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(57) Abstract: Systems and methods for envelope-based acoustic echo cancellation in a communication device are provided. In
exemplary embodiments, a primary acoustic signal is received via a microphone of the communication device, and a far- end sig-
nal is received via a receiver. Frequency analysis is performed on the primary acoustic signal and the far-end acoustic signal to ob-
tain frequency sub- bands. An echo gain mask based on magnitude envelopes of the primary and far- end acoustic signals for each
frequency sub-band is generated. A noise gain mask based on at least the primary acoustic signal for each frequency sub-band may
also be generated. A combination of the echo gain mask and noise gain mask may then be applied to the primary acoustic signal to
generate a masked signal. The masked signal is then output.
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SYSTEM AND METHOD FOR ENVELOPE-BASED

ACOUSTIC ECHO CANCELLATION
By: David Klein

BACKGROUND OF THE INVENTION

Field of Invention

[0001] The present invention relates generally to audio processing and, more

particularly, to envelope-based acoustic echo cancellation in an audio system.

Description of Related Art

[0002] Conventionally, when audio from a far-end environment is presented
through a speaker of a near-end communication device, sounds from a far-end audio
signal may be picked up by microphones or other audio sensors of the near-end
communication device. As such, the sounds from the far-end audio signal may be
sent back to the far-end environment resulting in an echo to a far-end listener.

[0003] Conventionally, acoustic echo cancellation (AEC) systems may take
the far-end audio signal and use it to predict the echo of the far-end audio signal
(after being played through the speaker and picked up by the microphone).
Typically, a transfer function that describes a path from the far-end audio signal,
through the speaker, through an acoustic environment, and back to the microphone
is linearly modeled to predict the echo. These AEC systems are performed in a
waveform domaiﬁ whereby the echo is predicted, inverted, delayed, and subtracted
out from a near-end audio signal.

[0004] Disadvantageously, there are many problems with these conventional
AEC systems. First, the transfer function (i.e., relationship between the far-end
audio signal and the echo) is typically constantly changing, since the acoustic
environment is rarely fixed. In the case of a handheld communication device (e.g., a
cellular phone), there may also be reflections off a face of a user. The prior art AEC

systems are adaptive and continually update the transfer function. However, errors
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usually occur in the echo prediction due to the changing environment. If the echo
prediction is even slightly incorrect, or an applied delay is incorrect, residual echo
will remain.

[0005] A second disadvantage is that these prior art AEC systems typically
use a linear model (i.e., linear filter) to predict the echo. However, the transfer
function is often not linear (e.g., if there are non-linearities in the speaker which may
cause distortion). As a result, poor echo prediction may occur.

[0006] Other AEC systems may attempt to overcome this disadvantage by
introducing non-linearity to the echo prediction model. However, this results in
more complexity. For example, non-linearity may become problematic in cellular
phones or speakerphones with cheap components. The prediction may be difficult
to obtain unless an exact model of the speaker (e.g., of the cellular phone or

speakerphone) is known.
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SUMMARY OF THE INVENTION

[0007] Embodiments of the present invention overcome or substantially
alleviate prior problems associated with acoustic echo cancellation processing.
Exemplary embodiments of the present invention utilize magnitude envelopes of
acoustic signals to determine an echo envelope. An echo gain mask may then be
generated based on the echo envelope.

[0008] Inexemplary embodiments, a primary acoustic signal is received via a
microphone of the communication device, and a far-end signal is received via a
receiver. Because a speaker may provide audio (the far-end signal) that may be
picked up by the microphone, the acoustic signal received by the microphone may
include speaker leakage. As such, acoustic echo cancellation (AEC) is applied to the
acoustic signal to obtain an AEC masked signal.

[0009] Frequency analysis is performed on the primary acoustic signal and the
far-end acoustic signal to obtain frequency sub-bands. These frequency sub-bands
may then be used to generate corresponding estimated energy spectra. The energy
spectra are then used to determine echo-dominated and echo-free noise estimates.

[00010] An echo gain mask based on magnitude envelopes of the energy
spectra of the primary and far-end acoustic signals for each frequency sub-band is
generated. A noise gain mask based on at least the primary acoustic signal for each
frequency sub-band may also be generated. The echo gain mask and the noise gain
mask may then be combined. In one embodiment, the combination comprises
selecting a minimum between the two gain masks. The combination of the echo gain
mask and noise gain mask may then be applied to the primary acoustic signal to

generate a masked signal, which may be output to a far-end environment.
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BRIEF DESCRIPTION OF THE DRAWINGS

[00011] FIG. 1isan environment in which embodiments of the present
invention may be practiced.

[00012] FIG. 2 is a block diagram of an exemplary communication device
implementing embodiments of the present invention.

[00013] FIG. 3 is a block diagram of an exemplary audio processing system.

[00014] FIG. 4is a block diagram of an echo mask generator.

[00015] FIG.5is a block diagram of an alternative audio processing system.

[00016] FIG. 6 is a flowchart of an exemplary method for envelope-based
acoustic echo cancellation.

[00017] FIG.7is a flowchart of an exemplary method for determining an echo

gain mask.



