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Active noise cancellation (ANC) circuitry is coupled to the
input of an earpiece speaker in a portable audio device, to
control the ambient acoustic noise outside of the device and
that may be heard by a user of the device. A microphone is to
pickup sound emitted from the earpiece speaker, as well as the
ambient acoustic noise. Control circuitry deactivates the
ANC in response to determining that an estimate of how
much sound emitted from the earpiece speaker has been cor-
rupted by noise indicates insufficient corruption by noise. In
another embodiment, the ANC decision is in response to
determining that an estimate of the ambient noise level is
greater than a threshold level of an audio artifact that could be
induced by the ANC. Other embodiments are also described
and claimed.
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ACTIVE NOISE CANCELLATION DECISIONS
IN A PORTABLE AUDIO DEVICE

[0001] An embodiment of the invention is related to acti-
vation and deactivation of an active noise cancellation (ANC)
process or circuit in a portable audio device such as a mobile
phone. Other embodiments are also described.

BACKGROUND

[0002] Mobile phones enable their users to conduct conver-
sations in many different acoustic environments, some of
which are relatively quiet while others are quite noisy. The
user may be in a particularly hostile acoustic environment,
that is, with high background or ambient noise levels, such as
on a busy street or near an airport or train station. To improve
intelligibility of the far-end user’s speech to the near-end user
who is in a hostile acoustic environment (i.e., an environment
in which the ambient acoustic noise or unwanted sound sur-
rounding the mobile phone is particularly high), an audio
signal processing technique known as active noise cancella-
tion (ANC) can be implemented in the mobile phone. With
ANC, the background sound that is heard by the near-end user
through the ear that is pressed against or that is carrying an
earpiece speaker, is reduced by producing an anti-noise signal
designed to cancel the background sound, and driving the
earpiece speaker with this anti-noise signal. Such ambient
noise reduction systems may be based on either one of two
different principles, namely the “feedback method, and the
“feed-forward” method.

[0003] In the feedback method, a small microphone is
placed inside a cavity that is formed between the user’s ear
and the inside of an earphone shell. This microphone is used
to pickup the background sound that has leaked into that
cavity. An output signal from the microphone is coupled back
to the earpiece speaker via a negative feedback loop that may
include analog amplifiers and digital filters. This forms a
servo system in which the earpiece speaker is driven so as to
attempt to create a null sound pressure level at the pickup
microphone. In contrast, with the feed-forward method, the
pickup microphone is placed on the exterior of the earpiece
shell in order to directly detect the ambient noise. The
detected signal is again amplified and may be inverted and
otherwise filtered using analog and digital signal processing
components, and then fed to the earpiece speaker. This is
designed to create a combined acoustic output that contains
not just the primary audio content signal (in this case the
downlink speech of the far-end user) but also a noise reduc-
tion signal component. The latter is designed to essentially
cancel the incoming ambient acoustic noise, at the outlet of
the earpiece speaker. Both of these ANC techniques are
intended to create an easy listening experience for the user of
a portable audio device who is in a hostile acoustic noise
environment.

SUMMARY

[0004] In one embodiment of the invention, a portable
audio device has an earpiece speaker with an input to receive
an audio signal, and a first microphone to pickup sound emit-
ted from the earpiece signal, and any ambient or background
acoustic noise that is outside of the device but that may be
heard by a user of the device. The device also includes ANC
circuitry that is coupled to the input of the earpiece speaker, to
control the ambient acoustic noise. An estimate of how much
sound emitted from the earpiece speaker has been corrupted
by ambient acoustic noise is computed. Control circuitry then
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determines whether this estimate indicates insufficient cor-
ruption by noise, in which case it will deactivate the ANC
circuitry. This will help preserve battery life in the portable
device, since in many instances the acoustic environment
surrounding the user of a portable audio device is not hostile,
i.e. it is relatively quiet such that running ANC provides no
user benefits.

[0005] If, however, the estimate indicates sufficient corrup-
tion by noise (e.g., when the user is in a hostile acoustic
environment), then a decision is made to not deactivate the
ANC circuitry. In other words, the ANC circuitry is allowed
to continue to operate if the estimate indicates that there is
sufficient corruption by ambient acoustic noise.

[0006] Inoneembodiment, estimates of the ambient acous-
tic noise and the primary audio signal are smoothed in accor-
dance with subjective loudness weighting and then averaged,
before computing a signal to noise ratio and then making the
threshold decision as to whether to deactivate or activate the
ANC. The subjective loudness weighting may be filtered so
that only the frequencies where ANC is expected to be effec-
tive are taken into account (when determining the SNR). For
example, in some cases, effective noise reduction by the ANC
may be limited to the range 500-1500 Hz. Also, the decision
whether to activate or deactivate the ANC may be taken only
after having introduced hysteresis into the threshold SNR
values, to prevent rapid switching of the decision near the
threshold.

