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(57) Abstract: In accordance with embodiments of the present disclosure, a method for voice processing in an audio device having
an array of a plurality of microphones wherein the array is capable of having a plurality of positional orientations relative to a user
of the array, is provided. The method may include periodically computing a plurality of normalized cross-correlation functions, each
cross-correlation function corresponding to a possible orientation of the array with respect to a desired source of speech, determining
an orientation of the array relative to the desired source based on the plurality of normalized cross-correlation functions, detecting
changes in the orientation based on the plurality of normalized cross-correlation functions, and responsive to a change in the orientation,
dynamically moditying voice processing parameters of the audio device such that speech from the desired source is preserved while
reducing interfering sounds.
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DUAL MICROPHONE VOICE PROCESSING FOR HEADSETS WITH VARIABLE
MICROPHONE ARRAY ORIENTATION

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 dual microphone voice processing for headsets with a variable microphone

array orientation relative to a source of desired 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. Many voice activity detection
applications may employ a dual-microphone-based speech enhancement and/or noise reduction
algorithm, that may be used, for example, during a voice communication, such as a call. Most
traditional dual microphone algorithms assume that an orientation of the array of microphones
with respect to a desired source of sound (e.g., a user’s mouth) is fixed and known a priori.
Such prior knowledge of this array position with respect to the desired sound source may be
exploited to preserve a user’s speech while reducing interference signals coming from other
directions.

Headsets with a dual microphone array may come in a number of different sizes and
shapes. Due to the small size of some headsets, such as in-ear fitness headsets, headsets may
have limited space in which to place the dual microphone array on an earbud itself. Moreover,
placing microphones close to a receiver in the earbud may introduce echo-related problems.
Hence, many in-ear headsets often include a microphone placed on a volume control box for the

headset and a single microphone-based noise reduction algorithm is used during voice call
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processing. In this approach, voice quality may suffer when a medium to high level of
background noise is present. The use of dual microphones assembled in the volume control box
may improve the noise reduction performance. In a fitness-type headset, the control box may
frequently move and the control box position with respect to a user’s mouth can be at any point
in space depending on user preference, user movement, or other factors. For example, in a noisy
environment, the user may manually place the control box close to the mouth for increased input
signal-to-noise ratio. In such cases, using a dual microphone approach for voice processing in

which the microphones are placed in the control box may be a challenging task.

Summary

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

In accordance with embodiments of the present disclosure, a method for voice processing
in an audio device having an array of a plurality of microphones, wherein the array is capable of
having a plurality of positional orientations relative to a user of the array, is provided. The
method may include periodically computing a plurality of normalized cross-correlation
functions, each cross-correlation function corresponding to a possible orientation of the array
with respect to a desired source of speech, determining an orientation of the array relative to the
desired source based on the plurality of normalized cross-correlation functions, detecting
changes in the orientation based on the plurality of normalized cross-correlation functions, and
responsive to a change in the orientation, dynamically modifying voice processing parameters of
the audio device such that speech from the desired source is preserved while reducing interfering
sounds.

In accordance with these and other 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, an array of a plurality of
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microphones wherein the array is capable of having a plurality of positional orientations relative
to a user of the array, and a processor configured to implement a near-field detector. The
processor may be configured to periodically compute a plurality of normalized cross-correlation
functions, each cross-correlation function corresponding to a possible orientation of the array
with respect to a desired source of speech, determine an orientation of the array relative to the
desired source based on the plurality of normalized cross-correlation functions, detect changes in
the orientation based on the plurality of normalized cross-correlation functions, and responsive to
a change in the orientation, dynamically modify voice processing parameters of the audio device
such that speech from the desired source is preserved while reducing interfering sounds.

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
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;
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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 schematic showing a variety of possible orientations of microphones
in a fitness headset, in accordance with embodiments of the present disclosure;

Figure 6 illustrates a block diagram of selected components of an audio device for
implementing dual-microphone voice processing for a headset with a variable microphone array
orientation, in accordance with embodiments of the present disclosure;

Figure 7 illustrates a block diagram of selected components of a microphone calibration
subsystem, in accordance with embodiments of the present disclosure;

Figure 8 illustrates a graph depicting an example gain mixing scheme for beamformers,
in accordance with the present disclosure;

Figure 9 illustrates a block diagram of selected components of an example spatially-
controlled adaptive filter, in accordance with embodiments of the present disclosure;

Figure 10 illustrates a graph depicting an example of beam patterns corresponding to a
particular orientation of a microphone array, in accordance with the present disclosure;

