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(57) Abstract: A method and system to compensate for a drift between a first signal (110) and a second signal (120) is disclosed.
The system includes a drift estimator (600) and a resampler (602). The dritt estimator (600) receives, as input, for a predetermined
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amount of time, a first data set containing information related to a sample rate of the first signal (110) and a second data set contain -
ing information related to a sample rate of the second signal (120), and produces a one-time estimate of a drift between the first sig-
nal (110) and the second signal (120) based on the first data set and the second data set during the predetermined amount of time.
The resampler (602) resamples the first signal (110) according to the estimated drift to compensate for the drift between the first sig-
nal (110) and the second signal (120).
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CLOCK DRIFT COMPENSATION METHOD AND APPARATUS

Technical Field of the Invention

[0001]  Various aspects of the present invention relate generally to a method and
system that compensates for drift between sampling rates applied to a far-end signal and a
near-end signal. The inventive techniques may be applied in acoustic echo cancellation in
telecommunication systems. Further aspects of the invention relate to a method and
system for compensating a drift between a far-end Signal and a near-end signal arriving at

an acoustic echo canceller.

Background of the Invention

[0002] Speech quality is an important factor for telephony system suppliers. Customer
demand makes it vital to strive for continuous improvements. An echo, which is a delayed
version of what was originally transmitted, is regarded as a severe distraction to the
speaker if the delay is long. For short round trip delays of less than approximately 20 ms,
the speaker will not be able to distinguish the echo from the side tone in the handset.
However, for long-distance communications, such as satellite communications, a
remotely generated echo signal often has a substantial delay. Moreover, the speech and
channel coding compulsory in digital radio communications systems and for telephony
over the Internet protocol (IP telephony, for short) also result in significant delays which
make the echoes generated a relatively short distance away clearly audible to the speaker.

Hence, canceling the echo is a significant factor in maintaining speech quality.

[0003]  An echo canceller typically includes a linear filtering part which essentially is
an adaptive filter that tries to adapt to the echo path. In this way, a replica of the echo can
be produced from the far-end signal and subtracted from the near-end signal, thereby

canceling the echo.

[0004] The filter generating the echo replica may have a finite or infinite impulse
response. Most commonly it is an adaptive, linear finite impulse response (FIR) filter
with a number of delay lines and a corresponding number of coefficients, or filter delay

taps. The coefficients are values, which when multiplied with delayed versions of the filter
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input signal, generate an estimate of the echo. The filter is adapted, i.e. updated, so that the
coefficients converge to optimum values. A traditional way to cancel out the echo is to

update a FIR filter using the normalized least mean square (NLMS) algorithm.

[0005] While employing an acoustic echo cancellation (AEC) system, the sample rates
of the render and capture streams may differ by an unknown amount. This will be the case
when using different devices for rendering and capturing such as on a personal computer
(e.g. a webcam for capture and built-in output) if the clock frequency of either device varies
from its nominal value. The sample rate mismatch causes the far-end and near-end signals
arriving to the AEC to “drift” away from each other. The linear filter stage, forced to adapt
to this drifting delay, may be unable to converge to a good estimate. Echo cancellation

performance can suffer considerably as a result.

[0006] Thus, during echo cancellation, it is desired to compensate for the drift between
the far-end signal and the near-end signal arriving at the AEC to address the sample rate
mismatch problem. Other systems and methods may also benefit from reducing or

eliminating sample rate drift.

Summary of the Invention

[0007] This Summary introduces a selection of concepts in a simplified form in order to
provide a basic undefstanding of some aspects of the present disclosure. This Summary is
not an extensive overview of the disclosure, and is not intended to identify key or critical
elements of the disclosure or to delineate the scope of the disclosure. This Summary merely
presents some of the concepts of the disclosure as a prelude to the Detailed Description

provided below.

[0008] According to an aspect of the present invention, a method to compensate for a
drift between a first signal and a second signal is disclosed. The method includes receiving,
as input, for a predetermined amount of time, a first data set containing information related to
a sample rate of the first signal and a second data set containing information related to a
sample rate of the second signal. The method also includes producing a one-time estimate
of a drift between the first and second signals based on the first data set and the second data

set during the predetermined amount of time, and resampling one, or both, of the first and
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second signals according to the estimated drift to compensate for the drift between the first

and second signals.

[0009] In accordance with a further aspect of the present invention, the method includes
performing echo cancellation where the first signal is a far-end signal to be rendered and the

second signal is a near-end captured signal.

[0010] According to a further aspect of the present invention, the method includes

performing echo suppression with the near-end signal and the far-end signal.

[0011] According to yet another aspect of the present invention, the information related
to the sample rate of the first signal includes counts of number of samples rendered per frame
and the information related to the sample rate of the second signal includes counts of number

of samples captured per frame.

[0012] In accordance with a further aspect of the present invention, the information
related to the sample rate of the first signal includes timestamps indicating when frames are
rendered and the information related to the sample rate of the second signal includes

timestamps indicating when frames are captured.

[0013] According to yet another aspect of the present invention, the method includes

resampling the first signal.

[0014] According to a further aspect of the present invention, the method includes
applying resampling in a first signal path bound for an echo canceller and not a second signal

path bound for rendering.

[0015] According to yet another aspect of the present invention, the resampling step

utilizes a linear resampling method.

[0016] According to a further aspect of the present invention, the method includes
pruning outliers from the first data set and second data set prior to producing the estimate.
According to an aspect of the present invention, pruning is based on rejecting outliers greater

than a first predetermined threshold or less than a second predetermined threshold.

[0017] According to another aspect of the present invention, pruning is based on rejecting
outliers greater than a first threshold determined from the first data set and the second data set

or less than a second threshold determined from the first data set and the second data set.
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[0018] According to an aspect of the present invention, the first threshold and the second

threshold are proportional to a measure of spread of the first data set and the second data set.

[0019] According to yet another aspect of the present invention, the measure of spread is

an absolute deviation.

[0020] According to another aspect of the present invention, the method includes

utilizing linear regression to produce the estimate.

[0021] . According to a further aspect of the present invention, the method includes
disabling the resampling when the estimated drift is less than a first predetermined threshold

or greater than a second predetermined threshold.

[0022] In addition, according an aspect of the present invention, the method includes,
computing a first coherence measure by comparing correlations between the first signal and
the second signal, computing a second coherence measure by comparing correlations between
the second signal and an error signal containing a residual echo output from a linear adaptive
filter, and applying the first and second coherence measures to compute echo cancellation

information.

[0023] According to yet another aspect of the present invention, the method includes
computing a first coherence measure by comparing correlations between the first signal and
the second signal, computing a second coherence measure by comparing correlations between
the second signal and an error signal containing a residual echo output from a linear adaptive

filter, and applying the first and second coherence measures to compute suppression factors.

[0024] According to a further aspect of the present invention, the suppression factors are

applied to the error signal to substantially reduce the echo in the error signal.

