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(57) Abstract: A computer-implemented method is described for front end speech processing for automatic speech recognition. A
sequence of speech features which characterize an unknown speech input provided on an audio input channel and associated meta-
data which characterize the audio input channel are received. The speech features are transformed with a computer process that uses

o a trained mapping function controlled by the meta-data, and automatic speech recognition is performed of the transformed speech

W

features.
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Title

META-DATA INPUTS TO FRONT END PROCESSING FOR AUTOMATIC SPEECH RECOGNITION

Field of the Invention

[0001] The invention generally relates to automatic speech recognition (ASR), and more

specifically, to use of met-data in front end feature processing for ASR.

Background Art

[0002] An automatic speech recognition (ASR) system determines a semantic meaning
of a speech input. Typically, the input speech is processed into a sequence of digital
speech feature frames. Each speech feature frame can be thought of as a multi-dimensional
vector that represents various characteristics of the speech signal present during a short
time window of the speech. For example, the multi-dimensional vector of each speech
frame can be derived from cepstral features of the short time Fourier transform spectrum
of the speech signal (MFCCs)—the short time power or component of a given frequency
band—as well as the corresponding first- and second-order derivatives (“deltas” and
“delta-deltas™). In a continuous recognition system, variable numbers of speech frames
are organized as “utterances” representing a period of speech followed by a pause, which

in real life loosely corresponds to a spoken sentence or phrase.

[0003] The ASR system compares the input speech frames to find statistical models that
best match the speech feature characteristics and then determines a corresponding
representative text or semantic meaning associated with the statistical models. Modern
statistical models are state sequence models such as hidden Markov models (HMMs) that
model speech sounds (usually phonemes) using mixtures of Gaussian distributions. Often
these statistical models represent phonemes in specific contexts, referred to as PELs
(Phonetic Elements), e.g. triphones or phonemes with known left and/or right contexts.
State sequence models can be scaled up to represent words as connected sequences of
acoustically modeled phonemes, and phrases or sentences as connected sequences of
words. When the statistical models are organized together as words, phrases, and
sentences, additional language-related information is also typically incorporated into the

models in the form of language modeling.
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[0004] The words or phrases associated with the best matching model structures are
referred to as recognition candidates or hypotheses. A system may produce a single best
recognition candidate — the recognition result — or a list of several hypotheses, referred to
as an N-best list. Further details regarding continuous speech recognition are provided in
U.S. Patent No. 5,794,189, entitled “Continuous Speech Recognition,” and U.S. Patent
No. 6,167,377, entitled “Speech Recognition Language Models,” the contents of which are

incorporated herein by reference.

[0005] In many ASR applications—for example, cloud-based client-server ASR—the
speech recognizer is exposed to speech data acquired from many different devices
operating in various acoustic environments and from different applications such as
messaging or voice search. Device type, microphone type (and position on the device) as
well as acoustic environment have an influence on the observed audio. To a somewhat
lesser degree, application type has this effect as it affects speaking style and the way users
generally hold and operate the device. Furthermore, the acoustic signal as observed at the
ASR system usually has passed through a data channel of limited bandwidth that requires
application of an encoding that comes along with information loss (lossy codec). Often,
this information on device- and microphone-type, on application, on codec setting is
available to the server recognizer as meta-data that characterizes such aspects of the audio

input channel.

[0006] Meta-data typically is categorical information that can attain one of a finite set of
values. Representing this data as input for neural networks or other forms of linear and
non-linear transformations allows many approaches. Categorical information can be
represented as numerical values, for example, by representing each category as an integer

or using 1-of-N encoding.

Summary of the Invention
[0007] Embodiments of the present invention include a computer-implemented method

employing at least one hardware implemented computer processor for front end speech

processing for automatic speech recognition. A sequence of speech features which
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characterize an unknown speech input provided on an audio input channel and associated
meta-data which characterize the audio input channel are received. The speech features are
transformed with a computer process that uses a trained mapping function controlled by
the meta-data. A computer process is then used to perform automatic speech recognition

of the transformed speech features.

[0008] The meta-data may include meta-data characterizing a source channel which
generates the unknown speech input, an audio codec applied when generating the speech
features, a source environment in which the unknown speech input is generated, and/or a
source application which generates the unknown speech input. The mapping function may
be, for example, a multilayered perceptron (MLP) mapping function, a deep belief
network (DBN) mapping function, and/or a feature-space maximum mutual information
(fMMI) mapping function. The steps may be performed in real time with minimum

response latency.

