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DETECTION OF ACOUSTIC IMPULSE EVENTS IN VOICE APPLICATIONS USING
A NEURAL NETWORK

Related Applications
This application claims priority to U.S. Pat. Appl. No. 15/583,012, filed May 1, 2017,

which application claims continuation-in-part priority to U.S. Pat. Appl. No. 15/290,685, filed
October 11, 2016, and entitled “Detection of Acoustic Impulse Events in Voice Applications,”

which is incorporated herein by reference.

Technical Field

The field of representative embodiments of this disclosure relates to methods,
apparatuses, and implementations concerning or relating to voice applications in an audio device.
Applications include detection of acoustic impulsive noise events using a neural network based

on the harmonic and sparse spectral nature of speech.

Background

Voice activity detection (VAD), also known as speech activity detection or speech
detection, is a technique used in speech processing in which the presence or absence of human
speech is detected. VAD may be used in a variety of applications, including noise suppressors,
background noise estimators, adaptive beamformers, dynamic beam steering, always-on voice
detection, and conversation-based playback management. In many of such applications, high-
energy and transient background noises that are often present in an environment are impulsive in
nature. Many traditional VADs rely on changes in signal level on a full-band or sub-band basis
and thus often detect such impulsive noise as speech, as a signal envelope of an impulsive noise
is often similar to that of speech. In addition, in many cases, an impulsive noise spectrum
averaged over various impulsive noise occurrences and an averaged speech spectrum may not be
significantly different. Accordingly, in such systems, impulsive noise may be detected as

speech, which may deteriorate system performance. For example, in a beamsteering application,
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false detection of an impulse noise as speech may result in steering a “look™ direction of the
beam-steering system in an incorrect direction even though an individual speaking is not moving

relative to the audio device.

Summary

In accordance with the teachings of the present disclosure, one or more disadvantages and
problems associated with existing approaches to voice activity detection may be reduced or
eliminated.

In accordance with embodiments of the present disclosure, an integrated circuit for
implementing at least a portion of an audio device may include an audio output configured to
reproduce audio information by generating an audio output signal for communication to at least
one transducer of the audio device, a microphone input configured to receive an input signal
indicative of ambient sound external to the audio device, and a processor configured to
implement an impulsive noise detector. The impulsive noise detector may comprise a plurality
of processing blocks for determining a feature vector based on characteristics of the input signal
and a neural network for determining, based on the feature vector, whether the impulsive event
comprises a speech event or a noise event.

In accordance with these and other embodiments of the present disclosure, a method for
impulsive noise detection may include receiving an input signal indicative of ambient sound
external to an audio device, determining a feature vector based on characteristics of the input
signal, using a neural network to determine based on the feature vector whether the impulsive
event comprises a speech event or a noise event, and reproducing audio information by
generating an audio output signal for communication to at least one transducer of an audio
device based on the input signal and the determination of whether the impulsive event comprises
a speech event or a noise event.

Technical advantages of the present disclosure may be readily apparent to one of ordinary

skill in the art from the figures, description, and claims included herein. The objects and



10

15

20

25

WO 2018/071387 PCT/US2017/055887

advantages of the embodiments will be realized and achieved at least by the elements, features,
and combinations particularly pointed out in the claims.

It is to be understood that both the foregoing general description and the following
detailed description are examples and explanatory and are not restrictive of the claims set forth in

this disclosure.

Brief Description of the Drawings

A more complete understanding of the example, present embodiments and certain
advantages thereof may be acquired by referring to the following description taken in
conjunction with the accompanying drawings, in which like reference numbers indicate like
features, and wherein:

Figure 1 illustrates an example of a use case scenario wherein various detectors may be
used in conjunction with a playback management system to enhance a user experience, in
accordance with embodiments of the present disclosure;

Figure 2 illustrates an example playback management system, in accordance with
embodiments of the present disclosure;

Figure 3 illustrates an example steered response power based beamsteering system, in
accordance with embodiments of the present disclosure;

Figure 4 illustrates an example adaptive beamformer, in accordance with embodiments of
the present disclosure;