Figure 11 illustrates selected components of an example controller, in accordance with
embodiments of the present disclosure;

Figure 12 illustrates a diagram depicting example possible directional ranges of a dual
microphone array, in accordance with embodiments of the present disclosure;

Figure 13 illustrates a graph depicting a direction specific correlation statistic obtained
from a dual microphone array with speech arriving from positions 1 and 3 shown in Figure 5, in
accordance with embodiments of the present disclosure;

Figure 14 illustrates a flow chart depicting example comparisons to be made to determine
if speech is present from a first particular direction relative to a microphone array, in accordance

with embodiments of the present disclosure;
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Figure 15 illustrates a flow chart depicting example comparisons to be made to determine
if speech is present from a second particular direction relative to a microphone array, in
accordance with embodiments of the present disclosure;

Figure 16 illustrates a flow chart depicting example comparisons to be made to determine
if speech is present from a third particular direction relative to a microphone array, in accordance
with embodiments of the present disclosure; and

Figure 17 illustrates a flow chart depicting an example holdoff mechanism, in accordance

with embodiments of the present disclosure.

Detailed Description

In this disclosure, systems and methods are proposed for voice processing with a dual
microphone array that is robust to any changes in the control box position with respect to a
desired source of sound (e.g., a user’s mouth). Specifically, systems and methods for tracking
direction of arrival using a dual microphone array are disclosed. Furthermore, the systems and
methods herein include using correlation based near-field test statistics to accurately track
direction of arrival without any false alarms to avoid false switching. Such spatial statistics may
then be used to dynamically modify a speech enhancement process.

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.
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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.
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 detect the presence of near-field speech.

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.

Figure 3 illustrates an example steered response power-based beamsteering system 30, in

accordance with embodiments of the present disclosure. Steered response power-based
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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 a near-
field 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 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 a near-field
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
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.”
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Figure 5 illustrates a schematic showing a variety of possible orientations of microphones
51 (e.g., 5S1a, 51b) in a fitness headset 49 relative to a user’s mouth 48, wherein the user’s mouth
is the desired source of voice-related sound, in accordance with embodiments of the present
disclosure.

Figure 6 illustrates a block diagram of selected components of an audio device 50 for
implementing dual-microphone voice processing for a headset with a variable microphone array
orientation, in accordance with embodiments of the present disclosure. As shown, audio device
50 may include microphone inputs 52 and a processor 53. A microphone input 52 may include
any electrical node configured to receive an electrical signal (e.g., X1, X2) indicative of acoustic
pressure upon a microphone 51. In some embodiments, such electrical signals may be generated
by respective microphones 51 located on a controller box (sometimes known as a
communications box) associated with an audio headset. Processor 53 may be communicatively
coupled to microphone inputs 52 and may be configured to receive the electrical signals
generated by microphones 51 coupled to microphone inputs 52 and process such signals to
perform voice processing, as further detailed herein. Although not shown for the purposes of
descriptive clarity, a respective analog-to-digital converter may be coupled between each of the
microphones 51 and their respective microphone inputs 52 in order to convert analog signals
generated by such microphones into corresponding digital signals which may be processed by
processor 53.

As shown in Figure 6, processor 53 may implement a plurality of beamformers 54, a
controller 56, a beam selector 58, a null former 60, a spatially-controlled adaptive filter 62, a
spatially-controlled noise reducer 64, and a spatially-controlled automatic level controller 66.

Beamformers 54 may comprise microphone inputs corresponding to microphone inputs
52 that may generate a plurality of beams based on microphone signals (e.g., X1, Xx2) received by
such inputs. Each of the plurality of beamformers 54 may be configured to form a respective one
of a plurality of beams to spatially filter audible sounds from microphones 51 coupled to
microphone inputs 52. In some embodiments, each beam former 54 may comprise a

unidirectional beamformer configured to form a respective unidirectional beam in a desired look



10

15

20

25

WO 2018/213102 PCT/US2018/032180

direction to receive and spatially filter audible sounds from microphones 51 coupled to
microphone inputs 52, wherein each such respective unidirectional beam may have a spatial null
in a direction different from that of all other unidirectional beams formed by other unidirectional
beamformers 54, such that the beams formed by unidirectional beamformers 54 all have a
different look direction.

In some embodiments, beamformers 54 may be implemented as time-domain
beamformers. The various beams formed by beamformers 54 may be formed at all times during
operation. While Figure 6 depicts processor 53 as implementing three beamformers 54, it is
noted that any suitable number of beams may be formed from microphones 51 coupled to
microphone inputs 52. Furthermore, it is noted that a voice processing system in accordance
with this disclosure may comprise any suitable number of microphones 51, microphone inputs
52, and beamformers 54.