[0007] Inanother embodiment, a threshold representing an
actual or expected strength of an audio artifact that could be
induced by the ANC in sound emitted from the earpiece
speaker is determined. This artifact is caused by operation of
the ANC circuitry, and is some times referred to as a “hiss”
that can be heard by the user. If the estimated ambient acoustic
noise is deemed to be louder than the hiss threshold, then
ANC is activated (or is not deactivated), thereby allowing the
ANC to continue reducing unwanted ambient sound. On the
other hand, if more hiss is being heard by the user than noise
that needs to be canceled, then the ANC circuitry is deacti-
vated. This reflects the situation where the ANC circuitry is
not providing sufficient user benefit and thus may be shut-
down to save power.

[0008] In accordance with another embodiment of the
invention, a method for performing a call or playing an audio
file or an audio stream using a portable audio device, may
proceed as follows. ANC circuitry in the device is activated, to
control ambient acoustic noise during the call or playback. An
estimate of how much sound emitted from an earpiece
speaker of the device has been corrupted by the ambient
acoustic noise is computed. A determination is then made
whether the estimate indicates insufficient corruption by
noise, in which case the ANC circuitry is deactivated. On the
other hand, if the estimate indicates sufficient corruption by
noise, then the ANC circuitry is allowed to continue operation
in an attempt to reduce the unwanted ambient sound. The
estimate may be computed as signal to noise ratio (SNR),
which may refer to a downlink speech signal or an audio
signal produced when playing an audio file or an audio
stream.

[0009] Inoneembodiment,the ANC circuitry may be deac-
tivated by setting the tap coefficients of a digital anti-noise
filter (whose output feeds the earpiece speaker) to zero, so
that essentially no signal is output by the filter. In addition, the
deactivation of the ANC circuitry may also include at the
same time disabling an adaptive filter controller that normally
updates those tap coefficients, so that the tap coefficients are
no longer being updated.
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[0010] In an alternative embodiment, the ANC circuitry
may be deactivated by disabling the adaptive filter controller
so that the tap coefficients of the anti-noise filter are no longer
being updated (e.g., freezing the adaptive filter, so that
although some signal is output by the anti-noise filter, the
latter is not changing and the controller is not computing any
updates to it).

[0011] In yet another embodiment of the method for per-
forming a call or playing an audio file or audio stream using
the portable audio device, the ANC circuitry is not activated
during the call or playback, until a determination has been
made that there is sufficient corruption, due to the presence of
ambient acoustic noise, of the sound being emitted from the
earpiece speaker. Thereafter, an estimate of how much sound
emitted from the earpiece speaker (during the call or play-
back) is being corrupted is again computed, and if there is
insufficient corruption by the ambient acoustic noise then the
ANC circuitry is deactivated.

[0012] The above summary does not include an exhaustive
list of all aspects of the present invention. It is contemplated
that the invention includes all systems and methods that can
be practiced from all suitable combinations of the various
aspects summarized above, as well as those disclosed in the
Detailed Description below and particularly pointed out in the
claims filed with the application. Such combinations have
particular advantages not specifically recited in the above
summary.

BRIEF DESCRIPTION OF THE DRAWINGS

[0013] The embodiments of the invention are illustrated by
way of example and not by way of limitation in the figures of
the accompanying drawings in which like references indicate
similar elements. It should be noted that references to “an” or
“one” embodiment of the invention in this disclosure are not
necessarily to the same embodiment, and they mean at least
one.

[0014] FIG. 1 depicts a mobile communications device in
use by a user in a hostile acoustic environment.

[0015] FIG.2isablockdiagram of system for making ANC
decisions in an audio device based on estimates of signal and
noise.

[0016] FIG. 3 is a block diagram of an algorithm for the
control process or circuitry that makes the decision whether to
activate or deactivate ANC, based on signal and noise esti-
mates.

[0017] FIG. 4 is a plot of intelligibility versus SNR for
sentences and single-syllable words.

[0018] FIG. 5 is ablock diagram of feed forward ANC and
ANC decision control based on signal and noise estimates.
[0019] FIG. 6 is a block diagram of feedback ANC and
ANC decision control based on signal and noise estimates.
[0020] FIG. 7 depicts an algorithm or process for ANC
decision making.

[0021] FIG. 8 depicts another algorithm for ANC decision
making, based on computing the strength of ambient noise
and comparing it to a hiss threshold.

DETAILED DESCRIPTION

[0022] Several embodiments of the invention with refer-
ence to the appended drawings are now explained. While
numerous details are set forth, it is understood that some
embodiments of the invention may be practiced without these
details. In other instances, well-known circuits, structures,
and techniques have not been shown in detail so as not to
obscure the understanding of this description.
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[0023] FIG. 1 depicts a portable audio device 2, here a
mobile communications device, in use by a near-end userin a
hostile acoustic environment. The near-end user is holding
the portable audio device 2, and in particular, an earpiece
speaker 6, against his ear, while conducting a conversation
with a far-end user. The conversation occurs generally in what
is referred to as a “call” between the near-end user’s portable
audio device 2 and the far-end user’s audio device 4. The call
or communications connection or channel, in this case,
includes a wireless segment in which a base station 5 com-
municates using, for instance, a cellular telephone protocol,
with the near-end user’s device 2. In general, however, the
ANC decision making mechanisms described here are appli-
cable to other types of handheld, battery-powered audio
devices including portable audio communication devices that
use any known types of networks 3 including wireless/cellu-
lar and wireless/local area network, in conjunction with plain
old telephone system (POTS), public switched telephone net-
work (PSTN), and perhaps one or more segments over high
speed Internet connections (e.g., using voice over Internet
protocol).

