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ANALYZING SPEECH USING ACOUSTIC FEATURES

FIELD OF THE INVENTION

The present invention relates to automatic speech analysis, particularly for assessing the

physiological state of a subject.

BACKGROUND

Sakoe and Chiba, “Dynamic Programming Algorithm Optimization for Spoken Word
Recognition,” IEEE Transactions on Acoustics, Speech, and Signal Processing 26.2 (1978): 43-
49, whose disclosure is incorporated herein by reference, reports on an optimum dynamic
programming (DP) based time-normalization algorithm for spoken word recognition. First, a
general principle of time-nommalization is given using a time-warping function. Then, two time-
normalized distance definitions, called symmetric and asymmetric forms, are derived from the
principle. These two forms are compared with each other through theoretical discussions and
experimental studies. The symmetric form algorithm superiority is established. A technique, called
slope constraint, is introduced, in which the warping function slope is restricted so as to improve

discrimination between words in different categories.

US Patent 7,457,753 describes a system for remote assessment of a user. The system
comprises application software resident on a server and arranged to interact across a network with
a user operating a client device to obtain one or more sample signals of the user's speech. A
datastore is arranged to store the user speech samples in association with details of the user. A
feature extraction engine is arranged to extract one or more first features from respective speech
samples. A comparator is arranged to compare the first features extracted from a speech sample
with second features extracted from one or more reference samples and to provide a measure of

any differences between the first and second features for assessment of the user.

US Patent Application Publication 2009/0099848 describes a system and method for
passive diagnosis of dementias. Clinical and psychometric indicators of dementias are
automatically identified by longitudinal statistical measurements, and mathematical methods are
used to track the nature of language change and/or patient audio features. The disclosed system
and method include multi-layer processing units wherein initial processing of the recorded audio
data is processed in a local unit. Processed and required raw data is also transferred to a central

unit which performs in-depth analysis of the audio data.
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SUMMARY OF THE INVENTION

There is provided, in accordance with some embodiments of the present invention, a

system including an output interface and one or more processors configured to cooperatively carry

out a process. The process includes mapping a test speech sample, which was produced by a

5 subject while a physiological state of the subject was unknown, to a reference speech sample,
which was produced in a known physiological state. The process further includes, based on the
mapping, computing a distance between the test speech sample and the reference speech sample,

and in response to the distance, communicating, via the output interface, an output indicating the

physiological state of the subject while the test speech sample was produced.

10 There is further provided, in accordance with some embodiments of the present invention,
a method including mapping, by a processor, a test speech sample, which was produced by a
subject while a physiological state of the subject was unknown, to a reference speech sample,
which was produced in a known physiological state. The method further includes, based on the
mapping, computing a distance between the test speech sample and the reference speech sample,

15  and in response to the distance, communicating an output indicating the physiological state of the

subject while the test speech sample was produced.
In some embodiments, the reference speech sample was produced by the subject.

In some embodiments, the method further includes, prior to the mapping, verifying that the

test speech sample and reference speech sample include the same verbal content.

20 In some embodiments,

the reference speech sample was divided into multiple reference-sample segments based
on differences in acoustic properties between each pair of successive ones of the reference-sample
segments,

mapping the test speech sample to the reference speech sample includes:

25 dividing the test speech sample into multiple test-sample segments based on
differences in the acoustic properties between each pair of successive ones of the test-
sample segments; and

mapping at least some of the test-sample segments to corresponding ones of the
reference-sample segments, and

30 computing the distance includes computing the distance based on respective local distances

between the mapped test-sample segments and the corresponding ones of the reference-sample

segments.
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In some embodiments,

the reference speech sample was divided into N reference-sample segments,

dividing the test speech sample includes dividing the test speech sample into N test-sample
segments, and

mapping the at least some of the test-sample segments to the corresponding ones of the
reference-sample segments includes mapping an i™ one of the test-sample segments to an i one

of the reference-sample segments fori=1...N.

In some embodiments,

the reference-sample segments were labeled as corresponding to respective reference-
sample speech units, and

dividing the test-speech sample includes dividing the test-speech sample such that the test-

sample segments are labeled as corresponding to respective test-sample speech units.

In some embodiments, mapping the at least some of the test-sample segments to the
corresponding ones of the reference-sample segments includes mapping the at least some of the
test-sample segments to the corresponding ones of the reference-sample segments by finding the
correspondence that minimizes, under one or more predefined constraints, a function of respective
measures of dissimilarity between the test-sample speech units of the mapped test-sample
segments and the reference-sample speech units of the corresponding ones of the reference-sample

segments.

In some embodiments, dividing the test speech sample includes dividing the test speech
sample while constraining the test-sample speech units responsively to the reference-sample

speech units.

In some embodiments, the method further includes:

computing respective test-sample feature vectors quantifying acoustic features of the test-
sample segments; and

computing respective reference-sample feature vectors quantifying the acoustic features of
the reference-sample segments, and

mapping the at least some of the test-sample segments to the corresponding ones of the
reference-sample segments includes mapping the at least some of the test-sample segments to the
corresponding ones of the reference-sample segments by finding the correspondence that
minimizes, under one or more predefined constraints, a function of respective measures of
dissimilarity between the test-sample feature vectors of the mapped test-sample segments and the

reference-sample feature vectors of the corresponding ones of the reference-sample segments.
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In some embodiments, the method further includes:
computing respective test-sample feature vectors quantifying acoustic features of the
mapped test-sample segments;
computing respective reference-sample feature vectors quantifying the acoustic features of
5 the corresponding ones of the reference-sample segments; and
computing the local distances by computing the local distances between the test-sample

feature vectors and the reference-sample feature vectors, respectively.

In some embodiments, computing the test-sample feature vectors includes:
dividing the test speech sample into multiple frames, such that each of the test-sample
10 segments includes a different respective subset of the frames; and
for each of the mapped test-sample segments:
computing multiple test-frame feature vectors quantifying the acoustic features of
the subset of the frames included in the test-sample segment, and
computing the test-sample feature vector for the test-sample segment based on the

15 test-frame feature vectors.

In some embodiments, computing the test-sample feature vector for the test-sample
segment includes computing the test-sample feature vector for the test-sample segment based on

a statistic of the test-frame feature vectors.

In some embodiments, computing the test-sample feature vector for the test-sample
20 segment includes:
fitting respective functions to one or more components of the test-frame feature vectors;
and
computing the test-sample feature vector for the test-sample segment based on parameters

of the functions.

25 There is further provided, in accordance with some embodiments of the present invention,
a computer software product including a tangible non-transitory computer-readable medium in
which program instructions are stored. The instructions, when read by a processor, cause the
processor to map a test speech sample, which was produced by a subject while a physiological
state of the subject was unknown, to a reference speech sample, which was produced in a known

30  physiological state. The instructions further cause the processor to compute, based on the mapping,
a distance between the test speech sample and the reference speech sample. The instructions
further cause the processor to communicate, in response to the distance, an output indicating the

physiological state of the subject while the test speech sample was produced.
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There is further provided, in accordance with some embodiments of the present invention,
a system including an output interface and one or more processors configured to cooperatively
carry out a process. The process includes mapping a test speech sample, which was produced by
a subject while a physiological state of the subject was unknown, to a speech model representing
speech produced in a known physiological state, which speech model includes multiple acoustic
states and defines allowed transitions between the acoustic states. The process further includes,
based on the mapping, computing a distance between the test speech sample and the speech model,
and in response to the distance, communicating, via the output interface, an output indicating the

physiological state of the subject while the test speech sample was produced.

There is further provided, in accordance with some embodiments of the present invention,
a method including mapping, by a processor, a test speech sample, which was produced by a
subject while a physiological state of the subject was unknown, to a speech model representing
speech produced in a known physiological state, which speech model includes multiple acoustic
states and defines allowed transitions between the acoustic states. The method further includes,
based on the mapping, computing a distance between the test speech sample and the speech model,
and in response to the distance, communicating an output indicating the physiological state of the

subject while the test speech sample was produced.

In some embodiments, mapping the test speech sample to the speech model includes:

dividing the test speech sample into a sequence of test-sample segments based on
differences in acoustic propertics between each pair of successive ones of the test-sample
segments; and

mapping at least some of the test-sample segments to corresponding ones of the acoustic

states.

In some embodiments,

the speech model allows only a single sequence of the acoustic states, the allowed sequence
being of length N,

dividing the test speech sample includes dividing the test speech sample into N test-sample
segments, and

mapping the at least some of the test-sample segments to the corresponding ones of the
acoustic states includes mapping an i™ one of the test-sample segments to an i acoustic state in

the sequence of the acoustic states fori=1...N.

In some embodiments, any sequence of the acoustic states allowed by the speech model

corresponds to particular verbal content, and the method further includes, prior to the mapping,
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verifying that the test speech sample includes the particular verbal content.

In some embodiments,
the acoustic states correspond to different respective speech-model speech units, and
dividing the test-speech sample includes dividing the test-speech sample such that the test-

sample segments are labeled as corresponding to respective test-sample speech units.

In some embodiments, mapping the at least some of the test-sample segments to the
corresponding ones of the acoustic states includes mapping the at least some of the test-sample
segments to the corresponding ones of the acoustic states by finding the correspondence that
minimizes, under one or more predefined constraints, a function based on a dissimilarity between
the test-sample speech units of the mapped test-sample segments and the speech-model speech

units of the corresponding ones of the acoustic states.

In some embodiments, the speech model specifies respective probabilities for the allowed
transitions, and the function is based on a probability of a sequence of the corresponding ones of

the acoustic states as derived from the specified probabilities.

In some embodiments, dividing the test speech sample includes dividing the test speech

sample while constraining the test-sample speech units responsively to the allowed transitions.

In some embodiments, the speech model specifies respective probabilities for the allowed
transitions, and dividing the test speech sample includes dividing the test speech sample while

constraining the test-sample speech units responsively to the probabilities.

In some embodiments, the method further includes, subsequently to dividing the test
speech sample and prior to the mapping, modifying the sequence of the test-sample segments

responsively to the allowed transitions.

In some embodiments, modifying the sequence of the test-sample segments includes
modifying the sequence of the test-sample segments so as to minimize a cost function, which is
based on a measure of dissimilarity between the sequence prior to the modification and the

sequence subsequent to the modification.

In some embodiments, the speech model specifies respective probabilities for the allowed
transitions, and the cost function is based on a probability of the modified sequence as derived

from the specified probabilities.

In some embodiments, computing the distance includes computing the distance based on

the cost function.
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In some embodiments, modifying the sequence of the test-sample segments includes
modifying the sequence of the test-sample segments, concurrently with the mapping, so as to
minimize a cost function based on local distances between the mapped test-sample segments and

the corresponding ones of the acoustic states.

In some embodiments, the cost function is based on a measure of dissimilarity between the

sequence prior to the modification and the sequence subsequent to the modification.

In some embodiments, the method further includes computing respective test-sample
feature vectors quantifying acoustic features of the test-sample segments, and

mapping the at least some of the test-sample segments to the corresponding ones of the
acoustic states includes mapping the at least some of the test-sample segments to the corresponding
ones of the acoustic states by finding the correspondence that minimizes, under one or more
predefined constraints, a function of respective measures of dissimilarity between the test-sample
feature vectors of the mapped test-sample segments and the corresponding ones of the acoustic

states.

In some embodiments,
the acoustic states are associated with respective local distance functions,
the method further includes:

computing respective test-sample feature vectors quantifying acoustic features of
the mapped test-sample segments; and

computing respective local distances between the mapped test-sample segments
and the corresponding ones of the acoustic states, by inputting the test-sample feature
vectors to the local distance functions of the corresponding ones of the acoustic states,
respectively, and

computing the distance includes computing the distance based on the local distances.

In some embodiments, computing the test-sample feature vectors includes:
dividing the test speech sample into multiple frames, such that each of the test-sample
segments includes a different respective subset of the frames; and
for each of the mapped test-sample segments:
computing multiple test-frame feature vectors quantifying the acoustic features of
the subset of the frames included in the test-sample segment, and
computing the test-sample feature vector for the test-sample segment based on the

test-frame feature vectors.

In some embodiments, computing the test-sample feature vector for the test-sample
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segment includes computing the test-sample feature vector for the test-sample segment based on

a statistic of the test-frame feature vectors.

In some embodiments, computing the test-sample feature vector for the test-sample
segment includes:

fitting respective functions to one or more components of the test-frame feature vectors;
and

computing the test-sample feature vector for the test-sample segment based on parameters

of the functions.

There is further provided, in accordance with some embodiments of the present invention,
a computer software product including a tangible non-transitory computer-readable medium in
which program instructions are stored. The instructions, when read by a processor, cause the
processor to map a test speech sample, which was produced by a subject while a physiological
state of the subject was unknown, to a speech model representing speech produced in a known
physiological state, which speech model includes multiple acoustic states and defines allowed
transitions between the acoustic states. The instructions further cause the processor to compute,
based on the mapping, a distance between the test speech sample and the speech model, and to
communicate, in response to the distance, an output indicating the physiological state of the subject

while the test speech sample was produced.

There is further provided, in accordance with some embodiments of the present invention,
a system including an output interface and one or more processors configured to cooperatively
carry out a process. The process includes obtaining a representation of reference speech produced
in a known physiological state, the representation including multiple components. The process
further includes dividing a test speech sample, which was produced by a subject while a
physiological state of the subject was unknown, into a sequence of test-sample segments based on
differences in acoustic propertics between each pair of successive ones of the test-sample
segments. The process further includes mapping at least some of the test-sample segments to
corresponding ones of the components. The process further includes, based on the mapping,
computing a distance between the test speech sample and the representation of the reference
speech, and in response to the distance, communicating, via the output interface, an output

indicating the physiological state of the subject while the test speech sample was produced.

There is further provided, in accordance with some embodiments of the present invention,

a method including obtaining a representation of reference speech produced in a known
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physiological state, the representation including multiple components. The method further
includes dividing a test speech sample, which was produced by a subject while a physiological
state of the subject was unknown, into a sequence of test-sample segments based on differences in
acoustic properties between each pair of successive ones of the test-sample segments. The method
further includes mapping at least some of the test-sample segments to corresponding ones of the
components. The mapping further includes, based on the mapping, computing a distance between
the test speech sample and the representation of the reference speech, and in response to the
distance, communicating an output indicating the physiological state of the subject while the test

speech sample was produced.

In some embodiments,

the representation is a reference speech sample, which was divided into multiple reference-
sample segments based on differences in the acoustic properties between each pair of successive
ongs of the reference-sample segments, and

the components are the reference-sample segments.

In some embodiments,
the representation is a speech model including multiple acoustic states and defining
allowed transitions between the acoustic states, and

the components are the acoustic states.
In some embodiments, the reference speech was produced by the subject.

In some embodiments,

the representation includes a sequence of the components of length N,

dividing the test speech sample includes dividing the test speech sample into N test-sample
segments, and

mapping the at least some of the test-sample segments to the corresponding ones of the

th

components includes mapping an i™ one of the test-sample segments to an i~ one of the

components fori=1...N.

In some embodiments, the representation corresponds to particular verbal content, and the
method further includes, prior to the mapping, verifying that the test speech sample includes the

particular verbal content.

In some embodiments,
the components correspond to respective reference speech units, and

dividing the test-speech sample includes dividing the test-speech sample such that the test-
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sample segments are labeled as corresponding to respective test-sample speech units.