Figure 5 illustrates a block diagram of an example impulsive noise detector, in
accordance with embodiments of the present disclosure;

Figure 6 illustrates a block diagram of an example feature vector pre-processing block, in
accordance with embodiments of the present disclosure;

Figure 7 illustrates a block diagram of an example neural network for detecting acoustic
impulse events, in accordance with embodiments of the present disclosure;

Figure 8 illustrates a block diagram of an example neural network for detecting acoustic

impulse events with example weights associated with each of the synaptic connections between
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neurons in different layers and example corresponding non-linear functions used at each neuron,
in accordance with embodiments of the present disclosure;

Figure 9 illustrates a block diagram of an example approach to augmenting neural
network training data, in accordance with embodiments of the present disclosure; and

Figure 10 illustrates a block diagram of an example impulsive noise detector, in

accordance with embodiments of the present disclosure.

Detailed Description

In accordance with embodiments of this disclosure, an automatic playback management
framework may use one or more audio event detectors. Such audio event detectors for an audio
device may include a near-field detector that may detect when sounds in the near-field of the
audio device are detected, such as when a user of the audio device (e.g., a user that is wearing or
otherwise using the audio device) speaks, a proximity detector that may detect when sounds in
proximity to the audio device are detected, such as when another person in proximity to the user
of the audio device speaks, and a tonal alarm detector that detects acoustic alarms that may have
been originated in the vicinity of the audio device. Figure 1 illustrates an example of a use case
scenario wherein such detectors may be used in conjunction with a playback management system
to enhance a user experience, in accordance with embodiments of the present disclosure.

Figure 2 illustrates an example playback management system that modifies a playback
signal based on a decision from an event detector 2, in accordance with embodiments of the
present disclosure. Signal processing functionality in a processor 7 may comprise an acoustic
echo canceller 1 that may cancel an acoustic echo that is received at microphones 9 due to an
echo coupling between an output audio transducer 8 (e.g., loudspeaker) and microphones 9. The
echo reduced signal may be communicated to event detector 2 which may detect one or more
various ambient events, including without limitation a near-field event (e.g., including but not
limited to speech from a user of an audio device) detected by near-field detector 3, a proximity
event (e.g., including but not limited to speech or other ambient sound other than near-field

sound) detected by proximity detector 4, and/or a tonal alarm event detected by alarm detector 5.
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If an audio event is detected, an event-based playback control 6 may modify a characteristic of
audio information (shown as “playback content” in Figure 2) reproduced to output audio
transducer 8. Audio information may include any information that may be reproduced at output
audio transducer 8, including without limitation, downlink speech associated with a telephonic
conversation received via a communication network (e.g., a cellular network) and/or internal
audio from an internal audio source (e.g., music file, video file, etc.).

As shown in Figure 2, near-field detector 3 may include a voice activity detector 11
which may be utilized by near-field detector 3 to detect near-field events. Voice activity detector
11 may include any suitable system, device, or apparatus configured to perform speech
processing to detect the presence or absence of human speech. In accordance with such
processing, voice activity detector 11 may include an impulsive noise detector 12. In operation,
as described in greater detail below, impulsive noise detector 12 may predict an occurrence of a
signal burst event of an input signal indicative of ambient sound external to an audio device (e.g.,
a signal induced by sound pressure on one or more microphones 9) to determine whether the
signal burst event comprises a speech event or a noise event.

As shown in Figure 2, proximity detector 4 may include a voice activity detector 13
which may be utilized by proximity detector 4 to detect events in proximity with an audio
device. Similar to voice activity detector 11, voice activity detector 13 may include any suitable
system, device, or apparatus configured to perform speech processing to detect the presence or
absence of human speech. In accordance with such processing, voice activity detector 13 may
include an impulsive noise detector 14. Similar to impulsive noise detector 12, impulsive noise
detector 14 may predict an occurrence of a signal burst event of an input signal indicative of
ambient sound external to an audio device (e.g., a signal induced by sound pressure on one or
more microphones 9) to determine whether the signal burst event comprises a speech event or a
noise event. In some embodiments, processor 7 may include a single voice activity detector
having a single impulsive noise detector leveraged by both of near-field detector 3 and proximity