[0024] During the call, the near-end user would hear some
of the ambient acoustic noise that surrounds him, where the
ambient acoustic noise may leak into the cavity that has been
created between the user’s ear and the shell or housing behind
which the earpiece speaker 6 is located. In this monaural
arrangement, the near-end user can hear the speech of the
far-end user in his left ear, but in addition may also hear some
of the ambient acoustic noise that has leaked into the cavity
next to his left ear. The near-end user’s right ear is completely
exposed to the ambient noise.

[0025] As explained above, an active noise cancellation
(ANC) mechanism operating within the audio device 2 can
reduce the unwanted sound that travels into the left ear of the
user and that would otherwise corrupt the primary audio
content which in this case is the speech of the far-end user. In
some cases, however, ANC imparts little apparent improve-
ment on speech intelligibility, particularly where the signal-
to-noise ratio (SNR) at the user’s ear is greater than a certain
threshold (as discussed below). Moreover, ANC induces
audible artifacts that can be heard by the user in relatively
quiet environments. The various embodiments of the inven-
tion make decisions on activation and deactivation of ANC in
a way that helps reduce the presence of such audible artifacts
and conserves power, when it has been determined that the
ANC would not be of substantial benefit to the user.

[0026] Turning now to FIG. 2, a block diagram of a system
for making ANC decisions in an audio device based on esti-
mates of signal and noise is shown. An ANC block 10 (also
referred to as ANC circuitry 10) generates an anti-noise sig-
nal, an(k), that is combined with the desired audio signal by a
mixer 12, before being fed to the input of the earpiece speaker
6. This may be an entirely conventional feedback or feed
forward ANC mechanism. In accordance with an embodi-
ment of the invention, an ANC decision control block 11
determines whether to activate or deactivate the ANC block
10, based on computed or estimated values for signal, s'(k),
and noise, n'(k). The references to s'(k) and n'(k) are used here
to represent a time sequence of discrete values, as the signal
processing operations performed on any audio signals by the
blocks depicted in this disclosure are in the discrete time
domain. More generally, it is possible to implement some or
all of the functional unit blocks in analog form (continuous
time domain). However, it is believed that the digital domain
is more flexible and more suitable for implementation in
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modern, consumer electronic audio devices, such as smart
phones, digital media players, and desktop and notebook
personal computers.

[0027] The signal and noise estimates are computed by
noise measurement circuitry 9, which includes an error
microphone 8 that is located and oriented in such a manner as
to pickup both (a) sound emitted from the earpiece speaker 6
and (b) the ambient acoustic noise that has leaked into the
cavity or region between the handset housing or shell (not
shown) that is in front of the earpiece speaker 6 and the user’s
ear. The error microphone 8 may be embedded in the housing
of a cellular handset in which the earpiece speaker 6 is also
integrated, directed at the cavity formed by the user’s ear and
the front face earpiece region of the handset, i.e. located close
to the earpiece speaker and far from the primary or talker
microphone (not shown) that is used to pickup the near-end
user’s speech. This combination of the earpiece speaker 6 and
the error microphone 8, along with the acoustic cavity formed
against the user’s ear, is referred to as the system or plant that
is being controlled by the ANC circuitry 10; the frequency
response of this system or plant is labeled F. A digital filter
models the system or plant F, and is described as having a
frequency response F', an instance of which appears in the
noise measurement circuitry 9 as first filter 13 as shown. A
signal picked up by the microphone is fed to a differencing
unit 18 whose other input receives a signal from the output of
the first filter 13. This allows the output of the differencing
unit 18 to provide an estimate of the ambient acoustic noise,
n'(k), while the output of a second filter 17 (being a second
instance of F') provides an estimate of the primary or desired
audio signal, s'(k) (here, the downlink speech signal).

[0028] The estimated signals s'(k) and n'(k) are input to the
ANC decision control circuitry 11, which can then determine
an estimate of how much sound emitted from the earpiece
speaker 6 has been corrupted by the ambient acoustic noise
(e.g., SNR). The SNR may be calculated in the primarily
audible frequency range in which ANC is effective, e.g. at the
low end between 300-500 Hz, up to at the high end 1.5-2 kHz.
The signal and noise levels may be computed as signal energy
within the ANC’s effective frequency range and in a finite
time interval or frame of the sequences s'(k) and n'(k). If the
indication is that there is insufficient corruption by noise (or
the SNR is greater than a predetermined threshold), then the
ANC circuitry 10 is deactivated, consistent with the belief
that ANC in this situation may not be of benefit to the near-end
user.

[0029] The ANC decision control 11 may alternatively
determine that its computed estimate does indicate sufficient
corruption by noise (or the SNR is smaller than the predeter-
mined threshold). In that case, the ANC circuitry 10 should
not be deactivated (consistent with the belief here that the
ANC is expected to benefit the near-end user by increasing
intelligibility of the far-end user’s speech). In a further
embodiment of the invention, the ANC decision control 11
then actually activates the ANC circuitry 10.