[0025] According to another aspect of the present invention, a system to compensate for a
drift between a first signal and a second signal is disclosed. The system includes a drift
estimator and a resampler. The drift estimator receives, as input, for a predetermined amount
of time, a first data set containing information related to a sample rate of the first signal and a
second data set containing information related to a sample rate of the second signal, and
produces a one-time estimate of a drift between the first and second signals based on the first

data set and the second data set during the predetermined amount of time. The resampler
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resamples one, or both, of the first and second signals according to the estimated drift to

compensate for the drift between the first and second signals.

[0026] According to an aspect of the present invention, the system also includes an echo
canceller operatively connected to the resampler, the echo canceller performing echo
cancellation where the first signal is a far-end signal to be rendered and the second signal is a

near-end captured signal.

[0027] In accordance with another aspect of the present invention, the echo canceller

performs echo suppression with the near-end signal and the far-end signal.

[0028] According to an aspect of the present invention, the resampler is configured to

resample the first signal.

[0029] According to another aspect of the present invention, the resampler is configured
to apply resampling in a first signal path bound for an echo canceller and not a second signal

path bound for rendering.

[0030] According to a further aspect of the present invention, the resampler is configured

to utilize a linear resampling method.

[0031] According to a further aspect of the present invention, the drift estimator is
configured to prune outliers from the first data set and second data set prior to producing the

estimate.

[0032] According to a further aspect of the present invention, the drift estimator is
configured to prune by rejecting outliers greater than a first predetermined threshold or less

than a second predetermined threshold.

[0033] According to another aspect of the present invention, the drift estimator is
configured to prune by rejecting outliers greater than a first threshold determined from the
first data set and the second data set or less than a second threshold determined from the first

data set and the second data set.

[0034] According to an aspect of the present invention, the drift estimator is also

configured to apply linear regression to produce the estimate.

[0035] In accordance with an aspect of the present invention, the resampler is configured

to disable the resampling when the estimated drift is less than a first predetermined threshold



WO 2012/158168 PCT/US2011/036995

or greater than a second predetermined threshold.

[0036] According to a further aspect of the present invention, the system includes a non-
linear processor that is configured to compute a first coherence measure by comparing
correlations between the first signal and the second signal, compute a second coherence
measure by comparing correlations between the second signal and an error signal containing
a residual echo output from a linear adaptive filter, and apply the first and second coherence

measures to compute echo cancellation information.

[0037] In addition, according to an aspect of the present invention, the non-linear
processor is configured to compute a first coherence measure by comparing correlations
between the first signal and the second signal, compute a second coherence measure by
comparing correlations between the second signal and an error signal containing a residual
echo output from a linear adaptive filter; and apply the first and second coherence measures

to compute suppression factors.

[0038] According to a further aspect of the present invention, the non-linear processor is
configured to apply the suppression factors to the error signal to substantially reduce the

echo in the error signal.

[0039] According to a further aspect of the present invention, a computer-readable
storage medium having stored thereon computer executable program to compensate for a drift
between a first signal and a second signal is disclosed. The computer program when
executed causes a processor to execute the steps of: receiving, as input, for a predetermined
amount of time, a first data set containing information related to a sample rate of the first
signal and a second data set containing information related to a sample rate of the second
signal, producing a one-time estimate of a drift between the first and second signals based
on the first data set and the second data set during the predetermined amount of time, and
resampling one, or both, of the first and second signals according to the estimated drift to

compensate for the drift between the first and second signals.

[0040] According to an aspect of the present invention, the computer program when
executed causes the processor to further execute the step of performing echo cancellation
where the first signal is a far-end signal to be rendered and the second signal is a near-end

captured signal.
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[0041] According to another aspect of the present invention, the computer program when
executed causes the processor to further execute the step of performing echo suppression with

the near-end signal and the far-end signal.

[0042] According to an aspect of the present invention, the computer program when

executed causes the processor to further execute the step of resampling the first signal.

[0043] According to a further aspect of the present invention, the computer program
when executed causes the processor to further execute the step of applying resampling in a
first signal path bound for an echo canceller and not a second signal path bound for

rendering.

[0044] According to another aspect of the present invention, the computer program when
executed causes the processor to further execute the step of performing resampling by

applying a linear resampling method.

[0045] According to yet another aspect of the present invention, the computer program
when executed causes the processor to further execute the step of pruning outliers from the

first data set and second data set prior to producing the estimate.

[0046] According to an aspect of the present invention, the computer program when
executed causes the processor to further execute the step of pruning based on rejecting
outliers greater than a first predetermined threshold or less than a second predetermined

threshold.

[0047] According to a further aspect of the present invention, the computer program
when executed causes the processor to further execute the step of pruning based on rejecting
outliers greater than a first threshold determined from the first data set and the second data

set or less than a second threshold determined from the first data set and the second data set.

[0048] According to a further aspect of the present invention, the computer program
when executed causes the processor to further execute the step of utilizing linear regression to

produce the estimate.

- 10049] In accordance with an aspect of the present invention, the computer program
when executed causes the processor to further execute the step of disabling the resampling
when the estimated drift is less than a first predetermined threshold or greater than a second

predetermined threshold.
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[0050] According to another aspect of the present invention, the computer program when
executed causes the processor to further execute the steps of computing a first coherence
measure by comparing correlations between the first signal and the second signal, computing
a second coherence measure by comparing correlations between the second signal and an
error signal containing a residual echo output from a linear adaptive filter, and applying the

first and second coherence measures to compute echo cancellation information.

[0051] According to a further aspect of the present invention, the computer program
when executed causes the processor to further execute the steps of computing a first
coherence measure by comparing correlations between the first signal and the second signal,
computing a second coherence measure by comparing correlations between the second signal
and an error signal containing a residual echo output from a linear adaptive filter, and

applying the first and second coherence measures to compute suppression factors.

[0052] According to yet another aspect of the present invention, the computer program
when exccuted causes the processor to further execute the step of applying suppression

factors to the error signal to substantially reduce the echo in the error signal.

Brief Description of the Drawings
[0053] The accompanying drawings, which are incorporated in and constitute a part of
this specification, illustrate several embodiments of the invention and together with the

description, serve to explain the principles of the invention.

[0054] Fig. 1 is a block diagram of an acoustic echo canceller in accordance with an

embodiment of the present invention.

[0055]  Fig. 2 illustrates a more detailed block diagram describing the functions that
may be performed in the adaptive filter of Fig. 1 in accordance with an embodiment of the

present invention.

[0056]  Fig. 3 illustrates computational stages of the adaptive filter of Fig. 2 in

accordance with an embodiment of the present invention.

[0057]  Fig. 4 illustrates a more detailed block diagram describing how the block Gm in

Fig. 3 may operate in accordance with an embodiment of the present invention.
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[0058]  Fig. 5 illustrates a flow diagram describing computational processes of the non-

linear processor of Fig. 1 in accordance with an embodiment of the present invention.