In some embodiments, mapping the at least some of the test-sample segments to the
corresponding ones of the components includes mapping the at least some of the test-sample
segments to the corresponding ones of the components by finding the correspondence that
minimizes a function based on a dissimilarity between the test-sample speech units of the mapped

test-sample segments and the reference speech units of the corresponding ones of the components.

In some embodiments,

the representation is a speech model including multiple acoustic states, which speech
model defines allowed transitions between the acoustic states and specifies respective probabilities
for the allowed transitions,

the components are the acoustic states, and

the function is based on a probability of a sequence of the corresponding ones of the

acoustic states as derived from the specified probabilities.

In some embodiments,

the representation is a reference speech sample, which was divided into multiple reference-
sample segments based on differences in the acoustic properties between each pair of successive
ongs of the reference-sample segments,

the components are the reference-sample segments, and

dividing the test speech sample includes dividing the test speech sample while constraining

the test-sample speech units responsively to the reference speech units.

In some embodiments,

the representation is a speech model including multiple acoustic states, which speech
model defines allowed transitions between the acoustic states,

the components are the acoustic states, and

dividing the test speech sample includes dividing the test speech sample while constraining

the test-sample speech units responsively to the allowed transitions.

In some embodiments, the speech model specifies respective probabilities for the allowed
transitions, and dividing the test speech sample includes dividing the test speech sample while

constraining the test-sample speech units responsively to the probabilities.

In some embodiments,
the representation is a speech model including multiple acoustic states, which speech
model defines allowed transitions between the acoustic states,

the components are the acoustic states, and

10
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the method further includes, subsequently to dividing the test speech sample and prior to
the mapping, modifying the sequence of the test-sample segments responsively to the allowed

transitions.

In some embodiments, modifying the sequence of the test-sample segments includes
5 modifying the sequence of the test-sample segments so as to minimize a cost function, which is
based on a measure of dissimilarity between the sequence prior to the modification and the

sequence subsequent to the modification.

In some embodiments, the speech model specifies respective probabilities for the allowed
transitions, and the cost function is based on a probability of the modified sequence as derived

10 from the specified probabilities.

In some embodiments, computing the distance includes computing the distance based on

the cost function.

In some embodiments, modifying the sequence of the test-sample segments includes
modifying the sequence of the test-sample segments, concurrently with the mapping, so as to
15 minimize a cost function based on respective local distances between the mapped test-sample

segments and the corresponding ones of the acoustic states.

In some embodiments, the cost function is based on a measure of dissimilarity between the

sequence prior to the modification and the sequence subsequent to the modification.

In some embodiments, the method further includes computing respective test-sample

20 feature vectors quantifying acoustic features of the test-sample segments, and
mapping the at least some of the test-sample segments to the corresponding ones of the
components includes mapping the at least some of the test-sample segments to the corresponding
ones of the components by finding the correspondence that minimizes, under one or more
predefined constraints, a function of respective measures of dissimilarity between the test-sample
25  feature vectors of the mapped test-sample segments and the corresponding ones of the

components.

In some embodiments, the method further includes:
computing respective test-sample feature vectors quantifying acoustic features of the
mapped test-sample segments; and
30 computing respective local distances between the mapped test-sample segments and the
corresponding ones of the components based on the test-sample feature vectors, and

computing the distance includes computing the distance based on the local distances.

11
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In some embodiments, computing the test-sample feature vectors includes:
dividing the test speech sample into multiple frames, such that each of the test-sample
segments includes a different respective subset of the frames; and
for each of the mapped test-sample segments:
computing multiple test-frame feature vectors quantifying the acoustic features of
the subset of the frames included in the test-sample segment, and
computing the test-sample feature vector for the test-sample segment based on the

test-frame feature vectors.

In some embodiments, computing the test-sample feature vector for the test-sample
segment includes computing the test-sample feature vector for the test-sample segment based on

a statistic of the test-frame feature vectors.

In some embodiments, computing the test-sample feature vector for the test-sample
segment includes:

fitting respective functions to one or more components of the test-frame feature vectors;
and

computing the test-sample feature vector for the test-sample segment based on parameters

of the functions.

There is further provided, in accordance with some embodiments of the present invention,
a computer software product including a tangible non-transitory computer-readable medium in
which program instructions are stored. The instructions, when read by a processor, cause the
processor to obtain a representation of reference speech produced in a known physiological state,
the representation including multiple components. The instructions further cause the processor to
divide a test speech sample, which was produced by a subject while a physiological state of the
subject was unknown, into a sequence of test-sample segments based on differences in acoustic
properties between each pair of successive ones of the test-sample segments. The instructions
further cause the processor to map at least some of the test-sample segments to corresponding ones
of the components. The instructions further cause the processor to compute, based on the mapping,
a distance between the test speech sample and the representation of the reference speech. The
instructions further cause the processor to communicate, in response to the distance, an output

indicating the physiological state of the subject while the test speech sample was produced.

The present invention will be more fully understood from the following detailed

description of embodiments thereof, taken together with the drawings, in which:

12
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BRIEF DESCRIPTION OF THE DRAWINGS

Fig. 1 is a schematic illustration of a system for evaluating the physiological state of a

subject, in accordance with some embodiments of the present invention;

Fig. 2 is a schematic illustration of a mapping of a test speech sample to a reference speech

sample, in accordance with some embodiments of the present invention;

Fig. 3 is a flow diagram for a method for comparing a test speech sample to a reference

speech sample, in accordance with some embodiments of the present invention;

Fig. 4 is a flow diagram for a method for computing feature vectors, in accordance with

some embodiments of the present invention;

Fig. 5 is a schematic illustration of a speech model, in accordance with some embodiments

of the present invention;

Fig. 6 is a schematic illustration of a mapping of a test speech sample to a speech model,

in accordance with some embodiments of the present invention; and

Fig. 7 is a flow diagram for a method for comparing a test speech sample to a speech model,

in accordance with some embodiments of the present invention.

DETAILED DESCRIPTION OF EMBODIMENTS
OVERVIEW

Embodiments of the present invention include a system for evaluating the physiological
state of a subject by analyzing speech of the subject. In response to the evaluation, the system may
communicate an output such as an alert to the subject, to the subject’s physician, and/or to a
monitoring service. The alert may indicate the need for medical intervention or monitoring, or may

simply indicate that the subject should refrain from certain activities in the subject’s current state.

For example, by analyzing the subject’s speech, the system may evaluate the state of the
subject with respect to a physiological condition such as congestive heart failure (CHF), coronary
heart disease, atrial fibrillation or any other type of arthythmia, chronic obstructive pulmonary
disease (COPD), asthma, interstitial lung disease, pulmonary edema, pleural effusion, Parkinson’s
disease, bipolar disorder, depression, or any other psychological or emotional disorder affecting
speech. Alternatively, for example, by analyzing the subject’s speech, the system may detect
whether the subject is fatigued, agitated, unfocused, confused, or otherwise in an abnormal

physiological state.
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To evaluate the physiological state of the subject, the system first obtains (i.¢., receives or

computes) a representation of reference speech produced in a known physiological state.

For example, the representation may be a reference speech sample, which includes
reference speech produced by the subject while the subject was in the known physiological state,
or by another subject while the other subject was in the known physiological state. Alternatively,
the reference speech sample may be produced by a speech synthesizer, based on reference speech

produced by the subject and/or one or more other subjects while in the known physiological state.

Alternatively, the representation may be a speech model including multiple acoustic states
and defining allowed transitions between the acoustic states, thereby, in effect, defining allowed
orderings of the acoustic states. Each allowed transition may, optionally, take previous transitions
into account, such that, for example, a transition from a first state to a second state may be allowed
if the first state was reached from a third state, but not if the first state was reached from a fourth
state. Optionally, in defining the allowed transitions, the speech model may designate a subset of
the acoustic states as starting states and/or another subset of the acoustic states as ending states,
such that each allowed ordering starts at a starting state and ends at an ending state. The speech
model may be constructed based on reference speech produced by the subject and/or one or more

other subjects while in the known physiological state.

One example of such a speech model is a Hidden Markov Model (HMM). Another example
is amodel based on a deep neural network (DNN) architecture, which is trained to compare input
speech to one or more allowed sequences of acoustic states and to output a distance in response
thereto. This distance quantifies the degree to which the input speech matches the most similar

allowed sequence of acoustic states.

Typically, for embodiments in which the speech of other subjects is used as a reference,
the other subjects are similar to the subject with respect to factors such as gender, age, medical

history, and vocal properties.

In some embodiments, the represented reference speech is produced while in a stable state
with respect to a particular physiological condition. For example, a reference speech sample may
be acquired from the subject following an indication from the subject’s physician that the subject’s
physiological state is stable. As another example, for a subject who suffers from pulmonary edema,
the system may acquire the reference speech sample following treatment of the subject to stabilize

the subject’s breathing.

It is noted that, in the context of the present application, the physiological state of a subject
is said to be “stable” if the subject’s health, with respect to the physiological condition, is not

14



10

15

20

25

30

WO 2024/252203 PCT/1B2024/054360

deteriorating. The terminology of “stable” and “unstable” is appropriate, for example, in the case
of pulmonary edema induced by heart failure, where deviation from the baseline may trigger a
chain reaction of further deterioration. In other cases, such as depression, a change in the subject’s
speech may represent a deterioration of the condition into another stable state. In such cases, early
intervention might improve the patient’s condition, provided that the physician is alerted to the
deterioration. In yet other cases, the deterioration is transient. For example, in bipolar disorder,
entering the depressive or manic phase is known to be transient, yet carly detection may be

important for symptomatic treatment of the symptoms of that phase.

Subsequently to (e.g., several days after) obtaining the representation of the reference
speech, when the state of the subject is unknown, the system acquires a “test speech sample” from
the subject. Subsequently, the system maps the test speech sample to the representation. Based on
the mapping, the system computes a distance value that quantifies the deviation of the test sample
from the representation. (As further described below, the distance value may be computed
concurrently with, or subsequently to, the mapping.) In response to this distance, the system
communicates an output indicating the physiological state of the subject while the test speech
sample was produced. For example, for cases in which the reference speech was produced in a
stable state, the system may communicate an alert in response to the distance exceeding a
predefined threshold. Conversely, for cases in which the reference speech was produced in an
unstable state, the system may communicate an alert in response to the distance being less than a

predefined threshold.

In some embodiments, to perform the mapping, the system first divides the test speech
sample into relatively short frames, which are typically of equal length, and extracts a feature
vector from each of the frames. Subsequently, based on the feature vectors, the system maps the
frames to respective components of the representation so as to minimize a distance. For
embodiments in which a reference speech sample represents the reference speech, the components
of the representation are frames of the reference speech sample. For embodiments in which a

speech model represents the reference speech, the components are the acoustic states of the model.

For example, for embodiments in which a reference speech sample represents the reference
speech, the system may divide the reference speech sample into frames and extract respective
feature vectors therefrom. Subsequently, the system may use an alignment algorithm, such as the
dynamic time warping (DTW) algorithm described in the reference to Sakoe and Chiba cited above
in the Background, to align the test-sample frames with the reference-sample frames such that

cach of at least some of the test-sample feature vectors corresponds to a respective reference-
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sample feature vector. (Per the alignment, multiple consecutive test-sample feature vectors may
correspond to a single reference-sample feature vector; likewise, multiple consecutive reference-
sample feature vectors may correspond to a single test-sample feature vector.) In performing the
alignment, the system may minimize a distance based on local distances between pairs of

corresponding feature vectors.

Alternatively, for embodiments in which a speech model represents the reference speech,
the system may map the test-sample frames to respective acoustic states of the model. In
performing this mapping, the system may minimize a distance based on respective local distances
between the test-sample feature vectors and the acoustic states. Each local distance may be
computed by inputting the test-sample feature vector of the test-sample frame to a local distance

function associated with the acoustic state to which the test-sample frame is mapped.

Subsequently to mapping the test-sample frames to the representation, the system may
communicate an output responsively to the distance that was minimized in the mapping.
Alternatively, the system may recalculate the distance between the test sample and the
representation, e€.g., by giving greater weight to one or more speech units that are known to be
more indicative than others with respect to the particular physiological condition that is being
evaluated and/or by using different local distance functions from those that were used for the
mapping. (In recalculating the distance, the system does not change the mapping, i.c., each test-
sample frame remains mapped to the same component of the representation.) The system may then

base the output on the recalculated distance.

In other embodiments, the test speech sample is divided into segments based on differences
in acoustic properties between each pair of successive segments. In other words, the test sample is
segmented based on the acoustic properties of the sample, such that one segment ends and the next
segment begins whenever there is a significant change in the acoustic properties. (Typically, each
segment is longer than a frame; for example, each segment may include multiple frames.)
Subsequently, at least some of the test-sample segments are mapped to respective components of
the representation. (As further described below, a single test-sample segment may be mapped to

multiple components, and multiple test-sample segments may be mapped to the same component.)

In particular, for some embodiments in which a reference speech sample represents the
reference speech, the reference speech sample is segmented based on the acoustic properties
thereof, similarly to the test speech sample. The components of the representation, to which at
least some of the test-sample segments are mapped, are the segments of the reference sample. For

some embodiments in which a speech model represents the reference speech, the components of
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the representation are the acoustic states of the model.

In some embodiments, the components of the representation — ¢.g., the reference-sample
segments or the model acoustic states - correspond to respective speech units. In such
embodiments, the system may divide the test sample (¢.g., using an automatic speech recognition
(ASR) algorithm) such that the test-sample segments are labeled as corresponding to respective
speech units. Subsequently, when performing the mapping, the system may minimize a distance
that is based on respective local distances (or “measures of dissimilarity”) between the pairs of
speech units mapped to one another. The local distances may be computed using a predefined local

distance function that returns a local distance between any two speech units.

Alternatively or additionally, the system may compute a feature vector for each segment
of the test sample, ¢.g., by averaging the respective feature vectors of the frames belonging to the
segment. For embodiments in which a reference speech sample is used, the system may similarly
compute a feature vector for each segment of the reference sample. Subsequently, the distance
minimized when performing the mapping may be based on the respective local distances between
the feature vectors of the mapped segments and the components of the representation to which
these segments are mapped. For example, for a reference speech sample, each local distance may
be the distance (e.g., the Euclidean distance) between a feature vector of a test-sample segment
and the corresponding feature vector of a reference-sample segment. For a speech model, each
local distance may be computed by inputting the feature vector of the test-sample segment to a

local distance function associated with the acoustic state to which the segment is mapped.

Alternatively (e.g., when using a DNN-based speech model), the distance may be

minimized without explicitly calculating any local distances.

Optionally, when segmenting the test sample (or reference sample), the system may
constrain the output of the segmentation so as to conform to some prior assumptions or

expectations.

For example, using a language model, the system may constrain the output to conform to
grammatical or syntactical rules. Alternatively or additionally, the constraint may be based on
prior knowledge of the verbal content of the speech sample and/or of the subject’s phonetic variant

of pronunciation.

Alternatively or additionally, when segmenting the test sample in view of a reference
speech model, the system may constrain the output based on transitions between acoustic states
allowed by the speech model and, optionally, probabilities of these transitions as specified by the

speech model.
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Alternatively or additionally, the representation may include a particular sequence of
components, and the system may constrain the number of test-sample segments to match the
number of components in the sequence. (One example of such a sequence of components is a
segmented reference speech sample, which includes a sequence of reference-sample segments;
another example is a sequence of acoustic states, in the event that the reference speech model

allows only one such sequence.) Advantageously, such a constraint may simplify the mapping, in
that the system may simply map the jth test-sample segment to the jth component in the sequence,

without needing to perform any minimization.