[0030] Still referring to FIG. 2, in the embodiment where
the earpiece speaker 6 is an integrated “receiver” of a mobile
or wireless telephony handset (e.g., a cellular phone, a smart
phone with wireless local area network-based Internet tele-
phony capability, and a satellite-based mobile phone), the
plant F varies substantially e.g., by as much as 40 decibels,
depending on how and whether or not the user is holding the
handset earpiece region against their ear. In that case, a fixed
model for the transfer function F' (which appears in both
filters 13, 17) may not work to properly determine the signal
and noise estimates s'(k) and n'(k). Accordingly, the transfer
function F' should be updated continuously during operation
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of the handset (e.g., during a call). The filters 13, 17 may be
implemented as digital adaptive filters whose tap coefficients
are adapted by an adaptive filter controller 16 according to
any suitable conventional algorithm, e.g. least mean squares
algorithm. The adaptive filter controller 16 takes as input the
audio signal (which is also input to a mixer 12) and the
estimate for noise, n'(k), and using, for example, the least
mean squares algorithm, conducts an iterative process that
attempts to converge the tap coefficients so that very little or
no content from the audio signal appears in the output of a
differencing unit 21. In other words, the adaptive filter con-
troller 16 adapts the tap coefficients (reflected in both filters
13, 17) so that its transfer function F' will in essence match
that of the system or plant F. In practice, there may be a short
convergence time needed to obtain such a match (e.g., on the
order of one or two seconds, for example), as the plant F
changes when the user moves the handset on and off their ear.
Therefore, any decision by the ANC decision control block 11
may be conditioned upon a signal from the adaptive filter
controller 16 that the modeling of the plant F is up to date or
that there is sufficient convergence in the adaptive filter algo-
rithm.

[0031] The arrangement depicted in FIG. 2 may be imple-
mented in practice within an audio coder/decoder integrated
circuit die (also referred to as a codec chip) that may perform
several other audio related functions such as analog-to-digital
conversion, digital-to-analog conversion, and analog pre-am-
plification of microphone signals. In other embodiments, the
arrangement of FIG. 2 may be implemented in a digital signal
processing codec suitable for mobile wireless communica-
tions, where the codec may include functions such as down-
link and uplink speech enhancement processing, e.g. one or
more of the following: mixing, acoustic echo cancellation,
noise suppression, speech channel automatic gain control,
companding and expansion, and equalization. The entire
functionality depicted in FIG. 2 may be performed in dis-
crete-time domain, in which analog signals such as the output
of'an analog microphone have been converted to digital form,
and the output signal of the mixer 12 has been converted to
analog form prior to being input to the earpiece speaker 6;
these well known aspects need not be explicitly described or
shown indicated in the figures.

[0032] Turning now to FIG. 3, an algorithm for the ANC
decision control 11 (see FIG. 2) is shown, where signal to
noise ratio (SNR) is computed and compared to a threshold.
The blocks depicted in FIG. 3 may be digital time-domain
processing elements, or they may be frequency domain pro-
cessing elements. Both the signal and noise estimates, s'(k)
and n'(k), pass through a smoothing conditioner, which in this
case includes a subjective loudness weighting block 12 and an
averaging block 14. The loudness weighting block 12 may be
a typical filtering operation used when measuring noise in
audio systems (e.g., A-weighting, I[TU-R 468). The averaging
block 14 may implement a typical root mean square or other
suitable signal averaging algorithm, e.g. ITU-T G.160, exem-
plified by the following formula

k

»(k)zé >

i=k—n+1

[0033] The output sequences following the loudness
weighting and averaging blocks 12, 14 are then used by the
threshold decision block 15 to compute the signal to noise
ratio by essentially comparing the smoothed noise estimate
n"(k) to the smoothed signal estimate s"(k) based on a con-
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figurable threshold parameter x as shown in FIG. 3. This
block essentially determines whether the sound being emitted
from the earpiece speaker 6 has been sufficiently corrupted by
the ambient acoustic noise (see FIG. 2) as follows. If the SNR
is below a configurable parameter or threshold, then the deci-
sion is made to not deactivate the ANC circuitry, or to activate
it. That is because in this case, it is expected that ANC is likely
to achieve some substantial reduction in the unwanted sound
that the user may be hearing. On the other hand, if the SNR is
above the threshold, then this suggests that the ambient
acoustic environment may be sufficiently quiet such that
ANC is likely to provide no benefit to the user and hence
should be deactivated or disabled, or not activated or enabled,
to save power and avoid unwanted audio artifacts.

[0034] The threshold for the SNR comparison may be
determined using known information that has been published
about the intelligibility of various types of speech being car-
ried by typical communications systems. FIG. 4 depicts the
results of such findings. In accordance with an embodiment of
the invention, a particular threshold that may be suitable for
the ANC decision control 11 is approximately 12 dBA. At 12
dBA, it is expected that single-syllable words are intelligible
80% of the time or more, whereas sentences are intelligible
more than 90% of the time. More generally, however, the
threshold may be set above 12 dBA orbelow 12 dBA, with the
understanding that by setting the threshold higher, the ambi-
ent acoustic noise level needs to be even lower in order to
make the decision to deactivate the ANC.