Brief Description of the Drawings

[0009] Figure 1 shows an example of ASR system according to one embodiment of the

present invention.

[0010] Figure 2 shows various logical steps in a method of front end speech feature

processing using meta-data according to an embodiment of the present invention.

Detailed Description of Specific Embodiments

[0011] Various embodiments of the present invention directly use the meta-data
commonly included in the audio input channel signal for front-end feature processing in
ASR. This can provide better channel-, environment- and application-normalized speech
features and helps address the impact of the channel, environment and application on the
observed speech audio in server-side cloud-based ASR to improve system performance
(general accuracy, compute speed and latency) as well as robustness to outlier channel and

environment types.
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[0012] The direct exploitation of the meta-data in the speech feature front-end can come
in various specific arrangements. For example, the meta-data can be used as an additional
input to trained mapping functions such as a Multi-Layer-Perceptron (MLP) or Deep
Belief Network (DBN) used as a feature generator. For discriminative feature spaces such
as feature-space maximum mutual information (fMMI) that utilize a set of Gaussian
distributions as generators of a new high dimensional feature space, meta-data can be
integrated using a meta-data enhanced mapping prior to input to the set of Gaussians, e.g.,
an MLP applied as a feature generator of what goes into the fMMI transformation.
Alternatively, meta-data integration into fMMI can be approached via replacement of the
set of Gaussians via Neural Network-based posterior estimates that see the meta-data as

input.

[0013] Figure 1 shows an example of ASR system and Figure 2 shows various logical
steps in a method of front end speech feature processing using meta-data according to an
embodiment of the present invention. An unknown speech signal from one of a variety of
source channels 1-N is input to a feature extraction module 101 of the ASR system 100.
The feature extraction module 101 uses a computer process to create pre-processed audio
that includes a sequence of representative speech features which characterize the input

signal and meta-data 102 which characterize the audio input channel, step 201.

[0014] The meta-data 102 may include meta-data characterizing a source channel which
generates the unknown speech input, a source environment in which the unknown speech

input is generated, and/or a source application which generates the unknown speech input.

[0015] One specific example of a meta-data based additional input to a feature
transformation would be a case where microphone type information is available as meta-
data, and assuming the categories:

a) built-in mic

b) external mic
This information could be fed into the feature transformation as a binary input assuming
the values 0 and 1. The size of the data stream after audio encoding (codec) is one specific

example of meta-data that directly comes as a number. Depending on the codec setting,
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this can be characterized as arbitrary numbers of bits per second, ¢.g., 28.8 kbps. A more
complex example might be a device type that has more categories, like a hypothetical:
iPhn4SiPad2 i0S  headset

a) iPhone4S 1 0 1 1
b) other iPhone 0 0 1 1
c) iPad2 0 1 1 0
d) other iPad 0 0 1 0
¢) other headset 0 0 0 1
f) other tablet 0 0 0 0

Then the meta-data information could be decoded as a string of binary values.

[0016] A trained mapping function transform 103 controlled by the meta-data 102 then
transform the pre-processed audio speech features, step 202, to produce a sequence of
transformed speech features. The transformation generally provides dimensionality
reduction, a better fit of the speech features to the acoustic model, and normalization
(reduction of channel-, speaker-, and/or environment-impact) which is extended by the

direct input of the meta-data information.

[0017] For example, the trained mapping function transform 103 may be a segmentation
multilayered perceptron (MLP) that performs a mapping function trained on segmentation
for the input speech features and meta-data to produce monophone output states (e.g.,
~150). The output states of the segmentation MLP may then be transformed by a feature-
space maximum mutual information (fMMI) mapping function trained on the MLP-output
posteriors rather than conventional Gaussian posteriors. See Hermansky et al., Tandem
Connectionist Feature Extraction for Conventional HMM Systems, in Proc. ICASSP,
2000; Daniel Povey, Improvements to fMPE for Discriminative Training of Features,
Interspeech 2005; which are incorporated herein by reference. Other embodiments could
use other specific arrangements, for example, using a deep belief network (DBN), cepstral
mean normalization (CMN), cepstral variance normalization (CVN), linear discriminant
analysis (LDA), and/or feature-space maximum likelihood linear regression (fMLLR), etc.
This front-end feature processing may be performed in real time with minimum response

latency for cloud-based ASR as for a dictation application. Speech recognition engine 106
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then compares the transformed speech features to acoustic models 104 and language

model 105 to determine a recognition output 107, step 203.

