
speaker model were aligned with the states of the background model, resulting in a
mapping vector being stored. If so, the process proceeas to 430, to determine which
state in the background model corresponds to the state of the selected parameter set.

This determination may be performed by using the state of the selected parameter set
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as an index into the mapping vector, resulting in the determination of the
corresponding background state.

At 435, the parameter set of the corresponding state from the background
model is obtained.’

At 440, a determination is made as to whether there are any zero vectors
associated with the delta model parameters indicating whether any of the delta
model parameters are zero. If so, only non-zero valued delta model parameters were
stored during compression and the process proceeds to 445.

At 445, the zero vector is referenced to determine the NOI-ZETO delta model
parameters that were stored. These non-zero parameters are added to their
corresponding background model parameters resulting in an original speaker model
parameter. According to one embodiment, such addition may be vector addition.
For zero-valued delta model parameters, the process proceeds to 450.

At 450, the zero vector is referenced to determine the zero-valued delta
model parameters that were not stored. If the zero vector indicates that a delta
model parameter is zero, the corresponding speaker model parameter is 1‘egenerate;i
by copying or referencing the corresponding background model parameter for that
parameter set.

If there are no zero vectors, the process proceeds to 455, in which each of the
delta model parameters are added to the corresponding background model
parameters in order to regenerate a parameter set of the original speaker model.

At 460, the delta model parameter set for the next state is retrieved and the
process proceeds back to 425. Once all of the states have been regenerated, the
speaker model is complete and may be used to a variety of application, such as
speaker verification.

FIG. 12 is a diagram illustrating a potential application of differential
compression according to one embodiment. As shown, the model compressor 70
may be a part of a speaker verification server 540 which cormects to a data network
80 through which it accesses a kiosk 520. The person may have access to the system
500 by verifying his or her identity by placing a smart card 510 into an input of the
kiosk 524. The smart card 510 may include the compressed delta model parameters

for that speaker. The delta model would be transmitted over a link 530 to the data
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network 80 which connects to the speaker verification server 540. The server 540
may then send the compressed delta model to the model compressor 70 in order to
regenerate the individual speaker model from the background model. With the
regenerated speaker model, the speaker can then verify his or her identity by
speaking into the microphone 522 which transmits feature vectors of the person’s
voice over the network to the speaker verification server to compare—the extracted
feature vectors with the speaker model.

Those of ordinary skill in the art realize that methods involved in a method
and apparatus for differential compression of speaker models may be embodied in a
computer program product that includes a computer usable medium. For example,
such a computer usable medium can include a readable memory device, such as a
hard drive device, a CD-ROM, a DVD-ROM, a computer diskette or solid-state
memory components (ROM, RAM), having computer readable program code
segments stored thereon. The computer readable mediwm can also include a
communications or tra;nsméssion medium, such as a bus or a communications link,
either optical, wired, or wireless, having program code segments carried thereon as
digital or analog data signals.

While this invention has been particularly shown and described with
references to preferred embodiments thereof, it will be understood by those skilled in
the art that various changes in form and details may be made therein without

departing from the scope of the invention encompassed by the appended claims.
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CLAIMS
What is claimed is:
1. A method for compressing speaker models, comprising:

providing a speaker model that is characterized by sets of
5 speaker model parameters;
providing a baseline model that is characterized by sets of
baseline model parameters;
compressing the speaker model into a delta mode] that is
characterized by sets of delta model parameters, the sets of delta
10 model parameters being the difference between the sets of speaker

model parameteré and the sets of baseline model parameters.

2. The method of claim 1, further comprising:
providing a plurality of speaker models; and
compressing the plurality of speaker models into a plurality of

15 delta speaker models from the baseline model.

3. The method of claim 1, further comprising:
further compressing the delta model by encoding each delta
model parameter from the sets of delta model parameters, such that
each of the encoded parameters is limited to a predetermined number

20 of bits.

4. The method of claim 3, wherein the delta model parameters are encoded

using Lloyd-Max scalar quantization.

5. The method of claim 1, wherein the speaker model is adapted from the
baseline model, and further comprises:
25 determining delta model parameters from the sets of delta

model parameters having non-zero values;



WO 2004/010413 PCT/US2003/016350

6.
5
7.
10
8.
9.
15 10.
11.
20
25

-19-

compressing the delta model by encoding the delta model
parameters having non-zero values, such that each of the encoded

parameters is limited to a predetermined number of bits.

The method of claim 5, wherein a delta model parameter is determined to

have a non-zero value if it is greater than a predetermined threshold value.

The method of claim 1, further comprising:

mapping each of the sets of speaker model parameters té a
corresponding set of baseline model parameters prior to generating
the delta model, such that the difference between mapped sets of

speaker model parameters and baseline model parameters is minimal.

The method of claim 1, wherein the speaker model and the baseline model

are Gaussian mixture models.

The method of claim 8, wherein each set of the sets of speaker model

parameters comprises a weight, a mean vector, and a variance vector.

The method of claim 1 wherein the baseline model is a background speaker

model.

An apparatus for compressing speaker models, comprising:

a compressor receiving a speaker model that is characterized
by sets of speaker model parameters;

the compressor receiving a baseline model that is
characterized by sets of baseline model parameters;

the compressor compressing the speaker model into a delta
model that is characterized by sets of delta model parameters, the sets
of delta model parameters being the difference between the sets of

speaker model parameters and the sets of baseline model parameters.
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12, The apparatus of claim 11, further comprising:
the compressor receiving a plurality of speaker models; and
the compressor compressing the plurality of speaker models

into a plurality of delta speaker models from the baseline model.

5 13.  The apparatus of claim 11, further comprising:
the compressor further compressing the delta model by
encoding each delta model parameter from the sets of delta model
parameters, such that each of the encoded parameters is limited to a

predetermined number of bits.

10 14.  The apparatus of claim 13, wherein the delta model parameters are encoded

using Lloyd-Max scalar quantization.

15.  The apparatus of claim 11, wherein the speaker model is adapted from the
baseline model, and furth_er comprises:
the compressor determining delta model parameters from the
15 sets of delta model parameters having non-zero values;
the compressor compressing the delta model by encoding the
delta model parameters having non-zero values, such that each of the

encoded parameters is limited to a predetermined number of bits.

16. The apparatus of claim 15, wherein a delta model parameter is determined to

20 have a non-zero value if it is greater than a predetermined threshold value.

17.  The apparatus method of claim 11, further comprising:
the compressor mapping each of the sets of speaker model
parameters to a corresponding set of baseline model parameters prior
to generating the delta model, such that the difference between
25 mapped sets of speaker model parameters and baseline model

parameters is minimal.
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18. The apparatus of claim 11, wherein the speaker model and the baseline

model are Gaussian mixture models.

19.  The apparatus of claim 18, wherein each set of the sets of speaker model

parameters comprises a weight, a mean vector, and a variance vector.

5 20 The apparatus of claim 11 wherein the baseline model is a background

speaker model.
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