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METHOD FOR DETECTION OF OWN VOICE
ACTIVITY IN A COMMUNICATION DEVICE

AREA OF THE INVENTION

[0001] The invention concerns a method for detection of
own voice activity to be used in connection with a commu-
nication device. According to the method at least two
microphones are worn at the head and a signal processing
unit is provided, which processes the signals so as to detect
own voice activity.

[0002] The usefulness of own voice detection and the prior
art in this field is described in DK patent application PA 2001
01461. This document also describes a number of different
methods for detection of own voice.

[0003] However, it has not been proposed to base the
detection of own voice on the sound field characteristics that
arise from the fact that the mouth is located symmetrically
with respect to the user’s head. Neither has it been proposed
to base the detection of own voice on a combination of a
number individual detectors, each of which are error-prone,
whereas the combined detector is robust.

BACKGROUND OF THE INVENTION

[0004] From DK PA 2001 01461 the use of own voice
detection is known, as well as a number of methods for
detecting own voice. These are either based on quantities
that can be derived from a single microphone signal mea-
sured e.g. at one ear of the user, that is, overall level, pitch,
spectral shape, spectral comparison of auto-correlation and
auto-correlation of predictor coefficients, cepstral coeffi-
cients, prosodic features, modulation metrics; or based on
input from a special transducer, which picks up vibrations in
the ear canal caused by vocal activity. While the latter
method of own voice detection is expected to be very
reliable it requires a special transducer as described, which
is expected to be difficult to realise. In contradiction, the
former methods are readily implemented, but it has not been
demonstrated or even theoretically substantiated that these
methods will perform reliable own voice detection.

[0005] From U.S. publication No.: US 2003/0027600 a
microphone antenna array using voice activity detection is
known. The document describes a noise reducing audio
receiving system, which comprises a microphone array with
a plurality of microphone elements for receiving an audio
signal. An array filter is connected to the microphone array
for filtering noise in accordance with select filter coefficients
to develop an estimate of a speech signal. A voice activity
detector is employed, but no considerations concerning
far-field contra near-field are employed in the determination
of voice activity.

[0006] From WO 02/098169 a method is known for
detecting voiced and unvoiced speech using both acoustic
and non-acoustic sensors. The detection is based upon
amplitude differences between microphone signals due to
the presence of a source close to the microphones.

[0007] The object of this invention is to provide a method,
which performs reliable own voice detection, which is
mainly based on the characteristics of the sound field
produced by the user’s own voice. Furthermore the inven-
tion regards obtaining reliable own voice detection by
combining several individual detection schemes. The
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method for detection of own vice can advantageously be
used in hearing aids, head sets or similar communication
devices.

SUMMARY OF THE INVENTION

[0008] The invention provides a method for detection of
own voice activity in a communication device wherein one
or both of the following set of actions are performed,

[0009] A: providing at least two microphones at an ear
of a person, receiving sound signals by the micro-
phones and routing the signals to a signal processing
unit wherein the following processing of the signal
takes place: the characteristics, which are due to the
fact that the microphones are in the acoustical near-
field of the speaker’s mouth and in the far-field of the
other sources of sound are determined, and based on
this characteristic it is assessed whether the sound
signals originates from the users own voice or origi-
nates from another source,

[0010] B: providing at least a microphone at each ear of
a person and receiving sound signals by the micro-
phones and routing the microphone signals to a signal
processing unit wherein the following processing of the
signals takes place: the characteristics, which are due to
the fact that the user’s mouth is placed symmetrically
with respect to the user’s head are determined, and
based on this characteristic it is assessed whether the
sound signals originates from the users own voice or
originates from another source.

[0011] The microphones may be either omni-directional or
directional. According to the suggested method the signal
processing unit in this way will act on the microphone
signals so as to distinguish as well as possible between the
sound from the user’s mouth and sounds originating from
other sources.

[0012] In a further embodiment of the method the overall
signal level in the microphone signals is determined in the
signal processing unit, and this characteristic is used in the
assessment of whether the signal is from the users own
voice. In this way knowledge of normal level of speech
sounds is utilized. The usual level of the users voice is
recorded, and if the signal level in a situation is much higher
or much lower it is than taken as an indication that the signal
is not coming from the users own voice.

[0013] According to an embodiment of the method, the
characteristics, which are due to the fact that the micro-
phones are in the acoustical near-field of the speaker’s
mouth are determined by a filtering process in the form of
FIR filters, the filter coefficients of which are determined so
as to maximize the difference in sensitivity towards sound
coming from the mouth as opposed to sound coming from all
directions by using a Mouth-to-Random-far-field index
(abbreviated M2R) whereby the M2R obtained using only
one microphone in each communication device is compared
with the M2R using more than one microphone in each
hearing aid in order to take into account the different source
strengths pertaining to the different acoustic sources. This
method takes advantage of the acoustic near field close to the
mouth.