WO 2009/117084 PCT/US2009/001667

DESCRIPTION OF EXEMPLARY EMBODIMENTS

[00018] The present invention provides exemplary systems and methods for
providing envelope-based acoustic echo cancellation (EnvAEC). Exemplary
embodiments perform the EnvAEC based on frequency sub-bands and prediction
envelopes of echo waveforms, as opposed to details of actual echo waveforms. The
envelopes, thus, show how energy in the waveforms may change over time.

[00019] Exemplary embodiments are configured to reduce and/or minimize
effects of speaker signal leakage to one or more microphones in such a way that the
far-end environment does not perceive an echo. While the following description will
be discussed using a two microphone system, it should be noted that embodiments
of the present invention may be applied to a single microphone envelope-based
acoustic echo cancellation system.

[00020] Embodiments of the present invention may be practiced on any device
that is configured to receive audio such as, but not limited to, cellular phones, phone
handsets, headsets, and conferencing systems. While embodiments of the present
invention will be described in reference to operation on a speakerphone, the present
invention may be practiced on any audio device.

[00021] Referring to FIG. 1, environments in which embodiments of the present
invention may be practiced is shown. A user in a near-end environment 100 acts as
an acoustic source 102 to a communication device 104. In some embodiments, a
mouth of the user comprises a point near a mouth of the acoustic source 102, while a
speaker comprises a point near an ear of the acoustic source 102.

[00022] The exemplary communication device 104 comprises a microphone 106
(i.e, primary microphone), speaker 108, and an audio processing system 110
including an acoustic echo cancellation mechanism. The microphone 106 is
configured to pick up audio from the acoustic source 102, but may also pick up noise
from the near-end environment 100. The audio received from the acoustic source
102 will comprise a near-end microphone signal y(t), which will be sent back to a far-

end environment 112.
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[00023] Insome embodiments, one or more additional microphones (not
shown) may be present in the communication device 104. The one or more
additional microphones may be located a distance away from the primary
microphone 106. In some embodiments, the microphone(s) may comprise omni-
directional microphones.

[00024] An acoustic signal x(t) comprising speech from the far-end
environment 112 may be received via a communication network 114 by the
communication device 104. The received acoustic signal x(t) may then be provided
to the near-end environment 100 via the speaker 108. The audio output from the
speaker 108 may leak back into (i.e., be picked up by) the microphone 106. This
leakage may result in an echo perceived at the far-end environment 112.

[00025] The exemplary audio processing system 110 is configured to remove
u(t) (i.e., echoes of x(t)) from y(t), while preserving a near-end voice signal v(t). In
exemplary embodiments, the removal of u(t) is performed without introducing
distortion to a far-end listener. This may be achieved by calculating and applying
time and frequency varying multiplicative gains or masks that render the acoustic
echo inaudible. Ideally, the gains are less than 1 (i.e., less than 0dB) to result in
signal attenuation. In various embodiments, the attenuation is strong when echo
dominates over other components of the signal.

[00026] Referring now to FIG. 2, the exemplary communication device 104 is
shown in more detail. In exemplary embodiments, the communication device 104 is
an audio receiving device that comprises a receiver 200, a processor 202, the primary
microphone 106, an optional secondary microphone 204, the audio processing
system 110, and an output device 206. The communication device 104 may comprise
more or other components necessary for communication device 104 operations.
Similarly, the communication device 104 may comprise fewer components that
perform similar or equivalent functions to those depicted in FIG. 2.

[00027] The exemplary receiver 200 is an acoustic sensor configured to receive

the far-end signal x(t) from the network 114. In some embodiments, the receiver 200
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may comprise an antenna device. The received far-end signal x(t) may then be
forwarded to the audio processing system 110 and the output device 206.

[00028] The audio processing engine 110 is also configured to receive the
acoustic signals from the acoustic source 102 via the primary and optional secondary
microphones 106 and 204 (e.g., primary and secondary acoustic sensors) and process
the acoustic signals. The primary and secondary microphones 106 and 204 may be
spaced a distance apart in order to allow for an energy level differences between
them. After reception by the microphones 106 and 204, the acoustic signals may be
converted into electric signals (i.e., a primary electric signal and a secondary electric
signal). The electric signals may themselves be converted by an analog-to-digital
converter (not shown) into digital signals for processing in accordance with some
embodiments. In order to differentiate the acoustic signals, the acoustic signal
received by the primary microphone 106 is herein referred to as the primary acoustic
signal, while the acoustic signal received by the secondary microphone 204 is herein
referred to as the secondary acoustic signal. It should be noted that embodiments of
the present invention may be practiced utilizing any number of microphones. In
exemplary embodiments, the acoustic signals from the secondary microphone 204
are used for total noise estimation as will be discussed further below.

[00029] The output device 206 is any device which provides an audio output
to a listener (e.g., the acoustic source 102). For example, the output device 206 may
comprise the speaker 108, an earpiece of a headset, or handset on the communication
device 104.

