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Description

RELATED APPLICATIONS

[0001] The present disclosure claims priority to United
States Non-Provisional Patent Application Serial No.
15/337223, filed October 28, 2016, which claims priority
to United States Provisional Patent Application Serial No.
62/252,058, filed November 6, 2015.

FIELD OF DISCLOSURE

[0002] The present disclosure relates in general to
adaptive noise cancellation in connection with an acous-
tic transducer, and more particularly, elimination or re-
duction of feedback howling in an adaptive noise cancel-
lation system.

BACKGROUND

[0003] Wireless telephones, such as mobile/cellular
telephones, cordless telephones, and other consumer
audio devices, such as mp3 players, are in widespread
use. Performance of such devices with respect to intel-
ligibility can be improved by providing noise cancelling
using a microphone to measure ambient acoustic events
and then using signal processing to insert an anti-noise
signal into the output of the device to cancel the ambient
acoustic events.
[0004] A noise cancellation system that uses feedback
noise cancellation may suffer from an effect known as
"howling." Howling often occurs when a user of a device
having noise cancellation places an earbud in such user’s
ear and adjusts the earbud against the pinna of the ear.
Howling often manifests itself audibly as a narrowband
sound that continues to grow quickly over a short time.
A howl may often occur when the earbud is pressed so
tightly against the user’s pinna with such a large pressure
that the response of the speaker of the earbud becomes
stronger in a particular frequency band than was antici-
pated when the device’s feedback noise cancellation sys-
tem was designed. The howl may go away once the user
reduces pressure of the earbud against the pinna. Be-
cause howling leads to poor customer experience, sys-
tems and methods to reduce or eliminate howling are
desired.

SUMMARY

[0005] In accordance with the teachings of the present
disclosure, certain disadvantages and problems associ-
ated with existing approaches to feedback adaptive noise
cancellation may be reduced or eliminated.
[0006] In accordance with embodiments of the present
disclosure, an integrated circuit for implementing at least
a portion of a personal audio device may include an out-
put for providing an output signal to a transducer including
both a source audio signal for playback to a listener and

an anti-noise signal for countering the effect of ambient
audio sounds in an acoustic output of the transducer, an
ambient microphone input for receiving an ambient mi-
crophone signal indicative of the ambient audio sounds;
an error microphone input for receiving an error micro-
phone signal indicative of the output of the transducer
and the ambient audio sounds at the transducer; and a
processing circuit that implements a feedback path hav-
ing a feedback response that generates a feedback anti-
noise signal from the error microphone signal, wherein
a signal gain of the feedback path is a function of the
ambient microphone signal, and wherein the anti-noise
signal comprises at least the feedback anti-noise signal.
[0007] In accordance with these and other embodi-
ments of the present disclosure, a method for cancelling
ambient audio sounds in the proximity of a transducer
may include receiving an ambient microphone signal in-
dicative of the ambient audio sounds, receiving an error
microphone signal indicative of the output of the trans-
ducer and ambient audio sounds at the transducer, gen-
erating an anti-noise signal for countering the effects of
ambient audio sounds at an acoustic output of the trans-
ducer, wherein generating the anti-noise signal compris-
es generating a feedback anti-noise signal from the error
microphone signal with a feedback path having a feed-
back response, wherein a signal gain of the feedback
path is a function of the ambient microphone signal, and
wherein the anti-noise signal comprises at least the feed-
back anti-noise signal, and combining the anti-noise sig-
nal with a source audio signal to generate an audio signal
provided to the transducer.
[0008] 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.
[0009] 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

[0010] A more complete understanding of the present
embodiments and advantages thereof may be acquired
by referring to the following description taken in conjunc-
tion with the accompanying drawings, in which like ref-
erence numbers indicate like features, and wherein:

FIGURE 1A is an illustration of an example wireless
mobile telephone, in accordance with embodiments
of the present disclosure;
FIGURE 1B is an illustration of an example wireless
mobile telephone with a headphone assembly cou-
pled thereto, in accordance with embodiments of the
present disclosure;
FIGURE 2 is a block diagram of selected circuits
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within the wireless mobile telephone depicted in FIG-
URE 1, in accordance with embodiments of the
present disclosure;
FIGURE 3 is a block diagram depicting selected sig-
nal processing circuits and functional blocks within
an example adaptive noise cancelling (ANC) circuit
of a coder-decoder (CODEC) integrated circuit of
FIGURE 2 which uses feedforward filtering and feed-
back filtering to generate an anti-noise signal, in ac-
cordance with embodiments of the present disclo-
sure;
FIGURE 4 is a graph depicting an example compres-
sor response of the compressor depicted in FIGURE
3, in accordance with embodiments of the present
disclosure; and
FIGURE 5 is a block diagram depicting selected
components of the compressor depicted in FIGURE
3, in accordance with embodiments of the present
disclosure.

DETAILED DESCRIPTION

[0011] The present disclosure encompasses noise
cancelling techniques and circuits that can be implement-
ed in a personal audio device, such as a wireless tele-
phone. The personal audio device includes an ANC cir-
cuit that may measure the ambient acoustic environment
and generate a signal that is injected in the speaker (or
other transducer) output to cancel ambient acoustic
events. A reference microphone may be provided to
measure the ambient acoustic environment, and an error
microphone may be included for controlling the adapta-
tion of the anti-noise signal to cancel the ambient audio
sounds and for correcting for the electro-acoustic path
from the output of the processing circuit through the trans-
ducer.
[0012] Referring now to FIGURE 1A, a wireless tele-
phone 10 as illustrated in accordance with embodiments
of the present disclosure is shown in proximity to a human
ear 5. Wireless telephone 10 is an example of a device
in which techniques in accordance with embodiments of
this disclosure may be employed, but it is understood
that not all of the elements or configurations embodied
in illustrated wireless telephone 10, or in the circuits de-
picted in subsequent illustrations, are required in order
to practice the inventions recited in the claims. Wireless
telephone 10 may include a transducer, such as speaker
SPKR that reproduces distant speech received by wire-
less telephone 10, along with other local audio events
such as ringtones, stored audio program material, injec-
tion of near-end speech (i.e., the speech of the user of
wireless telephone 10) to provide a balanced conversa-
tional perception, and other audio that requires reproduc-
tion by wireless telephone 10, such as sources from web-
pages or other network communications received by
wireless telephone 10 and audio indications such as a
low battery indication and other system event notifica-
tions. A near-speech microphone NS may be provided