[0059]  Fig. 6 is a block diagram of an acoustic echo canceller and a drift estimator in

accordance with an embodiment of the present invention.

[0060] Fig. 7 is a flow diagram illustrating operations performed by the acoustic echo
canceller and the drift estimator according to an embodiment of the present invention

illustrated in Fig. 6.

[0061] Fig. 8 is a block diagram illustrating an exemplary computing device that is
arranged for acoustic echo cancellation in accordance with an embodiment of the present

invention.

Detailed Description

[0062]  The following detailed description of the embodiments of the invention refers
to the accompanying drawings. The following detailed description does not limit the
invention. Instead, the scope of the invention is defined by the appended claims and

equivalents thereof.

[0063]  Fig. 1 illustrates an acoustic echo canceller (AEC) 100 in accordance with an

exemplary embodiment of the present invention.

[0064] The AEC 100 is designed as a high quality echo canceller for voice and audio
communication over packet switched networks. More specifically, the AEC 100 is
designed to cancel acoustic echo 130 that emerges due to the reflection of sound waves of
a render device 10 from boundary surfaces and other objects back to a near-end capture
device 20. The echo 130 may also exist due to the direct path from render device 10 to the

capture device 20.

[0065] Render device 10 may be any of a variety of audio output devices, including a
loudspeaker or group of loudspeakers configured to output sound from one or more channels.
Capture device 20 may be any of a variety of audio input devices, such as one or more
microphones configured to capture sound and generate input signals. For example, render
device 10 and capture device 20 may be hardware devices internal to a computer system, or

external peripheral devices connected to a computer system via wired and/or wireless
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connections. In some arrangements, render device 10 and capture device 20 may be
components of a single device, such as a microphone, telephone handset, etc. Additionally,
one or both of render device 10 and capture device 20 may include analog-to-digital and/or

digital-to-analog transformation functionalities.

[0066]  With reference to Fig. 1, the echo canceller 100 includes a linear filter 102, a
nonlinear processor (NLP) 104, a far-end buffer 106, and a blocking buffer 108. A far-
end signal 110 generated at the far-end and transmitted to the near-end is input to the filter
102 via the far-end buffer (FEBuf) 106 and the blocking buffer 108. The far-end signal
110 is also input to a play-out buffer 112 located near the render device 10. The output
signal 116 of the far-end buffer 106 is input to the blocking buffer 108 and the output
signal 118 of the blocking buffer is input to the linear filter 102.

[0067] The far-end buffer 106 is configured to compensate for and synchronize to
buffering at sound devices (not shown). The blocking buffer 108 is configured to block
the signal samples for a frequency-domain transformation to be performed by the linear

filter 102 and the NLP 104.

[0068]  The linear filter 102 is an adaptive filter. Linear filter 102 operates in the
frequency domain through, e.g., the Discrete Fourier Transform (DFT). The DFT may be

implemented as a Fast Fourier Transform (FFT).

[0069]  The other input to the filter 102 is the near-end signal (Sin) 122 from the
capture device 20 via a recording buffer 114. The near-end signal 122 includes near-end
speech 120 and the echo 130. The NLP 104 receives three signals as input. It receives
(1) the far-end signal via the far-end buffer 106 and blocking buffer 108, (2) the near-end
signal via the recording buffer 114, and (3) the output signal 124 of the filter 102. The
output signal 124 is also referred to as an error signal. In a case when the NLP 104
attenuates the output signal 124, a comfort noise signal is generated which will be

explained later.

[0070]  According to an exemplary embodiment, each frame is divided into 64 sample
blocks. Since this choice of block size does not produce an integer number of blocks per
frame the signal needs to be buffered before the processing. This buffering is handled by
the blocking buffer 108 as discussed above. Both the filter 102 and the NLP 104 operate

in the frequency domain and utilize DFTs of 128 samples.
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[0071]  The performance of the AEC 100 is influenced by the operation of the play-
out buffer 112 and the recording buffer 114 at the sound device. The AEC 100 may not
start unless the combined size of the play-out buffer 112 and the recording buffer 114 is
reasonably stable within a predetermined limit. For example, if the combined size is stable
within +/- 8 ms of the first started size, for four consecutive frames, the AEC 100 is

started by filling up the internal far-end buffer 106.

[0072]  Fig. 2 illustrates a more detailed block diagram describing the functions
performed in the filter 102 of Fig. 1. Fig. 3 illustrates computational stages of the filter

102 in accordance with an embodiment of the present invention.

[0073]  With reference to Fig. 2, the adaptive filter 102 includes a first transform section
200, an inverse transform section 202, a second transform section 204, and an impulse
response section (H) 206. The far-end signal x(n) 210 to be rendered at the render device 10
is input to the first transform section 200. The output signal X(n, k) of the first transform
section 200 is input to the impulse response section 206. The output signal Y(n, k) is input
to the second transform section 202 which outputs the signal y(n). This signal y(n) is then
subtracted from the near-end signal d(n) 220 captured by the capture device 20 to output
an error signal e(n) 230 as the output of the linear stage of the filter 102. The error signal
230 is also input to the second transform section 204 the output signal of which, E(n, k),

is also input to the impulse response section 206.

[0074]  The above-mentioned adaptive filtering approach relates to an implementation
of a standard blocked time-domain Least Mean Square (LMS) algorithm. According to
an embodiment of the invention, the complexity reduction is due to the filtering and the
correlations being performed in the frequency domain, where time-domain convolution is
replaced by multiplication. The error is formed in the time domain and is transformed to

the frequency domain for updating the filter 102 as illustrated in Fig. 2.

[0075]  There is a signal delay in the system due to the transform blocking. To reduce
delay the filter 102 is partitioned in smaller segments and by overlap-save processing the
overall delay is kept to the segment length. This method is referred to as partitioned block
frequency domain method or multi-delay partitioned block frequency adaptive filter. For

simplicity it is referred to as FLMS.

[0076]  The operation of the FLMS method is illustrated in Fig. 3. Fig. 4 illustrates a
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more detailed block diagram describing block Gn in the FLMS method of Fig. 3 in

accordance with an embodiment of the present invention.

[0077] With a total filter length L =M - N partitioned in blocks of N samples and with F
= 2N x 2N Discrete Fourier Transform (DFT) matrix, the time domain impulse response of
the filter 102, w(n), n = 0, 1, ... , L - 1, can be expressed in the frequency domain as a

collection of partitioned filters

Wn(k)=F ¥

] D.x’v’ WW(k)? (1}

T
where Wm(k) = {WmN e W(m+1)N-1] N

Iyis a N x N-sized identity matrix, and Oy is a N x N-sized zero matrix. This means that the

time domain vector is appended with N zeros before the Fourier transform.

[0078] The time domain filter coefficients, w(n) are not utilized in the algorithm and
equation (1) is presented to establish the relation between the time- and frequency-domain

coefficients.