[00030] In various embodiments, where the primary and secondary
microphones are omni-directional microphones that are closely-spaced (e.g., 1-2 cm
apart), a beamforming technique may be used to simulate a forwards-facing and a
backwards-facing directional microphone response. A level difference may be
obtained using the simulated forwards-facing and the backwards-facing directional
microphone. The level difference may be used to discriminate speech and noise in

the time-frequency domain which can be used in noise estimation.
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[00031] FIG. 3 is a detailed block diagram of the exemplary audio processing
system 110, according to exemplary embodiments of the present invention. In
exemplary embodiments, the audio processing engine 110 may be embodied within
a memory device. The exemplary audio processing system 110 provides acoustic
echo cancellation (AEC) and noise suppression. As a result, an acoustic signal sent
from the communication device 104 to the far-end environment 112 comprises noise
suppression as well as reduced or eliminated echo from speaker leakage. In
accordance with one embodiment, the audio processing system 110 may comprise a
frequency analysis module 302, an energy module 304, a noise estimate module 306,
an echo mask generator 308, a total noise estimate module 310, a noise mask
generator 312, an echo and noise mask integration module 314, and a
modifier/reconstructor module 316.

[00032] In operation, the acoustic signals received from the primary and
secondary microphones 106 and 204 and the far-end acoustic signal x(t) are
converted to electric signals and processed through the frequency analysis module
302. The frequency analysis module 302 takes the acoustic signals and mimics the
frequency analysis of the cochlea (i.e., cochlear domain) simulated by a filter bank.
In one embodiment, the frequency analysis module 302 separates the acoustic
signals into frequency bands or sub-bands. Alternatively, other filters such as short-
time Fourier transform (STFT), Fast Fourier Transform, Fast Cochlea transform, sub-
band filter banks, modulated complex lapped transforms, cochlear models, a
gamma-tone filter bank, wavelets, or any generalized spectral analysis filter/method,
can be used for the frequency analysis and synthesis.

[00033] Because most sounds (e.g., acoustic signals) are complex and comprise
more than one frequency, a sub-band analysis on the acoustic signal may be
performed to determine what individual frequencies are present in the acoustic
signal during a frame (e.g., a predetermined period of time). According to one
embodiment, the frame is 5 - 20 ms long (e.g., 40 to 160 samples for a system audio

sampling rate of 8000 Hz). Alternative embodiments may utilize other frame
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lengths. Data may be pushed through the audio processing system 110 in these
frames (i.e., blocks of buffered samples).

[00034] The output of the frequency analysis module 302 comprises a plurality
of waveforms. Thus, if the acoustic signal comprises high frequency bands, the
resulting waveforms are more energetic. As will be discussed further below, the
envelopes of these waveforms in these frequency bands are analyzed for echo
suppression. Specifically, the envelopes of the far-end acoustic signal are used to
predict the echo envelopes that will be present in the near-end acoustic signal (e.g.,
primary acoustic signal).

[00035] Once the frequencies are determined, the signals are forwarded to the
energy module 304 which computes energy/power estimates for the primary,
secondary, and far-end acoustic signals during an interval of time for each frequency
sub-band (i.e., power estimates). As such an average power output for each
frequency sub-band (i.e., power spectrum) may be calculated for each of the acoustic
signals in frames. In exemplary embodiments, the frames comprise 5ms time
periods. Thus, buffers are filled up with 5ms of frequency analysis module 302
output. An average power per frame may then be determined.

[00036] The exemplary energy module 304 is a component which, in some
embodiments, can be represented mathematically by the following equation:

E(t, ) = A, | X (t,0) + (1= 2,)E(t -1, 0)
where At is a number between zero and one that determines an averaging time
constant, X(t,») is the acoustic signal being processed (e.g., the primary, secondary,
or far-end acoustic signal) in the cochlea domain, @ represents the frequency, and ¢
represents time. Given a desired time constant T (e.g., 4 ms) and sampling

frequency f:(e.g., 16 kHz), the value of At can be approximated as

1
A =1-e .

As provided, the energy level for the acoustic signal, E (t, w), is dependent upon a

previous energy level of the acoustic signal, E (t-1, w).
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[00037] The exemplary noise estimate module 306 is configured to determine a
noise estimate based on the primary acoustic signal. In some embodiments, this
noise estimate module 306 may produce a stationary noise estimate based on
constant ambient noise in the near-end environment 100. This stationary noise
estimate may be later augmented by non-stationary noise components as a function
of both the primary microphone 106 and the optional secondary microphone 204.

[00038] In one embodiment, the noise estimate module 306 comprises a
minimum statistics tracker (MST) which receives the energy of the primary acoustic
signal from the signal path for processing. The determination of the noise estimate,
according to one embodiment, is discus_sed in more detail in connection with U.S.
Patent Application No. 12/072,931 filed February 29, 2008 and entitled “System and
Method for Providing Single Microphone Noise Suppression Fallback,” which is
incorporated by reference. The noise estimate is then provided to the echo mask
generator 308 and the total noise estimate module 310.

[00039] The exemplary echo mask generator 308 is configured to generate an
echo gain mask that will render echo inaudible. The echo gain mask is generated
based on predicted envelopes (of the echo waveforms) based on the far-end acoustic
signal. By analyzing the near-end signal (e.g., primary acoustic signal) and the
predicted envelopes, a determination may be made as to where and when echo may
be audible in frequency sub-bands. Echo suppression may then be applied to these
frequency sub-bands. The output of the echo mask generator 308 comprises a gain
value per frequency sub-band and frame. The echo mask generator 308 will be
discussed in more detail in connection with FIG. 4.