to capture near-end speech, which is transmitted from
wireless telephone 10 to the other conversation partici-
pant(s).
[0013] Wireless telephone 10 may include ANC cir-
cuits and features that inject an anti-noise signal into
speaker SPKR to improve intelligibility of the distant
speech and other audio reproduced by speaker SPKR.
A reference microphone R may be provided for measur-
ing the ambient acoustic environment, and may be posi-
tioned away from the typical position of a user’s mouth,
so that the near-end speech may be minimized in the
signal produced by reference microphone R. Another mi-
crophone, error microphone E, may be provided in order
to further improve the ANC operation by providing a
measure of the ambient audio combined with the audio
reproduced by speaker SPKR close to ear 5, when wire-
less telephone 10 is in close proximity to ear 5. In other
embodiments, additional reference and/or error micro-
phones may be employed. Circuit 14 within wireless tel-
ephone 10 may include an audio CODEC integrated cir-
cuit (IC) 20 that receives the signals from reference mi-
crophone R, near-speech microphone NS, and error mi-
crophone E and interfaces with other integrated circuits,
such as a radio-frequency (RF) integrated circuit 12 hav-
ing a wireless telephone transceiver. In some embodi-
ments of the disclosure, the circuits and techniques dis-
closed herein may be incorporated in a single integrated
circuit that includes control circuits and other functionality
for implementing the entirety of the personal audio de-
vice, such as an MP3 player-on-a-chip integrated circuit.
In these and other embodiments, the circuits and tech-
niques disclosed herein may be implemented partially or
fully in software and/or firmware embodied in computer-
readable media and executable by a controller or other
processing device.
[0014] In general, ANC techniques of the present dis-
closure measure ambient acoustic events (as opposed
to the output of speaker SPKR and/or the near-end
speech) impinging on reference microphone R, and by
also measuring the same ambient acoustic events im-
pinging on error microphone E, ANC processing circuits
of wireless telephone 10 adapt an anti-noise signal gen-
erated from the output of reference microphone R to have
a characteristic that minimizes the amplitude of the am-
bient acoustic events at error microphone E. Because
acoustic path P(z) extends from reference microphone
R to error microphone E, ANC circuits are effectively es-
timating acoustic path P(z) while removing effects of an
electro-acoustic path S(z) that represents the response
of the audio output circuits of CODEC IC 20 and the
acoustic/electric transfer function of speaker SPKR in-
cluding the coupling between speaker SPKR and error
microphone E in the particular acoustic environment,
which may be affected by the proximity and structure of
ear 5 and other physical objects and human head struc-
tures that may be in proximity to wireless telephone 10,
when wireless telephone 10 is not firmly pressed to ear
5. While the illustrated wireless telephone 10 includes a
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two-microphone ANC system with a third near-speech
microphone NS, some aspects of the present invention
may be practiced in a system that does not include sep-
arate error and reference microphones, or a wireless tel-
ephone that uses near-speech microphone NS to per-
form the function of the reference microphone R. Also,
in personal audio devices designed only for audio play-
back, near-speech microphone NS will generally not be
included, and the near-speech signal paths in the circuits
described in further detail below may be omitted, without
changing the scope of the disclosure, other than to limit
the options provided for input to the microphone.
[0015] Referring now to FIGURE 1B, wireless tele-
phone 10 is depicted having a headphone assembly 13
coupled to it via audio port 15. Audio port 15 may be
communicatively coupled to RF integrated circuit 12
and/or CODEC IC 20, thus permitting communication be-
tween components of headphone assembly 13 and one
or more of RF integrated circuit 12 and/or CODEC IC 20.
As shown in FIGURE 1B, headphone assembly 13 may
include a combox 16, a left headphone 18A, and a right
headphone 18B. In some examples, headphone assem-
bly 13 may comprise a wireless headphone assembly,
in which case all or some portions of CODEC IC 20 may
be present in headphone assembly 13, and headphone
assembly 13 may include a wireless communication in-
terface (e.g., BLUETOOTH) in order to communicate be-
tween headphone assembly 13 and wireless telephone
10.
[0016] As used in this disclosure, the term "head-
phone" broadly includes any loudspeaker and structure
associated therewith that is intended to be mechanically
held in place proximate to a listener’s ear canal, and in-
cludes without limitation earphones, earbuds, and other
similar devices. As more specific examples, "headphone"
may refer to intra-concha earphones, supra-concha ear-
phones, and supra-aural earphones.
[0017] Combox 16 or another portion of headphone
assembly 13 may have a near-speech microphone NS
to capture near-end speech in addition to or in lieu of
near-speech microphone NS of wireless telephone 10.
In addition, each headphone 18A, 18B may include a
transducer such as speaker SPKR that reproduces dis-
tant speech received by wireless telephone 10, along
with other local audio events such as ringtones, stored
audio program material, injection of near-end speech
(i.e., the speech of the user of wireless telephone 10) to
provide a balanced conversational perception, and other
audio that requires reproduction by wireless telephone
10, such as sources from webpages or other network
communications received by wireless telephone 10 and
audio indications such as a low battery indication and
other system event notifications. Each headphone 18A,
18B may include a reference microphone R for measur-
ing the ambient acoustic environment and an error mi-
crophone E for measuring of the ambient audio combined
with the audio reproduced by speaker SPKR close to a
listener’s ear when such headphone 18A, 18B is en-