[0079] As illustrated in Fig. 3, the far-end samples, x(n) 310, are blocked into vectors
of 2N samples, i.e. two blocks, at step S312,

x(k-m)=[x ((k - m-2N) ... x((k - mN-1)J’
and transformed into a sequence of DFT vectors at step S314,
X(k - m)= diag(Fx(k - m)).

[0080]  This is implemented as a table of delayed DFT vectors, since the diagonal
matrix also can be expressed as X(k - m)= D™X(k), where D is a delay operator. For each

delayed block altering is performed as the multiplication of the diagonal matrix X(k - m)
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with a filter partition
Y &=X(k - mWy{&) m=0,1,.,M-1

[0081] The estimated echo signal is then obtained as the Nlast coefficients of the
inverse transformed sum of the filter products performed at step S320 from which first

block is discarded at step S322. The estimated echo signal is represented as

M1
T

y(k) = (p (k= DN} ykN = 1) = [0y IvJF 7 Y~ Youlk)

m=f

[0082] The error is then formed in the time domain as

e(k) = d(k) - y(k)

and this is also the output of the filter 102 of the AEC 100 as shown in Fig. 1. To adjust the
filter coefficients, N zeros are inserted at step S316 to the error vector, and the augmented

vector is transformed at step S318 as

Ex)=F

?. On © {kj )

[0083] Fig. 4 illustrates a more detailed block diagram describing block G in Fig. 3 in

accordance with an embodiment of the present invention where the filter coefficient update can

be expressed as

r

Winlk +1) = Wo(k) + F | Ly Oy

1_1 Lo X} [ N
| Dy Oy F~ g Xk — miB(k),

with a stepsize po = 0.5 and where B(k), as shown in Fig. 4, is a modified error vector. The
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modification includes a power normalization followed by a magnitude limiter 410. The

normalized error vector, as also shown in Fig. 4, is

where

Q(k) =diag ([1/po 1/p1 ... 1/pan—1])

is a diagonal step size matrix controlling the adjustment of each frequency component using

power estimates

pk) = Aplk— 1+ 0-X)MX;;5% §=0.1,....2N -1,

recursively calculated with a forgetting factor A, = 0.9 and individual DFT coefficients Xj; =
{X(k)}j; is input to the magnitude limiter 410. The component magnitudes are then limited to a

constant maximum magnitude, Ag= 1.5 x 105, into the vector B(k) with components

£ (k)i > Ap
A; (k) € Ag

[0084] As illustrated in Fig. 4, the diagonal matrix X(k-m) is conjugated by the conjugate
unit 420 which is then multiplied with vector B(k) prior to performing an inverse DFT transform
by the Inverse Discrete Fourier Transform (IDFT) unit 430. Then the discard last block unit 440
discards the last block. After discarding the last block, a zero block is appended by the append
zero block unit 450 prior to performing a DFT by the DFT unit 460. Then, a block delay is
introduced by the delay unit 480 which outputs Wm(k).

[0085] Fig. 5 illustrates a flow diagram describing computational processes of the NLP 104

of Fig. 1 in accordance with an embodiment of the present invention.

[0086] The NLP 104 of the AEC 100 accepts three signals as input: 1) the far-end signal
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x(n) 110 to be rendered by the render device 10, ii) the near-end signal d(n) 122 captured by the
capture device 20, and iii) the output error signal e(n) 124 of the linear stage performed at the
filter 102. The error signal e(n) 124 typically contains residual echo that should be removed for
good performance. The objective of the NLP 104 is to remove this residual echo.

[0087] The first step is to transform all three input signals to the frequency domain. At
step S501, the far-end signal 110 is transformed to the frequency domain. At step S501°, the
near-end signal 122 is transformed to the frequency domain and at step S501°°, the error
signal 124 is transformed to the frequency domain. The NLP 104 is block-based and shares
the block length N of the linear stage, but uses an overlap-add method rather than overlap-
save: consecutive blocks are concatenated, windowed and transformed. By defining o as the

element-wise product operator, the k™ transformed block is expressed as
Xfp—
Xk=F<W2£Vo§ kl}):kZO:X—IZU‘V
H

where F is the 2N DFT matrix as before, x is a length N time-domain sample column vector

and wyis a length 2N square-root Hanning window column vector with entries

[0088] The window is chosen such that the overlapping segments satisfy

w(n)+uw’(n-N)=1 n=NN+1...2N

to provide perfect reconstruction. According to an embodiment of the invention, the length 2N
DFT vectors are retained. Preferably, however, the redundant N - 1 complex coefficients are

discarded.

[0089] X, Dy and Ey refer to the frequency-domain representations of the K far-end, near-

end and error blocks, respectively.

[0090] According to a further embodiment of the invention, echo suppression is achieved by
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multiplying each frequency band of the error signal e(n) 124 with a suppression factor between
0 and 1. According to a preferred embodiment, each band corresponds to an individual DFT
coefficient. In general, however, each band may correspond to an arbitrary range of
frequencies. Comfért noise is added and after undergoing an inverse FFT, the suppressed signal

is windowed, and overlapped and added with the previous block to obtain the output.

[0091] For analysis, the power spectral density (PSD) of each signal is obtained. At step
S503, the PSD of the far-end signal x(n) 110 is computed. At step S503°, the PSD of the near-
end signal d(n) 122 is computed and at step S503”°, the PSD of the error signal e(n) 124 is
computed. The PSDs of the far-end signal 110, near-end signal 122, and the error signal 124

are represented by Sy, Sq, and S, respectively.

[0092] In addition, the complex-valued cross-PSDs between i) the far-end signal x(n) 110
and near-end signal d(n) 122, and ii) the near-end signal d(n) 122 and error signal e(n) 124 are
also obtained. At step S504, the complex-valued cross-PSD between the far-end signal 110 and
the near-end signal 122 is computed and at step S504°, the complex-valued cross-PSD between
the near-end signal 122 and the error signal 124 is computed. The complex-valued cross-PSD
of the far-end signal 110 and near-end signal 122 is represented as Syq. The complex-valued
cross-PSD of the near-end signal 122 and error signal 124 is represented as Sq.. The PSDs are
exponentially smoothed to avoid sudden erroneous shifts in echo suppression. The PSDs are

given by
Sx.v, = }‘Ssxkaz}ﬁ:—a + (l - '}\S)Xk OYEB k>0, Sx,y, =0x

where the “*” here represents the complex conjugate, and where the exponential smoothing

factor is given by

o [ 09 i £y = 8000
ST 1 093 otherwise

[0093] Note that X; = Y, for the "auto” PSDs, which are therefore real-valued while the

cross-PSDs are complex valued.