detector 4 in performing their functionality.
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Figure 3 illustrates an example steered response power-based beamsteering system 30, in
accordance with embodiments of the present disclosure. Steered response power-based
beamsteering system 30 may operate by implementing multiple beamformers 33 (e.g., delay-and-
sum and/or filter-and-sum beamformers) each with a different look direction such that the entire
bank of beamformers 33 will cover the desired field of interest. The beamwidth of each
beamformer 33 may depend on a microphone array aperture length. An output power from each
beamformer 33 may be computed, and a beamformer 33 having a maximum output power may
be switched to an output path 34 by a steered-response power-based beam selector 35.
Switching of beam selector 35 may be constrained by a voice activity detector 31 having an
impulsive noise detector 32 such that the output power is measured by beam selector 35 only
when speech is detected, thus preventing beam selector 35 from rapidly switching between
multiple beamformers 33 by responding to spatially non-stationary background impulsive noises.

Figure 4 illustrates an example adaptive beamformer 40, in accordance with
embodiments of the present disclosure. Adaptive beamformer 40 may comprise any system,
device, or apparatus capable of adapting to changing noise conditions based on the received data.
In general, an adaptive beamformer may achieve higher noise cancellation or interference
suppression compared to fixed beamformers. As shown in Figure 4, adaptive beamformer 40 is
implemented as a generalized side lobe canceller (GSC). Accordingly, adaptive beamformer 40
may comprise a fixed beamformer 43, blocking matrix 44, and a multiple-input adaptive noise
canceller 45 comprising an adaptive filter 46. If adaptive filter 46 were to adapt at all times, it
may train to speech leakage also causing speech distortion during a subtraction stage 47. To
increase robustness of adaptive beamformer 40, a voice activity detector 41 having an impulsive
noise detector 42 may communicate a control signal to adaptive filter 46 to disable training or
adaptation in the presence of speech. In such implementations, voice activity detector 41 may
control a noise estimation period wherein background noise is not estimated whenever speech is
present. Similarly, the robustness of a GSC to speech leakage may be further improved by using

an adaptive blocking matrix, the control for which may include an improved voice activity



10

15

20

25

WO 2018/071387 PCT/US2017/055887

detector with an impulsive noise detector, as described in U.S. Pat. No. 9,607,603 entitled
“Adaptive Block Matrix Using Pre-Whitening for Adaptive Beam Forming.”

Figure 5 illustrates a block diagram of an example impulsive noise detector 50, in
accordance with embodiments of the present disclosure. In some embodiments, impulsive noise
detector 50 may implement one or more of impulsive noise detector 12, impulsive noise detector
14, impulsive noise detector 32, and impulsive noise detector 42. Impulsive noise detector 50
may comprise any suitable system, device, or apparatus configured to exploit the harmonic
nature of speech to distinguish impulsive noise from speech, as described in greater detail below.

As shown in Figure 5, impulsive noise detector 50 may comprise a plurality of processing
blocks (e.g., sudden onset calculation block 53, harmonicity calculation block 55, a harmonic
product spectrum block 56, a harmonic flatness measure block 57, a spectral flatness measure
(SFM) block 58, and a SFM swing block 59) for determining a feature vector based on
characteristics of an input audio signal x[n], a feature vector pre-processing block 60 for pre-
processing the feature vector to generate a dimension-reduced feature vector, and a neural
network 70 for determining based on the feature vector (e.g., using the dimension-reduced
feature vector) whether an impulsive noise event has occurred, as described in greater detail
below.

Sudden onset calculation block 53 may comprise any system, device, or apparatus
configured to exploit sudden changes in a signal level of input audio signal x[n] in order to
generate statistics indicative of an existence or an absence of a forthcoming signal burst. For
example, samples of input audio signal x[n] may first be grouped into overlapping frame samples
and the energy of each frame computed. Sudden onset calculation block 53 may calculate the

energy (shown as “energy” in Figure 5) of a frame as:

N
E[l] = 2 x2[n, []

n=1
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where N is the total number of samples in a frame, [ is the frame index, and a predetermined
percentage (e.g., 25%) of overlapping is used to generate each frame. Such energy measure
statistic generated by sudden onset calculation block 53 may be communicated as a portion of
the feature vector communicated to feature vector pre-processing block 60 and neural network
70.