gaged with the listener’s ear. In some examples, CODEC
IC 20 may receive the signals from reference microphone
R and error microphone E of each headphone and near-
speech microphone NS, and perform adaptive noise can-
cellation for each headphone as described herein. In oth-
er examples, a CODEC IC or another circuit may be
present within headphone assembly 13, communicative-
ly coupled to reference microphone R, near-speech mi-
crophone NS, and error microphone E, and configured
to perform adaptive noise cancellation as described here-
in.
[0018] Referring now to FIGURE 2, selected circuits
within wireless telephone 10 are shown in a block dia-
gram, which in other embodiments may be placed in
whole or in part in other locations such as one or more
headphones or earbuds. CODEC IC 20 may include an
analog-to-digital converter (ADC) 21A for receiving the
reference microphone signal from microphone R and
generating a digital representation ref of the reference
microphone signal, an ADC 21B for receiving the error
microphone signal from error microphone E and gener-
ating a digital representation err of the error microphone
signal, and an ADC 21C for receiving the near speech
microphone signal from near speech microphone NS and
generating a digital representation ns of the near speech
microphone signal. CODEC IC 20 may generate an out-
put for driving speaker SPKR from an amplifier A1, which
may amplify the output of a digital-to-analog converter
(DAC) 23 that receives the output of a combiner 26. Com-
biner 26 may combine audio signals ia from internal audio
sources 24, the anti-noise signal generated by ANC cir-
cuit 30, which by convention has the same polarity as
the noise in reference microphone signal ref and is there-
fore subtracted by combiner 26, and a portion of near
speech microphone signal ns so that the user of wireless
telephone 10 may hear his or her own voice in proper
relation to downlink speech ds, which may be received
from radio frequency (RF) integrated circuit 22 and may
also be combined by combiner 26. Near speech micro-
phone signal ns may also be provided to RF integrated
circuit 22 and may be transmitted as uplink speech to the
service provider via antenna ANT.
[0019] Referring now to FIGURE 3, details of ANC cir-
cuit 30 which may be used to implement ANC circuit 30
are shown in accordance with embodiments of the
present disclosure. Adaptive filter 32 may receive refer-
ence microphone signal ref and under ideal circumstanc-
es, may adapt its transfer function W(z) to be P(z)/S(z)
to generate a feedforward anti-noise component of the
anti-noise signal, which may be combined by combiner
50 with a feedback anti-noise component of the anti-
noise signal (described in greater detail below) to gen-
erate an anti-noise signal which in turn may be provided
to an output combiner that combines the anti-noise signal
with the source audio signal to be reproduced by the
transducer, as exemplified by combiner 26 of FIGURE
2. The coefficients of adaptive filter 32 may be controlled
by a W coefficient control block 31 that uses a correlation
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of signals to determine the response of adaptive filter 32,
which generally minimizes the error, in a least-mean
squares sense, between those components of reference
microphone signal ref present in error microphone signal
err. The signals compared by W coefficient control block
31 may be the reference microphone signal ref as shaped
by a copy of an estimate of the response of path S(z)
provided by filter 34B and another signal that includes
error microphone signal err. By transforming reference
microphone signal ref with a copy of the estimate of the
response of path S(z), response SECOPY(Z), and mini-
mizing the ambient audio sounds in the error microphone
signal, adaptive filter 32 may adapt to the desired re-
sponse of P(z)/S(z). In addition to error microphone sig-
nal err, the signal compared to the output of filter 34B by
W coefficient control block 31 may include an inverted
amount of downlink audio signal ds and/or internal audio
signal ia that has been processed by filter response
SE(z), of which response SECOPY(Z) is a copy. By inject-
ing an inverted amount of downlink audio signal ds and/or
internal audio signal ia, adaptive filter 32 may be prevent-
ed from adapting to the relatively large amount of down-
link audio and/or internal audio signal present in error
microphone signal err. However, by transforming that in-
verted copy of downlink audio signal ds and/or internal
audio signal ia with the estimate of the response of path
S(z), the downlink audio and/or internal audio that is re-
moved from error microphone signal err should match
the expected version of downlink audio signal ds and/or
internal audio signal ia reproduced at error microphone
signal err, because the electrical and acoustical path of
S(z) is the path taken by downlink audio signal ds and/or
internal audio signal ia to arrive at error microphone E.
Filter 34B may not be an adaptive filter, per se, but may
have an adjustable response that is tuned to match the
response of adaptive filter 34A, so that the response of
filter 34B tracks the adapting of adaptive filter 34A.
[0020] To implement the above, adaptive filter 34A
may have coefficients controlled by SE coefficient control
block 33, which may compare downlink audio signal ds
and/or internal audio signal ia and error microphone sig-
nal err after removal of the above-described filtered
downlink audio signal ds and/or internal audio signal ia,
that has been filtered by adaptive filter 34A to represent
the expected downlink audio delivered to error micro-
phone E, and which is removed from the output of adap-
tive filter 34A by a combiner 36 to generate a playback-
corrected error, shown as PBCE in FIGURE 3. SE coef-
ficient control block 33 may correlate the actual downlink
speech signal ds and/or internal audio signal ia with the
components of downlink audio signal ds and/or internal
audio signal ia that are present in error microphone signal
err. Adaptive filter 34A may thereby be adapted to gen-
erate a signal from downlink audio signal ds and/or in-
ternal audio signal ia, that when subtracted from error
microphone signal err, contains the content of error mi-
crophone signal err that is not due to downlink audio sig-
nal ds and/or internal audio signal ia.