[0094] Rather than using the current input far-end block, an old block is selected to
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best synchronize it with the corresponding echo in the near-end at step S505. The index of

the partition, m, with maximum energy in the linear filter is chosen as follows:

“VmH?}

d = arg max(
m

[0095]  This estimated delay index is used to select the best block at step S507 for use
in the far-end PSDs. Additionally, the far-end auto-PSD is thresholded at step S509 in

order to avoid numerical instability as follows;
S,XkX& = nla‘x(sx.l:xk: 50) S() =13

[0096] It is sometimes the case that the linear filter 102 diverges from a good echo
path estimate. This tends to result in a highly distorted error signal, which although still
useful for analysis, should not be used for output. According to an embodiment of the
invention, divergence may be detected fairly easily, as it usually adds rather than
removes energy from the near-end signal d(n) 122. The divergence state determined at

step S511 is utilized to either select (S512) Ey or Dy as follows: If
HSEJ«EJ.? Hl > HSD}CD}C Hl

then the "diverge" state is entered, in which the effect of the linear stage is reversed by

setting E; = Dy. The diverge state is left if

00/[SEemellt < [ISpepall1: o0 =105
Furthermore, if divergence is very high, such as

ISE L > o1l|Sp,pll1. o1 =19.95
the linear filter 102 resets to its initial state

Wi(k) =0y, m=01,...0M~1

The PSDs are used to compute the coherence measures for each frequency band

between i) the far-end signal 110 and near-end signal 122 at step S513 as follows:
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. *
SJX;_.,,EDP: © S}fh__r;ﬂk
de = ;
SX

, .08
pmdXpog o DeDe

and ii) the near-end signal 122 and error signal 124 at step S515 as follows:

*
- SDL‘EJ: o SD;,:E,;;

Ce —
SD&D,@ o SE&E&

where the “*” here again represents the complex conjugate.

[0097]  Denote a ¢ vector entry in position n as c(n). Coherence is a frequency- domain
analog to time-domain correlation. It is a measure of similarity with 0 < ¢(n) < 1; where a

higher coherence corresponds to more similarity.

[0098]  The primary effect of the NLP 104 is achieved through directly suppressing the

error signal 124 with the coherence measures. Generally speaking, the output is given by
Y = Eg o cge.

Under the assumption that the linear stage is working properly, ¢(n)4 = 1 when no echo has
been removed, allowing the error to pass through unchanged. In the opposite case of the
linear stage having removed echo, 1 >> ¢(n)4 > 0, resulting in a suppression of the error,
ideally removing any residual echo remaining after the linear filtering by the filter 102 at

the linear stage.

[0099] According to an embodiment of the invention, ¢, is considered to increase
robustness, as described below, though ¢, tends to be more useful in practice. Contrary to
Cde, €xd is relatively high when there is echo 130, and low otherwise. To have the two

measures in the same "domain" a modified coherence is defined as follows: ¢ g =1 - ¢xq4.

[00100] It is preferred that to achieve high AEC performance, the echo 130 is suppressed
while allowing simultaneous near-end speech 120 to pass through. The NLP 104 is
configured to achieve this because the coherence is calculated independently for each
frequency band. Thus, bands containing echo are fully or partially suppressed, while bands

free of echo are not affected.

[00101] According to an embodiment of the invention, several data analysis method are

used to tweak the coherence before it is applied as a suppression factor, s. First, the average
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coherence across a set of preferred bands is computed at step S517 for ¢qe, and at step

S517° for ¢'yqas

ni

1 N
¢ = — clmn), ng, n1 = 11500, 3500} —
T X S oy = (o0, 3500}

where f; is the sampling frequency. The preferred bands were chosen from frequency

regions most likely to be accurate across a range of scenarios.

[00102] At step S518, the system either selects € ge or T xa. According to an exemplary
embodiment, € ,q is tracked over time to determine the broad state of the system at step
S521. The purpose of this is to avoid suppression when the echo path is close to zero (e.g.
during a call with a headset). First, a thresholded minimum of ¢ 4 is computed at step S519

as follows:

. Crd, if Cpu, < Cpn, . < 0.75 R ,
Cmdk_{ i o s , k>0, Cpay =1

" | min(@rg,_, +#e, 1) otherwise

with a step-size . = 0.0006m 5 and factor m g5 given by

{ 1 if f, = 8000

e, = - .
0.5 otherwise

a

[00103] This is used to construct two decision variables

{0 if Ege, < 0.95 and &4, < 0.8
U, = 1 if E4e, > 0.98 and ¢zq, > 0.9 , k>0, @tg, =0

_ therwis
Uy O se and

0 ifépg, =lorug=1 A
Uey __{ if ¢zq, or ug k>0, G, =0

1 otherwise

[00104] The system is considered in the “coherent state” when u. = 1 and in the “echo
state” when u, = 1. In the echo state, the system may contain echo and otherwise does not
contain echo. The echo state is provided through an interface for potential use by other

audio processing components.

[00105] While in the echo state, the suppression factor s is computed at step S520 by
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selecting the minimum of ¢q4¢, ¢'xq in each band as

s = min{Cg, C

[00106] Two overall suppression factors are computed at step S533 and S527 from

order statistics across the preferred bands:

{n 1} = {80y Siny)>  {0n ) = o +{0.5, 075} —ng+ 1))

[00107] This approach of selecting suppression factors is more robust to outliers than the

average, and allows tuning through the exact selection of the order statistic position.

[00108] While in the “no echo state” (i.e. #. = 0), suppression is limited by selecting
suppression factors as follows at step S520, S524 and S518:

{S.Sh. 5[} = {ch? Cde: Edﬁ} if él‘dﬂc =1land uc=1
=181 = | (e cvt cus} otherwise

[00109] Across most scenarios, there is a typical suppression level required to
reasonably remove all residual echo. This is considered to be the target suppression, s. A
scalar "overdrive" is applied to s to weight the bands towards s, This improves
performance in more difficult cases where the coherence measures are not accurate
enough by themselves. The minimum s;level is computed at step S527 and tracked at step
S529 over time

{si. st} if sy < 5,_, <06

PN _ R PO
{Sik?ﬂk} B { {gzk—z-‘lnin(gfk—i + ps. 1)} otherwise k>0 8, =1

with a step-size y, = 0.0008 m 4.

[00110] When the minimum §'j is unchanged for two consecutive blocks, the overdrive
v is set at step S531 such that applying it to the minimum will result in the target suppression

level:
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v is smoothed and threshold as

. , . 098 i~ <9
o A ;4 {1 — " g Al Do, = 7 L
e = Ak (1= Ay max(y, ) Ay { 0.8  otherwise

such that it will tend to move faster upwards than downwards. s, and yo are configurable to
control the suppression aggressiveness; by default they are set to -11.5 and 2, respectively.

Additionally, when
Czdy =1
the smoothed overdrive is reset to the minimum,
e =10

[00111] The s, level is computed at step S533. Next, the final suppression factors s, are
produced according to the following algorithm. At step S525 s is first weighted towards sp

according to a weighting vector vsy with components 0 < v,y (n) < 1:

iy = { O (R)an + L= vy G)Is() i () >
s(n} otherwise

[00112] The weighting is selected to influence typically less accurate bands more heavily.