Further, sudden onset calculation block 53 may calculate a sudden onset statistic (shown
as “suddenOnSetStat” in Figure 5) which exploits sudden changes in the signal level of input
audio signal x[n] to predict a forthcoming signal burst. A normalized frame energy may be

calculated as:

Eim, 1] = Elm]
m. [} = max E[m] — min E[m]
vm vm
where m = [, I-1, [-2, ..., [-L+]1 and L is a size of the frame energy history buffer. The

denominator in this normalization step may represent a dynamic range of {frame energy over the
current and past (L-1) frames. Sudden onset calculation block 53 may compute a sudden onset

statistic as:

r\gla;d?[m’, ]
=t
Yos[!] ELL1]

where m' = [-1, [-2, ..., I-L+1. One of skill in the art may note that the maximum is computed
only over the past (L-1) frames. Therefore, if a sudden acoustic event appears in the
environment, the frame energy at the onset of the event may be high and the maximum energy
over the past (L-1) frames may be smaller than the maximum value. Therefore, the ratio of these
two values may be small during the onset. Accordingly, the frame size should be such that the

past (L-1) frames do not contain energy corresponding to the signal burst.
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Because sudden onset calculation block 53 detects signal level fluctuations, the sudden
onset statistic may also indicate the presence of sudden speech bursts. For example, the sudden
onset statistic may indicate the presence of sudden speech bursts every time a speech event
appears after a period of silence. Accordingly, impulsive noise detector 50 cannot rely solely on
sudden onset calculation block 53 to accurately detect an impulsive noise, and other statistics
described below (e.g., harmonicity, harmonic product spectrum flatness measure, spectral
flatness measure, and/or spectral flatness measure swing of audio input signal x[n]) may exploit
the harmonic and sparse nature of an instantaneous speech spectrum of audio input signal x[n] to
determine if a signal onset is caused by speech or impulsive noise.

In order to extract spectral information of audio input signal x[n] in order to determine
values of such parameters, impulsive noise detector 50 may convert audio input signal x[n] from
the time domain to the frequency domain by means of a discrete Fourier transform (DFT) 54.
DFT 54 may buffer, overlap, window, and convert audio input signal x[n] to the frequency

domain as:

=

—j2nnk

X[k, 1] = winlx[n,lle” ¥ , k=0,1,..,N—1,
0

=
I

where w[n] is a windowing function, x[n,[] is a buffered and overlapped input signal frame, N
is a size of the DFT size and & is a frequency bin index. The overlap may be fixed at any suitable
percentage (e.g., 25%).

To determine harmonicity, harmonicity calculation block 55 may compute total power in

a frame as:

Bl = ) NIk U2

keX
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where K is a set of all frequency bin indices corresponding to the spectral range of interest.

Harmonicity calculation block 55 may calculate a harmonic power as:

Np
Eylp,l1= ) [XImp, 0>, p € P
m=1

where Nj, is a number of harmonics, m is a harmonic order, and P is a set of all frequency bin
indices corresponding to an expected pitch frequency range. The expected pitch frequency range
may be set to any suitable range (e.g., 100-500Hz). A harmonicity at a given frequency may be
defined as a ratio of the harmonic power to the total energy without the harmonic power and

harmonicity calculation block 55 may calculate harmonicity as:

Eylp, 1]
E 1] — Exlp, 1T

Hlp, 1] =

For clean speech signals, harmonicity may have a maximum at the pitch frequency.
Because an impulsive noise spectrum may be less sparse than a speech spectrum, harmonicity for
impulsive noises may be small. Thus, a harmonicity calculation block 55 may output a

harmonicity-based test statistic (shown as “harmonicity” in Figure 5) formulated as:

YHarmll] = maXyyp e p Hlp,1].