For a dual microphone array such as that depicted in Figure 6, performance of beam
former 54 in a diffuse noise field may be optimum only when the spatial diversity of
microphones 51 is maximized. The spatial diversity may be maximized when the time
difference of arrival of desired speech between the two microphones 51 coupled to microphone
inputs 52 is maximized. In the three beam former implementation shown in Figure 6, the time
difference of arrival for beam former 2 may usually be small and the signal-to-noise ratio (SNR)
improvement from beam former 2 may thus be limited. For beamformers 1 and 3, the beam
former position may be maximized when the desired speech arrives from either end of an array
of microphones 51 (e.g., “endfire”). Therefore, in the three beam former example shown in
Figure 6, beamformers 1 and 3 may be implemented using delay and difference beamformers
and beam former 2 may be implemented using a delay and sum beam former. Such choice of
beamformers 54 may optimally align beam former performance to the desired signal arrival
direction.

For optimal performance and to provide room for manufacturing tolerances of
microphones coupled to microphone inputs 52, beamformers 54 may each include a microphone

calibration subsystem 68 in order to calibrate the input signals (e.g., x1, x2) before mixing the two
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microphone signals. For example, a microphone signal level difference may be caused by
differences in the microphone sensitivity and the associated microphone assembly/booting
differences. A near-field propagation loss effect caused by the close proximity of a desired
source of sound to the microphone array may also introduce microphone-level differences. The
degree of such near-field effect may vary based on different microphone orientations relative to
the desired source. Such near-field effect may also be exploited to detect the orientation of the
array of microphones 51, as described further below.

Turning briefly to Figure 7, Figure 7 illustrates a block diagram of selected components
of a microphone calibration subsystem 68, in accordance with embodiments of the present
disclosure. As shown in Figure 7, microphone calibration subsystem 68 may be split into two
separate calibration blocks. A first block 70 may compensate for sensitivity differences between
individual microphone channels, and calibration gains applied to microphone signals in block 70
(e.g., by microphone compensation blocks 72) may be updated only when correlated diffuse
and/or far-field noise is present. A second block 74 may compensate for near-field effects and
the corresponding calibration gains applied to microphone signals in block 74 (e.g., by
microphone compensation blocks 76) may be updated only when the desired speech is detected.
Accordingly, turning again to Figure 6, beamformers 54 may mix the compensated microphone

signals and may generate beam former outputs as:

Beam former 1 (delay and difference):

yi[n] = vi'[nlx[n] — vZnlx;[n —n3l

Beam former 2 (delay and sum):

y2[nl = vi[nlx; [n = nfl + v7[nlx;[n — nf]

Beam former 3 (delay and difference):
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ys[nl = vinlx;[n — nf] — vinlx,[n]

where n3 is the time difference of arrival between microphone 51b and microphone 51a for an
interfering signal source located closer to microphone 51b, n} is the time difference of arrival
between microphone 51a and microphone 51b for an interfering signal source located closer to
microphone 51a, and n? and n3 are the time delays necessary to time align the signal arriving
from position 2 shown in Figure 5, for example, with broadside position, nf = nZ = 0.

Beamformers 54 may calculate such time delays as:

nl = d sin(¢)
cF;

n3 = d sin(6)
cF

where d is the spacing between microphones 51, ¢ is the speed of sound, F; is the sampling
frequency and ¢ and 6 are the dominant interfering signals arriving in the look directions of
beamformers 1 and 3, respectively.

Delay and difference beamformers (e.g., beamformers 1 and 3) may suffer from a high
pass filtering effect, and a cut-off frequency and a stop band suppression may be affected by
microphone spacing, look direction, null-direction, and the propagation loss difference due to
near-field effects. This high pass filtering effect may be compensated by applying a low pass
equalization filter 78 at the respective outputs of beamformers 1 and 3. The frequency response

of low pass equalization filter 78 may be given by:
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2
exp {jand sin(¢)} ~ Jexp {jand sin(é)}‘