Applying the overdriving at step S535, the following is derived:
8x{n) = 8 (n) Vel

where vy is another weighting vector fulfilling a similar purpose as vsn. Overdriving through
raising to a power serves to accentuate valleys in s,. Finally, at step S536 the frequency-

domain output block is given by

Yi == By oEy ""Ni,
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where Ny is artificial noise and at step S537, an inverse transform is performed to obtain the
output signal y(n). The suppression removes near-end noise as well as echo, resulting in an
audible change in the noise level. This issue is mitigated by adding generated "comfort
noise" to replace the lost noise. The generation of N'y will be discussed in a later section

below.

[00113] The overlap-add transformation is inverted to arrive at the length N time-

domain output signal ¥y as

1

”Yk = (F7'Y}) o wan + | F:’ . k>0, y;=0x
k Loy

o

[00114] To generate comfort noise, a reliable estimate of the true near-end background
noise is required. According to an embodiment of the invention, a minimum statistics
method is utilized to generate the comfort noise. More specifically, at every block a
modified minimum of the near-end PSD is computed for each band:

g N dm— 8§ 1Y i V< N in o s
) = AN (Sl)k {72) + ﬂ{A\k—-;(n) SD;:{”J\J) i SDa{n,} < Np, ..Tl} L k>0, ;,\rn(n}) =10
Av Ny {n} otherwise

with a step-size p = 0.1 and ramp An = 1.0002. No(n) is set such that it will be greater than a
reasonable noise power. S p;is very similar to that discussed above, but is instead computed
from the un-windowed DFT coefficients of the linear filter 102 computed at the linear

stage.

[00115] White noise may be produced by generating a random complex vector, uay, on
the unit circle. This is shaped to match Npy and weighted by the suppression levels to give

the following comfort noise:
N;‘, = ﬁk o Uay © \;‘Al ——Vs,yrés.jr
[00116] Fig. 6 is a block diagram of AEC 100 and a drift estimator 600 in accordance

with an embodiment of the present invention.

[00117] According to an exemplary embodiment of the present invention, the drift
estimator 600 is provided between the render device 10 and the capture device 20 so that

any drift between the far-end signal 110 and the near-end signal 120 can be cbmpensated



WO 2012/158168 PCT/US2011/036995

23

prior to arriving at the AEC 100.

[00118] According to a further embodiment of the present invention, the AEC 100
includes a resampler 602, a far-end buffer 604, a linear adaptive filter 606, and a non-
linear post-processor (NLP) 608. Note that, according to an exemplary embodiment, the
linear adaptive filter 606 performs the same functionalities as the filter 102 described above
with reference to Figs. 1-4 in addition to the functionalities described herein with reference to
Fig. 6 and the far-end buffer 604 performs the same functionalities as the far-end buffer 106
and the blocking buffer 108 described above with reference to Fig 1-4 in addition to the
functionalities described herein with reference to Fig. 6. Similarly, the NLP 608 performs the
same functionalities as the NLP 104 described above with reference to Figs. 1 and 5 in

addition to the functionalities described herein with reference to Fig. 6.

[00119] The drift estimator 600 receives, as input, information about the sample rates
of both the far-end signal 110 and the near-end signal 122 as shown by the dotted lines in
Fig. 6. The output from the drift estimator 600 is input to the resampler 602. The
resampler 602 also receives the far-end signal 110 as input. The output from the
resampler 602 is input to the far-end buffer 604. The linear adaptive filter 606 receives,
as input, the far-end 122 and the output signal of the resampler 602 via the far-end buffer
604 and outputs the error signal 124.

[00120] The NLP 608 receives three signals as input. It receives the far-end signal 110 via
the far-end buffer 604, the near-end signal 122 directly output from the capture device 20,
and the error signal 124 output from the linear adaptive filter 606. The NLP 608 outputs an

outgoing signal directed to a far-end device (not shown).

[00121] As mentioned earlier, especially with USB devices, the clock frequency of the
render and capture devices differs. This causes a mismatch between the rate of samples
rendered and captured, and consequently results in a drift between the far-end signal 110 and

the near-end signal 120 as they arrive at the AEC 100.

[00122] According to an embodiment of the present invention, the linear adaptive filter
606 is configured to adapt to the echo path on a sample level. A bulk delay may be tolerable,
but this delay should not change over time. If the far-end signal 110 and the near-end signal

120 are drifting, it indicates that the delay is changing over time.
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[00123] To compensate for the above-noted drifting problem, the AEC 100, in accordance
with an embodiment of the invention, receives information from the sound devices about the
number of samples rendered and captured with every frame. For instance, if the capture
device’s clock frequency is faster than the render device’s, there will be, on average, more

recorded samples than played-out samples.

[00124] The drift estimator 600 takes as input the number of samples rendered and
captured during a frame period. This information is obtained from an audio hardware
abstraction layer (HAL) of the operating system. The cumulative difference between these
values is stored as a time-series. Using this information, the drift estimator 600 estimates the

drift using linear regression.

[00125] According to an embodiment of the present invention, sample counts have been
utilized herein by the drift estimator 600 because they are readily available through the
Windows Wave API. Alternatively, however, timestamps of rendered and captured frames or
other forms of sample rate information could conceivably be used by the drift estimator 600.
Further, different methods for estimating a slope of the drift time-series could also be used,

such as a repeated median method rather than linear regression.

[00126] According to an embodiment of the present invention the resampler 602 may be
placed in the near-end path or earlier in the far-end path such that it affects the rendered
signal of the render device 10 (render device). According to an exemplary embodiment, the
resampler 602 may apply resampling in the far-end signal path bound for the AEC 100 and
not the near-end signal path bound for rendering. In addition, the resampler 602 may disable
the resampling when the estimated drift is less than a first predetermined threshold or greater
than a second predetermined threshold. The first predetermined threshold could be, for
example, equal to 0.001. The second predetermined threshold could be, for example, equal to
-0.001. These exemplary threshold values are not intended to limit the scope of the disclosure
in any way. Instead, numerous other threshold values may be used in addition to or instead

of those used in the various examples described herein.

[00127] With a reliable drift estimate, the far-end signal 110 is resampled by the resampler
602 in compensation, such that the far-end signal 110 and the near-end signal 122 arriving at
the AEC 100 no longer drift away from one another. According to an embodiment of the

present invention, a linear resampling technique is used. Other methods, such as a sinc
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resampling technique could also be used without departing from the scope of the present

invention,

[00128] The difference between subsequent points in the time-series is a noisy estimate of
the clock drift. A reliable estimate can be obtained by the drift estimator 600 by estimating
the slope of the time-series trend (the trend is linear because in practice the drift rate does not
change). As mentioned earlier, according to an embodiment of the present invention linear

regression is used.