In many instances, most of impulsive noises corresponding to transient acoustic events
tend to have more energy at lower frequencies. Moreover, the spectrum may also typically be
less sparse at these lower frequencies. On the other hand, a spectrum corresponding to voiced
speech also has more low-frequency energy. However, in most instances, a speech spectrum has
more sparsity than impulsive noises. Therefore, one can examine the flatness of the spectrum at
these lower frequencies as a deterministic factor. Accordingly, SFM block 58 may calculate a

sub-band spectral flatness measure (shown as “sfm” in Figure 5) computed as:
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vu (1XT, 1][2] /s

1
g Tt X Tk 112

Ysrmll] =

where Np = Ny — N, + 1, Ny and N are the spectral bin indices corresponding to low- and
high-frequency band edges respectively, of a sub-band. The sub-band frequency range may be
of any suitable range (e.g., 500-1500 Hz).

An ability to differentiate speech from impulsive noise based on harmonicity may
degrade when non-impulsive background noise is also present in an acoustic environment.
Under such conditions, harmonic product spectrum block 56 may provide more robust
harmonicity information. Harmonic product spectrum block 56 may calculate a harmonic

product spectrum as:

Np
6l = | [ximp.i?, p e
m=1

where N, and P are defined above with respect to the calculation of harmonicity. The harmonic
product spectrum tends to have a high value at the pitch frequency since the pitch frequency
harmonics are accumulated constructively, while at other frequencies, the harmonics are
accumulated destructively. Therefore, the harmonic product spectrum is a sparse spectrum for
speech, and it is less sparse for impulsive noise because the noise energy in impulsive noise
distributes evenly across all frequencies. Therefore, a flatness of the harmonic product spectrum
may be used as a differentiating factor. Harmonic flatness measure block 57 may compute a

flatness measure of the harmonic product spectrum (shown as “hpsSfm” in Figure 5) as:

TpeslIGIp, 0171 /N
Yups-sem[l] = T
N_?Zp cplGlp, 112




10

15

20

WO 2018/071387 PCT/US2017/055887

12

where Np is the number of spectral bins in the pitch frequency range.

An impulsive noise spectrum may exhibit spectral stationarity over a short period of time
(e.g., 300 - 500 ms), whereas a speech spectrum may vary over time due to spectral modulation
of pitch harmonics. Once a signal burst onset is detected, SFM swing block 59 may capture such
non-stationarity information by tracking spectral flatness measures from multiple sub-bands over
a period of time and estimate the variation of the weighted and cumulative flatness measure over
the same period. For example, SEM swing block 59 may track a cumulative SFM over a period
of time and may calculate a difference between the maximum and the minimum cumulative SFM
value over the same duration, such difference representing a flatness measure swing. The
flatness measure swing value may generally be small for impulsive noises because the spectral
content of such signals may be wideband in nature and may tend to be stationary for a short
interval of time. The value of the flatness measure swing value may be higher for speech signals
because spectral content of speech signals may vary faster than impulsive noises. SFM swing
block 59 may calculate the flatness measure swing by first computing the cumulative spectral

flatness measure as:

Ng , L '
: Hgfﬁz(i)[l)([k, 114 /Ng@)
Pseult] = z a(t) 1 Ve 2
i=1 NB(l) Zk=NL(i)|X[kr l]l

where Ng(i) = Ny (i) — N.(i) + 1, i is a sub-band number, N, is a number of sub-bands, a(i) is
a sub-band weighting factor, Ny(i) and Ni(i) are spectral bin indices corresponding to the low-
and high-frequency band edges, respectively of i™ sub-band. Any suitable sub-band ranges may
be employed (e.g., 500-1500 Hz, 1500-2750 Hz, and 2750-3500 Hz). SFM swing block 59 may

then smooth the cumulative spectral flatness measure as:

usem Ul = B * pspm [l — 11 + (1 — B psrml]
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where [ is the exponential averaging smoothing coefficient. SFM swing block 59 may obtain
the spectral flatness measure swing by computing a difference between a maximum and a
minimum spectral flatness measure value over the most-recent M frames. Thus, SFM swing
block 59 may generate a spectral flatness measure swing-based test statistic (shown as

“sfmSwing” in Figure 5) defined as:

VYsFm-swing [[] = maXym—ii-1,1-m+1 Usrm [M] - MiDyrmoy 11— pe1 Usem[m].