[0021] As depicted in FIGURE 3, ANC circuit 30 may
also comprise feedback filter 44. Feedback filter 44 may
receive the playback corrected error signal PBCE and
may apply a filter response FB(z) to generate a feedback
signal based on the playback corrected error. Also as
depicted in FIGURE 3, a feedback path of the feedback
anti-noise component may have a compressor 46 in se-
ries with feedback filter 44 such that the product of filter
response FB(z) and a compressor response of compres-
sor 46 (described in greater detail below) is applied to
playback corrected error signal PBCE in order to gener-
ate the feedback anti-noise component of the anti-noise
signal. Thus, together feedback filter 44 and compressor
46 form a feedback path having a feedback response
(e.g., product of filter response FB(z) and the compressor
response of compressor 46) that generates a feedback
anti-noise signal based on the error microphone signal
(e.g., playback corrected error signal PBCE). Thus, feed-
back filter 44 generates an uncompressed feedback anti-
noise signal from the error microphone signal and com-
pressor 46 generates a feedback anti-noise signal from
the uncompressed feedback anti-noise signal in accord-
ance with the compressor response of compressor 46.
[0022] The feedback anti-noise component of the anti-
noise signal may be combined by combiner 50 with the
feedforward anti-noise component of the anti-noise sig-
nal to generate the anti-noise signal which in turn may
be provided to an output combiner that combines the
anti-noise signal with the source audio signal to be re-
produced by the transducer, as exemplified by combiner
26 of FIGURE 2.
[0023] In operation, a response of compressor 46 may
generally be represented by the curve depicted in FIG-
URE 4. For example, as shown in FIGURE 4, as the
uncompressed feedback anti-noise signal generated by
feedback filter 44 increases, compressor 46 may atten-
uate a gain of compressor 46 and/or may limit the com-
pressed feedback anti-noise signal generated by com-
pressor 46. For example, in the example graph depicted
in FIGURE 4, compressor 46 may operate in three re-
gions. Compressor 46 may operate in a first region when
the magnitude of the uncompressed feedback anti-noise
signal is below a first threshold as shown in FIGURE 4,
a second region when the magnitude of the uncom-
pressed feedback anti-noise signal is between the first
threshold and a second threshold as shown in FIGURE
4, and a third region when the magnitude of the uncom-
pressed feedback anti-noise signal is above the second
threshold as shown in FIGURE 4. In the first region, com-
pressor 46 may not apply any attenuation to the uncom-
pressed feedback anti-noise signal such that for magni-
tudes of the uncompressed feedback anti-noise signal
below the first threshold, the compressor 46 generates
a compressed feedback anti-noise signal approximately
equal to that of the uncompressed feedback anti-noise
signal. In other words, in the first region, compressor 46
may apply a unity gain to the uncompressed feedback
anti-noise signal. In the second region, compressor 46
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may apply a finite attenuation to uncompressed feedback
anti-noise signal, such that for magnitudes of the uncom-
pressed feedback anti-noise signal between the first
threshold and the second threshold, the corresponding
magnitude of the compressed feedback anti-noise signal
generated by compressor 46 is substantially smaller than
that of the uncompressed feedback anti-noise signal. In
the third region, compressor 46 may apply a level of at-
tenuation (e.g. up to and including infinite attenuation)
so as to apply a limit to the compressed feedback anti-
noise signal. Thus, in the third region, for magnitudes of
the uncompressed feedback anti-noise signal above the
second threshold, compressor 46 will attenuate the un-
compressed feedback anti-noise signal so as to limit
compressed feedback anti-noise signal to a maximum
magnitude.
[0024] By applying compressor 46 within the feedback
path of ANC circuit 30, compressor 46 may reduce or
eliminate howling, as when howling occurs, high magni-
tudes associated with the howling may be attenuated or
limited by compressor 46. However, if the first threshold
and second threshold shown in FIGURE 4 were fixed,
the feedback path of ANC circuit 30 may not adequately
provide feedback-based noise cancellation when in the
presence of ambient noise with high magnitudes, as com-
pressor 46 may attenuate or limit the feedback anti-noise
needed to effectively cancel ambient noise. Accordingly,
the first threshold and second threshold of the compres-
sor response of compressor 46 may be variable and con-
trollable based on reference microphone signal ref or an-
other microphone signal indicative of ambient audio
sounds. Thus, the compressor response is not only a
function of the uncompressed anti-noise signal (and thus
a function of the error microphone signal from which play-
back corrected error signal PBCE and the uncompressed
anti-noise signal are generated), but also a function of
an ambient microphone signal (e.g., reference micro-
phone signal ref) indicative of ambient audio sounds.
[0025] FIGURE 5 is a block diagram depicting selected
components of compressor 46, in accordance with em-
bodiments of the present disclosure. In embodiments of
compressor 46 represented by FIGURE 5, compressor
46 may comprise an ambient threshold comparator 60
which may compare a magnitude of reference micro-
phone signal ref to a predetermined ambient threshold
level, output the difference between the magnitude of
reference microphone signal ref to the predetermined
ambient threshold level if the magnitude of reference mi-
crophone signal ref exceeds the predetermined ambient
threshold level, and output zero otherwise. Compressor
46 may, as exemplified by combiner 62, add the output
of ambient threshold comparator 60 to a default value of
the first threshold to set the first threshold of the com-
pressor 46 as shown in FIGURE 4. Compressor 46 may
also, as exemplified by combiner 64, add the output of
ambient threshold comparator 60 to a default value of
the second threshold to set the second threshold of the
compressor 46 as shown in FIGURE 4. Thus, when ref-