[00129] - Large "glitches", or outliers, may sometimes appear in the time-series. This is
addressed by analyzing the time-series to produce a rejection threshold. Data points lying
outside this rejection threshold are pruned from the data set before drift estimation occurs as

described in Fig. 7 below.

[00130] According to an exemplary embodiment of the present invention, the drift
estimator 600 may prune the data set by rejecting outliers greater than a first predetermined

threshold or less than a second predetermined threshold.

[00131] According to another exemplary embodiment of the present invention, the drift
estimator 600 may prune by rejecting outliers greater than a first threshold determined from
the first data set and the second data set or less than a second threshold determined from the

first data set and the second data set.

[00132] The first predetermined threshold could be, for example, equal to 4% of the
nominal sampling rate of the audio devices. The second predetermined threshold could be,
for example, equal to negative 4% of the nominal sampling rate of the audio devices. These
exemplary threshold values are not intended to limit the scope of the disclosure in any way.
Instead, numerous other threshold values may be used in addition to or instead of those used

in the various examples described herein.

[00133] According to a further exemplary embodiment of the present invention, the first
threshold and the second threshold are proportional to a measure of spread of the first data set
and the second data set. A measure of spread may describe the variability or dispersion
present in a data set. In other words, the measure of spread may give a notion of how “spread
out” the data is. According to an exemplary embodiment, the measure of spread may be an

absolute deviation.
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[00134]  As mentioned earlier, the drift estimate output by drift estimator 600 is input to
the resampler 602. The far-end signal 110 is resampled to precisely counteract the drift
between the far-end signal 110 and the near-end signal 120. The linear filter stage, as
mentioned earlier with respect to Fig. 5 no longer must adapt to the changing delay and can
converge as intended. Preferably, this operates only on the signal passed to the AEC 100,
where the resampling distortion will not impact the rendered signal. This allows the
resampler 602 to perform a crude but very computationally efficient linear resampling.
Although the signal may become highly distorted, this negligibly impacts AEC performance

relative to performing a high quality transparent resampling.

[00135] Fig. 7 is a flow diagram illustrating operations performed by the AEC 100 and
the drift estimator 600 according to an embodiment of the present invention illustrated in
Fig. 6. At step S701, the drift estimator 600 receives, as input, for a predetermined amount
of time, a first data set corresponding to the rate at which samples are rendered at the far-end
and a second data set corresponding to the rate at which samples are captured at the near-end.
At step S703, a one-time estimate of a difference between the first data set and second data
set is produced during the predetermined amount of time to estimate the drift between the far-
end signal 110 and the near-end signal 120. Optionally, at step S702, samples from both first
and second data sets may be pruned and linear regression may be applied prior to producing
the one-time estimate. At step S705, the far-end signal 110 is resampled according to the
estimated drift to compensate for the drift between the far-end signal 110 and near-end signal -

120.

[00136] Fig. 8 is a block diagram illustrating an example computing device 800 that may
be utilized to implement the AEC 100 including, but not limited to, the NLP 104, 608, the
filter 102, 606, the far-end buffer 106 and the blocking buffer 108, 604 as well as the
processes illustrated in Figs. 3, 5, and 7 in accordance with the present disclosure. In a very
basic configuration 801, computing device 800 typically includes one or more processors 8§10
and system memory 820. A memory bus 830 can be used for communicating between the

processor 810 and the system memory 820.

[00137] Depending on the desired configuration, processor 810 can be of any type
including but not limited to a microprocessor (uP), a microcontroller (LC), a digital signal

processor (DSP), or any combination thereof. Processor 810 can include one more levels of
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caching, such as a level one cache 811 and a level two cache 812, a processor core 813, and
registers 814. The processor core 813 can include an arithmetic logic unit (ALU), a floating
point unit (FPU), a digital signal processing core (DSP Core), or any combination thereof, A
memory controller 815 can also be used with the processor 810, or in some implementations

the memory controller 815 can be an internal part of the processor §10.

[00138] Depending on the desired configuration, the system memory 820 can be of any
type including but not limited to volatile memory (such as RAM), non-volatile memory (such
as ROM, flash memory, etc.) or any combination thereof. System memory 820 typically
includes an operating system 821, one or more applications 822, and program data 824.
Application 822 includes a clock drift compensation algorithm 823 that is arranged to
compensate for a drift between a far-end signal and a near-end signal. Program Data 824
includes clock drift compensation routing data 825 that is useful for compensating a drift
between a far-end signal and a near-end signal, as will be further described below. In some
embodiments, application 822 can be arranged to operate with program data 824 on an
operating system 821 such that a drift between a far-end signal and a near-end signal. This
described basic configuration is illustrated in FIG. 8 by those components within dashed line

801.

[00139] Computing device 800 can have additional features or functionality, and
additional interfaces to facilitate communications between the basic configuration 801 and
any required devices and interfaces. For example, a bus/interface controller 840 can be used
to facilitate communications between the basic configuration 801 and one or more data
storage devices 850 via a storage interface bus 841. The data storage devices 850 can be
removable storage devices 851, non-removable storage devices 852, or a combination
thereof. Examples of removable storage and non-removable storage devices include
magnetic disk devices such as flexible disk drives and hard-disk drives (HDD), optical disk
drives such as compact disk (CD) drives or digital versatile disk (DVD) drives, solid state
drives (SSD), and tape drives to name a few. Example computer storage media can include
volatile and nonvolatile, removable and non-removable media implemented in any method or
technology for storage of information, such as computer readable instructions, data structures,

program modules, or other data.

[00140] System memory 820, removable storage 851 and non-removable storage 852
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are all examples of computer storage media. Computer storage media includes, but is not
limited to, RAM, ROM, EEPROM, flash memory or other memory technology, CD-ROM,
digital versatile disks (DVD) or other optical storage, magnetic cassettes, magnetic tape,
magnetic disk storage or other magnetic storage devices, or any other medium which can be
used to store the desired information and which can be accessed by computing device 800.

Any such computer storage media can be part of device 800.

[00141] Computing device 800 can also include an interface bus 842 for facilitating
communication from various interface devices (e.g., output interfaces, peripheral interfaces,
and communication interfaces) to the basic configuration 801 via the bus/interface controller
840. Example output devices 860 include a graphics processing unit 861 and an audio
processing unit 862, which can be configured to communicate to various external devices
such as a display or speakers via one or more A/V ports 863. Example peripheral interfaces
870 include a serial interface controller 871 or a parallel interface controller 872, which can
be configured to communicate with external devices such as input devices (e.g., keyboard,
mouse, pen, voice input device, touch input device, etc.) or other peripheral devices (e.g.,
printer, scanner, etc.) via one or more I/O ports 873. An example communication device 880
includes a network controller 881, which can be arranged to facilitate communications with
one or more other computing devices 890 over a network communication via one or more
communication ports 882. The communication connection is one example of a
communication media. Communication media may typically be embodied by computer
readable instructions, data structures, program modules, or other data in a modulated data
signal, such as a carrier wave or other transport mechanism, and includes any information
delivery media. A “modulated data signal” can be a signal that has one or more of its
characteristics set or changed in such a manner as to encode information in the signal. By
way of example, and not limitation, communication media can include wired media such as a
wired network or direct-wired connection, and wireless media such as acoustic, radio
frequency (RF), infrared (IR) and other wireless media. The term computer readable media

as used herein can include both storage media and communication media.