[0035] Turning now to FIG. 5, a block diagram of feed
forward ANC is shown, together with the same noise mea-
surement circuitry 9 and ANC decision control 11 of FIG. 2.
In this embodiment of the invention, the ANC circuitry 10
includes a reference microphone 9 that in one embodiment
may also be integrated in the handset housing of the portable
audio device 2, and is located and oriented so as to pickup the
ambient acoustic noise. In other words, the reference micro-
phone 9 is oriented and thus intended to primarily detect the
ambient acoustic noise, rather than speech of the near-end
user or any sounds being emitted from the earpiece speaker 6.
In some cases, the reference microphone 9 will be located
farther away from the earpiece speaker 6 than the error micro-
phone 8, or it may be oriented in a different direction than the
primary or talker microphone (not shown), which is typically
used to pickup the speech of the near-end user. For instance,
referring now to FIG. 1, the reference microphone 9 may be
directed out of the back face of the handset housing of the
portable audio device, in contrast to the earpiece speaker 6,
which is directed out of the front face or a bottom side.

[0036] The feed forward arrangement of FIG. 5 would also
include an anti-noise filter 16 whose input may be coupled to
the output of the reference microphone 9, while its output
produces the anti-noise signal that feeds the mixer 12. In
addition, in this embodiment of the invention, the ANC cir-
cuitry 10 includes an adaptive filter controller 19, which
continuously adjusts the tap coefficients of the anti-noise
filter 16 in order to achieve the lowest level of total noise in the
earpiece cavity. To do so, the adaptive filter controller 19
receives as input a filtered version of the output of the refer-
ence microphone 9, using a filter 20 whose transfer function
is also F' which is a model of the actual system or plant F. This
is in effect another estimate of the ambient acoustic noise that
may be heard by the user. The adaptive filter controller 19,
based on these two noise estimates as input, adjusts the anti-
noise filter 16 continuously, so as to reduce or minimize the
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amount of noise in the earpiece cavity (that is, sound picked
up by the error microphone 8 with the filtered speech signal,
s'(k) subtracted). In one embodiment, a least means square
algorithm may also be used for the adaptive filter controller
19 in order to converge on a solution for the tap coefficients of
the anti-noise filter 16 that minimizes the estimated noise in
the earpiece cavity, n'(k)+an'(k).

[0037] It should be noted that although not explicitly
depicted in FIG. 5, the modeling of the plant F by the transfer
function F' that appears in filters 13, 17, 20 should be
“online”, that is continuously adjusted during operation of the
portable audio device 2. Thus, the transfer function F' is not
fixed, but rather varies in order to match the changes that
occur in the actual plant F due to the user moving the handset
earpiece region on and off their ear.

[0038] Incontrast to the feed forward mechanism for ANC
depicted in FIG. 5, FIG. 6 shows a block diagram of feedback
ANC. In this case, the noise measurement circuitry 9 and the
mixer 12 are arranged in the same manner as in FIG. 5, except
that now the anti-noise signal input to the mixer 12 is gener-
ated by an anti-noise digital filter 22 whose input is coupled to
receive the noise estimate, n'(k). The ANC decision control 11
may operate in the same manner as in FIG. 5, having as inputs
the noise and signal estimates and using them to determine
how much sound emitted from the earpiece speaker 6 has
been corrupted by the ambient acoustic noise (and on that
basis deactivates or activates the anti-noise digital filter 22).
In one embodiment, the anti-noise digital filter 22 performs a
simple inversion of its input sequence, so as to cancel the
unwanted sound (ambient acoustic noise) at the output of the
earpiece speaker 6, by generating an inverse of the estimate
n'(k).

[0039] Until now, this disclosure has been referring to the
activation and deactivation of the ANC circuitry 10, or the
anti-noise filter 22 (FIG. 6), in a general sense. There may be
several different implementations to achieve such activation
and deactivation. In one embodiment, the ANC may be deac-
tivated by setting the tap coefficients of the anti-noise filter 16
(see FIG. 5) and the anti-noise filter 22 (FIG. 6), to zero, so
that no signal is output by these filters. This is essentially
similar to opening a hard switch that may be inserted between
the output of the filter 16, 22 and the input to the mixer 12.
This deactivation of the filter 16, 22 may be accompanied by
simultaneous disabling of the adaptive filter controller 19 (in
the feed forward embodiment depicted in FIG. 5), so that the
tap coefficients of the anti-noise filter 16 are no longer being
updated. As an example, in the case of an LMS controller, this
could be achieved by setting the LMS gain to zero, thereby
forcing the controller to stop updating.

[0040] In another embodiment, the ANC may be deacti-
vated by only disabling the adaptive filter controller 19 (FIG.
5), so that the tap coefficients of the anti-noise filter 16 are no
longer being updated. In that case, some anti-noise signal is
output by the anti-noise filter 16, however, the filter transfer
function is not changing and the controller 19 is not comput-
ing any updates to the filter 16. This may also be referred to as
freezing the adaptive filter controller 19.