erence microphone signal ref has a magnitude above the
ambient threshold, the first threshold and the second
threshold increase based on an amount of increase of
the ambient magnitude above the ambient threshold. In
addition, as shown in FIGURE 5, in some embodiments
the first threshold and the second threshold may increase
at an approximately equal amount for a given amount of
increase of the magnitude of reference microphone sig-
nal ref above the ambient threshold.
[0026] Turning again to FIGURE 3, ANC circuit 30 may
include wind/scratch detector 38. Wind/scratch detector
38 may comprise any suitable system, device, or appa-
ratus configured to detect when wind or other mechanical
noise (as opposed to acoustic ambient noise) is present
at reference microphone R. For example, wind/scratch
detector 38 may, as described in U.S. Pat. No. 9,230,532
by Yang Lu et al., granted January 5, 2016, entitled "Pow-
er Management of Adaptive Noise Cancellation (ANC)
in a Personal Audio Device" compute a time derivative
of the sum ∑|Wn(z)| of the magnitudes of the coefficients
Wn(z) that shape the response of adaptive filter 32, which
is an indication of a variation in overall gain of the re-
sponse of adaptive filter 32. Large variations in sum
∑|Wn(z)| may indicate mechanical noise such as that pro-
duced by wind incident on reference microphone R or
varying mechanical contact (e.g., scratching) on a hous-
ing of wireless telephone 10, or other conditions such as
an adaptation step size that is too large and causes un-
stable operation has been used in the system.
Wind/scratch detector 38 may compare a time derivative
of sum ∑|Wn(z)| to a threshold to determine when me-
chanical noise is present, and may provide an indication
of the presence of mechanical noise to compressor 46
while the mechanical noise condition exists. While
wind/scratch detector 38 provides one example of
wind/scratch measurement, other alternative techniques
for detecting wind and/or mechanical noise could be used
to provide such an indication to compressor 46. In the
presence of mechanical noise, compressor 46 may re-
frain from modifying the first threshold and the second
threshold, such that such thresholds are modified only in
the presence of acoustic noise above the ambient thresh-
old level.
[0027] Although feedback filter 44 and compressor 46
are shown as separate components of ANC circuit 30, in
some examples some structure and/or function of feed-
back filter 44 and compressor 46 may be combined.
[0028] All examples and conditional language recited
herein are intended for pedagogical objects to aid the
reader in understanding the invention and the concepts
contributed by the inventor to furthering the art, and are
construed as being without limitation to such specifically
recited examples and conditions.
[0029] The scope of the present invention is defined
by the appendent claims. All embodiments which do not
fall under the scope of the appendent claims are exam-
ples which are useful to understand the invention, but do
not form part of the present invention.
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Claims

1. An integrated circuit (30) for implementing at least a
portion of a personal audio device, comprising:

an output for providing an output signal to a
transducer including both a source audio signal
for playback to a listener and an anti-noise signal
for countering the effect of ambient audio
sounds in an acoustic output of the transducer;
an ambient microphone input for receiving an
ambient microphone signal (ref) indicative of the
ambient audio sounds;
an error microphone input for receiving an error
microphone signal (err) indicative of the output
of the transducer and the ambient audio sounds
at the transducer; and
a processing circuit that implements a feedback
path comprising a compressor (46) having a
compressor response in series with a feedback
filter (44) having a filter response such that the
feedback path has a feedback response which
is a product of the compressor response and the
filter response and generates a feedback anti-
noise signal from the error microphone signal,
wherein the compressor response is a function
of the ambient microphone signal, and wherein
the anti-noise signal comprises at least the feed-
back anti-noise signal.

2. The integrated circuit of Claim 1, wherein the filter
response generates an uncompressed feedback an-
ti-noise signal from the error microphone signal; and
the compressor response generates the feedback
anti-noise signal from the uncompressed feedback
anti-noise signal, wherein the compressor response
is a function of the ambient microphone signal.

3. The integrated circuit of Claim 2, wherein the com-
pressor response comprises at least one threshold
for gain attenuation which is a function of the ambient
microphone signal.

4. The integrated circuit of Claim 3, wherein the at least
one threshold for gain attenuation comprises a first
threshold magnitude of the uncompressed feedback
anti-noise signal above which a first gain attenuation
is applied and a second threshold magnitude of the
uncompressed feedback anti-noise signal above
which a second gain attenuation is applied, and
wherein the first threshold and the second threshold
are functions of the ambient microphone signal.

5. The integrated circuit of Claim 4, wherein when the
ambient microphone signal has an ambient magni-
tude above an ambient threshold, the first threshold
and the second threshold increase based on an
amount of increase of the ambient magnitude above

the ambient threshold.

6. The integrated circuit of Claim 5, wherein the first
threshold and the second threshold increase an ap-
proximately equal amount for a given amount of in-
crease of the ambient magnitude above the ambient
threshold.

7. The integrated circuit of Claim 3, wherein the com-
pressor (46) ceases updating the at least one thresh-
old for gain attenuation when mechanical noise is
present in the ambient microphone signal.

8. The integrated circuit of Claim 1, wherein the
processing circuit (30) further implements a feedfor-
ward filter (32) having a feedforward response that
generates at least a portion of the anti-noise signal
from the ambient microphone signal.

9. The integrated circuit of Claim 8, wherein the
processing circuit further implements a feedforward
coefficient control block (31) that shapes the feed-
forward response of the feedforward filter (32) by
adapting the feedforward response of the feedfor-
ward filter to minimize the ambient audio sounds in
the error microphone signal.

10. The integrated circuit of Claim 1, wherein the
processing circuit further implements:

a secondary path estimate filter (34A) config-
ured to model an electro-acoustic path of the
source audio signal and having a secondary re-
sponse that generates a secondary path esti-
mate from the source audio signal; and
a secondary path estimate coefficient control
block (33) that shapes the secondary response
of the secondary path estimate filter in conform-
ity with the source audio signal and a playback
corrected error by adapting the secondary re-
sponse of the secondary path estimate filter to
minimize a playback corrected error, wherein
the playback corrected error is based on a dif-
ference between the error microphone signal
and the secondary path estimate.

11. A method for cancelling ambient audio sounds in the
proximity of a transducer, comprising:

receiving an ambient microphone signal (ref) in-
dicative of the ambient audio sounds;
receiving an error microphone signal (err) indic-
ative of the output of the transducer and ambient
audio sounds at the transducer;
generating an anti-noise signal for countering
the effects of ambient audio sounds at an acous-
tic output of the transducer, wherein generating
the anti-noise signal comprises generating a
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feedback anti-noise signal from the error micro-
phone signal with a feedback path comprising a
compressor (46) having a compressor response
in series with a feedback filter (44) having a filter
response such that the feedback path has a
feedback response which is a product of the
compressor response and the filter response,
wherein the compressor response is a function
of the ambient microphone signal, and wherein
the anti-noise signal comprises at least the feed-
back anti-noise signal; and
combining the anti-noise signal with a source
audio signal to generate an audio signal provid-
ed to the transducer.