Heq(f) =

c c

where ¥ is the near-field propagation loss difference which can be estimated from calibration
subsystem 68, 6 is the look direction towards which the beam is focused and ¢ is the null
direction from which the interference is expected to arrive. A direction of arrival estimate doa
and near-field controls generated by controller 56, as described in greater detail below, may be
used to dynamically set position-specific beam former parameters. An alternative architecture
may include a fixed beam former followed by an adaptive spatial filter to enhance noise
cancellation performance in a dynamically varying noise field. As a specific example, the look
and null directions for beam former 1 may be set to -90° and 30°, respectively, and for beam
former 3, the corresponding angular parameters may be set to 90° and 30°, respectively. The
look direction for beam former 2 may be set at 0° which may provide a signal-to-noise ratio
improvement in a non-coherent noise field. It is noted a position of the microphone array
corresponding to the look direction of beam former 3 may have close proximity to a desired
source of sound (e.g., the user’s mouth) and thus, the frequency response of the low pass
equalization filters 78 may be set differently for beamformers 1 and 3.

Beam selector 58 may include any suitable system, device, or apparatus configured to
receive the simultaneously formed plurality of beams from beamformers 54, and, based on one
or more control signals from controller 56, select which of the simultaneously-formed beams will
be output to spatially-controlled adaptive filter 62. In addition, whenever a change in a detected
orientation of the microphone array occurs in which the selected beam former 54 changes, beam
selector 58 may also transition between the selection by mixing outputs of beamformers 54, in
order to make artifacts caused by such a transition between beams. Accordingly, beam selector
58 may include a gain block for each of the outputs of beamformers 54 and the gains applied to
outputs may be modified over a period of time to ensure smooth mixing of beam former outputs

as beam selector 58 transitions from one selected beam former 54 to another selected beam
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former 54. An example approach to achieve such smoothing may be to use a simple recursive
averaging filter based method. Specifically, if i and j are the headset positions before and after
the array orientation change, respectively, and the corresponding gains just before the switch are
1 and O respectively, then the gains for these two beamformers 54 may be, during the transition

of selection between such beamformers 54, modified as:

giln] = 649:[n]

gjln] = 84g;[n] + (1 - 8y)

where 6g is a smoothing constant that controls a ramp time for the gain. The parameter
84 may define a time required to reach 63.2% of the final steady state gain. It is important to
note that the sum of these two gain values is maintained to one at any moment in time thereby
ensuring energy preservation for equal energy input signals. Figure 8 illustrates a graph plot
depicting such gain mixing scheme, in accordance with the present disclosure.

Any signal-to-noise ratio (SNR) improvement from the selected fixed beam former 54
may be optimum in a diffuse noise field. However, the SNR improvement may be limited if the
directional interfering noise is spatially non-stationary. To improve SNR, processor 53 may
implement spatially-controlled adaptive filter 62. Turning briefly to Figure 9, Figure 9 illustrates
a block diagram of selected components of an example spatially-controlled adaptive filter 62, in
accordance with embodiments of the present disclosure. In operation, spatially-controlled
adaptive filter 62 may have the ability to dynamically steer a null of a selected beam former 54
towards a dominant directional interfering noise. The filter coefficients of the spatially-
controlled adaptive filter 62 may be updated only when desired speech is not detected. A
reference signal to spatially-controlled adaptive filter 62 is generated by combining the two
microphone signals x; and x2 such that the reference signal b[n] includes as little desired speech

signal as possible to avoid speech suppression. Nullformer 60 may generate reference signal
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b[n] with a null focused towards a desired speech direction. Nullformer 60 may generate

reference signal b[n] as:

For position 1 shown in Figure 5 (delay and difference):

5
b[n] = v [n]vi[nlx[n — mi] — v [n]vi[n]x,[n]
For position 2 shown in Figure 5(delay and difference):
10 bln] = v [n]vi[n]x[n — nil — v} [n]v3[nlx,[n —ni]
For position 3 shown in Figure 5(delay and difference):
b[n] = vi'[n]vi[nlx[n] — v} [n]vi[n]xy[n — m3]
15
where v{[n] and v3[n] are calibration gains compensating for near-field propagation loss effects
(described in greater detail below) wherein such calibrated values may be different for various
headset positions, and wherein:
d sin(6
20 mi = dsin(8)
cF
m3 = d sin(p)
cF;

where 6 and ¢ are a desired signal direction in positions 1 and 3, respectively. Nullformer 60
25 includes two calibration gains to reduce desired speech leakage of the noise reference signal.

Nullformer 60 in position 2 may be a delay and difference beam former and it may use the same
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time delays that are used in a front-end beam former 54. Alternatively to a single nullformer 60,
a bank of nullformers similar to the front-end beamformers 54 may also be used. In other
alternative embodiments, other nullformer implementations may be used.