Together, the statistics described above may define a feature vector which may be used as
an input by neural network 70 (e.g., after pre-processing by feature vector pre-processing block

60). For example, the feature vector corresponding to an I" frame may be given by:

v. [E (1 Vosll] Yuarm[t Vsrm[] Vups—srmll] VsFmswing [l]]T-

Because durations of impulsive noises may be longer than a frame size under
consideration, impulsive noise detection performance of neural network 70 may be improved if
feature vectors from multiple frames are used in the decision process. Figure 6 illustrates a block
diagram of an example feature vector pre-processing block 60, in accordance with embodiments
of the present disclosure. As described below, feature vector pre-processing block 60 may
augment a current feature set with the feature set of previous frames, and then further process
such augmented feature set to generate a dimension-reduced feature vector to facilitate efficient
computation by neural network 70.

As shown in Figure 6, frames of a feature vector may be stored in a long-term memory 62
such that a feature augmentation block 64 may augment a current frame of the feature vector
with a suitable number of past frames of the feature vector to generate an augmented feature

vector that may be given as:

T
V" [E[L - Vsemswing [ EIL =11 - Yspmswingll — L1 E[l = L] - Vspmswingll — L1] -
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Because a dynamic range of each statistic in the feature vector may be different,
standardization block 66 may normalize the statistics with respect to each other in order to
reduce or eliminate feature bias. For example, in some embodiments, standardization block 66
may scale each statistic to have a zero mean and unit variance in a statistical sense. Thus, a raw

statistic may be scaled as:

Of — ui
s

0;

o5 =

where 9] [1] and 97 [1] are the raw and scaled i feature respectively, u! and o] are the mean and
standard deviation of i" feature and they are obtained using the sample mean/variance estimate

as:

1 K

Kk

ui = —219?
Kk=1

K
1
o = (g ) o~
k=1

where K is the number of training samples, 9] k corresponds to the i™ raw feature from k"
training sample.

Because augmentation of the feature vector with past frames increases the feature
dimension of the feature vector, the number of weights needed in neural network 70 to process
the feature vector may be affected. Accordingly, feature dimension reduction block 68 may
reduce the feature dimension of the normalized augmented feature vector to generate a
dimension-reduced feature vector for more efficient processing by neural network 70. For
example, the temporal correlation that exists between successive frames may increase feature
redundancy, and feature dimension reduction such as principle component analysis may be
employed by feature dimension reduction block 68 to compress the feature set. To illustrate, the
principal components may be estimated by first estimating a covariance matrix of the feature

vector as:
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1 K
Co= — skT gsk
? K2‘9 o
k=1

where 95% is the k™ standardized training sample. The covariance matrix may be

decomposed using an eigen analysis as:
Cy = UDUT

where D is a diagonal matrix containing the eigen values sorted in descending order, U is the
matrix containing the unitary eigen vectors and the superscript T represents the matrix transpose.
The principal components may be obtained by selecting the eigen vectors corresponding to not
insignificant eigen values. These eigen values may be chosen by either comparing the fraction of
an eigen value to the maximum value or by selecting all the eigen values whose cumulative value
encompasses a certain percentage of the signal energy. For example, a threshold of 99% of the
signal energy may be used as a threshold for the eigen vector selection. Thus, the feature

dimension may be reduced by applying a linear transform on the feature vector as:

where u, corresponds to the eigen vector corresponding to the largest eigen value, P is the
number of principal components, 9° is the standardized feature vector and 9 is the dimension
reduced feature vector.

Figure 7 illustrates a block diagram of an example neural network 70 for detecting
acoustic impulse events, in accordance with embodiments of the present disclosure. As shown in
Figure 7, neural network 70 may comprise an input layer 72 of the statistics described above
(e.g., as pre-processed by feature vector pre-processing block 60 to generate a dimension-
reduced feature vector) and a plurality of hidden layers 74 comprising neurons 76 coupled
together via synapses which may perform neural processing to determine if an impulsive noise
event is present, to generate a single-output output layer 78 that may output a signal indDet

indicative of a determination of the presence of impulsive noise.