12. The method of Claim 11, wherein generating a feed-
back anti-noise signal comprises:

generating an uncompressed feedback anti-
noise signal from the error microphone signal
by the feedback filter with the filter response; and
generating the feedback anti-noise signal from
the uncompressed feedback anti-noise signal
by the compressor.

13. The method of Claim 12, wherein the compressor
response comprises at least one threshold for gain
attenuation which is a function of the ambient micro-
phone signal.

14. The method of Claim 13, wherein the at least one
threshold for gain attenuation comprises a first
threshold magnitude of the uncompressed feedback
anti-noise signal above which a first gain attenuation
is applied and a second threshold magnitude of the
uncompressed feedback anti-noise signal above
which a second gain attenuation is applied, and
wherein the first threshold and the second threshold
are functions of the ambient microphone signal.

15. The method of Claim 14, wherein when the ambient
microphone signal has an ambient magnitude above
an ambient threshold, the first threshold and the sec-
ond threshold increase based on an amount of in-
crease of the ambient magnitude above the ambient
threshold.

Patentansprüche

1. Integrierte Schaltung (30), um zumindest einen Teil
eines persönlichen Audiogeräts umzusetzen, um-
fassend:

einen Ausgang, um einem Wandler ein Aus-
gangssignal bereitzustellen, das sowohl ein
Quell-Audiosignal zur Wiedergabe an einen Hö-
rer enthält als auch ein Rauschunterdrückungs-

signal, um der Wirkung von Umgebungsgeräu-
schen im akustischen Ausgang des Wandlers
entgegenzuwirken;
einen Mikrofonumgebungseingang, um ein die
Umgebungsgeräusche anzeigendes Mikrofon-
umgebungssignal (ref) zu empfangen;
einen Mikrofonfehlereingang, um ein Mikrofon-
fehlersignal (err) zu empfangen, das den Aus-
gang des Wandlers und die Umgebungsgeräu-
sche am Wandler anzeigt; und
eine eine Rückkopplungsstrecke implementie-
rende Verarbeitungsschaltung, welche einen
Kompressor (46) mit einer Kompressorantwort
aufweist, der mit einem Rückkopplungsfilter (44)
in Reihe geschaltet ist und einen solchen Filter-
frequenzgang aufweist, dass die Rückkopp-
lungsstrecke eine Rückkopplungsantwort auf-
weist, die ein Produkt aus Kompressorantwort
und Filterfrequenzgang ist und aus dem Mikro-
fonfehlersignal ein Rauschunterdrückungs-
Rückkopplungssignal erzeugt, wobei die Kom-
pressorantwort eine Funktion des Mikrofonum-
gebungssignals ist und wobei das Rauschunter-
drückungssignal mindestens das Rauschunter-
drückungs-Rückkopplungssignal umfasst.

2. Integrierte Schaltung gemäß Anspruch 1, wobei der
Filterfrequenzgang aus dem Mikrofonfehlersignal
ein unkomprimiertes Rauschunterdrückungs-Rück-
kopplungssignal erzeugt; und
die Kompressorantwort das Rauschunterdrü-
ckungs-Rückkopplungssignal aus dem unkompri-
mierten Rauschunterdrückungs-Rückkopplungssig-
nal erzeugt, wobei die Kompressorantwort eine
Funktion des Mikrofonumgebungssignals ist.

3. Integrierte Schaltung gemäß Anspruch 2, wobei die
Kompressorantwort mindestens einen Schwellen-
wert für die Verstärkungsdämpfung umfasst, die ei-
ne Funktion des Mikrofonumgebungssignals ist.

4. Integrierte Schaltung gemäß Anspruch 3, wobei der
mindestens eine Schwellenwert der Verstärkungs-
dämpfung eine erste Schwellenamplitude des un-
komprimierten Rauschunterdrückungs-Rückkopp-
lungssignals umfasst, über der eine erste Verstär-
kungsdämpfung angelegt wird sowie eine zweite
Schwellenamplitude des unkomprimierten Rausch-
unterdrückungs-Rückkopplungssignals umfasst,
über der eine zweite Verstärkungsdämpfung ange-
legt wird und wobei der erste Schwellenwert und der
zweite Schwellenwert Funktionen des Mikrofonum-
gebungssignals sind.

5. Integrierte Schaltung gemäß Anspruch 4, wobei der
erste Schwellenwert und der zweite Schwellenwert
basierend auf einem Erhöhungsbetrag der Umge-
bungsgröße über den Umgebungs-Schwellenwert
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ansteigt, wenn das Mikrofonumgebungssignal eine
Umgebungsgröße über dem Umgebungsschwellen-
wert aufweist.

6. Integrierte Schaltung gemäß Anspruch 5, wobei der
erste Schwellenwert und der zweite Schwellenwert
bei einem bestimmten Erhöhungsbetrag über den
Umgebungsschwellenwert etwa um einen gleichen
Betrag ansteigen.

7. Integrierte Schaltung gemäß Anspruch 3, wobei der
Kompressor (46) den zumindest einen Schwellen-
wert der Verstärkungsdämpfung nicht mehr aktuali-
siert, wenn ein mechanisches Geräusch im Mikrofo-
numgebungssignal enthalten ist.

8. Integrierte Schaltung gemäß Anspruch 1, wobei die
Verarbeitungsschaltung (30) ferner einen Vorwärts-
kopplungsfilter (32) mit einer Vorwärtskopplungs-
antwort implementiert, die aus dem Mikrofonumge-
bungssignal zumindest einen Teil des Rauschunter-
drückungssignals erzeugt.

9. Integrierte Schaltung gemäß Anspruch 8, wobei die
Verarbeitungsschaltung ferner einen Vorwärtskopp-
lungs-Steuerblock-Koeffizienten (31) implementiert,
der die Vorwärtskopplungsantwort des Vorwärts-
kopplungsfilters (32) formt, indem die Vorwärtskopp-
lungsantwort des Vorwärtskopplungsfilters so ver-
ändert wird, dass die Umgebungsgeräusche im Mi-
krofonfehlersignal minimiert werden.