As an illustrative example, beam patterns corresponding to position 3 of Figure 5 (e.g.,
desired speech arriving from an angle of 90°) for a selected fixed front-end beam former 54 and
noise reference nullformer 60 is depicted in Figure 10. In operation, nullformer 60 may be
adaptive in that it may dynamically modify its null as the desired speech direction is varied.

Figure 11 illustrates selected components of an example controller 56, in accordance with
embodiments of the present disclosure. As shown in Figure 11, controller 56 may implement a
normalized cross-correlation block 80, a normalized maximum correlation block 82, a direction-
specific correlation block 84, a direction of arrival block 86, a broadside statistic block 88, an
inter-microphone level difference block 90, and a plurality of speech detectors 92 (e.g., speech
detectors 92a, 92b, and 92¢).

When an acoustic source is close to a microphone 51, a direct-to-reverberant signal ratio
for such microphone may usually be high. The direct-to-reverberant ratio may depend on a
reverberation time (RTeo) of the room/enclosure and other physical structures that are in the path
between a near-field source and a microphone 51. When the distance between the source and
microphone 51 increases, the direct-to-reverberant ratio may decrease due to propagation loss in
the direct path, and the energy of the reverberant signal may be comparable to the direct path
signal. Such concept may be used by components of controller 56 to derive a valuable statistic
that will indicate the presence of a near-field signal that is robust to array position. Normalized
cross-correlation block 80 may compute a cross-correlation sequence between microphones 51

as:

N-1
1
Fealm] = Y x [l - m)
n=0
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. . (d d . . .
wherein the range of m: [Cell(: FS), floor (z FS)]. Normalized maximum correlation block 82
may use the cross-correlation sequence to compute a maximum normalized correlation statistic

as:

where E,; correspond to i microphone energy. Normalized maximum correlation block 82 may
also apply smoothing to this result to generate a normalized maximum correlation statistic

normMaxCorr as:
y[nl = 6,y[n — 1] + (1 - 6,)7[n]

where &, is a smoothing constant.

Direction specific correlation block 84 may be able to compute a direction specific
correlation statistic dirCorr required to detect speech from positions 1 and 3 as shown in Figure
12 as follows. First, direction specific correlation block 84 may determine a maximum of the

normalized cross-correlation function within different directional regions:

Lin]= maxe {reix2[m]}
L,[n] = max T, m
2[ ] mEf([(p1 <Pz]) { x1x2[ ]}

l3[n] = m {reix2[ml}

= ax
mef([8, 02])

Vi [n] _ Tx1x2 [li]
l vV ExlExZ ’

Second, direction specific correlation block 84 may determine a maximum deviation

i=123

between the directional correlation statistics as follows:
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Biln] = max {| yo[n] — y1[nll, | vs[n] — vi(nll}

Bz[n] = max {|yi[n] = y2[nll, | ys[n] — v2[nll}

Finally, direction specific correlation block 84 may compute direction specific correlation

statistic dirCorr as follows:

Bln] = B2[n] — Bi[n]

Figure 13 illustrates a graph showing direction specific correlation statistic dirCorr
obtained from a dual microphone array with speech arriving from positions 1 and 3 shown in
Figure 5. As seen from Figure 13, the direction specific correlation statistic dirCorr may provide
discrimination to detect positions 1 and 3.

However, direction specific correlation statistic dirCorr may be unable to discriminate
between the speech in position 2 shown in Figure 5 and diffuse background noise. Nevertheless,
broadside statistic block 88 may detect speech from position 2 by estimating a variance of the
directional maximum normalized cross-correlation statistic, ys[n] from the region, [@, @,], and
determining if such variance is small which may indicate a near-field signal arriving from a
broadside direction (e.g., position 2). Broadside statistic block 88 may compute the variance by

keeping track of the running average of the statistic y3[n] as:

pyln] = 6gu,[n— 1]+ (1 — 8y) v3[n]

99[n] = 890[n — 1] + (1 — 85)( y3[n] — y [n])’

where i, [n] is the mean of y3[n], 8y is a smoothing constant corresponding to a duration of the

running average and 9, [n] represents the variance of y3[n].
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A spatial resolution of the cross-correlation sequence may first be increased by
interpolating the cross-correlation sequence using a Lagrange interpolation function. Direction
of arrival block 86 may compute direction of arrival (DOA) statistic doa by selecting a lag

corresponding to a maximum value of the interpolated cross-correlation sequence, Fyq 42 [M], as:

lnax = arg max {f‘xlxz [m]}
wm

Direction of arrival block 86 may convert such selected lag index into an angular value by using

the following formula to determine DOA statistic doa as:

cl
0 =sin1 (—d";:x>

where F. = rF; is the interpolated sampling frequency and r is the interpolation rate. To reduce
the estimation error due to outliers, direction of arrival block 86 may use median filter DOA
statistic doa to provide a smoothed version of the raw DOA statistic doa. The median filter
window size may be set at any suitable number of estimates (e.g., three).