In some cases, the representation corresponds to particular verbal content. For example, a
reference speech sample, by definition, corresponds to the verbal content of the sample. As another
example, any sequence of acoustic states allowed by the speech model may correspond to
particular verbal content; for example, the speech model may allow only a single sequence of
acoustic states, or only a limited set of sequences corresponding to the same verbal content uttered
with different pronunciations and/or at different speeds. (Speaking at a greater speed may cause
some speech units to be skipped or merged.) In such cases, prior to the mapping, the system may
verify (e.g., using a binary classifier, such as a binary neural-network classifier) that the test speech
sample includes the particular verbal content. In the event that the test speech sample does not
include the verbal content, the subject may be prompted to produce another test sample including

the verbal content.

For embodiments in which a distance is minimized during the mapping, the system may
compute the final output, which is indicative of the subject’s physiological state, based on this
minimized distance. Alternatively, the system may calculate another distance between the test
sample and the representation of reference speech, and base the final output on this other distance.
The other distance may be based on respective local distances between the mapped test-sample
segments and the corresponding components of the representation. Each local distance may be

speech-unit based and/or feature-vector based, as described above.

In the context of the present application, including the claims, a “speech unit” refers to an
acoustic-phonetic unit (APU), an acoustic unit (AU), a portion of an APU or of an AU, or a
sequence of multiple APUs or AUs. Example speech units include phonemes, diphones, triphones,

syllables, words, phrases, and portions of any of the above.

It is noted that APUs are typically defined, manually, based on linguistic or phonetic
considerations. In contrast, AUs are defined by an algorithm, based purely on acoustic

considerations. Such an algorithm may segment unlabeled speech and then classify the resulting
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segments based on the acoustic properties of the segments, typically to achieve low intra-class
acoustic differences with respect to a predefined criterion. AUs are described, for example, in
section 8.2 of L. Rabiner and B-H. Juang, Fundamentals of Speech Recognition, Prentice Hall,

1993, whose disclosure is incorporated herein by reference.

Even though some embodiments are described herein with reference to only one or two
particular types of representation of reference speech, it is noted that the scope of the present
invention includes the application of these embodiments to any other suitable type of

representation.

SYSTEM DESCRIPTION

Reference is initially made to Fig. 1, which is a schematic illustration of a system 20 for
evaluating the physiological state of a subject 22, in accordance with some embodiments of the

present invention.

System 20 comprises an audio-receiving device 32, such as a mobile phone, a tablet

computer, a laptop computer, a desktop computer, a voice-controlled personal assistant (such as
an Amazon Echo ™ or Google Home™ device), or a smart speaker device, that is used by subject

22. Device 32 comprises an audio sensor 38 (e.g., a microphone), which converts sound waves to
analog electric signals. Device 32 further comprises other circuitry comprising an analog-to-digital
(A/D) converter 42, a processor 36, and a network interface, such as a network interface controller
(NIC) 34. Typically, device 32 further comprises a digital memory (comprising a volatile memory
and/or non-volatile memory), a screen (e.g., a touchscreen), and/or other user interface
components, such as a keyboard. In some embodiments, audio sensor 38 (and, optionally, A/D
converter 42) belong to a unit that is external to device 32. For example, audio sensor 38 may
belong to a headset that is connected to device 32 by a wired or wireless connection, such as a

Bluetooth connection.

System 20 further comprises a server 40, comprising a processor 28, a digital memory 30
- comprising a volatile memory, such as random access memory (RAM), and, typically, a non-
volatile memory, such as a hard drive or flash drive - and other circuitry comprising a network
interface, such as anetwork interface controller (NIC) 26. Server 40 may further comprise a screen,
a keyboard, and/or any other suitable user interface components. Typically, server 40 is located
remotely from device 32, e.g., in a control center, and server 40 and device 32 communicate with
ong another, via their respective network interfaces, over a network 24, which may include a

cellular network and/or the Internet.
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System 20 is configured to evaluate the subject’s physiological state by processing one or
more speech signals (also referred to herein as “speech samples™) received from the subject, as
described in detail below. Typically, processor 36 of device 32 and processor 28 of server 40
cooperatively perform the receiving and processing of at least some of the speech samples. For
example, as the subject speaks into device 32, the sound waves of the subject’s speech may be
converted to an analog signal by audio sensor 38, which may in turn be sampled and digitized by
A/D converter 42. (In general, the subject’s speech may be sampled at any suitable rate, such as a
rate between 8 and 48 kHz.) The resulting digital speech signal may be received by processor 36.
Processor 36 may then communicate the speech signal, via NIC 34, to server 40, such that
processor 28 receives the speech signal via NIC 26. Subsequently, processor 28 may process the

speech signal.

Based on the processing of the subject’s speech samples, processor 28 may communicate
an output indicating the physiological state of the subject. Optionally, such an output may include
a description of the subject’s state; for example, the output may indicate that the subject’s lungs

are “wet,” i.¢., partly filled with fluid.

To communicate the output, processor 28 may place a call or send a message (¢.g., a text
message) to any suitable device such as the audio-receiving receiving device, another device of
the subject, a device of the subject’s physician, or a device in a monitoring center. Alternatively
or additionally, processor 28 may communicate the output to processor 36, and processor 36 may
then communicate the output to the subject, €.g., by displaying a message on the screen of device
32. Alternatively or additionally, processor 28 may post a message or update a status indicator on

a website or a monitor (e.g., at a nursing station).

In other embodiments, processor 36 and processor 28 cooperatively perform the
aforementioned speech-signal processing. As yet another alternative, all the computing
functionality described hercin may be performed by processor 36, such that system 20 need not

necessarily comprise server 40.

In view of the above, it is noted that any description below to the performance of a
particular function by “the processor” includes, within its scope, the performance of the function
by processor 28, the performance of the function by processor 36, and the cooperative performance
of the function by both processors. It is also noted that the aforementioned output may be
communicated via any suitable output interface, such as a network interface (e.g., NIC 26 or NIC

34) or a display interface belonging to device 32 or server 40.

In some embodiments, device 32 comprises an analog telephone that does not comprise an
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A/D converter or a processor. In such embodiments, device 32 sends the analog audio signal from
audio sensor 38 to server 40 over a telephone network. Typically, in the telephone network, the
audio signal is digitized, communicated digitally, and then converted back to analog before
reaching server 40. Accordingly, server 40 may comprise an A/D converter, which converts the
incoming analog audio signal — received via a suitable telephone-network interface - to a digital
speech signal. Processor 28 receives the digital speech signal from the A/D converter, and then
processes the signal as described herein. Alternatively, server 40 may receive the signal from the
telephone network before the signal is converted back to analog, such that the server need not

necessarily comprise an A/D converter.

Typically, server 40 is configured to communicate with multiple devices belonging to
multiple different subjects, and to process the speech signals of these multiple subjects. Typically,
memory 30 stores a database in which data relevant to the speech-sample processing described
herein are stored for the subjects. Memory 30 may be internal to server 40, as shown in Fig. 1, or
external to server 40. For embodiments in which processor 36 processes the subject’s speech, a

memory belonging to device 32 may store the relevant data for the subject.

Processor 28 may be embodied as a single processor, or as a cooperatively networked or
clustered set of processors. For example, a control center may include a plurality of interconnected
servers comprising respective processors, which cooperatively perform the functionality described

herein. In some embodiments, processor 28 belongs to a virtual machine.

For each of processor 28 and processor 36, the functionality of the processor may be
implemented solely in hardware, e.g., using one or more fixed-function or general-purpose
integrated circuits, Application-Specific Integrated Circuits (ASICs), and/or Field-Programmable
Gate Arrays (FPGAs). Alternatively, the functionality of the processor may be implemented at
least partly in software. For example, the processor may be embodied as a programmed processor
comprising a central processing unit (CPU) and/or a Graphics Processing Unit (GPU). Program
code, including software programs, and/or data may be loaded for execution and processing by the
CPU and/or GPU. The program code and/or data may be downloaded to the processor in electronic
form, over a network, for example. Alternatively or additionally, the program code and/or data
may be provided and/or stored on non-transitory tangible media, such as magnetic, optical, or
electronic memory. Such program code and/or data, when provided to the processor, produce a

machine or special-purpose computer, configured to perform the tasks described herein.

COMPARING THE TEST SPEECH SAMPLE TO A REFERENCE SPEECH SAMPLE

In some embodiments, the processor is configured to compare a test speech sample, which
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was produced by the subject while the physiological state of the subject was unknown, to a
reference speech sample, which includes, or is a synthetic representation of, reference speech

produced while in a known physiological state.

More specifically, in some embodiments, the processor receives the reference speech
sample in its entirety. In other embodiments, the processor synthesizes the reference speech sample
from one or more other speech samples produced in the known physiological state. The other
speech samples may include, for example, free speech in which multiple speech units are uttered,
or an utterance of a predetermined list of speech units. To synthesize the reference speech sample,
the processor extracts multiple speech units from the other speech samples using any suitable
automatic speech-recognition (ASR) algorithm, and combines the extracted speech units

(optionally, with duplication) so as to produce the reference speech sample.

Subsequently to receiving the test speech sample, the processor performs the
aforementioned comparison by mapping the test speech sample to the reference speech sample.
Based on the mapping, the processor computes a distance between the test speech sample and the
reference speech sample. In response to the distance (e.g., in response to comparing the distance
to a predefined threshold), the processor communicates an output indicating the physiological state

of the subject while the test speech sample was produced.

Typically, the verbal content of the test speech sample is similar or identical to the verbal
content of the reference speech sample. For example, the processor may prompt the subject to utter
the verbal content of the reference speech sample, ¢.g., by displaying the verbal content on device
32. Altematively, the processor may receive (or synthesize) multiple reference speech samples
having different verbal content, and then prompt the subject to utter the verbal content of any one
of the reference speech samples. For example, the reference speech samples may include different
respective answers to a particular question, and the processor may prompt the subject to provide
one of the answers to the question. The test speech sample may then be mapped to the

corresponding reference speech sample.

In some embodiments, prior to the mapping, the processor verifies (¢.g., using a binary

classifier) that the test speech sample and reference speech sample include the same verbal content.

In some embodiments, the reference speech is produced by the subject (or another subject)
while the physiological state of the subject (or the other subject) is deemed (e.g., by a physician)
to be stable with respect to a particular physiological condition. In other embodiments, the

reference speech is produced while in an unstable state with respect to the condition.

In yet other embodiments, the test speech sample is mapped to each of two reference speech
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samples: a stable-state speech sample, and an unstable-state speech sample. Based on the
mappings, the processor computes a first distance to the stable-state speech sample and a second
distance to the unstable-state speech sample. The processor then compares the two distances to
on¢ another, and communicates the output responsively thereto. For example, if the second
distance is less than the first distance, indicating that the test sample is more similar to the unstable-

state reference sample, the processor may communicate an alert.

COMPARING THE TEST SPEECH SAMPLE TO A REFERENCE SPEECH MODEL

In other embodiments, the processor is configured to compare the test speech sample to a
speech model representing speech produced in a known physiological state. The speech model
includes multiple acoustic states and defines allowed transitions between the acoustic states.
Optionally, the speech model may further specify respective probabilities for the allowed
transitions. Alternatively or additionally, each acoustic state may be associated with a local
distance function, which, given an acoustic feature vector, returns a local distance between the
feature vector and the acoustic state. In some embodiments, the acoustic states are labeled as

corresponding to different respective speech units.

In some embodiments, the processor receives reference speech, and then computes the
speech model based on the reference speech. In other embodiments, the processor receives the
speech model, which was previously computed from reference speech. The reference speech may
include, for example, free speech in which multiple speech units are uttered, or an utterance of a

predetermined list of speech units.

Subsequently to receiving the test speech sample, the processor performs the
aforementioned comparison by mapping the test speech sample to the speech model. Based on the
mapping, the processor computes a distance between the test speech sample and the speech model.
In response to the distance (e.g., in response to comparing the distance to a predefined threshold),
the processor communicates an output indicating the physiological state of the subject while the

test speech sample was produced.

In some embodiments, prior to the mapping, the processor verifies (¢.g., using a binary
classifier) that the test speech sample includes verbal content corresponding to an allowed

sequence of acoustic states.

In some embodiments, the reference speech underlying the speech model is produced by
the subject (or another subject) while the physiological state of the subject (or the other subject) is
deemed (e.g., by a physician) to be stable with respect to a particular physiological condition. In
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other embodiments, the reference speech is produced while in an unstable state with respect to the

condition.

In yet other embodiments, the test speech sample is mapped to each of two speech models:
a stable-state speech model, and an unstable-state speech model. Based on the mappings, the
processor computes a first distance to the stable-state speech model and a second distance to the
unstable-state speech model. The processor then compares the two distances to one another, and
communicates the output responsively thereto. For example, if the second distance is less than the
first distance, indicating that the test sample is more similar to the unstable-state speech model,

the processor may communicate an alert.

The section below provides further details regarding the mapping of the test sample to a

reference speech sample or speech model.

FRAME-BASED MAPPING
(1) Frame-based mapping to a reference speech sample

In some embodiments, the processor performs a time-based division of the test sample and
reference sample, in that the processor divides each of the samples into frames based on the start
and end times of each frame. In general, each frame may be of any suitable duration, such as, for
example, between 10 and 100 ms. Typically, the frames are of equal duration, although some
embodiments may use pitch-synchronous analysis with frames of varying duration. In some
embodiments, the frames overlap each other. For example, each frame may occupy the time period
[k*s k*s+T], where k=0,1,... is the index of the frame, s is the time step between adjacent frames,

and T > s 1s the duration of the frame.

Subsequently, the processor computes respective reference-sample feature vectors
quantifying acoustic features of the frames of the reference speech sample, and respective test-
sample feature vectors quantifying the same acoustic features of the frames of the test speech

sample.

For each frame, the acoustic features may include, for example, a representation of the
spectral envelope of the frame, including, for example, linear prediction coefficients, cepstral
coefficients (e.g., mel-frequency cepstrum coefficients (MFCCs)), and/or pitch frequency.
Alternatively or additionally, the features may include representations of temporal changes in
short-term acoustic features, including statistical representations (e.g., a mean and/or variance)
and/or functional representations (e.g., a polynomial representing the temporal change). Each

feature vector may include any suitable number of features.
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Subsequently, the processor maps the test-sample feature vectors to respective ones of the
reference-sample feature vectors so as to minimize a total distance between the two samples. For
further details regarding this mapping, reference is now made to Fig. 2, which is a schematic
illustration of a mapping of a test speech sample to a reference speech sample, in accordance with

some embodiments of the present invention.

By way of introduction, it is noted that the mapping (or “alignment”) described with

reference to Fig. 2 may be represented by a sequence of N pairs of indices {(t1,r1), ..., (AN,IN)},
where each index tj is the index of a frame of the test sample (or of a feature vector extracted
therefrom), each index rj is the index of a frame of the reference sample (or of a feature vector

extracted therefrom), and hence, each pair of indices (tj, rj) represents a correspondence between

a frame of the test sample and a frame of the reference sample. For example, the correspondence
between the tenth test-sample frame and the eleventh reference-sample frame is represented by the

pair of indices (10,11).