[00040] The result of the echo mask generator 308 along with the noise estimate
and the optional secondary acoustic signal energy are forwarded to the total noise
estimate module 310. In some embodiments, the total noise estimate module 310
may comprise an echo-free noise estimate module. The total noise estimate module
310 is configured to compute an estimate of the near-end noise power spectra (e.g.,

time and frequency dependent portion of the acoustic signal that is not from the
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acoustic source 102). In exemplary embodiments, the total noise estimate module
310 refines the noise estimate received from the noise estimate module 306, which
may be corrupted by echo power.

[00041] The results from the total noise estimate module 310 may then be used
by the noise mask generator 312 to determine a noise suppression gain mask.
Various embodiments of the exemplary total noise estimate module 310 and the
exemplary noise mask generator 312 are further discussed in U.S. Patent Application
No. 12/004,899 filed December 21, 2007 and entitled “System and Method for 2-
Channel and 3-Channel Acoustic Echo Cancellation,” and U.S Patent Application
No. 12/004,896 filed December 21, 2007 and entitled “System and Method for Blind
Subband Acoustic Echo Cancellation Postfiltering” which are both hereby
incorporated by reference.

[00042] In some embodiments, the echo gain mask may be refined in each sub-
band to reduce near-end spéech distortion. In exemplary embodiments, the echo
and noise mask integration module 314 takes into account the near-end noise level
(from the echo-free noise estimate determined by the total noise estimate module
310) and the noise suppression gain mask (from the noise mask generator 312). In
various embodiments, the echo gain mask may be limited such that a total output
power is not more than a certain amount (e.g., 6dB) below the output noise power
that will be produced by applying the noise suppression gain mask to the near-end
noise. This process may reduce perception of output noise modulation correlated
with the echo, while still ensuring the echo remains inaudible.

[00043] The echo gain mask is combined with the noise gain mask by the echo
and noise mask integration module 314. In one embodiment, the echo and noise
mask integration module 314 may select a minimum between the two gain masks
(i.e., noise gain mask and echo gain mask) for each sub-band, with a lower limit on
how far below the noise gain mask the combined mask can be. A possible

mathematical description of this combination operation is:
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st = TN [gn,max (gx,g,v- prpy : 7))

where g,, is a final gain mask, min(x,y) is a minimum of x and y, max(x,y) is a
maximum of x and y, g, is the noise gain mask, g is the echo gain mask, £y is the
total power in the frame, Px is the estimated noise power in the frame, and y is
maximum tolerated modulation on the output noise. For example, if the amount of
tolerated modulation is -6dB (i.e., 6dB down), ¥ will equal 10 or around 0.5.

[00044] The noise gain mask is produced from the total noise estimate and may
be defined such that the noise power is reduced at the system output but not
rendered completely inaudible. As such, the echo and noise mask integration
module 314 may be used to negotiate different objectives of the noise suppression
and echo cancellation masks. Furthermore, it should be noted that the final gain
mask may be defined such that no noise reduction, or at least multiplicative noise
masking, is performed in the system. This is equivalent to taking the noise mask
generator 312 out of the audio processing system 110. The result is a final gain mask
that may be used for modification of the primary acoustic signal from the primary
microphone 106. Accordingly in exemplary embodiments, gain masks may be
applied to an associated frequency band of the primary acoustic signal in the
modifier/reconstructor module 316.

[00045] Next, the post-AEC and noise suppressed frequency bands are
converted back into time domain from the cochlea domain. The conversion may
comprise taking the post-AEC and noise suppressed frequency bands and adding
together phase shifted signals of the cochlea channels in the modifier/reconstructor
module 316. In one embodiment, the reconstruction portion of the
modifier/reconstructor module 316 comprises a frequency synthesis module. Once
conversion is completed, the synthesized, masked acoustic signal may be output
(e.g., forwarded to the communication network 114 and sent to the far-end

environment 112).
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[00046] In the embodiment of FIG. 3, the stationary and non-stationary noise
estimates are calculated separately. This architecture is advantageous in situations
where cues being used to estimate the non-stationary noise components are not able
to discriminate echo from ambient noise. In these situations, the input into the echo
mask generator 308 may cause an adaptation control module to incorrectly freeze
adaptation, as will be described further in connection with FIG. 4. Thus, it may be
desirable to utilize noise estimation components, such as stationary noise, that are
not likely to be strongly corrupted by the echo in the echo mask generator 308.
Subsequently, since the echo mask generator 308 output indicates frames and
frequencies where echo dominates, the output may be taken into account for a "total
noise estimate” operation. One example of this is to freeze update of the noise
estimate when the echo mask indicates echo is dominating the signal.

[00047] Itshould be noted that the system architecture of the audio processing
system 110 of FIG. 3 is exemplary. Alternative embodiments may comprise more
components, fewer components, or equivalent components and still be within the
scope of embodiments of the present invention.

[00048] Referring now to FIG. 4, a block diagram of the echo mask generator
308 is shown. The echo mask generator 308 is configured to generate an echo gain
mask which will attenuate a far-end echo (ideally to render the far-end echo
inaudible) while minimizing disturbance of near-end sources. In exemplary
embodiments, the echo mask generator 308 receives as inputs per frame a power
spectra of the near-end signal (e.g., primary acoustic signal), a power spectra of the
far-end signal, and, optionally, a noise power spectrum estimate from the noise
estimate module 306.