[0018] Embodiments of the invention may be implemented in any conventional
computer programming language. For example, preferred embodiments may be
implemented in a procedural programming language (e.g., “C”) or an object oriented
programming language (e.g., “C++”, Python). Alternative embodiments of the invention
may be implemented as pre-programmed hardware elements, other related components, or

as a combination of hardware and software components.

[0019] Embodiments can be implemented as a computer program product for use with a
computer system, for example, as a series of computer instructions fixed either on a
tangible medium, such as a computer readable medium (e.g., a diskette, CD-ROM, ROM,
or fixed disk) or transmittable to a computer system, via a modem or other interface
device, such as a communications adapter connected to a network over a medium. The
medium may be either a tangible medium (e.g., optical or analog communications lines) or
a medium implemented with wireless techniques (e.g., microwave, infrared or other
transmission techniques). The series of computer instructions embodies all or part of the
functionality previously described herein with respect to the system. Those skilled in the
art should appreciate that such computer instructions can be written in a number of
programming languages for use with many computer architectures or operating systems.
Furthermore, such instructions may be stored in any memory device, such as
semiconductor, magnetic, optical or other memory devices, and may be transmitted using
any communications technology, such as optical, infrared, microwave, or other
transmission technologies. It is expected that such a computer program product may be
distributed as a removable medium with accompanying printed or electronic
documentation (e.g., shrink wrapped software), preloaded with a computer system (e.g.,
on system ROM or fixed disk), or distributed from a server or electronic bulletin board
over the network (e.g., the Internet). Of course, some embodiments of the invention may
be implemented as a combination of both software (e.g., a computer program product) and
hardware. Still other embodiments of the invention are implemented as entirely hardware,

or entirely software (e.g., a computer program product).
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[0020] Although various exemplary embodiments of the invention have been disclosed,
it should be apparent to those skilled in the art that various changes and modifications can

be made which will achieve some of the advantages of the invention without departing

from the true scope of the invention.
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What is claimed is:

1. A computer-implemented method employing at least one hardware implemented
computer processor for front end speech processing for automatic speech recognition, the
method comprising:
receiving with a computer process:
1. asequence of speech features which characterize an unknown speech input
provided on an audio input channel, and
ii. associated meta-data which characterize the input audio channel;
transforming the speech features with a computer process using a trained mapping
function controlled by the meta-data; and
using a computer process to perform automatic speech recognition of the transformed

speech features.

2. A method according to claim 1, wherein the meta-data includes meta-data

characterizing a source channel which generates the unknown speech input.

3. A method according to claim 1, wherein the meta-data includes meta-data

characterizing a source environment in which the unknown speech input is generated.

4. A method according to claim 1, wherein the meta-data includes meta-data

characterizing a source application which generates the unknown speech input.

5. A method according to claim 1, wherein the meta-data includes meta-data

characterizing an audio codec applied when generating the speech features.

6. A method according to claim 1, wherein the trained mapping function includes a

multilayered perceptron (MLP) mapping function.

7. A method according to claim 1, wherein the trained mapping function includes a deep

belief network (DBN) mapping function.

8. A method according to claim 1, wherein the trained mapping function includes a
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feature-space maximum mutual information (fMMI) mapping function.

9. A method according to claim 1, wherein the steps are performed in real time with

minimum response latency.

10. A computer program product encoded in a non-transitory computer-readable medium
for front end speech processing for automatic speech recognition, the product comprising:
program code for receiving :
1. asequence of speech features which characterize an unknown speech input
provided on an audio input channel, and
ii. associated meta-data which characterize the input audio channel;
program code for transforming the speech features using a trained mapping function
controlled by the meta-data; and
program code for performing automatic speech recognition of the transformed speech

features.

11. A product according to claim 10, wherein the meta-data includes meta-data

characterizing a source channel which generates the unknown speech input.

12. A product according to claim 10, wherein the meta-data includes meta-data

characterizing a source environment in which the unknown speech input is generated.

13. A product according to claim 10, wherein the meta-data includes meta-data

characterizing a source application which generates the unknown speech input.

14. A product according to claim 10, wherein the meta-data includes meta-data

characterizing an audio codec applied when generating the speech features.

15. A product according to claim 10, wherein the trained mapping function includes a

multilayered perceptron (MLP) mapping function.

16. A product according to claim 10, wherein the trained mapping function includes a

deep belief network (DBN) mapping function.
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17. A product according to claim 10, wherein the trained mapping function includes a

feature-space maximum mutual information (fMMI) mapping function.

18. A product according to claim 10, wherein the program code is executed in real time

with minimum response latency.
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