Typically, the sequence of index-pairs must satisfy some predefined constraints for the

alignment to be valid. Examples for such constraints include:

e Monotonicity and continuity: ti < ti+1, ri <ri+1, and 0 < (ri+1 + ti+1)-(ri + ti) < 2,

fori=1,....N-1
e A constrained slope: 1 <tj+2-ti<2and 1 <rj+2 -1i <2, fori=1,... . N-2

e Boundary conditions: t] =1, r; = 1, tN =M, and rN = L, where M is the number of

test-sample frames and L is the number of reference-sample frames

Given any particular alignment, the total distance D between the test sample and the
h

reference sample may be defined as D = YIL, d;w; = YL, d(vf, v)w;, where v{ is the tit
feature vector of the test sample, vﬁ is the rith feature vector of the reference sample, d is a local
distance between the two feature vectors that may utilize any suitable distance measure, and each
wi 1s a weight that is applied to d. In some embodiments, w1 =2 and wij = (rj + ti)-(ri-1 + tj-1) fori

=2,....N, such that the sum of the weights is M+L for each alignment, thus eliminating any a priori

bias among the different alignments.

Alternatively, the distance D may be derived from the local distances in any other suitable

way.
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It is noted that in the context of the present application, including the claims, the “local
distance” (or “measure of dissimilarity”) between two vectors may be calculated using any suitable
distance measure. For example, the local distance may be calculated as the L1 or L2 (Euclidean)
distance between the two vectors or portions thereof. Alternatively, the distance measure may
quantify any sort of deviation, or distortion, of one of the vectors relative to the other, such that
the local distance need not necessarily be geometric. For example, it may not necessarily be true

that d(v{, v¥) = d(vf, v{), and/or it may not necessarily be true that for any three feature vectors

v1, v2, and v3, d(v1, v3) <d(vi1, v2) + d(v2, v3). An example of a non-geometric distance measure

that may be used in embodiments of the present invention is the Itakura-Saito distance measure
between vectors of linear-prediction (LPC) coefficients, which is described in section 4.5.4 of the
aforementioned reference to Rabiner and Juang, whose disclosure is incorporated herein by

reference.

Further to the above introduction, Fig. 2 illustrates an alignment of the test sample with the
reference sample, which may be performed by the processor, for example, using the dynamic time
warping (DTW) algorithm, which is described in the aforementioned reference to Sakoe and
Chiba, which is incorporated herein by reference. In particular, Fig. 2 shows a correspondence,
resulting from the alignment, between some of the test-sample features vectors and corresponding

ones of the reference-sample feature vectors. Each pair of corresponding feature vectors has an
associated local distance dj, where dj = d(vtTi,vf;). From among all possible alignments, the

processor selects the alignment that minimizes the distance D, e.g., using a dynamic programming
algorithm described in section 4.7 of the aforementioned reference to Rabiner and Juang, whose
disclosure is incorporated herein by reference. (It is noted that the DTW algorithm includes a

dynamic programming algorithm for finding the optimal alignment.)

(To avoid any confusion, it is noted that the four reference-sample feature vectors shown
in Fig. 2 are not necessarily the first four feature vectors belonging to the reference sample. For
example, rp may be 2 and r3 may be 4, such that the third reference-sample feature vector is not
mapped to. Similarly, the four test-sample feature vectors shown in Fig. 2 are not necessarily the

first four feature vectors belonging to the test sample.)

As described above, in response to a distance between the test speech sample and the
reference speech sample, the processor generates an output indicating the physiological state of
the subject at the time at which the test speech sample was produced. For example, the processor

may compare the minimized total distance D, or another distance suitably defined, to a suitable

26



10

15

20

25

30

WO 2024/252203 PCT/1B2024/054360

predefined threshold, and generate an output in response to the comparison.
(i1) Frame-based mapping to a speech model

In some embodiments, the processor computes respective feature vectors for the frames of
the test speech sample, as described above. Subsequently, the processor maps the test speech
sample to a speech model, by mapping the test-sample feature vectors to respective acoustic states
of the speech model such that a total distance is minimized. The total distance is based on
respective local distances between the test-sample feature vectors and the respective acoustic states
to which the test-sample feature vectors are mapped. These local distances, in turn, are computed
from local distance functions associated with the acoustic states. In particular, to compute a local

distance, the test-sample feature vector is input to the local distance function.

For further details regarding this mapping, reference is now made to Fig. 5, which is a
schematic illustration of a speech model 47, in accordance with some embodiments of the present

invention.

In some embodiments, a speech model 47 (in particular, a parametric statistical model
representing speech) is constructed from one or more reference speech samples 45. Speech model

47 may be stored, for example, in memory 30 (Fig. 1).

Model 47 includes one or more acoustic states 49 that are exhibited in the reference speech

samples. Acoustic states 49 are associated with respective local distance functions 51. Given any

[TER ]

acoustic feature vector “v”” within the domain of functions 51, the local distance function of each
acoustic state returns a local distance that indicates a degree of correspondence between the given
acoustic feature vector and the acoustic state. Model 47 further includes the transitions 53 between
the acoustic states that are exhibited in the reference speech samples; these transitions are referred
to herein as “allowed transitions.” In some embodiments, model 47 further defines respective

transition distances 55 for the transitions.

For example, Fig. 5 shows an example snippet of a speech model, which includes (i) a first

acoustic state s1, having a first local distance function d1(v), (ii) a second acoustic state s2, having
a second local distance function da(v), and (iii) a third acoustic state s3, having a third local
distance function d3(v). s1 transitions to s2 with a transition distance t12, and to s3 with a transition

distance t13. s3 transitions to s1 with a transition distance t31.

As a specific simplified example, s1 may correspond to the phoneme “\b\,” s3 may
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correspond to the phoneme “\aw\,” and s may correspond to the phoneme “\ee\,” such that the

state sequence s1—2s3—>s1—2s2 represents the word “Bobby.” (It is noted that, in practice, at least

some phonemes may be represented by a sequence of multiple acoustic states.)

In some embodiments, each of the acoustic states is associated with a respective
multidimensional probability density function (PDF), from which the local distance between the
given feature vector “v” and the acoustic state is implicitly derived. In particular, the PDF provides
an estimated likelihood that the given acoustic feature vector corresponds to the acoustic state (i.¢.,
that the given feature vector is derived from speech that was produced while the subject’s speech-
production system was in the physical state corresponding to the acoustic state), and the local
distance is derived from this estimated likelihood. For example, the local distance function of each

acoustic state may return a value that depends on the negative log of the estimated likelihood. This

value may be, for example, the negative log itself, or a multiple of the negative log.

As a specific example, each acoustic state may be associated with a Gaussian PDF, such
that the local distance, when computed as a negative log likelihood, is the sum of the squares of
the differences between the components of the feature vector and the corresponding components
of the mean of the distribution, weighted by the inverses of the corresponding variances of the

distribution.

In other embodiments, the local distances are derived from information-theoretic
considerations; one example of a distance measure that is based on such considerations is the
Itakura-Saito distance measure, which i1s described in section 4.5 .4 of the aforementioned reference
to Rabiner and Juang, whose disclosure is incorporated herein by reference. Alternatively, for
embodiments in which both a stable-state model and an unstable-state model are constructed, the
local distances may be derived from class-discrimination considerations, in that the local distances
may be selected so as to best discriminate between the stable and unstable reference samples.

Alternatively, the local distances may be derived from heuristic considerations.

Transition distances 55 are based on underlying transition probabilities, as estimated from
the reference speech samples; for example, each transition distance may be the negative log of a
respective transition probability. Given that the transition distances and transition probabilities
may be derived from one another, the model may be said to specify the former by virtue of

specifying the latter, or the latter by virtue of specifying the former.

In general, the parameters of the model (e.g., the parameters of the aforementioned PDFs

and the transition probabilities) may be estimated from the reference speech samples using any
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suitable technique, such as the Baum-Welch algorithm, which is described, for example, in section
6.4.3 of the aforementioned reference to Rabiner and Juang, whose disclosure is incorporated

herein by reference.

Reference is now made to Fig. 6, which is a schematic illustration of a mapping of a test
speech sample 57 to a speech model, in accordance with some embodiments of the present

invention.

As described above, the processor receives test speech sample 57, which was produced by
the subject while the subject’s physiological state was unknown. Next, the processor computes a
plurality of test-sample feature vectors 61 that quantify acoustic features of different respective
frames 59 of sample 57. The acoustic features may include, for example, a representation of the
spectral envelope of frame 59, including, for example, linear prediction coefficients and/or cepstral

coefficients. Vectors 61 may include any suitable number of features; by way of example, Fig. 6

shows a five-dimensional vector v;.

Subsequently to computing the feature vectors, based on the local distance functions and
on the allowed transitions that are defined by model 47, the processor maps the test speech sample
to a minimum-distance sequence of acoustic states belonging to the model, by mapping the test-
sample feature vectors to respective ones of the acoustic states such that the total distance between
the test sample and model is minimized. The total distance is based on the respective local
distances between the test-sample feature vectors and the acoustic states to which the feature
vectors are mapped; for example, the total distance may be based on the sum of the respective

local distances.
To explain further, as illustrated in Fig. 6, cach mapping of the test speech sample to the
model maps each index *j” of the feature vectors to an index m(j) of the acoustic states, such that

the j‘[h feature vector vj is mapped to the acoustic state sm(j). (sm(j) may be any acoustic state to
which there is an allowed transition from sm(j-1).) The mapping of vj to sm(j) yields a local distance

dj = dm(j)(vj) between vj and sm(j). Thus, assuming N test-sample feature vectors, the test sample
is mapped to a sequence of N states, and the sum of the local distances for this mapping is Z?’zl d;.
The total distance for the mapping is based on Z?’zl d;. For example, the total distance may be
defined as 2?’21 d;, or, if transition distances are included in the model, as 2?’21 d; + Z?’:_ll tii+1)s
where tj(+1) is the transition distance from the jth state to the j+15t state. The processor finds the

sequence of states for which this total distance is minimized.
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By way of example, referring again to Fig. 5, and assuming the processor extracts a

sequence of six feature vectors {v1, v2, v3, v4, v5, ve} from the test sample, the processor may

map the test sample to the minimum-distance state sequence {si, s3, s1, s2, s2, s3}. The total
distance for this mapping may be computed as

d1(vi)+t13+d3(v2)+t31+d1(v3)+t12+da(va)+a2+doa(vs)+ta3+d3(ve).

In some embodiments, to find the optimal mapping of the test sample to the model, the
system uses the Viterbi algorithm, which is described in section 6.4.2 of the aforementioned

reference to Rabiner and Juang, whose disclosure is incorporated herein by reference.

As described above, in response to a distance between the test speech sample and the
speech model, the processor generates an output indicating the physiological state of the subject
at the time at which the test speech sample was produced. For example, the processor may compare
the minimized total distance, or another distance suitably defined, to a suitable predefined

threshold, and generate an output in response to the comparison.

SEGMENT-BASED MAPPING

In the frame-based mapping described above, the processor performs a time-based division
of the test speech sample, in that the processor simply divides the test speech sample based on the

start and stop times of the frames, regardless of the acoustic content of the sample.

In other embodiments, the processor divides the test speech sample into multiple segments
based on differences in acoustic properties between each pair of successive segments. (Typically,
cach segment is longer than a frame; for example, each segment may include multiple frames.) In
other words, the test speech sample is segmented based on acoustic properties of the sample, in
that one segment ends, and the next segment begins, wherever there is a significant change in the

acoustic properties.
These other embodiments are hereby described.
(1) Segment-based mapping to a reference speech sample

In some embodiments, the reference speech sample was divided (e.g., by the processor)
into multiple reference-sample segments based on differences in acoustic properties between each
pair of successive ones of the reference-sample segments. In such embodiments, after performing
a similar acoustic-property-based division of the test speech sample, the processor maps at least
some of the segments of the test sample to corresponding segments of the reference sample.

Subsequently to, or concurrently with, performing the mapping, the processor computes a distance
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between the two samples based on respective local distances between the mapped test-sample

segments and the corresponding reference-sample segments.

In some embodiments, the division of the test speech sample is constrained to produce N
test-sample segments, where N is the number of reference-sample segments. Such a constraint
may be suitable, for example, where the test speech sample is known or assumed to contain the
same verbal content as the reference speech sample. (As described above, this may be verified by

the processor, ¢.g., using a binary classifier.) Subsequently to the division of the test speech

sample, the jth test-sample segment is mapped to the jth reference-sample segment fori=1.. N,

In other embodiments, the processor does not constrain the number of test-sample
segments. Rather, after segmenting the test sample without such a constraint, the processor finds

a mapping that minimizes a particular function.

For example, in some embodiments, the reference-sample segments were labeled (e.g., by
the processor) as corresponding to respective reference-sample speech units. The processor divides
the test-speech sample such that the test-sample segments are labeled as corresponding to
respective test-sample speech units. Subsequently, the processor finds the correspondence between
the test-sample segments and the reference-sample segments that minimizes, under one or more
predefined constraints, a function of respective measures of dissimilarity between the test-sample
speech units of the mapped test-sample segments and the reference-sample speech units of the
corresponding reference-sample segments. The value returned by the minimized function may be

>

based on, for example, a “total speech-unit dissimilarity measure,” which is the sum of the

measures of dissimilarity for the mapped pairs of speech units.

For these measures of dissimilarity, an insertion may be modeled by a mapping of the
inserted test-sample speech unit to a null speech unit, and a deletion may be modeled by a mapping

of the deleted reference-sample speech unit to the null speech unit.

In some embodiments, the measures of dissimilarity are predefined by a human expert. For
example, for a set of speech units (e.g., phonemes) in the subject’s language, including the null
speech unit, the expert may assign a measure of dissimilarity between each pair of speech units in
the set. For example, for a pair of speech units that are very dissimilar to one another, the expert
may assign a large measure of dissimilarity, such as infinity. Conversely, the measure of

dissimilarity between the speech unit and itself may be zero.

Alternatively, there may be a uniform measure of dissimilarity (e.g., one) for unlike speech

units.
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As another example, in other embodiments, the processor computes the mapping based on
feature vectors of the segments. In other words, the processor computes respective test-sample
feature vectors quantifying acoustic features of the test-sample segments and respective reference-
sample feature vectors quantifying the (same) acoustic features of the reference-sample segments.
Subsequently, the processor finds the correspondence between the test-sample segments and the
reference-sample segments that minimizes, under one or more predefined constraints, a function
of respective measures of dissimilarity between the test-sample feature vectors of the mapped test-
sample segments and the reference-sample feature vectors of the corresponding reference-sample
segments. The value returned by the minimized function may be based on, for example, a “total
feature-vector dissimilarity measure,” which is the sum of the measures of dissimilarity for the

mapped pairs of feature vectors.

As yet another example, the processor may find the correspondence that minimizes a
function of both (i) respective measures of dissimilarity between the test-sample speech units of
the mapped test-sample segments and the reference-sample speech units of the corresponding
reference-sample segments, and (ii) respective measures of dissimilarity between the test-sample
feature vectors of the mapped test-sample segments and the reference-sample feature vectors of
the corresponding reference-sample segments. For example, the function may be based on a
weighted sum of the total speech-unit dissimilarity measure and the total feature-vector

dissimilarity measure.

For further details, reference is now made to Fig. 3, which is a flow diagram for a method
44 for comparing a test speech sample to a reference speech sample, in accordance with some

embodiments of the present invention.

In some embodiments, method 44 includes a first segmenting step 46, at which the
processor divides the reference speech sample into multiple reference-sample segments based on
differences in acoustic properties between each pair of successive ones of the reference-sample
segments. In other embodiments, the reference speech sample is segmented manually by an expert,

or by a different processor, prior to the performance of method 44.

At a second segmenting step 48, the processor divides the test speech sample into multiple
test-sample segments based on differences in acoustic properties between each pair of successive

ones of the test-sample segments.