[00049] The inputs are then subjected to a square-root (sqrt) operation in the
sqrt module 402. The sqrt operation transforms the power spectrum into
magnitudes. For a given frequency band, a sequence of such magnitudes over time

comprises an envelope, or one amplitude per frame.
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[00050] Inexemplary embodiments, a prediction of an echo in a near-end
envelope is used to determine whether the near-end envelope is dominated by echo
to a point that the echo is audible. The prediction may be based on the far-end signal
(and thus the far-end envelope). For example, if there is no energy in the far-end
envelope, there is likely no echo and thus no echo suppression. However, if there is
energy both in the far-end and the near-end envelopes, an echo within the near-end
envelopes is more likely. In these examples, echo suppression will be applied. The
echo mask generator 308 comprises logic which analyzes the prediction versus an
observation in order to determine where and when to apply echo suppression.

[00051] In some embodiments, the amount of echo suppression may be limited
by perceptual effects. For example, if a loud sound is followed by a soft sound in
quick succession, forward masking may occur whereby the soft sound is not really
perceived. In this situation, suppression may not be necessary.

[00052] The determination of whether the near-end envelope is dominated by
echo may occur in a mask generator 404. If the echo is audible, the mask generator
404 will have a low gain value (e.g., 0). Otherwise, the mask generator 404 may have
an "all pass" gain value (e.g., 1). A mathematical representation of this
determination is

2 _ 2
m=H[y Azu ——rl]
u

)

where mis the mask generated by the mask generator 404, y is the near-end
envelope, # is the echo prediction, 7, is a dominance threshold for a ratio of non-echo
power to echo power, and H is a Heavyside step function (which is 1 if its input is
greater than 1 and 0 otherwise). A reasonable value for 7, for example, is 1 (0 dB).
The lower 7, is, the higher the echo power has to be relative to the total power before
it is attenuated.

[00053] An echo predictor 406 is configured to use the far-end envelope (per

frequency band) to predict its echo in the near-end envelope. In one embodiment,
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the echo predictor 406 may be simplified by assuming that the echo envelope is just a
delayed and scaled version of the far-end envelope. Mathematically, this
assumption may be represented by
u(n)=g-x(n-d) @)

where g is a scale factor, n is a frame index, and d is a number of frames delayed. In
some embodiments, this representation may provide an accurate estimate due to low
temporal resolution of the envelope (which is bolstered by smoothing). This allows
the prediction to be robust to changes in the delay and echo tail length. Often, the
number of frames delayed d can be measured and stored as a priori information. In
other embodiments, d may be estimated during operation (e.g., by finding a peak of
a cross-correlation between the near-end and far-end signals).

[00054] It may also be possible to extend the prediction to a multiple reflection

model, such as

i(ny= g(d)-x(n—d), 3)
d

where the echo is predicted as a summation of far-end echoes at various delays and
scale factors. However, in most embodiments, such an extreme model may not be
necessary.

[00055] Smoothers 408 and 410 may smooth the magnitudes, and thus
envelopes, of the far-end and near-end signals. The temporal smoothing removes
“wiggles” in the envelope that may not be important for echo suppression. These
“wiggles” if not removed, may result in glitches in the echo prediction. As a result,
low temporal resolution can be further enforced by applying the temporal
smoothing to the envelopes. An example of a simple form of smoothing is a leaky
integrator, mathematically represented by,

x(M=a-x(n-)+1-a) X(n), (4)
where « is a smoothing factor and x is an unsmoothed envelope. In this
embodiment, more smoothing is performed at highera . As a result, the system may

be less susceptible to delay and echo tail changes.
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[00056] Smoothing may also be beneficial for filtering out hard-to predict non-
linear interactions (e.g., "cross-terms") between the echo and other near-end signal
components inconsequential to determining echo dominance. However, if too much
smoothing is performed, the system may not react quickly enough for echo
dynamics. An example of a reasonable value for a is 0.85 for a frame rate of 200 Hz,
which corresponds to a time constant of around —200/1n(0.85) =30 ms. For this
value, the system is able to accurately predict the echo envelope, even if the echo tail
is up to 600 ms long.

[00057] Exemplary embodiments are robust to changes in echo delay and tail
length. As such, the accuracy of the echo prediction will be largely determined by
the accuracy of the gain g. In most embodiments, this gain ¢ may not be known a
priori with enough precision, and so it must be estimated during operation. Further
complicating matters, g can significantly change at any time due to echo path or
speaker volume changes.

[00058] Thus, embodiments of the present invention adaptively estimate g
using a gain updater 412. In some embodiments, g is updated quickly when echo is
dominating the near-end signal, and updated slowly or not at all otherwise. In
exemplary embodiments, an adaptation control module 414 provides the
information necessary to determine how quickly to update g. In some embodiments,
the information may come in a form of a frame- and frequency-varying parameter u .
The larger i is, the faster g is updated.