[0041] Similarly, activation of the ANC would involve the
reverse of the operations described above, e.g. unfreezing the
adaptive filter controller 19 and allowing the tap coefficients
of the anti-noise filter 16 to be set by the controller 19, or to
revert back to a predetermined default (e.g., in the case of the
anti-noise filter 22 used in the feedback version depicted in
FIG. 6).
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[0042] Turning now to FIG. 7, an algorithm or process flow
for ANC decision making is depicted. Operation begins in a
portable audio communications device when a call or play-
back of an audio file or audio stream begins (block 24). At this
point, the ANC circuitry may or may not be activated. Opera-
tion continues with block 26 in which an estimate of how
much the monaural sound being emitted from the earpiece
speaker has been corrupted by ambient acoustic noise (that
may be heard by the user) is computed. This is also referred to
as computing the SNR.

[0043] Insome cases, the speech of the near-end user may
cause a relatively low SNR to be computed in block 26 pos-
sibly due to a side tone signal which may also be input to the
mixer 12—see FIG. 2. Therefore, in one embodiment, block
26 is performed only if the portable audio communications
device 2 is in RX status, that is, no uplink speech is being
transmitted. In other words, the decision to deactivate ANC
should only be made when the near-end user is not talking
(but the far-end user may be talking). This may require
obtaining transmit or receive (TX/RX) status of the call, in
block 27.

[0044] Assuming that the portable audio device is not send-
ing uplink speech (or is in RX status as determined in block
27), then a decision may be made regarding whether there is
sufficient corruption (block 28) or there is insufficient corrup-
tion (block 30) of the downlink speech signal (by the ambient
noise). If there is sufficient corruption (block 28), then the
ANC circuitry is activated (block 31). This leads to a reduc-
tion in the ambient noise that is being heard by the user, due
to an anti-noise signal being driven through the earpiece
speaker. The algorithm may then loop back to block 26 after
some predetermined time interval, e.g., the next audio frame
in s'(k) and n'(k), until the call or playback ends (block 34). At
that point, the ANC circuitry can be deactivated (block 35).
[0045] Inanother scenario, after the initial activation of the
ANC circuitry in block 31, during the call, the algorithm
loops back to block 26 and computes a new estimate of the
SNR, during the call. This time, it may be that the ambient
acoustic noise level has dropped sufficiently such that there is
insufficient corruption of the downlink speech signal (block
30). In response, the ANC circuitry is deactivated (block 33).
Accordingly, during a call, the ANC circuitry may be acti-
vated and then deactivated several times, depending upon the
level of ambient acoustic noise, and how much the downlink
speech signal is corrupted as a result.

[0046] In another embodiment, still referring to the algo-
rithm of FIG. 7, once the call or playback begins (block 24),
the ANC circuitry may be automatically activated to control
the ambient noise being heard by the user during the call. The
algorithm would then proceed once again with block 26
where it estimates how much the downlink speech is cor-
rupted by the ambient noise, and if there is insufficient cor-
ruption (block 30), then the ANC circuitry is deactivated
during the call. Thereafter, the algorithm loops back to block
26 to re-compute the signal-to-noise ratio and this time if it
encounters sufficient corruption by noise, the ANC circuitry
may be reactivated (block 31) during the call.

[0047] Until now, the ANC activation/deactivation deci-
sions have been based on estimates of signal and noise. In
accordance with another embodiment of the invention, the
ANC decision control 11 is based on the actual or expected
presence of an audio artifact induced by operation of the
ANC. This is also referred to as the “hiss threshold” embodi-
ment. This embodiment may use the same noise measurement
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circuitry 9 and the ANC circuitry 10 of the feed forward or
feedback embodiments, except that the ANC decision control
block 11 makes a comparison between the estimated ambient
acoustic noise and a hiss threshold to determine if the ambient
acoustic noise is louder than any hiss that might be heard by
the user. If not, then the ANC should be deactivated.

[0048] In one embodiment, the ANC decision control 11
computes the strength of an audio artifact that has been
caused or induced by operation of the ANC circuitry 10, and
that may be heard by the user in the sound emitted from the
earpiece speaker 6. This artifact is some times referred to as a
hiss. A threshold level or loudness is used to represent the
strength of the audio artifact, and this threshold level may be
stored in the device 2 to be accessed by the ANC decision
control 11 when comparing to the estimated ambient noise
n'(k).

[0049] In another embodiment, the ANC decision control
11 determines whether the audio artifact’s strength is greater
than the estimated level of the ambient acoustic noise n'(k). If
the audio artifact is louder than the ambient noise, then the
ANC circuitry 10 is deactivated.

[0050] Inone embodiment, the artifact is present above the
frequency range in which the ANC is expected to be effective.
For instance, the ANC may be effective to reduce noise at the
low end between 300-500 Hz, up to a high end of 1.5-2 kHz.
The hiss in that case would likely appear above 2 kHz. Thus,
if the signal energy above 2 kHz is greater than the noise
energy in the range that the ANC is believed to be effective,
than the user is likely hearing more hiss than ambient noise.
[0051] An algorithm for ANC decision making based on a
comparison of the ambient noise to an expected or actual
audio artifact is depicted in FIG. 8. Once a call or playback of
an audio file or stream begins (block 40), the ANC circuitry
may or may not be automatically activated. At that point, the
ambient acoustic noise heard by the user is estimated (block
42). If the estimated ambient noise is “louder” than a hiss
threshold (which may a predetermined threshold that is
loaded from memory—block 44), then the ANC circuitry is in
response activated (block 46). On the other hand, if the ambi-
ent noise is not loud enough, then the ANC circuitry remains
deactivated or is deactivated (block 48).