To perform first segmenting step 46 or second segmenting step 48, the processor may
divide the speech sample into relatively short frames of a fixed duration, and compute a feature

vector for each frame. Each feature vector may include any suitable acoustic features such as a

32



10

15

20

25

30

WO 2024/252203 PCT/1B2024/054360

representation of the spectral envelope of the frame, including, for example, linear prediction
coefficients and/or cepstral coefficients (¢.g., MFCCs). Subsequently, the processor may segment

the sample based on the feature vectors.

For example, the processor may apply a one-dimensional clustering algorithm to the
feature vectors. Alternatively, for example, the processor may group the frames based on changes
in gradients of the feature vectors. As yet another example, the processor may use the
aforementioned Viterbi algorithm so as to segment the sample based on a mapping of the feature
vectors to an HMM. Alternatively, the processor may use any other suitable algorithm known in
the art, such as any suitable algorithm described in Sakran, Alaa Ehab, et al., "A review: Automatic
speech segmentation," International Journal of Computer Science and Mobile Computing 6.4

(2017): 308-315, whose disclosure is incorporated herein by reference.

Optionally, in both first segmenting step 46 and second segmenting step 48, the processor
may label the segments as corresponding to respective speech units. These labels may be used in

the subsequent mapping and/or distance calculation, as described below.

As described above, the verbal content of the two speech samples is typically at least
similar, if not identical. Hence, for embodiments in which the reference-sample segments are
labeled, the processor, in executing second segmenting step 48, may divide the test speech sample
while constraining the test-sample speech units responsively to the reference-sample speech units.
In particular, the processor may bias the segmentation algorithm such that the sequence of test-
sample speech units returned by the segmentation algorithm is allowed to differ only slightly from
the sequence of reference-sample speech units. Thus, advantageously, the segmentation may

leverage prior knowledge of the verbal content of the test-sample speech.

For example, the processor may allow the two sequences to differ from one another only
with respect to speech units that are commonly skipped or substituted. As a specific example, the
word “a” is pronounced sometimes as /&/ and at other times as /e1/. Hence, if the word “a” in the
reference sample is labeled with the phoneme /a&/, the processor may allow the phoneme /&/ or

/et/, but not any other phoneme, at the same location in the test-sample speech units.

Alternatively or additionally to constraining the test-sample speech units, the processor, in
performing second segmentation step 48, may constrain the segmentation algorithm to output a
predetermined number N of segments, N being the number of reference-sample segments. In some
embodiments, the processor applies this constraint in response to verifying that the verbal content

of the test sample is identical to the verbal content of the reference sample.

Subsequently to second segmenting step 48, the processor, at an optional feature-vector
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computing step 50a, computes respective reference-sample feature vectors quantifying acoustic
features of the reference-sample segments, and respective test-sample feature vectors quantifying
the (same) acoustic features of the test-sample segments. (In general, feature-vector computing
step 50a is performed if the feature vectors are to be used in the subsequent mapping step 52.) For
cach of the segments, the feature vector may include acoustic features such as a representation of
the spectral envelope of the segment, including, for example, linear prediction coefficients and/or
cepstral coefficients (¢.g., MFCCs). Alternatively or additionally, for example, the feature vector
may include the duration (i.¢., length) of the segment, the speech-unit label with which the segment
was labeled, and/or a total duration of non-speech sound (¢.g., breathing pauses or coughs) prior

to the segment.

Next, the processor, at a mapping step 52, maps at least some of the test-sample segments

to corresponding ones of the reference-sample segments.

In particular, for embodiments in which the segmentation algorithm was constrained to
th

output N segments, the processor simply maps an i™ one of the test-sample segmentsto ani one
of the reference-sample segments fori=1...N.

For other embodiments, the processor performs the mapping by minimizing a function
under one or more predefined constraints, as described above.

An example of a predefined constraint for the mapping is monotonicity. In other words, if
the mapping is represented by the notation {(t1,r1), ..., (tN,rN)}, where each index tj is the index
of a test-sample segment or is null (indicating a skipped speech unit, i.e., a reference sample

segment that is not matched by any test sample segment) and each index rj is the index of a

reference-sample segment or is null (indicating an added speech unit, i.¢., a test sample segment

that is not matched by any reference sample segment), the constraint may require that, excluding

any null indices, t]...tN and r1...1N are strictly increasing.

Next, at another optional feature-vector computing step 50b, the processor computes
respective test-sample feature vectors quantifying acoustic features of the mapped test-sample
segments, and respective reference-sample feature vectors quantifying the (same) acoustic features
of the corresponding reference-sample segments to which these test-sample segments were
mapped. Features that may be computed at feature-vector computing step 50b include the features
described above for feature-vector computing step 50a, though it is noted that the feature vectors
computed at feature-vector computing step 50b may be different from those computed at feature-

vector computing step 50a. In general, feature-vector computing step 50b is performed if (i) the
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feature vectors are to be used in the subsequent local-distance computing step 54, and (i) the

feature vectors were not already computed at feature-vector computing step 50a.

At each of the feature-vector computing steps, some features may be computed relative to
one or more other segments. Such features may include, for example, the ratio of the energy, mean
energy, or duration of the segment to the energy, mean energy, or duration of the previous segment
or of the sample. Alternatively or additionally, such features may include the difference between

the pitch of the segment and the pitch of the previous segment or the average pitch of the sample.

Subsequently to feature-vector computing step 50b, at a distance-computing step 56, the
processor computes the distance between the two speech samples based on respective local
distances between the pairs of corresponding segments. For example, the processor may compute
the distance between the two speech samples as the sum, root-mean-square, or median of the local
distances. Optionally, the local distances may be differentially weighted, ¢.g., so as to give greater
weight to those speech units that are known to be more indicative of the subject’s physiological

state.

In some embodiments, the processor uses, for the local distances, the measures of
dissimilarity that were used in mapping step 52. In other embodiments, the processor, at local-
distance computing step 54 (which precedes distance-computing step 56), computes local

distances that are different from these measures of dissimilarity.

For example, the processor may perform mapping step 52 by minimizing a total measure
of dissimilarity between the test-sample speech units and the corresponding reference-sample
speech units, but compute the local distances between pairs of corresponding feature vectors,

which were computed at feature-vector computing step 50b.

Alternatively, the processor may base the local distances on the same parameters as those
on which the measures of dissimilarity were based, but compute the local distances differently
from the measures of dissimilarity, €.g., so as to give greater weight to features or speech units

known to be more indicative of the subject’s physiological state.

As another example, the processor may compute the local distances by differentially
weighting the measures of dissimilarity, €.g., so as to give greater weight to those speech units

known to be more indicative of the subject’s physiological state.

Finally, at a communicating step 58, the processor communicates an output in response to

the distance.

Reference is now further made to Fig. 4, which is a flow diagram for a method 60 for
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computing feature vectors, in accordance with some embodiments of the present invention. The
processor may execute method 60 in the performance of one or both of feature-vector computing

steps 50a and 50b, for both the reference sample and the test sample.

Method 60 begins with a dividing step 62, at which the speech sample is divided into
multiple frames. (Dividing step 62 may be omitted if the sample was previously divided into
frames at first segmenting step 46 or second segmenting step 48.) Each of the segments of the

speech sample thus includes a different respective subset of the frames.

Following dividing step 62, the processor iterates through the mapped segments, i.¢., the
segments that are mapped to the segments of the other speech sample. Each mapped segment is
selected at a segment-selecting step 64. Following the selection, the processor, at a frame-feature-
vector computing step 66, computes multiple frame feature vectors quantifying the features of the
subset of the frames included in the segment. (Alternatively, the processor may compute the frame
feature vectors for the entire speech sample prior to or following dividing step 62, and then select
the feature vectors for the subset of frames following segment-selecting step 64.) Subsequently, at
a segment-feature-vector computing step 68, the processor computes a feature vector for the

segment based on the frame feature vectors.

In some embodiments, even if feature vectors were previously calculated for the frames at
first segmenting step 46 or second segmenting step 48, the processor computes different feature
vectors at frame-feature-vector computing step 66. In other embodiments, the previously-

calculated feature vectors are used, and frame-feature-vector computing step 66 is omitted.

In some embodiments, at segment-feature-vector computing step 68, the feature vector is
computed for the segment based on a statistic, such as the average, of the feature vectors for the

frames of the segment.

In other embodiments, the processor fits respective functions to one or more components
of the frame feature vectors. Subsequently, the processor computes the feature vector for the
segment based on parameters of the functions. For example, the processor may fit the functions
using linear or polynomial regression, and then compute the feature vector based on the regression
coefficients. Alteratively, the processor may fit the function by computing a transform, such as a
Fourier transform or a discrete cosine transform (DCT), of the components of the frame feature
vectors, and then compute the feature vector for the segment based on one or more coefficients of

the transform.

In yet other embodiments, the processor, at segment-feature-vector computing step 68,

computes multiple feature vectors corresponding to different respective stages of the segment.
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Subsequently, at mapping step 52 (Fig. 3), the segment is mapped to multiple reference-sample

segments based on the multiple feature vectors.

For example, the processor may compute multiple feature vectors for the segment by
computing multiple different weighted averages of the frame feature vectors. For example, the
processor may compute three feature vectors for a segment representing an APU: one for the
beginning (“transition in”) of the segment, another for the middle of the segment, and another for
the end (“transition out”) of the segment. The beginning feature vector may be computed by giving
greater weight to the beginning frames, the middle feature vector by giving greater weight to the

middle frames, and the end feature vector by giving greater weight to the end frames.

It is noted that in addition to the features derived from the frame feature vectors, the feature
vector(s) computed at segment-feature-vector computing step 68 may include other features, such
as any of the other features described above (e.g., the duration of the segment or a ratio of

energies).

Following segment-feature-vector computing step 68, the processor checks, at a checking
step 70, whether any mapped segments remain. If yes, the processor returns to segment-selecting

step 64. Otherwise, method 60 ends.

In other embodiments, feature-vector computing steps 50a and 50b are performed even

without first dividing the sample into frames as in method 60.

(i1) Segment-based mapping to a speech model

In some embodiments, after segmenting the test speech sample based on the acoustic
properties thereof, the processor maps at least some of the test-sample segments to corresponding

acoustic states of a speech model.

In some embodiments, the speech model allows only a single sequence of acoustic states.
In other words, the speech model specifies the allowed transitions or transition probabilities such
that a particular sequence has a probability of one, and any other sequence has a probability of
zero. Typically, the allowed sequence corresponds to a particular utterance uttered with the

subject’s pronunciation (i.c., accounting for any phonetic variations in the subject’s speech).

In such embodiments, the subject may be instructed to produce, for the test speech sample,
the utterance to which the allowed sequence corresponds. Optionally, the processor may then
verify that the subject produced the same utterance, as described above with reference to second
segmenting step 48 (Fig. 3). (In other words, the processor may verify that the test speech sample

includes the verbal content to which the allowed sequence corresponds.) Subsequently, the
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processor may segment the speech sample based on the feature vectors of the frames of the speech
sample, as described above for second segmenting step 48, with a constraint that the number of

segments equal the number N of acoustic states in the allowed sequence specified by the speech
model. Subsequently, the processor may map the jth segment to the i acoustic state in the

sequence fori=1...N.

In other embodiments, the processor does not constrain the number of test-sample
segments. Rather, after segmenting the test sample without such a constraint, the processor finds

a mapping that minimizes a particular function.

For example, in some embodiments, the acoustic states correspond to different respective
speech units, referred to hereinbelow, for convenience, as “speech-model speech units.” In other
words, each of the acoustic states is associated with a label, from a predefined set of labels,
characterizing the acoustic properties of the speech unit to which the acoustic state corresponds.
(It is noted that each of the labels may be an arbitrarily-assigned identifier, such as a serial number,

corresponding to a respective speech unit.)

In such embodiments, the processor divides the test-speech sample into segments such that
the test-sample segments are labeled as corresponding to respective speech units, referred to
hereinbelow as “test-sample speech units,” the labels being taken from the same predefined set of
labels used for the acoustic states of the speech model. Subsequently, based on the allowed
transitions specified by the model, the processor finds the correspondence between the test-sample
segments and the acoustic states of the model that minimizes, under one or more predefined
constraints, a function based on a dissimilarity between the test-sample speech units of the mapped

test-sample segments and the speech-model speech units of the corresponding acoustic states.

More particularly, for some speech models, such as HMMs, the function may be based on
respective measures of dissimilarity between the mapped test-sample speech units and the
corresponding speech-model speech units. For other speech models, such as DNN-based models,
there may not be an explicit measure of dissimilarity computed for each pair of corresponding
speech units, but rather, only an overall measure of dissimilarity between the two sequences of

speech units.

In general, the measures of dissimilarity may be defined, and insertions and deletions may

be modeled, as described above for the mapping to a reference speech sample.

In some such embodiments, the processor, while dividing the test speech sample,

constrains the test-sample speech units responsively to the allowed transitions and, optionally, the
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probabilities of these transitions as specified by the model. In other words, the processor biases
the segmentation so as to favor allowed sequences of test-sample speech units and in particular, in

some embodiments, those allowed sequences having greater a priori probability.

Alternatively or additionally, the processor may allow the sequence of test-sample
segments to differ from an allowed sequence of acoustic states only with respect to speech units
that are commonly skipped or substituted, as described above for the mapping to a reference speech

sample.

Alternatively to biasing the segmentation, the processor may, subsequently to dividing the
test speech sample and prior to the mapping, modify the sequence of test-sample segments
responsively to the allowed transitions and, optionally, the probabilities of these transitions. In
performing this modification, the processor may change the labels of one or more segments, delete
ong or more segments and their corresponding labels from the sequence, and/or insert one or more
null segments with selected labels into the sequence. The processor may thus favor allowed
sequences of test-sample speech units and in particular, in some embodiments, those allowed

sequences having greater a priori probability.

Typically, the modification of the sequence is performed, via an exhaustive search or any

suitable optimization algorithm, so as to minimize a particular cost function.

Typically, the cost function is based on a measure of dissimilarity between the sequence
prior to the modification and the sequence subsequent to the modification. This measure of
dissimilarity may be computed, for example, as described above with reference to the mapping of
the test sample to the reference sample. (In effect, the modification of the sequence of test-sample
segments may be viewed as a mapping between each speech unit in the modified sequence and a
corresponding speech unit in the original “reference” sequence.) For embodiments in which the
speech model specifies respective probabilities for the allowed transitions, the cost function may
be based, additionally, on the probability of the modified sequence as derived from the specified
probabilities. In other words, the processor may compute the modified sequence based on the
similarity of the modified sequence to the original sequence and also the probability of the
modified sequence. (Thus, the processor may select a higher-probability sequence over a lower-
probability sequence, even though the latter is more similar to the original sequence than is the
former.) For example, letting D denote the measure of dissimilarity between the original sequence
and the modified sequence, and letting P denote the probability of the modified sequence, the
processor may compute the modified sequence so as to minimize the cost function D — K*log(P),

where K is a suitable weighting factor.
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Alternatively, instead of performing the modification before the mapping, the processor
may perform the modification, concurrently with the mapping, so as to minimize a cost function
based on the local distances between the mapped test-sample segments and the corresponding
acoustic states. Optionally, the cost function may also be based on a measure of dissimilarity
between the sequence prior to the modification and the sequence subsequent to the modification.
For example, the cost function minimized in the mapping may be based on a sum (e.g., a weighted
sum) of (i) a measure of dissimilarity between the modified sequence of test-sample segments and

the original sequence, and (i1) another distance measure based on the local distances.