[00059] Given u, an efficient way of updating g is given by a normalized least-
mean-square (NLMS) algorithm, such as,

gu(n+1) = g, () + £, (5)

wherex, =x(n—d). d subscripts denote that the expression is valid for an a priori

known delay d.
[00060] If a vector of delays is being considered in conjunction with the

prediction model (3), there may be well known and simple extensions to Eq. (5) that
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apply. Additionally, A is a regularization parameter that slows the update of g when

the far-end signal is small. Eq. (5) may be re-written, using (2), as

gd(n+1)=(1-#ﬂ)'gd(n)wﬁ-%, (6)

2

where = 2x X is between 0 and 1. Eq. (6) gives an intuitive explanation that the
x°+

gain estimate is an adaptively smoothed version of a ratio of near-end to far-end
envelopes. The output of the gain updater 412 may be fed back to the echo predictor
406 in the next frame. It should be noted that if any upper or lower limits on g are
known a priori, these limits may be applied before passing the result to the echo
predictor 406. |

[00061] The exemplary adaptation control module 414 is configured to notify
the gain updater 412 when and how fast to safely adapt the gain g via the parameter
4 (which is between 0 and 1 with 1 being the fastest). In exemplary embodiments, a
determination of when the echo sufficiently dominates the near-end signal (e.g.,
when the ratio y/x in Eq. (6) is a meaningful observation of g) is performed. The
output of the adaptation control module 414 encapsulates an adaptation speed.

[00062] In accordance with some embodiments, multiple cues may be utilized
to help strike a balance between updating too quickly (e.g., the system reacts
erroneously to near-end sources) and updating too slowly (e.g., the system doesn't
react quickly enough to echo path changes). The cues may comprise, for example,
adaptive far-end noise floor, near-end noise floor, and maximum gain. While these
examples, as will be discussed below, provide outputs of either 0 or 1, alternative
cues can produce values between 0 and 1.

[00063] The adaptive far-end floor cue is an adaptive version of the A in Eq. (5)
(i.e., an adaptive threshold on the far-end energy). As a result, only the most
powerful times and frequencies of x enable fast adaptation, since the echo is most
likely to dominate where x is its most powerful. One method of insuring this result

is by performing a long-term average/smoothing of past values of x, and then
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determining whether or not the current value of x is far enough above the long term
averagex, ;.

[00064] Besides smoothing (e.g., Eq. (4)), an alternative method to produce
x,, is to convert x to decibel units and apply a linear slew rate. This may be

mathematically represented by,

{xLT (M) +7,5 dBlx(n)]>x,, (n)}
X, (n+l)= ,
X117 (1) = ¥ douns AB[x(M)] < x,7.(n)

where dB[x] denotes a conversion of x to dB units. This method may result in
smoother tracking behavior. Furthermore, independent control of upward and

downward slew rates via y,, and y,,,, allows a user to control at what percentile in

a range of x the long-term average settles (e.g., it is higher for higher ratios of y,,

tOY down )-
[00065] The output of this adaptive far-end floor cue can be represented as
Ql= H[dB[x]>x,, +1,], 8)
where higher values of 7, are more selective to higher values of dB[x].

[00066] The near-end noise floor cue utilizes a noise power spectrum input, N,
such that adaptation is prevented if the near-end envelope is not high enough above
the noise envelope. In these embodiments, echo cannot dominate the signal if the
near-end envelope is not high enough above the noise envelope. Therefore,
mathematically,

Q2=H[y>N-1,], 9)
where higher values of 7, require higher minimum dominance over the ambient
noise.

[00067] In exemplary embodiments, the maximum gain cue may be useful if
there is an upper limit g, expected on the ratio y/x (the gain observation) if y is
dominated by echo, while that maximum is often exceeded when y is dominated by
near-end sources. In such an embodiment, a condition may be mathematically set

such that
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03 = H[Y < g * X]- (10)

[00068] Alternative cues may be devised to increase robustness of the system.
The final output of the adaptation control module 414 may be obtained by
combining all of the cues and applying an absolute maximum on the update speed,
according to exemplary embodiments. This may be mathematically represented by,

p=01-02-03- p,p, a1)

[00069] In exemplary embodiments, the combination of all the cues being true
(e.g., value = 1) will result in adaptation. In contrast, if one or more the cues is false
(e.g., value = 0), adaptation will not occur.

[00070] An alternative embodiment of the audio processing system is shown in
FIG. 5. In this embodiment, the total noise estimate module 310 is removed from the
embodiment of FIG. 3. This embodiment may be utilized when the total noise
estimate used in the system is not likely to be corrupted by echo. In one
embodiment, the noise estimate may not be corrupted by echo when the system is
designed to perform stationary noise reduction only. In this embodiment, the noise
estimate from the noise estimate module 306 is the stationary noise estimate. In
another embodiment, the noise estimate is not corrupted by echo when the non-
stationary noise estimate is not corrupted by echo in a non-stationary noise
reduction system. In these embodiments, there is no need for the echo mask
generator 308 to influence the noise estimation process or for the second stage of the
noise estimation (i.e., use of the total noise estimate module 310). Thus, the noise
estimate module 306 may, in some embodiments, utilize the energy estimates for the
primary and/or secondary acoustic signals to determine the noise estimate that will
be used by the echo mask generator 308. The noise estimate is then provided to the
echo mask generator 308 along with the energy from the far end signal. It should be
noted that the embodiment of FIG. 5 may be applicable in situations where only the

stationary noise component from the noise estimate module 306 is utilized or in
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situations where a noise estimate including both stationary and non-stationary noise
components are utilized.