[0052] It should be noted that while the algorithms in FIG.
7 (based on SNR) and in FIG. 8 (based on a hiss threshold
comparison) have been described separately, it is possible to
combine both aspects in the ANC decision control. For
instance, the decision on whether to deactivate the ANC cir-
cuitry as taken in block 33 of FIG. 7 may be verified by
making a determination as to whether the estimated ambient
noise is louder than the hiss threshold as per FIG. 8.

[0053] In accordance with another embodiment of the
invention, the decision to deactivate ANC may be made in
part or entirely based on having detected that a mobile phone
handset is not being held firmly against the user’s ear. For
example, in a conventional iPhone™ device, there is a prox-
imity detector circuit or mechanism that can indicate when
the device is being held against a user’s ear (and when it is
not). Such a proximity sensor or detector may use infrared
transmission and detection incorporated in the mobile phone
handset, to provide the indication that the handset is close to
an object such as the user’s ear. The ANC decision control
circuitry in such an embodiment would be coupled to the
proximity detector, as well as the ANC circuitry, and would
deactivate the latter when the proximity detector indicates
that the handset is not being held sufficiently close to the
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user’s ear. The decision to deactivate ANC in this case may be
based entirely on the output of the proximity detector, or it
may be based on considering both the output of the proximity
detector and one or more of the audio signal processing-based
techniques described above in connection with, for instance,
FIG. 7 or FIG. 8.

[0054] As explained above, an embodiment of the inven-
tion may be a machine-readable medium (such as microelec-
tronic memory) having stored thereon instructions, which
program one or more data processing components (generi-
cally referred to here as a “processor”) to perform the digital
audio processing operations described above including noise
and signal strength measurement, filtering, mixing, adding,
inversion, comparisons, and decision making. In other
embodiments, some of these operations might be performed
by specific hardware components that contain hardwired
logic (e.g., dedicated digital filter blocks). Those operations
might alternatively be performed by any combination of pro-
grammed data processing components and fixed hardwired
circuit components.

[0055] While certain embodiments have been described
and shown in the accompanying drawings, it is to be under-
stood that such embodiments are merely illustrative of and
notrestrictive on the broad invention, and that the invention is
not limited to the specific constructions and arrangements
shown and described, since various other modifications may
occur to those of ordinary skill in the art. For instance, the
error microphone 8 may instead be located within the housing
of a wired or wireless headset, which is connected to a smart
phone handset. The description is thus to be regarded as
illustrative instead of limiting.

What is claimed is:

1. A portable audio device comprising:

an earpiece speaker having an input to receive an audio

signal;

active noise cancellation (ANC) circuitry to provide an

anti-noise signal at the input of the earpiece speaker to
control ambient acoustic noise outside of the device that
is heard by a user of the device; and

noise measurement circuitry having a first input coupled to

an output of a first microphone and a second input
coupled to receive the audio signal and the anti-noise
signal, the first microphone to pick up (a) sound emitted
from the earpiece speaker and (b) the ambient acoustic
noise; and

control circuitry coupled to receive an estimate of the

ambient acoustic noise from the noise measurement cir-
cuitry and to deactivate the ANC circuitry in response to
determining that an estimate of how much sound emitted
from the earpiece speaker has been corrupted by said
ambient acoustic noise, indicates insufficient corruption
by noise.

2. The portable audio device of claim 1 wherein the ANC
circuitry comprises an anti-noise filter that inverts a signal at
its input, the input being coupled to receive the estimate of the
ambient acoustic noise.

3. The portable audio device of claim 1 wherein the ANC
circuitry comprises a second microphone to pick up the ambi-
ent acoustic noise, wherein the first microphone is positioned
closer to the earpiece speaker than the second microphone,
and an adaptive filter that generates the anti-noise signal using
arepresentation of the ambient acoustic noise as picked up by
the second microphone
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4. The portable audio device of claim 1 wherein the control
circuitry is to calculate signal to noise ratio (SNR) as referring
to the audio signal and said ambient acoustic noise, and
wherein the control circuitry is to deactivate the ANC cir-
cuitry when the calculated SNR is above a predetermined
threshold.

5. The portable audio device of claim 3 wherein the noise
measurement circuitry comprises:

a first filter that models the earpiece speaker and the first
microphone, wherein the audio signal and the anti-noise
signal are to pass through the first filter;

a differencing unit having a first input coupled to the output
of the first microphone and a second input coupled to an
output of the first filter; and

a second filter that models the earpiece speaker and the first
microphone, wherein the audio signal is to pass through
the second filter.

6. The portable audio device of claim 5 wherein the control

circuitry comprises:

a smoothing conditioner to smooth the signals from out-
puts of the second filter and the differencing unit; and

a decision circuit having first and second inputs coupled to
receive the smoothed signals, respectively, and an output
that indicates whether or not the ANC circuitry is to be
deactivated.