In other embodiments, the processor computes the mapping based on feature vectors of the
segments, rather than the speech-unit labels of the segments. In other words, the processor
computes respective test-sample feature vectors quantifying acoustic features of the test-sample
segments. Subsequently, the processor finds the correspondence between the test-sample segments
and the acoustic states that minimizes, under one or more predefined constraints, a function of
respective measures of dissimilarity between the test-sample feature vectors of the mapped test-
sample segments and the corresponding acoustic states. To compute these measures of
dissimilarity, the processor may input the test-sample feature vector of each mapped test-sample

segment to the local distance function of the acoustic state to which the segment is mapped.

In general, the feature vector(s) for each test-sample segment may be computed as

described above with reference to Fig. 4.

In yet other embodiments, the processor finds the correspondence that minimizes a
function of both (i) respective measures of dissimilarity between the test-sample speech units of
the mapped test-sample segments and the speech-model speech units of the corresponding acoustic
states, and (i1) respective measures of dissimilarity between the test-sample feature vectors of the
mapped test-sample segments and the corresponding acoustic states. For example, the function
may be based on a weighted sum of the total speech-unit dissimilarity measure and the total

feature-vector dissimilarity measure.

For embodiments in which the speech model specifies respective probabilities for the
allowed transitions, the minimized function may be based on the probability of the sequence of
corresponding acoustic states as derived from the specified probabilities. In other words, the
processor may bias the mapping so as to favor sequences of acoustic states having greater a priori

probability.

Subsequently to performing the mapping, the processor generates an output, which is

indicative of the subject’s physiological state, based on a distance between the test sample and the
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speech model per the mapping. In some embodiments, this distance is the value of the function
minimized during the mapping; in other embodiments, after performing the mapping, the

processor calculates a separate distance.

In some embodiments, the aforementioned distance is based on respective local distances
between the mapped test-sample segments and the corresponding acoustic states. For example, the
distance may be based on the sum (e.g., a weighted sum) of the local distances. In general, each
local distance may be based on (i) a measure of dissimilarity between the test-sample speech unit
of the segment and the speech-model speech unit of the acoustic state, (ii) a measure of
dissimilarity between the feature vector of the segment and the acoustic state, or (iii) a combination

of the two. For a null segment, the local distance may be set to a predefined fixed value.

(As noted above, in other embodiments, particularly those in which a DNN architecture is
used, local distances are not explicitly computed. Rather, the speech model simply returns the

distance minimized during the mapping.)

For embodiments in which the sequence of test-sample segments is modified prior to the
mapping as described above, the distance between the test sample and the model may be based on
the cost function minimized during this modification. For example, the distance may be a function
of (i) the sum of the local distances, and (i1) the value of the minimized cost function, which, as
described above, may be based on the similarity of the modified sequence to the original sequence.
For example, the distance may be the sum of (i) and (i1), the sum of the logs of (i) and (i1), or the

sum of the squares of (i) and (i1).

For further details, reference is now made to Fig. 7, which is a flow diagram for a method
72 for comparing a test speech sample to a speech model, in accordance with some embodiments

of the present invention.

Method 72 begins with second segmenting step 48, at which the processor divides the test
speech sample into multiple test-sample segments based on differences in acoustic propertics
between each pair of successive ones of the test-sample segments. Optionally, the processor may
label the segments as corresponding to respective speech units. These labels may be used in the

subsequent mapping and/or distance calculation, as described below.

As described above, the segmentation of the test sample may be constrained responsively
to the speech model. For example, if the speech model allows a single sequence of acoustic states,
the number of test-sample segments may be constrained to match the number of acoustic states
(including repetitions) in the allowed sequence. Alternatively, for example, the sequence of test-

sample segments may be constrained such that only allowed transitions are included, or such that
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more probable sequences are given preference.

Alternatively, subsequently to second segmenting step 48, the processor, at an optional
sequence-modifying step 73, may modify the sequence of test-sample segments responsively to
the allowed transitions. Optionally, as described above, the modification may be performed so as
to minimize a cost function, which may be based on the similarity between the modified sequence

and the original sequence and/or the probability of the modified sequence.

Next, at an optional feature-vector computing step 74a, the processor computes respective
test-sample feature vectors quantifying the acoustic features of the test-sample segments. (In
general, feature-vector computing step 74a is performed if the feature vectors are to be used in the
subsequent mapping step 76.) The feature vectors may include features such as those described

above with reference to feature-vector computing step 50a (Fig. 3).

Next, the processor, at mapping step 76, maps at least some of the test-sample segments to

corresponding acoustic states of the speech model.

In particular, for embodiments in which the segmentation algorithm was constrained to

output N segments, N being the number of acoustic states (including repetitions) in the single

allowed sequence of acoustic states, the processor simply maps an i™ one of the test-sample

segments to an i one of the acoustic states in the allowed sequence fori=1...N.

For other embodiments, the processor performs the mapping by minimizing a function
under one or more predefined constraints, as described above. An example of a predefined
constraint for the mapping is monotonicity, which is based on the allowed transitions specified by
the speech model. Optionally, a single segment may be mapped to multiple acoustic states based
on multiple feature vectors computed for the segment, as described above with reference to Fig.

4.

Next, at another optional feature-vector computing step 74b, the processor computes
respective test-sample feature vectors quantifying acoustic features of the mapped test-sample
segments. Features that may be computed at feature-vector computing step 74b include the
features described above for feature-vector computing step 74a, though it is noted that the feature
vectors computed at feature-vector computing step 74b may be different from those computed at
feature-vector computing step 74a. In general, feature-vector computing step 74b is performed if
(1) the feature vectors are to be used in the subsequent local-distance computing step 78, and (i1)

the feature vectors were not already computed at feature-vector computing step 74a.

At each of the feature-vector computing steps, some features may be computed relative to
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ong or more other segments, as described above with reference to Fig. 3.

Subsequently to feature-vector computing step 74b, at a distance-computing step 80, the
processor computes the distance between the test speech sample and the speech model, based on
respective local distances between the mapped test-sample segments and the corresponding
acoustic states. For example, the processor may compute the distance as the sum, root-mean-
square, or median of the local distances. Optionally, the local distances may be differentially
weighted, e.g., so as to give greater weight to those speech units that are known to be more

indicative of the subject’s physiological state.

In some embodiments, the processor uses, for the local distances, the measures of
dissimilarity used in mapping step 76. In other embodiments, the processor, at local-distance
computing step 78 (which precedes distance-computing step 80), computes local distances that are
different from the measures of dissimilarity. For example, the processor may perform mapping
step 76 by minimizing a total measure of dissimilarity between the test-sample speech units and
the corresponding speech-model speech units, but compute the local distances by inputting the
feature vectors of the mapped test-sample segments to the local distance functions of the
corresponding acoustic states. Alternatively, the processor may base the local distances on the
same parameters as those on which the measures of dissimilarity were based, but compute the
local distances differently, or differentially weight the measures of dissimilarity, as described

above with reference to Fig. 3.

(Altematively, as noted above, the processor may simply base the final output on the

distance minimized during the mapping, without performing any subsequent calculations.)

Finally, the processor executes communicating step 58, as described above with reference

to Fig. 3.

It will be appreciated by persons skilled in the art that the present invention is not limited
to what has been particularly shown and described hereinabove. Rather, the scope of embodiments
of the present invention includes both combinations and subcombinations of the various features
described hereinabove, as well as variations and modifications thereof that are not in the prior art,
which would occur to persons skilled in the art upon reading the foregoing description. Documents
incorporated by reference in the present patent application are to be considered an integral part of
the application except that to the extent any terms are defined in these incorporated documents in
a manner that conflicts with the definitions made explicitly or implicitly in the present

specification, only the definitions in the present specification should be considered.
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CLAIMS

1. A system, comprising:
an output interface; and
ong or more processors, configured to cooperatively carry out a process that includes:
mapping a test speech sample, which was produced by a subject while a
physiological state of the subject was unknown, to a speech model representing speech
produced in a known physiological state, which speech model includes multiple acoustic
states and defines allowed transitions between the acoustic states,
based on the mapping, computing a distance between the test speech sample and
the speech model, and
in response to the distance, communicating, via the output interface, an output

indicating the physiological state of the subject while the test speech sample was produced.

2. A method, comprising:

mapping, by a processor, a test speech sample, which was produced by a subject while a
physiological state of the subject was unknown, to a speech model representing speech produced
in a known physiological state, which speech model includes multiple acoustic states and defines
allowed transitions between the acoustic states;

based on the mapping, computing a distance between the test speech sample and the speech
model; and

in response to the distance, communicating an output indicating the physiological state of

the subject while the test speech sample was produced.

3. The method according to claim 2, wherein mapping the test speech sample to the speech
model comprises:

dividing the test speech sample into a sequence of test-sample segments based on
differences in acoustic propertics between each pair of successive ones of the test-sample
segments; and

mapping at least some of the test-sample segments to corresponding ones of the acoustic

states.

4, The method according to claim 3,

wherein the speech model allows only a single sequence of the acoustic states, the allowed
sequence being of length N,

wherein dividing the test speech sample comprises dividing the test speech sample into N

test-sample segments, and
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wherein mapping the at least some of the test-sample segments to the corresponding ones

th th

of the acoustic states comprises mapping an i one of the test-sample segments to an i acoustic
state in the sequence of the acoustic states fori=1...N.
5. The method according to claim 3, wherein any sequence of the acoustic states allowed by

the speech model corresponds to particular verbal content, and wherein the method further
comprises, prior to the mapping, verifying that the test speech sample includes the particular verbal

content.

6. The method according to claim 3,

wherein the acoustic states correspond to different respective speech-model speech units,
and

wherein dividing the test-speech sample comprises dividing the test-speech sample such

that the test-sample segments are labeled as corresponding to respective test-sample speech units.

7. The method according to claim 6, wherein mapping the at least some of the test-sample
segments to the corresponding ones of the acoustic states comprises mapping the at least some of
the test-sample segments to the corresponding ones of the acoustic states by finding the
correspondence that minimizes, under one or more predefined constraints, a function based on a
dissimilarity between the test-sample speech units of the mapped test-sample segments and the

speech-model speech units of the corresponding ones of the acoustic states.

8. The method according to claim 7, wherein the speech model specifies respective
probabilities for the allowed transitions, and wherein the function is based on a probability of a
sequence of the corresponding ones of the acoustic states as derived from the specified

probabilities.

9. The method according to claim 6, wherein dividing the test speech sample comprises
dividing the test speech sample while constraining the test-sample speech units responsively to the

allowed transitions.

10. The method according to claim 9, wherein the speech model specifies respective
probabilities for the allowed transitions, and wherein dividing the test speech sample comprises
dividing the test speech sample while constraining the test-sample speech units responsively to the

probabilities.

11. The method according to claim 6, further comprising, subsequently to dividing the test
speech sample and prior to the mapping, modifying the sequence of the test-sample segments

responsively to the allowed transitions.
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12. The method according to claim 11, wherein modifying the sequence of the test-sample
segments comprises modifying the sequence of the test-sample segments so as to minimize a cost
function, which is based on a measure of dissimilarity between the sequence prior to the

modification and the sequence subsequent to the modification.

13. The method according to claim 12, wherein the speech model specifies respective
probabilities for the allowed transitions, and wherein the cost function is based on a probability of

the modified sequence as derived from the specified probabilities.

14.  The method according to claim 12, wherein computing the distance comprises computing

the distance based on the cost function.

15. The method according to claim 11, wherein modifying the sequence of the test-sample
segments comprises modifying the sequence of the test-sample segments, concurrently with the
mapping, so as to minimize a cost function based on local distances between the mapped test-

sample segments and the corresponding ones of the acoustic states.

16.  The method according to claim 15, wherein the cost function is based on a measure of
dissimilarity between the sequence prior to the modification and the sequence subsequent to the

modification.

17. The method according to any of claims 3-16, further comprising computing respective test-
sample feature vectors quantifying acoustic features of the test-sample segments,

wherein mapping the at least some of the test-sample segments to the corresponding ones
of the acoustic states comprises mapping the at least some of the test-sample segments to the
corresponding ones of the acoustic states by finding the correspondence that minimizes, under one
or more predefined constraints, a function of respective measures of dissimilarity between the test-
sample feature vectors of the mapped test-sample segments and the corresponding ones of the

acoustic states.

18.  The method according to any of claims 3-16,

wherein the acoustic states are associated with respective local distance functions,
wherein the method further comprises:

computing respective test-sample feature vectors quantifying acoustic features of
the mapped test-sample segments; and

computing respective local distances between the mapped test-sample segments
and the corresponding ones of the acoustic states, by inputting the test-sample feature
vectors to the local distance functions of the corresponding ones of the acoustic states,

respectively, and
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wherein computing the distance comprises computing the distance based on the local

distances.

19. The method according to claim 18, wherein computing the test-sample feature vectors
comprises:
dividing the test speech sample into multiple frames, such that each of the test-sample
segments includes a different respective subset of the frames; and
for each of the mapped test-sample segments:
computing multiple test-frame feature vectors quantifying the acoustic features of
the subset of the frames included in the test-sample segment, and
computing the test-sample feature vector for the test-sample segment based on the

test-frame feature vectors.

20. The method according to claim 19, wherein computing the test-sample feature vector for
the test-sample segment comprises computing the test-sample feature vector for the test-sample

segment based on a statistic of the test-frame feature vectors.

21. The method according to claim 19, wherein computing the test-sample feature vector for
the test-sample segment comprises:

fitting respective functions to one or more components of the test-frame feature vectors;
and

computing the test-sample feature vector for the test-sample segment based on parameters

of the functions.

22. A computer software product comprising a tangible non-transitory computer-readable
medium in which program instructions are stored, which instructions, when read by a processor,
cause the processor to:

map a test speech sample, which was produced by a subject while a physiological state of
the subject was unknown, to a speech model representing speech produced in a known
physiological state, which speech model includes multiple acoustic states and defines allowed
transitions between the acoustic states,

based on the mapping, compute a distance between the test speech sample and the speech
model, and

in response to the distance, communicate an output indicating the physiological state of the

subject while the test speech sample was produced.

23.  The computer software product according to claim 22, wherein the instructions cause the

processor to map the test speech sample to the speech model by:
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dividing the test speech sample into a sequence of test-sample segments based on
differences in acoustic propertics between each pair of successive ones of the test-sample
segments, and

mapping at least some of the test-sample segments to corresponding ones of the acoustic

states.

24, The computer software product according to claim 23,

wherein the speech model allows only a single sequence of the acoustic states, the allowed
sequence being of length N,

wherein the instructions cause the processor to divide the test speech sample into N test-
sample segments, and

wherein the instructions cause the processor to map the at least some of the test-sample

segments to the corresponding ones of the acoustic states by mapping an i™ one of the test-sample

segments to an i acoustic state in the sequence of the acoustic states fori=1...N.

25. The computer software product according to claim 23, wherein any sequence of the
acoustic states allowed by the speech model corresponds to particular verbal content, and wherein
the instructions further cause the processor to verify, prior to the mapping, that the test speech

sample includes the particular verbal content.

26. The computer software product according to claim 23,

wherein the acoustic states correspond to different respective speech-model speech units,
and

wherein the instructions cause the processor to divide the test-speech sample such that the

test-sample segments are labeled as corresponding to respective test-sample speech units.

27. The computer software product according to claim 26, wherein the instructions cause the
processor to map the at least some of the test-sample segments to the corresponding ones of the
acoustic states by finding the correspondence that minimizes, under one or more predefined
constraints, a function based on a dissimilarity between the test-sample speech units of the mapped
test-sample segments and the speech-model speech units of the corresponding ones of the acoustic

states.