10. Integrierte Schaltung gemäß Anspruch 1, wobei die
Verarbeitungsschaltung ferner implementiert:

einen sekundären Pfadschätzfilter (34A), dafür
ausgelegt, einen elektroakustischen Pfad des
Quell-Audiosignals zu modellieren und eine se-
kundäre Antwort aufweist, die aus dem Quell-
Audiosignal eine sekundäre Pfadschätzung er-
zeugt; und
einen sekundären Pfadschätz-Koeffizienten-
Steuerblock (33), der die sekundäre Antwort des
sekundären Pfadschätzfilters entsprechend
dem Quell-Audiosignal und einem wiedergabe-
korrigierten Fehler formt, indem die sekundäre
Antwort des sekundären Pfadschätzfilters so
verändert wird, dass ein wiedergabekorrigierter
Fehler minimiert wird, wobei der wiedergabekor-
rigierte Fehler auf der Differenz zwischen dem
Mikrofonfehlersignal und der sekundären Pfad-
schätzung basiert.

11. Verfahren zur Unterdrückung von Umgebungsge-
räuschen in der Nähe eines Wandlers, umfassend:

ein die Umgebungsgeräusche anzeigendes Mi-
krofonumgebungssignal (ref) empfangen;

ein Mikrofonfehlersignal (err) empfangen, das
den Ausgang des Wandlers und die Umge-
bungsgeräusche am Wandler anzeigt;
ein Rauschunterdrückungssignal erzeugen, um
den Auswirkungen der Umgebungsgeräusche
am akustischen Ausgang des Wandlers entge-
genzuwirken, wobei die Erzeugung des
Rauschunterdrückungssignals umfasst, aus
dem Mikrofonfehlersignal ein Rauschunterdrü-
ckungs-Rückkopplungssignal mit einer Rück-
kopplungsstrecke erzeugen, die einen Kom-
pressor (46) mit einer Kompressorantwort um-
fasst, der mit einem Rückkopplungsfilter (44) in
Reihe geschaltet ist und einen solchen Filterfre-
quenzgang aufweist, dass die Rückkopplungs-
strecke eine Rückkopplungsantwort aufweist,
die ein Produkt aus Kompressorantwort und Fil-
terfrequenzgang ist, wobei die Kompressorant-
wort eine Funktion des Mikrofonumgebungssi-
gnals ist und wobei das Rauschunterdrückungs-
signal mindestens das Rauschunterdrückungs-
Rückkopplungssignal umfasst; und
das Rauschunterdrückungssignal mit einem
Quell-Audiosignal kombinieren, um ein dem
Wandler zugeführtes Audiosignal zu erzeugen.

12. Verfahren gemäß Anspruch 11, wobei die Erzeu-
gung des Rauschunterdrückungs-Rückkopplungs-
signals umfasst:

aus dem Mikrofonfehlersignal mit Hilfe des
Rückkopplungsfilters mit der Filterantwort ein
unkomprimiertes Rauschunterdrückungs-
Rückkopplungssignal erzeugen; und
mit dem Kompressor das Rauschunterdrü-
ckungs-Rückkopplungssignal aus dem unkom-
primierten Rauschunterdrückungs-Rückkopp-
lungssignal erzeugen.

13. Verfahren gemäß Anspruch 12, wobei die Kompres-
sorantwort mindestens einen Schwellenwert für die
Verstärkungsdämpfung umfasst, die eine Funktion
des Mikrofonumgebungssignals ist.

14. Verfahren gemäß Anspruch 13, wobei der mindes-
tens eine Schwellenwert der Verstärkungsdämp-
fung eine erste Schwellenamplitude des unkompri-
mierten Rauschunterdrückungs-Rückkopplungssig-
nals umfasst, über der eine erste Verstärkungs-
dämpfung angelegt wird sowie eine zweite Schwel-
lenamplitude des unkomprimierten Rauschunter-
drückungs-Rückkopplungssignals umfasst, über der
eine zweite Verstärkungsdämpfung angelegt wird
und wobei der erste Schwellenwert und der zweite
Schwellenwert Funktionen des Mikrofonumge-
bungssignals sind.

15. Verfahren gemäß Anspruch 14, wobei der erste
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Schwellenwert und der zweite Schwellenwert basie-
rend auf einem Erhöhungsbetrag der Umgebungs-
größe über den Umgebungs-Schwellenwert an-
steigt, wenn das Mikrofonumgebungssignal eine
Umgebungsgröße über einem Umgebungsschwel-
lenwert aufweist.

Revendications

1. Un circuit intégré (30) pour mettre en œuvre au
moins une partie d’un dispositif audio personnel,
comprenant :

une sortie pour fournir un signal de sortie à un
transducteur comprenant à la fois un signal
audio source pour la lecture à un auditeur et un
signal antibruit pour contrer l’effet des sons
audio ambiants dans une sortie acoustique du
transducteur ;
une entrée de microphone ambiante pour rece-
voir un signal de microphone ambiant (ref) indi-
quant les sons audio ambiants ;
une entrée de microphone d’erreur pour rece-
voir un signal de microphone d’erreur (err) indi-
quant la sortie du transducteur et les sons audio
ambiants au niveau du transducteur ; et
un circuit de traitement qui met en oeuvre un
trajet de rétroaction comprenant un compres-
seur (46) ayant une réponse de compresseur
en série avec un filtre de rétroaction (44) ayant
une réponse de filtre de telle sorte que le trajet
de rétroaction a une réponse de rétroaction qui
est un produit de la réponse de compresseur et
de la réponse de filtre et génère un signal anti-
bruit de rétroaction à partir du signal de micro-
phone d’erreur, dans lequel la réponse de com-
presseur est une fonction du signal de micro-
phone ambiant, et dans lequel le signal antibruit
comprend au moins le signal antibruit de ré-
troaction.