WO 2018/071387 PCT/US2017/055887

16

Figure 8 illustrates a block diagram of an example neural network 70 for detecting
acoustic impulse events with example weights associated with each of the synaptic connections
between neurons 76 in different layers and example corresponding non-linear functions used at
each neuron 76, in accordance with embodiments of the present disclosure. The various weights

5  of the neural network may be computed by training the neural network with a set of training
samples. A desired output d[n] corresponding to output signal indDet for the training samples
may be generated by labeling each frame of data as either impulsive noise or not. The neural
weights set forth in Figure 8 may be calculated by reducing an error e[n] between output signal
indDet and the desired output d[n]. Error e[n] may be back propagated to input layer 72 and the

10  various weights may be updated recursively using a back propagation algorithm as follows:

For output layer 78:

wn+ 1] = wHn] + u6LP nlyPn], m=1,-, M(L)
5[] = elnlo’ {v[n1}
e[n] = y"*P[n] - d[n]

ae —avr(,? [n]

For hidden layers 74:
W[+ 11 = wiiln] + 6y [nlyy [n],

m=1,-, MU, i=1,, MU+1), =1, L—1

M)

8% [n] = @' (w1} > 80 [nlwii [n]
k=1

where M(l) is the number of nodes in layer [. In some embodiments, neural network 70 may be

15  trained using a scaled conjugate gradient back propagation update method that has smaller
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memory requirements at the expense of more iteration required for convergence of weights. A

cross-entropy error may be used in the cost function. The cross-entropy error may be given by:

K
1
Ce= Ez diclog(yx™) + (1 — di)log(1 — y,™)
k=1

where y£*! is the neural network output corresponding to k" training sample.

In order to reduce generalization error, neural network 70 must be trained with a large
volume of training data. The training data may be increased by augmenting the available training
samples through amplitude, time, and frequency scaling, as shown in Figure 9. Such data
augmentation may help neural network 70 to be invariant to amplitude, time and frequency
scaling. This may be advantageous for an impulsive noise detector because impulsive noises are
random in nature and the amplitude, and duration and spectrum of impulsive noises can vary
depending on the stimulus source. For example, if {(v.d}), (V2,d>), ... (Vk.dk)} represents K
training sample sets, then an augmented training set obtained by amplitude scaling the input
signal, x9[n] = gx[n] may be represented as { (v1,d1), (V2,d2), ... (Vk,dk),(V19, d1), (V29, do), ...
(vk9,dx)}.

Figure 10 illustrates a block diagram of another example impulsive noise detector 50A, in
accordance with embodiments of the present disclosure. Impulsive noise detector SOA may be
similar to impulsive noise detector 50 of Figure 5, with a feature vector used by neural network
70 enhanced with mel cepstral coefficients of the input audio signal x[n], which may be extracted
by mel cepstral coefficients block 52. Inclusion of mel cepstral coefficients in the feature vector
may increase the performance of neural network 70, at the cost of increased processing resources
required due to the increased number of neurons needed due to the increase in feature dimension
that results.

It should be understood — especially by those having ordinary skill in the art with the
benefit of this disclosure — that the various operations described herein, particularly in
connection with the figures, may be implemented by other circuitry or other hardware

components. The order in which each operation of a given method is performed may be changed,
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and various elements of the systems illustrated herein may be added, reordered, combined,
omitted, modified, etc. It is intended that this disclosure embrace all such modifications and
changes and, accordingly, the above description should be regarded in an illustrative rather than
a restrictive sense.

Similarly, although this disclosure makes reference to specific embodiments, certain
modifications and changes can be made to those embodiments without departing from the scope
and coverage of this disclosure. Moreover, any benefits, advantages, or solutions to problems
that are described herein with regard to specific embodiments are not intended to be construed as
a critical, required, or essential feature or element.