28.  The computer software product according to claim 26, wherein the instructions cause the
processor to divide the test speech sample while constraining the test-sample speech units

responsively to the allowed transitions.

29.  The computer software product according to claim 26, wherein the instructions further
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cause the processor to, subsequently to dividing the test speech sample and prior to the mapping,

modify the sequence of the test-sample segments responsively to the allowed transitions.

30. The computer software product according to claim 29, wherein the instructions cause the
processor to modify the sequence of the test-sample segments so as to minimize a cost function,
which is based on a measure of dissimilarity between the sequence prior to the modification and

the sequence subsequent to the modification.

31. The computer software product according to claim 30, wherein the speech model specifies
respective probabilities for the allowed transitions, and wherein the cost function is based on a

probability of the modified sequence as derived from the specified probabilities.

32. The computer software product according to claim 30, wherein the instructions cause the

processor to compute the distance based on the cost function.

33. The computer software product according to claim 29, wherein the instructions cause the
processor to modify the sequence of the test-sample segments, concurrently with the mapping, so
as to minimize a cost function based on local distances between the mapped test-sample segments

and the corresponding ones of the acoustic states.

34. The computer software product according to claim 33, wherein the cost function is based
on a measure of dissimilarity between the sequence prior to the modification and the sequence

subsequent to the modification.

35. The computer software product according to any of claims 23-34,

wherein the instructions further cause the processor to compute respective test-sample
feature vectors quantifying acoustic features of the test-sample segments, and

wherein the instructions cause the processor to map the at least some of the test-sample
segments to the corresponding ones of the acoustic states by finding the correspondence that
minimizes, under one or more predefined constraints, a function of respective measures of
dissimilarity between the test-sample feature vectors of the mapped test-sample segments and the

corresponding ones of the acoustic states.

36. The computer software product according to any of claims 23-34,
wherein the acoustic states are associated with respective local distance functions,
wherein the instructions further cause the processor to:
compute respective test-sample feature vectors quantifying acoustic features of the
mapped test-sample segments, and

compute respective local distances between the mapped test-sample segments and
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the corresponding ones of the acoustic states, by inputting the test-sample feature vectors
to the local distance functions of the corresponding ones of the acoustic states, respectively,
and

wherein the instructions cause the processor to compute the distance based on the local

distances.

37.  The computer software product according to claim 36, wherein the instructions cause the
processor to compute the test-sample feature vectors by:
dividing the test speech sample into multiple frames, such that each of the test-sample
segments includes a different respective subset of the frames, and
for each of the mapped test-sample segments:
computing multiple test-frame feature vectors quantifying the acoustic features of
the subset of the frames included in the test-sample segment, and
computing the test-sample feature vector for the test-sample segment based on the

test-frame feature vectors.

38. A system, comprising:
an output interface; and
ong or more processors, configured to cooperatively carry out a process that includes:
mapping a test speech sample, which was produced by a subject while a
physiological state of the subject was unknown, to a reference speech sample, which was
produced in a known physiological state,
based on the mapping, computing a distance between the test speech sample and
the reference speech sample, and
in response to the distance, communicating, via the output interface, an output

indicating the physiological state of the subject while the test speech sample was produced.

39. A method, comprising:

mapping, by a processor, a test speech sample, which was produced by a subject while a
physiological state of the subject was unknown, to a reference speech sample, which was produced
in a known physiological state;

based on the mapping, computing a distance between the test speech sample and the
reference speech sample; and

in response to the distance, communicating an output indicating the physiological state of

the subject while the test speech sample was produced.

40. The method according to claim 39, wherein the reference speech sample was produced by
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the subject.

41. The method according to claim 39, further comprising, prior to the mapping, verifying that

the test speech sample and reference speech sample include the same verbal content.

42, The method according to any of claims 39-41,

5 wherein the reference speech sample was divided into multiple reference-sample segments
based on differences in acoustic properties between each pair of successive ones of the reference-
sample segments,

wherein mapping the test speech sample to the reference speech sample comprises:
dividing the test speech sample into multiple test-sample segments based on
10 differences in the acoustic properties between each pair of successive ones of the test-
sample segments; and
mapping at least some of the test-sample segments to corresponding ones of the
reference-sample segments, and
wherein computing the distance comprises computing the distance based on respective
15  local distances between the mapped test-sample segments and the corresponding ones of the

reference-sample segments.

43, The method according to claim 42,
wherein the reference speech sample was divided into N reference-sample segments,
wherein dividing the test speech sample comprises dividing the test speech sample into N
20 test-sample segments, and

wherein mapping the at least some of the test-sample segments to the corresponding ones

th

of the reference-sample segments comprises mapping an i one of the test-sample segments to an

i one of the reference-sample segments fori=1...N.

44, The method according to claim 42,
25 wherein the reference-sample segments were labeled as corresponding to respective
reference-sample speech units, and
wherein dividing the test-speech sample comprises dividing the test-speech sample such

that the test-sample segments are labeled as corresponding to respective test-sample speech units.

45. The method according to claim 44, wherein mapping the at least some of the test-sample
30  segments to the corresponding ones of the reference-sample segments comprises mapping the at
least some of the test-sample segments to the corresponding ones of the reference-sample segments

by finding the correspondence that minimizes, under one or more predefined constraints, a
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function of respective measures of dissimilarity between the test-sample speech units of the
mapped test-sample segments and the reference-sample speech units of the corresponding ones of

the reference-sample segments.

46. The method according to claim 44, wherein dividing the test speech sample comprises
dividing the test speech sample while constraining the test-sample speech units responsively to the

reference-sample speech units.

47. The method according to claim 42, further comprising:

computing respective test-sample feature vectors quantifying acoustic features of the test-
sample segments; and

computing respective reference-sample feature vectors quantifying the acoustic features of
the reference-sample segments,

wherein mapping the at least some of the test-sample segments to the corresponding ones
ofthe reference-sample segments comprises mapping the at least some of the test-sample segments
to the corresponding ones of the reference-sample segments by finding the correspondence that
minimizes, under one or more predefined constraints, a function of respective measures of
dissimilarity between the test-sample feature vectors of the mapped test-sample segments and the

reference-sample feature vectors of the corresponding ones of the reference-sample segments.

48. The method according to claim 42, further comprising:

computing respective test-sample feature vectors quantifying acoustic features of the
mapped test-sample segments;

computing respective reference-sample feature vectors quantifying the acoustic features of
the corresponding ones of the reference-sample segments; and

computing the local distances by computing the local distances between the test-sample

feature vectors and the reference-sample feature vectors, respectively.

49, The method according to claim 48, wherein computing the test-sample feature vectors
comprises:
dividing the test speech sample into multiple frames, such that each of the test-sample
segments includes a different respective subset of the frames; and
for each of the mapped test-sample segments:
computing multiple test-frame feature vectors quantifying the acoustic features of
the subset of the frames included in the test-sample segment, and
computing the test-sample feature vector for the test-sample segment based on the

test-frame feature vectors.
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50. The method according to claim 49, wherein computing the test-sample feature vector for
the test-sample segment comprises computing the test-sample feature vector for the test-sample

segment based on a statistic of the test-frame feature vectors.

51. The method according to claim 49, wherein computing the test-sample feature vector for
the test-sample segment comprises:

fitting respective functions to one or more components of the test-frame feature vectors;
and

computing the test-sample feature vector for the test-sample segment based on parameters

of the functions.

52. A computer software product comprising a tangible non-transitory computer-readable
medium in which program instructions are stored, which instructions, when read by a processor,
cause the processor to:

map a test speech sample, which was produced by a subject while a physiological state of
the subject was unknown, to a reference speech sample, which was produced in a known
physiological state,

based on the mapping, compute a distance between the test speech sample and the reference
speech sample, and

in response to the distance, communicate an output indicating the physiological state of the

subject while the test speech sample was produced.

53.  The computer software product according to claim 52, wherein the reference speech

sample was produced by the subject.

54. The computer software product according to claim 52, wherein the instructions further
cause the processor to verify, prior to the mapping, that the test speech sample and reference speech

sample include the same verbal content.

55. The computer software product according to any of claims 52-54,
wherein the reference speech sample was divided into multiple reference-sample segments
based on differences in acoustic properties between each pair of successive ones of the reference-
sample segments,
wherein the instructions cause the processor to map the test speech sample to the reference
speech sample by:
dividing the test speech sample into multiple test-sample segments based on
differences in the acoustic properties between each pair of successive ones of the test-

sample segments, and
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mapping at least some of the test-sample segments to corresponding ones of the
reference-sample segments, and

wherein the instructions cause the processor to compute the distance based on respective

local distances between the mapped test-sample segments and the corresponding ones of the

reference-sample segments.

56. The computer software product according to claim 55,
wherein the reference speech sample was divided into N reference-sample segments,
wherein the instructions cause the processor to divide the test speech sample into N test-
sample segments, and

wherein the instructions cause the processor to map the at least some of the test-sample

segments to the corresponding ones of the reference-sample segments by mapping an i™ one of

the test-sample segments to an i™ one of the reference-sample segments fori=1...N.

57. The computer software product according to claim 55,

wherein the reference-sample segments were labeled as corresponding to respective
reference-sample speech units, and

wherein the instructions cause the processor to divide the test-speech sample such that the

test-sample segments are labeled as corresponding to respective test-sample speech units.

58. The computer software product according to claim 57, wherein the instructions cause the
processor to map the at least some of the test-sample segments to the corresponding ones of the
reference-sample segments by finding the correspondence that minimizes, under one or more
predefined constraints, a function of respective measures of dissimilarity between the test-sample
speech units of the mapped test-sample segments and the reference-sample speech units of the

corresponding ones of the reference-sample segments.

59.  The computer software product according to claim 57, wherein the instructions cause the
processor to divide the test speech sample while constraining the test-sample speech units

responsively to the reference-sample speech units.

60. The computer software product according to claim 55,
wherein the instructions further cause the processor to:
compute respective test-sample feature vectors quantifying acoustic features of the
test-sample segments, and
compute respective reference-sample feature vectors quantifying the acoustic

features of the reference-sample segments, and
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wherein the instructions cause the processor to map the at least some of the test-sample

segments to the corresponding ones of the reference-sample segments by finding the
correspondence that minimizes, under one or more predefined constraints, a function of respective
measures of dissimilarity between the test-sample feature vectors of the mapped test-sample

5 segments and the reference-sample feature vectors of the corresponding ones of the reference-

sample segments.

61.  The computer software product according to claim 55, wherein the instructions further
cause the processor to:
compute respective test-sample feature vectors quantifying acoustic features of the mapped
10 test-sample segments,
compute respective reference-sample feature vectors quantifying the acoustic features of
the corresponding ones of the reference-sample segments, and
compute the local distances by computing the local distances between the test-sample

feature vectors and the reference-sample feature vectors, respectively.

15 62, The computer software product according to claim 61, wherein the instructions cause the
processor to compute the test-sample feature vectors by:
dividing the test speech sample into multiple frames, such that each of the test-sample
segments includes a different respective subset of the frames, and
for each of the mapped test-sample segments:
20 computing multiple test-frame feature vectors quantifying the acoustic features of
the subset of the frames included in the test-sample segment, and
computing the test-sample feature vector for the test-sample segment based on the

test-frame feature vectors.
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AMENDED CLAIMS
received by the International Bureau on 25 August 2024 (25.08.2024)

1. A system, comprising:

an output interface; and
one or more processors, configured to cooperatively carry out a process that includes:

mapping a test speech sample, which was produced by a subject while a
physiological state of the subject was unknown, to a speech model representing speech
produced in a known physiological state, which speech model includes multiple acoustic
states and defines allowed transitions between the acoustic states,

wherein mapping the test speech sample to the speech model comprises:

dividing the test speech sample into a sequence of test-sample segments based on
differences in acoustic properties between each pair of successive ones of the test-sample
segments; and

mapping at least some of the test-sample segments to corresponding ones of the
acoustic states based on the mapping, computing a distance between the test speech sample
and the speech model, and

in response to the distance, communicating, via the output interface, an output

indicating the physiological state of the subject while the test speech sample was produced.

2, A method, comprising;
mapping, by a processor, a test speech sample, which was produced by a subject while a
physiological state of the subject was unknown, to a speech model representing speech produced
in a known physiological state, which speech model includes multiple acoustic states and defines
allowed transitions between the acoustic states,
wherein mapping the test speech sample to the speech model comprises:
dividing the test speech sample into a sequence of test-sample segments based on
differences in acoustic properties between each pair of successive ones of the test-sample
segments; and
mapping at least some of the test-sample segments to corresponding ones of the
acoustic states;
based on the mapping, computing a distance between the test speech sample and the speech
model; and
in response to the distance, communicating an output indicating the physiological state of

the subject while the test speech sample was produced.
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3. The method according to claim 2,

wherein the speech model allows only a single sequence of the acoustic states, the allowed
sequence being of length N,

wherein dividing the test speech sample comprises dividing the test speech sample into N
test-sample segments, and

wherein mapping the at least some of the test-sample segments to the corresponding ones

th th

of the acoustic states comprises mapping an i~ one of the test-sample segments to ani~ acoustic

state in the sequence of the acoustic states fori=1...N.

4, The method according to claim 2, wherein any sequence of the acoustic states allowed by
the speech model corresponds to particular verbal content, and wherein the method further
comprises, prior to the mapping, verifying that the test speech sample includes the particular verbal

content.

5. The method according to claim 2,

wherein the acoustic states correspond to different respective speech-model speech units,
and

wherein dividing the test-speech sample comprises dividing the test-speech sample such

that the test-sample segments are labeled as corresponding to respective test-sample speech units.

6. The method according to claim 5, wherein mapping the at least some of the test-sample
segments to the corresponding ones of the acoustic states comprises mapping the at least some of
the test-sample segments to the corresponding ones of the acoustic states by finding the
correspondence that minimizes, under one or more predefined constraints, a function based on a
dissimilarity between the test-sample speech units of the mapped test-sample segments and the

speech-model speech units of the corresponding ones of the acoustic states.

7. The method according to claim 6, wherein the speech model specifies respective
probabilities for the allowed transitions, and wherein the function is based on a probability of a
sequence of the corresponding ones of the acoustic states as derived from the specified

probabilities.

8. The method according to claim 5, wherein dividing the test speech sample comprises
dividing the test speech sample while constraining the test-sample speech units responsively to the

allowed transitions.

9. The method according to claim 8, wherein the speech model specifies respective

probabilities for the allowed transitions, and wherein dividing the test speech sample comprises
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dividing the test speech sample while constraining the test-sample speech units responsively to the

probabilities.

10. The method according to claim 5, further comprising, subsequently to dividing the test
speech sample and prior to the mapping, modifying the sequence of the test-sample segments

responsively to the allowed transitions.

11. The method according to claim 10, wherein modifying the sequence of the test-sample
segments comprises modifying the sequence of the test-sample segments so as to minimize a cost
function, which is based on a measure of dissimilarity between the sequence prior to the

modification and the sequence subsequent to the modification.

12. The method according to claim 11, wherein the speech model specifies respective
probabilities for the allowed transitions, and wherein the cost function is based on a probability of

the modified sequence as derived from the specified probabilities.

13.  The method according to claim 11, wherein computing the distance comprises computing

the distance based on the cost function.

14. The method according to claim 10, wherein modifying the sequence of the test-sample
segments comprises modifying the sequence of the test-sample segments, concurrently with the
mapping, so as to minimize a cost function based on local distances between the mapped test-

sample segments and the corresponding ones of the acoustic states.