[0014] In a further embodiment of the method the char-
acteristics, which are due to the fact that the user’s mouth is
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placed symmetrically with respect to the user’s head are
determined by receiving the signals X, (n) and x, (n), from
microphones positioned at each ear of the user, and compute
the cross-correlation function between the two signals: R,
(k)=E{x; (n)x, (n-k)}, applying a detection criterion to the
output R, ., (k), such that if the maximum value of R, . (k)
is found at k=0 the dominating sound source is in the median
plane of the user’s head whereas if the maximum value of
R, ., (k) is found elsewhere the dominating sound source is
away from the median plane of the user’s head. The pro-
posed embodiment utilizes the similarities of the signals
received by the hearing aid microphones on the two sides of
the head when the sound source is the users own voice.

[0015] The combined detector then detects own voice as
being active when each of the individual characteristics of
the signal are in respective ranges.

BRIEF DESCRIPTION OF THE DRAWINGS

[0016] FIG. 1 is a schematic representation of a set of
microphones of an own voice detection device according to
the invention.

[0017] FIG. 2 is a schematic representation of the signal
processing structure to be used with the microphones of an
own voice detection device according to the invention.

[0018] FIG. 3 shows in two conditions illustrations of
metric suitable for an own voice detection device according
to the invention.

[0019] FIG. 4 is a schematic representation of an embodi-
ment of an own voice detection device according to the
invention.

[0020] FIG. 5 is a schematic representation of a preferred
embodiment of an own voice detection device according to
the invention.

DESCRIPTION OF PREFERRED
EMBODIMENTS

[0021] FIG. 1 shows an arrangement of three micro-
phones positioned at the right-hand ear of a head, which is
modelled as a sphere. The nose indicated in FIG. 1 is not
part of the model but is useful for orientation. FIG. 2 shows
the signal processing structure to be used with the three
microphones in order to implement the own voice detector.
Each microphone signal as digitised and sent through a
digital filter (W,, W,, W), which may be a FIR filter with
L coefficients. In that case, the summed output signal in
FIG. 2 can be expressed as

L-1

yn) = i Z Wi — D = 0" x,

m=1 [=

where the vector notation
w=[w, ... WMLfl]Ta x=[x; (1) ... ¥y (n-L+1)T"

has been introduced. Here M denotes the number of micro-
phones (presently M=3) and w,,; denotes the 1 th coefficient
of the m th FIR filter. The filter coefficients in w should be
determined so as to distinguish as well as possible between
the sound from the user’s mouth and sounds originating
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from other sources. Quantitatively, this is accomplished by
means of a metric denoted AM2R, which is established as
follows. First, Mouth-to-Random-far-field index (abbrevi-
ated M2R) is introduced. This quantity may be written as

2
MR - 1010glo[IYMo(f)I ]

[Yrg (S

where Y, (f) is the spectrum of the output signal y(n) due
to the mouth alone, Yy (f) is the spectrum of the output
signal y(n) averaged across a representative set of far-field
sources and f denotes frequency. Note that the M2R is a
function of frequency and is given in dB. The M2R has an
undesirable dependency on the source strengths of both the
far-field and mouth sources. In order to remove this depen-
dency a reference M2, ; is introduced, which is the M2R
found with the front microphone alone. Thus the actual
metric becomes

AM2R()=M2R(f)-M2R (/).

Note that the ratio is calculated as a subtraction since all
quantities are in dB, and that it is assumed that the two
component M2R functions are determined with the same set
of far-field and mouth sources. Each of the spectra of the
output signal y(n), which goes into the calculation of AM2R,
can be expressed as

M
Y(F) =D Wl Zsn(Has(f),

m=1

where W, (f) is the frequency response of the m th FIR filter,
Zg,, (D is the transfer impedance from the sound source in
question to the m th microphone and g, (f) is the source
strength. Thus, the determination of the filter coefficients w
can be formulated as the optimisation problem

max|AM2R)|,

where || indicates an average across frequency. The deter-
mination of w and the computation of AM2R has been
carried out in a simulation, where the required transfer
impedances corresponding to FIG. 1 have been calculated
according to a spherical head model. Furthermore, the same
set of filters have been evaluated on a set of transfer
impedances measured on a Briiel & Kjwr HATS manikin
equipped with a prototype set of microphones. Both set of
results are shown in the left-hand side of FIG. 3. In this
figure a AM2R -value of 0 dB would indicate that distinction
between sound from the mouth and sound from other
far-field sources was impossible, whereas positive values of
AM2R indicates possibility for distinction. Thus, the simu-
lated result in FIG. 3 (left) is very encouraging. However,
the result found with measured transfer impedances is far
below the simulated result at low frequencies. This is
because the optimisation problem so far has disregarded the
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issue of robustness. Hence, robustness is now taken into
account in terms of the White Noise Gain of the digital
filters, which is computed as