Further embodiments likewise, with the benefit of this disclosure, will be apparent to
those having ordinary skill in the art, and such embodiments should be deemed as being

encompassed herein.
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WHAT IS CLAIMED IS:

1. An integrated circuit for implementing at least a portion of an audio device,
comprising:
an audio output configured to reproduce audio information by generating an audio output
signal for communication to at least one transducer of the audio device;
a microphone input configured to receive an input signal indicative of ambient sound
external to the audio device; and
a processor configured to implement an impulsive noise detector comprising:
a plurality of processing blocks for determining a feature vector based on
characteristics of the input signal; and
a neural network for determining based on the feature vector whether an

impulsive event comprises a speech event or a noise event.

2. The integrated circuit of Claim 1, wherein the processor is further configured to
modify a characteristic associated with the audio information in response to detection of a noise

event.

3. The integrated circuit of Claim 2, wherein the characteristic comprises one or

more of an amplitude of the audio information and spectral content of the audio information.

4. The integrated circuit of Claim 2, wherein the characteristic comprises at least one
coefficient of a voice-based processing algorithm including at least one of a noise suppressor, a
background noise estimator, an adaptive beamformer, dynamic beam steering, always-on voice,

and a conversation-based playback management system.
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5. The integrated circuit of Claim 1, wherein the feature vector comprises statistics
indicative of harmonicity, sparsity, and degree of temporal modulation of a signal spectrum of
the input signal to determine whether the impulsive event comprises a speech event or a noise

event.

6. The integrated circuit of Claim 1, wherein the feature vector comprises a statistic

indicative of an acoustic energy present in the input signal.

7. The integrated circuit of Claim 1, wherein the feature vector comprises a statistic

indicative of an occurrence of a signal burst event of the input signal.

8. The integrated circuit of Claim 1, wherein the feature vector comprises a statistic

indicative of mel cepstral coefficients of the input signal.

9. The integrated circuit of Claim 1, further comprising a pre-processing block
interfaced between the plurality of processing blocks and the neural network and configured to:

augment the feature vector with at least one previous frame of the feature vector to
generate an augmented feature vector;

normalize statistics of the feature vector with respect to each other; and

reduce feature dimensions of the statistics of the feature vector prior to training by the

neural network.
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10. A method for impulsive noise detection comprising:

receiving an input signal indicative of ambient sound external to an audio device;

determining a feature vector based on characteristics of the input signal;

using a neural network to determine based on the feature vector whether an impulsive
event comprises a speech event or a noise event; and

reproducing audio information by generating an audio output signal for communication
to at least one transducer of an audio device based on the input signal and the determination of

whether the impulsive event comprises a speech event or a noise event.

11. The method of Claim 10, further comprising modifying a characteristic associated

with the audio information in response to detection of a noise event.

12. The method of Claim 11, wherein the characteristic comprises one or more of an

amplitude of the audio information and spectral content of the audio information.

13. The method of Claim 11, wherein the characteristic comprises at least one
coefficient of a voice-based processing algorithm including at least one of a noise suppressor, a
background noise estimator, an adaptive beamformer, dynamic beam steering, always-on voice,

and a conversation-based playback management system.

14. The method of Claim 10, wherein the feature vector comprises statistics indicative
of harmonicity, sparsity, and degree of temporal modulation of a signal spectrum of the input

signal to determine whether the impulsive event comprises a speech event or a noise event.

15. The method of Claim 10, wherein the feature vector comprises a statistic

indicative of an acoustic energy present in the input signal.
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16. The method of Claim 10, wherein the feature vector comprises a statistic

indicative of an occurrence of a signal burst event of the input signal.

17. The method of Claim 10, wherein the feature vector comprises a statistic

indicative of mel cepstral coefficients of the input signal.

18. The method of Claim 10, further comprising pre-processing the feature vector
prior to using the neural network, wherein pre-processing comprises:

augmenting the feature vector with at least one previous frame of the feature vector to
generate an augmented feature vector;

normalizing statistics of the feature vector with respect to each other; and

reducing feature dimensions of the statistics of the feature vector prior to training by the

neural network.
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