[00071] Referring now to FIG. 6, a flowchart 600 of an exemplary method for
envelope-based acoustic echo cancellation is shown. In step 602, the acoustic signals
are received by the communication device 104. In exemplary embodiments, a near-
end acoustic signal is received by the primary microphones 106. A far-end acoustic
signal may also be received via a receiver 200. If the far-end acoustic signal is being
output through the speaker 108, then audio from the speaker 108 may leak back to
the primary microphones 106. This may result in an echo being provided back to a
listener at the far-end environment 112. In some embodiments, an optional
secondary microphone 204 may also receive a secondary acoustic signal.

[00072] The acoustic signals are then converted to electric signals and
processed through the frequency analysis module 302 to obtain frequency sub-bands
in step 604. In one embodiment, the frequency analysis module 302 takes the
acoustic signals and mimics the frequency analysis of a cochlea (i.e., cochlear
domain) simulated by a filter bank. The result comprises frequency sub-bands.

[00073] In step 606, energy estimates for the acoustic signals are computed. In
one embodiment, the energy estimates are determined by the energy module 304.
The exemplary energy module 304 utilizes a present acoustic signal and a previously
calculated energy estimate to determine the present energy estimate for each
acoustic signal at each frequency sub-band.

[00074] Subsequently, the noise estimate is determined in step 608. According
to embodiments of the present invention, the noise estimate for each frequency sub-
band is based on the acoustic signal received at the primar'y microphone 106. The
noise estimate may then be provided to the echo mask generator 308 and the total
noise estimate module 310.

[00075] The echo mask is then generated in step 610. Step 610 will be discussed

in more detail in connection with FIG. 7 below.

20



WO 2009/117084 PCT/US2009/001667

[00076] A noise suppression gain mask is generated in step 612. In exemplary
embodiments a total noise estimate that may be echo free is determined by the total
noise estimate module 310. In exemplary embodiments, the total noise estimate is
determined for each frequency sub-band. In exemplary embodiments, the total
noise estimate module 310 is configured to compute an estimate of the near-end
noise power spectrum (e.g., time and frequency dependent portion of the acoustic
signal that is not from the acoustic source 102). In some embodiments, the total
noise estimate module 310 may refine the noise estimate received from the noise
estimate module 306, which may be corrupted by echo power. The noise
suppression gain mask may then be generated using the total noise estimate by the
noise mask generator 312.

[00077] In step 614, a combined echo/noise suppression mask is generated. In
exemplary embodiments, the combined echo and noise mask integration module 314
generates the combined echo/noise suppression mask. In one embodiment, the echo
and noise mask integration module 314 may select a minimum between the two gain
masks (i.e., noise gain mask and echo gain mask) for each sub-band, with a lower
limit on how far below the noise gain mask the combined mask can be.

[00078] The result of the echo and noise mask integration module 314 is a final
gain mask that may be used for modification of the primary acoustic signal from the
primary microphone 106 in step 616. The modified signal may then be reconstructed
and output.

[00079] Referring now to FIG. 7, an exemplary flowchart of a method for
generating the echo gain mask (step 610) is shown. In step 702, envelopes of the
echo-free noise, far-end signal, and near-end signal (i.e., primary acoustic signal) are
determined. In exemplary embodiments, the echo mask generator 308 receives the
noise estimate, far-end signal energy spectra, and near-end signal energy spectra.
These estimates and spectra are subjected to a square-root (sqrt) operation in the sqrt

module 402. The sqrt operation transforms the power spectrum into magnitudes.

21



WO 2009/117084 PCT/US2009/001667

For a given frequency band, a sequence of such magnitudes over time comprises an
envelope (e.g., one amplitude per frame).

[00080] The far-end and near-end envelopes are then smoothed in step 704.
The temporal smoothing removes “wiggles” in the envelope that may not be
important for echo suppression. In one embodiment, the smoothing may be
performed using a leaky integrator.

[00081] In step 706, the echo envelope is predicted. The echo predictor 406 is
configured to use the far-end envelope (per frequency band) to predict its echo in the
near-end envelope. In one embodiment, the echo predictor 406 may be simplified by
assuming that the echo envelope is just a delayed and scaled version of the far-end
envelope. In some embodiments, this representation may provide an accurate
estimate due to low temporal resolution of the envelope (which is bolstered by
smoothing).

[00082] The gain mask may be generated or updated in step 708. The gain
mask may be generated by looking at a ratio between the echo prediction and the
echo prediction power from the total near-end power.

[00083] Embodiments of the present invention adaptively estimate gain using
the gain updater 412. In some embodiments, gain is updated quickly when echo is
dominating the near-end signal, and updated slowly or not at all otherwise. In
exemplary embodiments, the adaptation control module 414 provides the
information necessary to determine how quickly to update gain. In some
embodiments, the information may come in a form of a frame- and frequency-
varying parameter u . The larger u is, the faster g is updated.