If a dual microphone array is in the vicinity of the desired signal source, inter-
microphone level difference block 90 may exploit the R? loss phenomenon by comparing the
signal levels between the two microphones 51 to generate an inter-microphone level difference
statistic imd. Such inter-microphone level difference statistic imd may be used to differentiate
between a near-field desired signal and a far-field or diffuse field interfering signal, if the near-
field signal is sufficiently louder than the far-field signal. Inter-microphone level difference
block 90 may calculate inter-microphone level difference statistic imd as the ratio of the energy

of the first microphone signal x1 to the second microphone energy xz:
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Inter-microphone level difference block 90 may smooth this result as:
pln] =6,p[n—1] + (1 — 6p)imd[n].

Switching of a selected beam by beam selector 58 may be triggered only when speech is
present in the background. In order to avoid false alarms from competing talker speech that may
arrive from different directions, three instances of voice activity detection may be used.
Specifically, speech detectors 92 may perform voice activity detection on the outputs of
beamformers 54. For example, in order to switch to beam former 1, speech detector 92a must
detect speech at the output of beam former 1. Any suitable technique may be used for detecting
the presence of speech in a given input signal.

Controller 56 may be configured to use the various statistics described above to detect the
presence of speech from the various positions of orientation of the microphone array.

Figure 14 illustrates a flow chart depicting example comparisons that may be made by
controller 56 to determine if speech is present from position 1 as shown in Figure 5, in
accordance with embodiments of the present disclosure. As shown in Figure 14, speech may be
determined to be present from position 1 if: (i) the direction of arrival statistic doa is within a
particular range; (ii) the direction-specific correlation statistic dirCorr is above a predetermined
threshold; (iii) the normalized maximum correlation statistic normMaxCorr is above a
predetermined threshold; (iv) the inter-microphone level difference statistic imd is greater than a
predetermined threshold; and (v) speech detector 92a detects that speech is present from position
1.

Figure 15 illustrates a flow chart depicting example comparisons that may be made by
controller 56 to determine if speech is present from position 2 as shown in Figure 5, in
accordance with embodiments of the present disclosure. As shown in Figure 15, speech may be
determined to be present from position 2 if: (i) the direction of arrival statistic doa is within a
particular range; (i) the broadside statistic is below a particular threshold; (iii) the normalized

maximum correlation statistic normMaxCorr is above a predetermined threshold; (iv) the inter-
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microphone level difference statistic imd is within a range indicating that microphone signals xi
and x2 have approximately the same energy; and (v) speech detector 92b detects speech that is
present from position 2.

Figure 16 illustrates a flow chart depicting example comparisons that may be made by
controller 56 to determine if speech is present from position 3 as shown in Figure 5, in
accordance with embodiments of the present disclosure. As shown in Figure 16, speech may be
determined to be present from position 3 if: (i) the direction of arrival statistic doa is within a
particular range; (i1) the direction-specific correlation statistic dirCorr is below a predetermined
threshold; (iii) the normalized maximum correlation statistic normMaxCorr is above a
predetermined threshold; (iv) the inter-microphone level difference statistic imd is lesser than a
predetermined threshold; and (v) speech detector 92c¢ detects that speech is present from position
3.

As shown in Figure 17, controller 56 may implement holdoff logic to avoid premature or
frequent switching of the selected beam former 54. For example, as shown in Figure 17,
controller 56 may cause beam selector 58 to switch between beamformers 54 when a threshold
number of instantaneous speech detection in the look direction for an unselected beam former 54
has occurred. For example, the holdoff logic may begin at step 102 by determining whether

(13421
1

sound from a position “i” is detected. If sound from position “i” is not detected, at step 104, the

holdoff logic may determine if sound from another position is detected. If sound from another

e 90
1.

position is detected, the holdoff logic at step 106 may reset a holdoff counter for position

(13421
1

If at step 102, if sound from position is detected, at step 108, the holdoff logic may

e 90
1.

increment the holdoff counter for position

At step 110, the holdoff logic may determine if the holdoff counter is for position “i” is
greater than a threshold. If lesser than the threshold, controller 56 may maintain the selected
beam former 54 in the current position at step 112. Otherwise, if greater than the threshold,
controller 56 may switch the selected beam former 54 to the beam former 54 having a look

direction of position “i” at step 114.
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Holdoff logic as described above may be implemented in each positon/look direction of
interest.