7. The portable audio device of claim 6 wherein the control
circuitry is to calculate signal to noise ratio (SNR) using the
smoothed signals, and wherein the control circuitry is to
deactivate the ANC circuitry when the calculated SNR is
above a predetermined threshold.

8. The portable audio device of claim 1 wherein the ANC
circuitry when activated can enhance intelligibility of a far-
end user’s speech contained in the audio signal and as heard
by a near-end user of the device through the earpiece speaker,
during a call between the far-end user and the near-end user.

9. A portable audio device comprising:

an earpiece speaker having an input to receive an audio
signal;

active noise cancellation (ANC) circuitry coupled to the
input of the earpiece speaker to control ambient acoustic
noise outside of the device that is heard by a user of the
device; and

control circuitry to compute strength of an audio artifact
present in sound emitted from the earpiece speaker,

wherein the control circuitry is to deactivate the ANC cir-
cuitry in response to determining that the audio artifact
strength is greater than an estimated level of said ambi-
ent acoustic noise.

10. The portable audio device of claim 9 further compris-

ing:
noise measurement circuitry to determine an estimate of
the ambient acoustic noise, the noise measurement cir-
cuitry having
a first microphone to pickup (a) sound emitted from the
earpiece speaker and (b) said ambient acoustic noise,

afirst filter that models acoustic response at the output of
the speaker and pick up by the first microphone, the
first filter having an input coupled to receive the audio
signal and an anti-noise signal produced by the ANC
circuitry,

asecond filter having a similar frequency response as the
first filter, wherein the audio signal is to pass through
the second filter, and
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a differencing unit having a first input coupled to the
output of the first microphone and a second input
coupled to an output of the first filter, the differencing
unit having an output representing the estimate of the
ambient acoustic noise,

and wherein the control circuitry has an input coupled to an

output of the differencing unit from which to compute

the audio artifact strength.

11. The portable audio device of claim 9 wherein the con-
trol circuitry is to determine the audio artifact strength above
an effective frequency range of the ANC circuitry.

12. A method for performing a call using a portable audio
communications device comprising:

activating active noise cancellation (ANC) circuitry to con-

trol ambient acoustic noise during the call;

determining that an estimate of how much sound emitted
from an earpiece speaker of the device has been cor-
rupted by said ambient acoustic noise indicates insuffi-
cient corruption by noise; and

deactivating the ANC circuitry in response to the determi-

nation.

13. The method of claim 12 and wherein the determining
comprises comparing signal to noise ratio (SNR), referring to
downlink speech signal and the ambient acoustic noise, to a
predetermined threshold to find that the SNR is greater than
the predetermined threshold.

14. The method of claim 12 wherein the deactivating the
ANC circuitry comprises:

setting a plurality of tap coefficients of a digital anti-noise

filter whose output feeds the earpiece speaker, to zero.

15. The method of claim 14 wherein the deactivating the
ANC circuitry further comprises:

disabling an adaptive filter controller that updates the tap

coefficients, so that the tap coefficients are no longer

being updated.

16. The method of claim 12 wherein the deactivating the
ANC circuitry comprises:

disabling an adaptive filter controller that updates a plural-

ity of tap coefficients of a digital anti-noise filter, so that

the tap coefficients are no longer being updated.

17. A method for performing a call using a portable audio
communications device, comprising:

a) determining that an estimate of how much sound emitted

from an earpiece speaker of the device during the call
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has been corrupted by ambient acoustic noise, indicates
sufficient corruption by noise;

b) in response to the determination in a), activating active
noise cancellation (ANC) circuitry to control the ambi-
ent acoustic noise during the call; and then

¢) determining that an estimate of how much sound emitted
from the earpiece speaker during the call has been cor-
rupted by ambient acoustic noise indicates insufficient
corruption by noise; and

d) deactivating the ANC circuitry in response to the deter-
mination in ¢).

18. A method for performing a call using a portable audio

communications device, comprising:

estimating ambient acoustic noise heard by a user of the
portable communications device during the call;

determining an audio artifact threshold which indicates
strength of an audio artifact that could be induced by the
ANC circuitry and heard by a user of the device after
being emitted from an earpiece speaker of the device;
and

deactivating ANC circuitry during the call in response to
the estimated noise level being less than the audio arti-
fact threshold.

19. The method of claim 18 wherein the determining an
audio artifact threshold comprises loading a predetermined
hiss threshold.

20. The method of claim 18 further comprising:

activating the ANC circuitry during the call in response to
the estimated noise level being greater than the audio
artifact threshold.

21. A portable audio device comprising:

a mobile phone handset having integrated therein an ear-
piece speaker, the earpiece speaker having an input
coupled to receive a downlink speech signal, and a
detector that can indicate when the handset is being held
against a user’s ear and when it is not;

active noise cancellation (ANC) circuitry coupled to the
input of the earpiece speaker to control ambient acoustic
noise outside of the device that is heard by a user of the
device; and

ANC decision control circuitry coupled to the detector and
the ANC circuitry, to deactivate the ANC circuitry when
the detector indicates the handset is not being held
against the user’s ear.
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