M
WNG(f) = 101og10[2 [Win(e #7155 )|2],

m=1

where { is the sampling frequency. By limiting WNG to be
within 15 dB the simulated performance is somewhat
reduced, but much improved agreement is obtained between
simulation and results from measurements, as is seen from
the right-hand side of FIG. 3. The final stage of the preferred
embodiment regards the application of a detection criterion
to the output signal y(n), which takes place in the Detection
block shown in FIG. 2. Alternatives to the above AM2R
-metric are obvious, e.g. metrics based on estimated com-
ponents of active and reactive sound intensity.

[0022] Considering an own voice detection device accord-
ing to the invention, FIG. 4 shows an arrangement of two
microphones, positioned at each ear of the user, and a signal
processing structure which computes the cross-correlation
function between the two signals x; (n) and x, (n), that is,

R,y ()=E{x, (> (n-K)}.

As above, the final stage regards the application of a
detection criterion to the output R, , (k), which takes place
in the Detection block shown in FIG. 4. Basically, if the
maximum value of R, . (k) is found at k=0 the dominating
sound source is in the median plane of the user’s head and
may thus be own voice, whereas if the maximum value of
R, ., (k) is found elsewhere the dominating sound source is
away from the median plane of the user’s head and cannot
be own voice.

[0023] FIG. 5 shows an own voice detection device,
which uses a combination of individual own voice detectors.
The first individual detector is the near-field detector as
described above, and as sketched in FIG. 1 and FIG. 2. The
second individual detector is based on the spectral shape of
the input signal x; (n) and the third individual detector is
based on the overall level of the input signal x; (n). In this
example the combined own voice detector is thought to flag
activity of own voice when all three individual detectors flag
own voice activity. Other combinations of individual own
voice detectors, based on the above described examples, are
obviously possible. Similarly, more advanced ways of com-
bining the outputs from the individual own voice detectors
into the combined detector, e.g. based on probabilistic
functions, are obvious.

1. Method for detection of own voice-activity in a com-
munication device whereby one or both of the following set
of actions are performed,

A: providing at least two microphones at an ear of a
person, receiving sound signals by the microphones
and routing the signals to a signal processing unit
wherein the following processing of the signal takes
place: the characteristics, which are due to the fact that
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the microphones are in the acoustical near-field of the
speaker’s mouth and in the far-field of the other sources
of sound are determined, and based on this character-
istic it is assessed whether the sound signals originates
from the users own voice or originates from another
source,

B: providing at least a microphone at each ear of a person
and receiving sound signals by the microphones and
routing the microphone signals to a signal processing
unit wherein the following processing of the signals
takes place: the characteristics, which are due to the
fact that the user’s mouth is placed symmetrically with
respect to the user’s head are determined, and based on
this characteristic it is assessed whether the sound
signals originates from the users own voice or origi-
nates from another source.

2. Method as claimed in claim 1, whereby the overall
signal level in the microphone signals is determined in the
signal processing unit, and this characteristic is used in the
assessment of whether the signal is from the users own
voice.

3. Method as claimed in claim 1, whereby the character-
istics, which are due to the fact that the microphones are in
the acoustical near-field of the speaker’s mouth are deter-
mined by a filtering process in the form of FIR filters, the
filter coefficients of which are determined so as to maximize
the difference in sensitivity towards sound coming from the
mouth as opposed to sound coming from all directions by
using a Mouth-to-Random-far-field index (abbreviated
M2R) whereby the M2R obtained using only one micro-
phone in each hearing aid is compared with the M2R using
more than one microphone in each hearing aid in order to
take into account the different source strengths pertaining to
the different acoustic sources.

4. Method as claimed in claim 4 wherein M2R is deter-
mined in the following way:

2
MR - mbgm[wm(fn ]

[Yrg (£

where Y, () is the spectrum of the output signal y(n) due
to the mouth alone, Yy () is the spectrum of the output
signal y(n) averaged across a representative set of far-field
sources and f denotes frequency.

5. Method as claimed in claim 1, whereby the character-
istics, which are due to the fact that the user’s mouth is
placed symmetrically with respect to the user’s head are
determined by receiving the signals x; (n) and x, (n), from
microphones positioned at each ear of the user, and compute
the cross-correlation function between the two signals: R, .,
(k)=E{x,(n)x,(n-k)}, applying a detection criterion to the
output R, ., (k), such that if the maximum value of R, , (k)
is found at k=0 the dominating sound source is in the median
plane of the user’s head whereas if the maximum value of
R, x, (k) is found elsewhere the dominating sound source is
away from the median plane of the user’s head.