[00084] The above-described modules can be comprised of instructions that are
stored on storage media. The instructions can be retrieved and executed by the
processor 202. Some examples of instructions include software, program code, and
firmware. Some examples of storage media comprise memory devices and
integrated circuits. The instructions are operational when executed by the processor

202 to direct the processor 202 to operate in accordance with embodiments of the
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present invention. Those skilled in the art are familiar with instructions,
processor(s), and storage media.

[00085] The present invention is described above with reference to exemplary
embodiments. It will be apparent to those skilled in the art that various
modifications may be made and other embodiments can be used without departing
from the broader scope of the present invention. For example, embodiments of the
present invention may be applied to any system (e.g., non speech enhancement
system) utilizing AEC. Therefore, these and other variations upon the exemplary

embodiments are intended to be covered by the present invention.
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CLAIMS

1. A method for envelope-based acoustic echo cancellation, comprising:

receiving a primary acoustic signal via a primary microphone and a far-end
signal via a receiver;

performing frequency analysis on the primary acoustic signal and the far-end
acoustic signal to obtain frequency sub-bands for the primary and far-end acoustic
signals;

applying the echo gain mask to the primary acoustic signal to generate a
masked signal; and

outputting the masked signal.

2. The method of claim 1 further comprising generating a noise gain mask based

on at least the primary acoustic signal for each frequency sub-band.

3. The method of claim 2 wherein applying the echo gain mask to the primary
acoustic signal to generate the masked signal comprises applying a combination of
the echo gain mask and the noise gain mask to the primary acoustic signal to

generate the mask signal.

4. The method of claim 3 wherein applying the combination of the echo gain
mask and noise gain mask comprises selecting a minimum between the echo gain

mask and noise gain mask for each sub-band.

5. The method of claim 3 wherein generating the noise gain mask comprises

determining a substantially echo-free noise estimate.

6. The method of claim 1 further comprising receiving a secondary acoustic

signal via a secondary microphone.
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7. The method of claim 6 wherein generating the noise gain mask comprises

factoring in the secondary acoustic signal.

8. The method of claim 1 wherein generating the echo gain mask comprises
taking a square root of the far-end acoustic signal and the primary acoustic signal to

form the magnitude envelopes of the far-end and primary acoustic signals.

9. The method of claim 8 further comprising smoothing the magnitude

envelopes of the far-end and primary acoustic signals.

10.  The method of claim 1 wherein generating the echo gain mask comprises
determining an echo dominated noise estimate and using a square root of the echo

dominated noise estimate to generate a noise magnitude envelope.
11.  The method of claim 1 wherein generating the echo gain mask comprises
predicting an echo envelope based on the magnitude envelopes of the far-end and

primary acoustic signals.

12.  The method of claim 1 wherein generating the echo gain mask comprises

updating the gain based on one or more adaptation control cues.

13.  The method of claim 12 wherein the adaptation control cue comprises an

adaptive far-end noise floor.

14.  The method of claim 12 wherein the adaptation control cue comprises a noise

floor.
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15.  The method of claim 12 wherein the adaptation control cue comprises a

maximum gain.

16.  The method of claim 1 further comprising synthesizing the masked signal into

time domain for outputting

17. A system for envelope-based acoustic echo cancellation in a communication
device, comprising:

acoustic sensors configured to receive a primary acoustic signal and a far-end
acoustic signal;

a frequency analysis module configured to performing frequency analysis on
the primary acoustic signal and the far-end acoustic signal to obtain frequency sub-
bands for the primary and far-end acoustic signals; |

an echo mask generator configured to generate an echo gain mask based on
magnitude envelopes of the primary and far-end acoustic signals for each frequency
sub-band;

a modifier/reconstructor module configured to apply the echo gain mask to
the primary acoustic signal to generate a masked signal; and

an output device configured to output the masked signal.

18.  The system of claim 17 further comprising a noise mask generator configured
to generate a noise gain mask based on at least the primary acoustic signal for each

frequency sub-band.

19. The system of claim 18 wherein the modifier/reconstructor module
configured to apply the echo gain mask to the primary signal to generate the masked
signal comprises the modifier/reconstructor module configured to apply a
combination of the echo gain mask and the noise gain mask to the primary acoustic

signal to generate the masked signal.
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20.  The system of claim 19 further comprising an echo and noise mask integration
module configured to generate the combination of the echo gain mask and noise

gain mask

21.  The system of claim 17 wherein the modifier/reconstructor module is further

configured to convert the masked signal into time domain for outputting.

22.  The system of claim 17 wherein the echo mask generator comprises an echo

predictor configured to predict echo envelopes.

23. A machine readable medium having embodied thereon a program, the
program providing instructions for a method for envelope-based acoustic echo
cancellation in a communication device, comprising:

receiving a primary acoustic signal via a primary microphone and a far-end
signal via a receiver;

performing frequency analysis on the primary acoustic signal and the far-end
acoustic signal to obtain frequency sub-bands for the primary and far-énd acoustic
signals;

generating an echo gain mask based on magnitude envelopes of the primary
and far-end acoustic signals for each frequency sub-band;

generating a noise gain mask based on at least the primary acoustic signal for
each frequency sub-band;

applying a combination of the echo gain mask and noise gain mask to the
primary acoustic signal to generate a masked signal; and

outputting the masked signal.
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