2. Le circuit intégré selon la revendication 1, dans le-
quel la réponse de filtre génère un signal antibruit
de rétroaction non comprimé à partir du signal de
microphone d’erreur ; et
la réponse de compresseur génère le signal antibruit
de rétroaction à partir du signal antibruit de rétroac-
tion non comprimé, dans lequel la réponse de com-
presseur est une fonction du signal de microphone
ambiant.

3. Le circuit intégré selon la revendication 2, dans le-
quel la réponse de compresseur comprend au moins
un seuil pour l’atténuation de gain qui est une fonc-
tion du signal de microphone ambiant.

4. Le circuit intégré selon la revendication 3, dans le-

quel l’au moins un seuil pour l’atténuation de gain
comprend une première magnitude de seuil du si-
gnal antibruit de rétroaction non comprimé au-des-
sus duquel une première atténuation de gain est ap-
pliquée et une deuxième magnitude de seuil du si-
gnal antibruit de rétroaction non comprimé au-des-
sus duquel une deuxième atténuation de gain est
appliquée, et dans lequel le premier seuil et le
deuxième seuil sont des fonctions du signal de mi-
crophone ambiant.

5. Le circuit intégré selon la revendication 4, dans le-
quel lorsque le signal de microphone ambiant a une
magnitude ambiante au-dessus d’un seuil ambiant,
le premier seuil et le deuxième seuil augmentent sur
la base d’une quantité d’augmentation de la magni-
tude ambiante au-dessus du seuil ambiant.

6. Le circuit intégré selon la revendication 5, dans le-
quel le premier seuil et le deuxième seuil augmentent
d’une quantité approximativement égale pour une
quantité donnée d’augmentation de la magnitude
ambiante au-dessus du seuil ambiant.

7. Le circuit intégré selon la revendication 3, dans le-
quel le compresseur (46) cesse de mettre à jour l’au
moins un seuil pour l’atténuation de gain lorsqu’un
bruit mécanique est présent dans le signal de micro-
phone ambiant.

8. Le circuit intégré selon la revendication 1, dans le-
quel le circuit de traitement (30) met en œuvre en
outre un filtre à correction aval (32) ayant une répon-
se à correction aval qui génère au moins une partie
du signal antibruit à partir du signal de microphone
ambiant.

9. Le circuit intégré selon la revendication 8, dans le-
quel le circuit de traitement met en œuvre en outre
un bloc de contrôle de coefficient à correction aval
(31) qui façonne la réponse à correction aval du filtre
à correction aval (32) en adaptant la réponse à cor-
rection aval du filtre à correction aval pour minimiser
les sons audio ambiants dans le signal de micropho-
ne d’erreur.

10. Le circuit intégré selon la revendication 1, dans le-
quel le circuit de traitement met en œuvre en outre :

un filtre d’estimation de trajet secondaire (34A)
configuré pour modéliser un trajet électro-
acoustique du signal audio source et ayant une
réponse secondaire qui génère une estimation
de trajet secondaire à partir du signal audio
source ; et
un bloc de contrôle de coefficient d’estimation
de trajet secondaire (33) qui façonne la réponse
secondaire du filtre d’estimation de trajet secon-
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daire en conformité avec le signal audio source
et une erreur corrigée de lecture en adaptant la
réponse secondaire du filtre d’estimation de tra-
jet secondaire pour minimiser une erreur corri-
gée de lecture, dans lequel l’erreur corrigée de
lecture est sur la base d’une différence entre le
signal de microphone d’erreur et l’estimation de
trajet secondaire.

11. Un procédé pour annuler les sons audio ambiants à
proximité d’un transducteur, comprenant :

la réception d’un signal de microphone ambiant
(ref) indiquant les sons audio ambiants ;
la réception d’un signal de microphone d’erreur
(err) indiquant la sortie du transducteur et les
sons audio ambiants au niveau du
transducteur ;
la génération d’un signal antibruit pour contrer
les effets des sons audio ambiants au niveau
d’une sortie acoustique du transducteur, dans
lequel la génération du signal antibruit com-
prend la génération d’un signal antibruit de ré-
troaction à partir du signal de microphone d’er-
reur avec un trajet de rétroaction comprenant
un compresseur (46) ayant une réponse de
compresseur en série avec un filtre de rétroac-
tion (44) ayant une réponse de filtre de telle sorte
que le trajet de rétroaction a une réponse de
rétroaction qui est un produit de la réponse de
compresseur et de la réponse de filtre, dans le-
quel la réponse de compresseur est une fonction
du signal de microphone ambiant, et dans lequel
le signal antibruit comprend au moins le signal
antibruit de rétroaction ; et
la combinaison du signal antibruit avec un signal
audio source pour générer un signal audio fourni
au transducteur.

12. Le procédé selon la revendication 11, dans lequel la
génération d’un signal antibruit de rétroaction
comprend :

la génération d’un signal antibruit de rétroaction
non comprimé à partir du signal de microphone
d’erreur par le filtre de rétroaction avec la répon-
se de filtre ; et
la génération du signal antibruit de rétroaction
à partir du signal antibruit de rétroaction non
comprimé par le compresseur.

13. Le procédé selon la revendication 12, dans lequel la
réponse de compresseur comprend au moins un
seuil pour l’atténuation de gain qui est une fonction
du signal de microphone ambiant.

14. Le procédé selon la revendication 13, dans lequel
l’au moins un seuil pour l’atténuation de gain com-

prend une première magnitude de seuil du signal
antibruit de rétroaction non comprimé au-dessus du-
quel une première atténuation de gain est appliquée
et une deuxième magnitude de seuil du signal anti-
bruit de rétroaction non comprimé au-dessus duquel
une deuxième atténuation de gain est appliquée, et
dans lequel le premier seuil et le deuxième seuil sont
des fonctions du signal de microphone ambiant.

15. Le procédé selon la revendication 14, dans lequel
lorsque le signal de microphone ambiant a une ma-
gnitude ambiante au-dessus d’un seuil ambiant, le
premier seuil et le deuxième seuil augmentent sur
la base d’une quantité d’augmentation de la magni-
tude ambiante au-dessus du seuil ambiant.
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