Turning again to Figure 6, after processing by spatially-controlled adaptive filter 62, the
resulting signal may be processed by other signal processing blocks. For example, spatially-
controlled noise reducer 64 may improve an estimation of background noise if the spatial
controls generated by controller 56 indicate that speech-like interference is not the desired
speech.

Furthermore, when an orientation of the microphone array is changed, the microphone
input signal level may vary as a function of the array proximity to user’s mouth. This sudden
signal level change may introduce undesirable audio artifacts at the processed output.
Accordingly, spatially-controlled automatic level controller 66 may control the signal
compression/expansion level dynamically based on changes in orientation of the microphone
array. For example, attenuation can be quickly applied to the input signal to avoid saturation
when the array is brought very close to the mouth. Specifically, if the array is moved from
position 1 to position 3, the positive gain in the automatic level control system which was
originally adapted in position 1 can clip the signal coming from position 3. Similarly, if the
array is moved from position 3 to position 1, the negative gain in the automatic level control
system that was meant for position 3 can attenuate the signal coming from position 1, thereby
causing the processed output to be quiet until the gain adapts back for position 3. Accordingly,
spatially-controlled automatic level controller 66 may mitigate these issues by bootstrapping an
automatic level control with an initial gain that is relevant for each position.  Spatially-
controlled automatic level controller 66 may also adapt from this initial gain to account for
speech-level dynamics.

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,

and various elements of the systems illustrated herein may be added, reordered, combined,
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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. A method for voice processing in an audio device having an array of a plurality of
microphones wherein the array is capable of having a plurality of positional orientations relative
to a user of the array, the method comprising:

periodically computing a plurality of normalized cross-correlation functions, each cross-
correlation function corresponding to a possible orientation of the array with respect to a desired
source of speech;

determining an orientation of the array relative to the desired source of speech based on
the plurality of normalized cross-correlation functions;

detecting changes in the orientation of the array based on the plurality of normalized
cross-correlation functions; and

responsive to a change in the orientation of the array, dynamically modifying voice
processing parameters of the audio device such that speech from the desired source of the speech

is preserved while reducing interfering sounds.

2. The method of Claim 1, wherein the audio device comprises a headset.

3. The method of Claim 2, wherein the array of the plurality of microphones is
located in a control box of the headset such that the location of the array of the plurality of

microphones relative to the desired source of speech is unfixed.

4. The method of Claim 1, wherein the desired source of speech is a mouth of the

user.

5. The method of Claim 1, wherein modifying voice processing parameters
comprises selecting a directional beamformer from a plurality of directional beamformers of the

audio device for processing sound energy.
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6. The method of Claim 5, further comprising calibrating the array of the plurality of
microphones responsive to a presence of at least one of: near-field speech for compensation of

near-field propagation loss, diffused noise, and far-field noise.

7. The method of Claim 6, wherein calibrating the array of the plurality of
microphones comprises generating a calibration signal that is used by the directional beamformer

for processing sound energy.

8. The method of Claim 6, wherein calibrating the array of the plurality of

microphones comprises calibrating based on the change in orientation of the array.

9. The method of Claim 5, further comprising detecting presence of speech based on

an output of the plurality of directional beamformers.

10. The method of Claim 1, wherein a look direction of the directional beamformer is

dynamically modified based on the change in orientation of the array.

11. The method of Claim 1, wherein dynamically modifying voice processing
parameters of the audio device comprises processing speech to account for changes in proximity

of the array of the plurality of microphones with respect to the desired source of speech.

12. The method of Claim 1, further comprising adaptively cancelling spatially non-

stationary noises with an adaptive spatial filter.

13. The method of Claim 12, further comprising generating a noise reference to the

adaptive spatial filter using an adaptive nullformer.
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14. The method of Claim 13, further comprising:
tracking a direction of arrival of speech from the desired source of speech; and
dynamically modifying a null direction of the adaptive nullformer based on the direction

of arrival of speech and the change in orientation of the array.

15.  The method of Claim 13, further comprising calibrating the array of the plurality
of microphones responsive to a presence of at least one of: near-field speech for compensation of
near-field propagation loss, diffused noise, and far-field noise, wherein calibrating the array of

the plurality of microphones comprises generating the noise reference.