15. The method according to claim 14, wherein the cost function is based on a measure of
dissimilarity between the sequence prior to the modification and the sequence subsequent to the

modification.

16. The method according to any of claims 2-15, further comprising computing respective test-
sample feature vectors quantifying acoustic features of the test-sample segments,

wherein mapping the at least some of the test-sample segments to the corresponding ones
of the acoustic states comprises mapping the at least some of the test-sample segments to the
corresponding ones of the acoustic states by finding the correspondence that minimizes, under one
or more predefined constraints, a function of respective measures of dissimilarity between the test-
sample feature vectors of the mapped test-sample segments and the corresponding ones of the

acoustic states.

17. The method according to any of claims 2-15,
wherein the acoustic states are associated with respective local distance functions,

wherein the method further comprises:
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computing respective test-sample feature vectors quantifying acoustic features of
the mapped test-sample segments; and

computing respective local distances between the mapped test-sample segments
and the corresponding ones of the acoustic states, by inputting the test-sample feature
vectors to the local distance functions of the corresponding ones of the acoustic states,
respectively, and
wherein computing the distance comprises computing the distance based on the local

distances.

18. The method according to claim 17, wherein computing the test-sample feature vectors
comprises:
dividing the test speech sample into multiple frames, such that each of the test-sample
segments includes a different respective subset of the frames; and
for each of the mapped test-sample segments:
computing multiple test-frame feature vectors quantifying the acoustic features of
the subset of the frames included in the test-sample segment, and
computing the test-sample feature vector for the test-sample segment based on the

test-frame feature vectors.

19. The method according to claim 18, wherein computing the test-sample feature vector for
the test-sample segment comprises computing the test-sample feature vector for the test-sample

segment based on a statistic of the test-frame feature vectors.

20. The method according to claim 18, wherein computing the test-sample feature vector for
the test-sample segment comprises:

fitting respective functions to one or more components of the test-frame feature vectors;
and

computing the test-sample feature vector for the test-sample segment based on parameters

of the functions.

21. A computer software product comprising a tangible non-transitory computer-readable
medium in which program instructions are stored, which instructions, when read by a processor,
cause the processor to:

map a test speech sample, which was produced by a subject while a physiological state of
the subject was unknown, to a speech model representing speech produced in a known
physiological state, which speech model includes multiple acoustic states and defines allowed

transitions between the acoustic states,
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wherein the instructions cause the processor to map the test speech sample to the speech
model by:
dividing the test speech sample into a sequence of test-sample segments based on
differences in acoustic properties between each pair of successive ones of the test-sample
segments; and
mapping at least some of the test-sample segments to corresponding ones of the
acoustic states,
based on the mapping, compute a distance between the test speech sample and the speech
model, and
in response to the distance, communicate an output indicating the physiological state of the

subject while the test speech sample was produced.

22. The computer software product according to claim 21,

wherein the speech model allows only a single sequence of the acoustic states, the allowed
sequence being of length N,

wherein the instructions cause the processor to divide the test speech sample into N test-
sample segments, and

wherein the instructions cause the processor to map the at least some of the test-sample

segments to the corresponding ones of the acoustic states by mapping an ih one of the test-sample

segments to an ih acoustic state in the sequence of the acoustic states fori=1...N.

23. The computer software product according to claim 21, wherein any sequence of the
acoustic states allowed by the speech model corresponds to particular verbal content, and wherein
the instructions further cause the processor to verify, prior to the mapping, that the test speech

sample includes the particular verbal content.

24, The computer software product according to claim 21,

wherein the acoustic states correspond to different respective speech-model speech units,
and

wherein the instructions cause the processor to divide the test-speech sample such that the

test-sample segments are labeled as corresponding to respective test-sample speech units.

25. The computer software product according to claim 24, wherein the instructions cause the
processor to map the at least some of the test-sample segments to the corresponding ones of the
acoustic states by finding the correspondence that minimizes, under one or more predefined
constraints, a function based on a dissimilarity between the test-sample speech units of the mapped

test-sample segments and the speech-model speech units of the corresponding ones of the acoustic
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states.

26.  The computer software product according to claim 24, wherein the instructions cause the
processor to divide the test speech sample while constraining the test-sample speech units

responsively to the allowed transitions.

27. The computer software product according to claim 24, wherein the instructions further
cause the processor to, subsequently to dividing the test speech sample and prior to the mapping,

modify the sequence of the test-sample segments responsively to the allowed transitions.

28. The computer software product according to claim 27, wherein the instructions cause the
processor to modify the sequence of the test-sample segments so as to minimize a cost function,
which is based on a measure of dissimilarity between the sequence prior to the modification and

the sequence subsequent to the modification.

29. The computer software product according to claim 28, wherein the speech model specifies
respective probabilities for the allowed transitions, and wherein the cost function is based on a

probability of the modified sequence as derived from the specified probabilities.

30. The computer software product according to claim 28, wherein the instructions cause the

processor to compute the distance based on the cost function.

31. The computer software product according to claim 27, wherein the instructions cause the
processor to modify the sequence of the test-sample segments, concurrently with the mapping, so
as to minimize a cost function based on local distances between the mapped test-sample segments

and the corresponding ones of the acoustic states.

32. The computer software product according to claim 31, wherein the cost function is based
on a measure of dissimilarity between the sequence prior to the modification and the sequence

subsequent to the modification.

33. The computer software product according to any of claims 21-32,

wherein the instructions further cause the processor to compute respective test-sample
feature vectors quantifying acoustic features of the test-sample segments, and

wherein the instructions cause the processor to map the at least some of the test-sample
segments to the corresponding ones of the acoustic states by finding the correspondence that
minimizes, under one or more predefined constraints, a function of respective measures of
dissimilarity between the test-sample feature vectors of the mapped test-sample segments and the

corresponding ones of the acoustic states.

34. The computer software product according to any of claims 21-32,
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wherein the acoustic states are associated with respective local distance functions,
wherein the instructions further cause the processor to:

compute respective test-sample feature vectors quantifying acoustic features of the
mapped test-sample segments, and

compute respective local distances between the mapped test-sample segments and
the corresponding ones of the acoustic states, by inputting the test-sample feature vectors
to thelocal distance functions of the corresponding ones of the acoustic states, respectively,
and

wherein the instructions cause the processor to compute the distance based on the local

distances.

35.

The computer software product according to claim 34, wherein the instructions cause the

processor to compute the test-sample feature vectors by:

dividing the test speech sample into multiple frames, such that each of the test-sample

segments includes a different respective subset of the frames, and

36.

for each of the mapped test-sample segments:

computing multiple test-frame feature vectors quantifying the acoustic features of
the subset of the frames included in the test-sample segment, and

computing the test-sample feature vector for the test-sample segment based on the

test-frame feature vectors.

A system, comprising:
an output interface; and
one or more processors, configured to cooperatively carry out a process that includes:
mapping a test speech sample, which was produced by a subject while a
physiological state of the subject was unknown, to a reference speech sample, which was
produced in a known physiological state,
wherein the reference speech sample was divided into multiple reference-sample
segments based on differences in acoustic properties between each pair of successive ones
of the reference-sample segments, and
wherein mapping the test speech sample to the reference speech sample comprises:
dividing the test speech sample into multiple test-sample segments based on
differences in the acoustic properties between each pair of successive ones of the test-
sample segments; and
mapping at least some of the test-sample segments to corresponding ones of the

reference-sample segments;
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based on the mapping, computing a distance between the test speech sample and
the reference speech sample based on respective local distances between the mapped test-
sample segments and the corresponding ones of the reference-sample segments, and

in response to the distance, communicating, via the output interface, an output

indicating the physiological state of the subject while the test speech sample was produced.

37. A method, comprising:
mapping, by a processor, a test speech sample, which was produced by a subject while a
physiological state of the subject was unknown, to a reference speech sample, which was produced
in a known physiological state,
wherein the reference speech sample was divided into multiple reference-sample segments
based on differences in acoustic properties between each pair of successive ones of the reference-
sample segments, and
wherein mapping the test speech sample to the reference speech sample comprises:
dividing the test speech sample into multiple test-sample segments based on
differences in the acoustic properties between each pair of successive ones of the test-
sample segments; and
mapping at least some of the test-sample segments to corresponding ones of the
reference-sample segments;
based on the mapping, computing a distance between the test speech sample and the
reference speech sample based on respective local distances between the mapped test-sample
segments and the corresponding ones of the reference-sample segments; and
in response to the distance, communicating an output indicating the physiological state of

the subject while the test speech sample was produced.

38. The method according to claim 37, wherein the reference speech sample was produced by

the subject.

39. The method according to claim 37, further comprising, prior to the mapping, verifying that

the test speech sample and reference speech sample include the same verbal content.

40.  The method according to claim 37,
wherein the reference speech sample was divided into N reference-sample segments,
wherein dividing the test speech sample comprises dividing the test speech sample into N
test-sample segments, and

wherein mapping the at least some of the test-sample segments to the corresponding ones

of the reference-sample segments comprises mapping an i one of the test-sample segments to an
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i one of the reference-sample segments fori=1...N.

41.  The method according to claim 37,

wherein the reference-sample segments were labeled as corresponding to respective
reference-sample speech units, and

wherein dividing the test-speech sample comprises dividing the test-speech sample such

that the test-sample segments are labeled as corresponding to respective test-sample speech units.

42, The method according to claim 41, wherein mapping the at least some of the test-sample
segments to the corresponding ones of the reference-sample segments comprises mapping the at
least some of the test-sample segments to the corresponding ones of the reference-sample segments
by finding the correspondence that minimizes, under one or more predefined constraints, a
function of respective measures of dissimilarity between the test-sample speech units of the
mapped test-sample segments and the reference-sample speech units of the corresponding ones of

the reference-sample segments.

43, The method according to claim 41, wherein dividing the test speech sample comprises
dividing the test speech sample while constraining the test-sample speech units responsively to the

reference-sample speech units.

44, The method according to claim 37, further comprising:

computing respective test-sample feature vectors quantifying acoustic features of the test-
sample segments; and

computing respective reference-sample feature vectors quantifying the acoustic features of
the reference-sample segments,

wherein mapping the at least some of the test-sample segments to the corresponding ones
of the reference-sample segments comprises mapping the at least some of the test-sample segments
to the corresponding ones of the reference-sample segments by finding the correspondence that
minimizes, under one or more predefined constraints, a function of respective measures of
dissimilarity between the test-sample feature vectors of the mapped test-sample segments and the

reference-sample feature vectors of the corresponding ones of the reference-sample segments.

45. The method according to claim 37, further comprising:

computing respective test-sample feature vectors quantifying acoustic features of the
mapped test-sample segments;

computing respective reference-sample feature vectors quantifying the acoustic features of
the corresponding ones of the reference-sample segments; and

computing the local distances by computing the local distances between the test-sample
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feature vectors and the reference-sample feature vectors, respectively.

46. The method according to claim 45, wherein computing the test-sample feature vectors
comprises:
dividing the test speech sample into multiple frames, such that each of the test-sample
segments includes a different respective subset of the frames; and
for each of the mapped test-sample segments:
computing multiple test-frame feature vectors quantifying the acoustic features of
the subset of the frames included in the test-sample segment, and
computing the test-sample feature vector for the test-sample segment based on the

test-frame feature vectors.

47. The method according to claim 46, wherein computing the test-sample feature vector for
the test-sample segment comprises computing the test-sample feature vector for the test-sample

segment based on a statistic of the test-frame feature vectors.

48. The method according to claim 46, wherein computing the test-sample feature vector for
the test-sample segment comprises:

fitting respective functions to one or more components of the test-frame feature vectors;
and

computing the test-sample feature vector for the test-sample segment based on parameters

of the functions.

49, A computer software product comprising a tangible non-transitory computer-readable
medium in which program instructions are stored, which instructions, when read by a processor,
cause the processor to:

map a test speech sample, which was produced by a subject while a physiological state of
the subject was unknown, to a reference speech sample, which was produced in a known
physiological state,

wherein the reference speech sample was divided into multiple reference-sample segments
based on differences in acoustic properties between each pair of successive ones of the reference-
sample segments, and

wherein the instructions cause the processor to map the test speech sample to the reference
speech sample by:

dividing the test speech sample into multiple test-sample segments based on
differences in the acoustic properties between each pair of successive ones of the test-

sample segments, and
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mapping at least some of the test-sample segments to corresponding ones of the
reference-sample segments,
based on the mapping, compute a distance between the test speech sample and the reference
speech sample based on respective local distances between the mapped test-sample segments and
the corresponding ones of the reference-sample segments, and
in response to the distance, communicate an output indicating the physiological state of the

subject while the test speech sample was produced.

50.  The computer software product according to claim 49, wherein the reference speech

sample was produced by the subject.

51. The computer software product according to claim 49, wherein the instructions further
cause the processor to verify, prior to the mapping, that the test speech sample and reference speech

sample include the same verbal content.

52. The computer software product according to claim 49,
wherein the reference speech sample was divided into N reference-sample segments,
wherein the instructions cause the processor to divide the test speech sample into N test-
sample segments, and

wherein the instructions cause the processor to map the at least some of the test-sample

th

segments to the corresponding ones of the reference-sample segments by mapping an i~ one of

the test-sample segments to an i one of the reference-sample segments fori=1...N.

53. The computer software product according to claim 49,

wherein the reference-sample segments were labeled as corresponding to respective
reference-sample speech units, and

wherein the instructions cause the processor to divide the test-speech sample such that the

test-sample segments are labeled as corresponding to respective test-sample speech units.

54.  The computer software product according to claim 53, wherein the instructions cause the
processor to map the at least some of the test-sample segments to the corresponding ones of the
reference-sample segments by finding the correspondence that minimizes, under one or more
predefined constraints, a function of respective measures of dissimilarity between the test-sample
speech units of the mapped test-sample segments and the reference-sample speech units of the

corresponding ones of the reference-sample segments.

55.  The computer software product according to claim 53, wherein the instructions cause the

processor to divide the test speech sample while constraining the test-sample speech units
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responsively to the reference-sample speech units.

56. The computer software product according to claim 49,
wherein the instructions further cause the processor to:
compute respective test-sample feature vectors quantifying acoustic features of the
test-sample segments, and
compute respective reference-sample feature vectors quantifying the acoustic
features of the reference-sample segments, and
wherein the instructions cause the processor to map the at least some of the test-sample
segments to the corresponding ones of the reference-sample segments by finding the
correspondence that minimizes, under one or more predefined constraints, a function of respective
measures of dissimilarity between the test-sample feature vectors of the mapped test-sample
segments and the reference-sample feature vectors of the corresponding ones of the reference-

sample segments.

57.  The computer software product according to claim 49, wherein the instructions further
cause the processor to:

compute respective test-sample feature vectors quantifying acoustic features of the mapped
test-sample segments,

compute respective reference-sample feature vectors quantifying the acoustic features of
the corresponding ones of the reference-sample segments, and

compute the local distances by computing the local distances between the test-sample

feature vectors and the reference-sample feature vectors, respectively.

58.  The computer software product according to claim 57, wherein the instructions cause the
processor to compute the test-sample feature vectors by:
dividing the test speech sample into multiple frames, such that each of the test-sample
segments includes a different respective subset of the frames, and
for each of the mapped test-sample segments:
computing multiple test-frame feature vectors quantifying the acoustic features of
the subset of the frames included in the test-sample segment, and
computing the test-sample feature vector for the test-sample segment based on the

test-frame feature vectors.
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