16. The method of Claim 12, comprising:
monitoring for a presence of near-field speech; and
halting adaptation of the adaptive spatial filter in response to detection of the presence of

near-field speech.

17. The method of Claim 1, further comprising tracking a direction of arrival of

speech from the desired source of speech.

18. The method of Claim 1, further comprising controlling noise estimation of a

single-channel noise reduction algorithm based on the orientation of the array.

19. The method of Claim 1, further comprising detecting the orientation of the array
based on the plurality of normalized cross-correlation functions, an estimate of a direction of
arrival from a desired source of sound, an inter-microphone level difference, and a presence or

absence of speech.

20. The method of Claim 1, further comprising validating the orientation of the array

using a holdoff mechanism.
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21. 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;
an array of a plurality of microphones wherein the array is capable of having a plurality
of positional orientations relative to a user of the array; and
a processor configured to implement a near-field detector configured to:
periodically compute a plurality of normalized cross-correlation functions, each
cross-correlation function corresponding to a possible orientation of the array with
respect to a desired source of speech;
determine an orientation of the array relative to the desired source of speech based
on the plurality of normalized cross-correlation functions;
detect changes in the orientation of the array based on the plurality of normalized
cross-correlation functions; and
responsive to a change in the orientation of the array, dynamically modify voice
processing parameters of the audio device such that speech from the desired source of

speech is preserved while reducing interfering sounds.

22. The integrated circuit of Claim 21, wherein the audio device comprises a headset.

23. The integrated circuit of Claim 21, wherein the array of the plurality of
microphones is located in a control box of the headset such that the location of the array of the

plurality of microphones relative to the desired source is unfixed.

24. The integrated circuit of Claim 21, wherein the desired source of speech is a

mouth of the user.



10

15

20

25

WO 2018/213102 PCT/US2018/032180

27

25. The integrated circuit of Claim 21, wherein modifying voice processing
parameters comprises selecting a directional beamformer from a plurality of directional

beamformers of the audio device for processing sound energy.

26. The integrated circuit of Claim 25, further comprising calibrating the array of the
plurality of microphones responsive to a presence of at least one of: near-field speech for

compensation of near-field propagation loss, diffused noise, and far-field noise.

27. The integrated circuit of Claim 26, wherein calibrating the array of the plurality of
microphones comprises generating a calibration signal that is used by the directional beamformer

for processing sound energy.

28. The integrated circuit of Claim 26, wherein calibrating the array of the plurality of

microphones comprises calibrating based on the change in orientation of the array.

29. The integrated circuit of Claim 25, further comprising detecting presence of

speech based on an output of the plurality of directional beamformers.

30. The integrated circuit of Claim 25, wherein a look direction of the directional

beamformer is dynamically modified based on the change in orientation of the array.

31. The integrated circuit of Claim 21, wherein dynamically modifying voice
processing parameters of the audio device comprises processing speech to account for changes in
proximity of the array of the plurality of microphones with respect to the desired source of

speech.

32. The integrated circuit of Claim 21, further comprising adaptively cancelling

spatially non-stationary noises with an adaptive spatial filter.
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33. The integrated circuit of Claim 32, further comprising generating a noise

reference to the adaptive spatial filter using an adaptive nullformer.

34. The integrated circuit of Claim 33, further comprising:
tracking a direction of arrival of speech from the desired source of speech; and
dynamically modifying a null direction of the adaptive nullformer based on the direction

of arrival and the change in orientation of the array.

35. The integrated circuit of Claim 33, further comprising calibrating the array of the
plurality of microphones responsive to a presence of at least one of: near-field speech for
compensation of near-field propagation loss, diffused noise, and far-field noise, wherein

calibrating the array of the plurality of microphones comprises generating the noise reference.

36. The integrated circuit of Claim 32, comprising:
monitoring for a presence of near-field speech; and
halting adaptation of the adaptive spatial filter in response to detection of the presence of

near-field speech.

37. The integrated circuit of Claim 21, further comprising tracking a direction of

arrival of speech from the desired source of speech.

38. The integrated circuit of Claim 21, further comprising controlling noise

estimation of a single-channel noise reduction algorithm based on the orientation of the array.
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39. The integrated circuit of Claim 21, further comprising detecting the orientation of
the array based on the plurality of normalized cross-correlation functions, an estimate of a
direction of arrival from a desired source of sound, an inter-microphone level difference, and a

presence or absence of speech.

40. The integrated circuit of Claim 21, further comprising validating the orientation of

the array using a holdoff mechanism.
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