[00142] Computing device 800 can be implemented as a portion of a small-form factor
portable (or mobile) electronic device such as a cell phone, a personal data assistant (PDA), a
personal media player device, a wireless web-watch device, a personal headset device, an

application specific device, or a hybrid device that include any of the above functions.
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Computing device 800 can also be implemented as a personal computer including both laptop

computer and non-laptop computer configurations.

[00143] There is little distinction left between hardware and software implementations of
aspects of systems; the use of hardware or software is generally (but not always, in that in
certain contexts the choice between hardware and software can become significant) a design
choice representing cost vs. efficiency tradeoffs. There are various vehicles by which
processes and/or systems and/or other technologies described herein can be effected (e.g.,
hardware, software, and/or firmware), and that the preferred vehicle will vary with the
context in which the processes and/or systems and/or other technologies are deployed. For
example, if an implementer determines that speed and accuracy are paramount, the
implementer may opt for a mainly hardware and/or firmware vehicle; if flexibility is
paramount, the implementer may opt for a mainly software implementation; or, yet again
alternatively, the implementér may opt for some combination of hardware, software, and/or

firmware.

[00144] The foregoing detailed description has set forth various embodiments of the
devices and/or processes via the use of block diagrams, flowcharts, and/or examples. Insofar
as such block diagrams, flowcharts, and/or examples contain one or more functions and/or
operations, it will be understood by those within the art that each function and/or operation
within such block diagrams, flowcharts, or examples can be implemented, individually and/or
collectively, by a wide range of hardware, software, firmware, or virtually any combination

thereof.

[00145] In one embodiment, several portions of the subject matter described herein may be
implemented via Application Specific Integrated Circuits (ASICs), Field Programmable Gate
Arrays (FPGAs), digital signal processors (DSPs), or other integrated formats. However,
those skilled in the art will recognize that some aspects of the embodiments disclosed herein,
in whole or in part, can be equivalently implemented in integrated circuits, as one or more
computer programs running on one or more computers (€.g., as one or more programs
running on one or more computer systems), as one or more programs running on one or more
processors (e.g., as one Or more programs running on one Or more Mmicroprocessors), as
firmware, or as virtually any combination thereof, and that designing the circuitry and/or

writing the code for the software and or firmware would be well within the skill of one of
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skill in the art in light of this disclosure.

[00146] In addition, those skilled in the art will appreciate that the mechanisms of the
subject matter described herein are capable of being distributed as a program product in a
variety of forms, and that an illustrative embodiment of the subject matter described herein
applies regardless of the particular type of signal bearing medium used to actually carry out
the distribution. Examples of a signal bearing medium include, but are not limited to, the
following: a recordable type medium such as a floppy disk, a hard disk drive, a Compact Disc
(CD), a Digital Video Disk (DVD), a digital tape, a computer memory, etc.; and a
transmission type medium such as a digital and/or an analog communication medium (e.g., a
fiber optic cable, a waveguide, a wired communications link, a wireless communication link,

etc.).

[00147] Those skilled in the art will recognize that it is common within the art to describe
devices and/or processes in the fashion set forth herein, and thereafter use engineering
practices to integrate such described devices and/or processes into data processing systems.
That is, at least a portion of the devices and/or processes described herein can be integrated

into a data processing system via a reasonable amount of experimentation.

[00148] Those having skill in the art will recognize that a typical data processing system
generally includes one or more of a system unit housing, a video display device, a memory
such as volatile and non-volatile memory, processors such as microprocessors and digital
signal proceésors, computational entities such as operating systems, drivers, graphical user
interfaces, and applications programs, one or more interaction devices, such as a touch pad or
screen, and/or control systems including feedback loops and control motors (e.g., feedback
for sensing position and/or velocity; control motors for moving and/or adjusting components
and/or quantities). A typical data processing system may be implemented utilizing any
suitable commercially available components, such as those typically found in data

computing/communication and/or network computing/communication systems.

[00149] With respect to the use of substantially any plural and/or singular terms herein,
those having skill in the art can translate from the plural to the singular and/or from the
singular to the plural as is appropriate to the context and/or application. The various

singular/plural permutations may be expressly set forth herein for sake of clarity.

[00150] While various aspects and embodiments have been disclosed herein, other aspects
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and embodiments will be apparent to those skilled in the art. The various aspects and
embodiments disclosed herein are for purposes of illustration and are not intended to be

limiting, with the true scope and spirit being indicated by the following claims.
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What is claimed is:

1. A method to compensate for a drift between a first signal and a second signal,
comprising:

receiving, as input, for a predetermined amount of time, a first data set containing
information related to a sample rate of said first signal and a second data set containing
information related to a sample rate of said second signal;

producing a one-time estimate of a drift between said first and second signals based
on said first data set and said second data set during said predetermined amount of time; and

resampling one, or both, of said first and second signals according to said estimated

drift to compensate for the drift between said first and second signals.

2. The method according to claim 1, further comprising performing echo cancellation
where said first signal is a far-end signal to be rendered and said second signal is a near-end

captured signal.

3. The method according to claim 2, further comprising performing echo suppression

with said near-end signal and said far-end signal.

4. The method according to claim 1, wherein said information related to the sample rate
of said first signal includes counts of number of samples rendered per frame and said
information related to the sample rate of said second signal includes counts of number of

samples captured per frame.

5. The method according to claim 1, wherein said information related to the sample rate
of said first signal includes timestamps indicating when frames are rendered and said
information related to the sample rate of said second signal includes timestamps indicating

when frames are captured.

6. The method according to any of claims 1-5, further comprising resampling said first

signal.

7. The method according to any of claims 1-6, wherein said resampling is applied in a
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first signal path bound for an echo canceller and not a second signal path bound for

rendering.

8. The method according to any of claims 1-7, wherein said resampling step utilizes a

linear resampling method.

9. The method according to any of claims 1-8, further comprising pruning outliers from

said first data set and second data set prior to producing said estimate.

10.  The method according to any of claims 1-9, further comprising pruning based on
rejecting outliers greater than a first predetermined threshold or less than a second

predetermined threshold.

11.  The method according to any of claims 1-9, further comprising pruning based on
rejecting outliers greater than a first threshold determined from said first data set and said
second data set or less than a second threshold determined from said first data set and said

second data set.

12. The method according to any of claims 10-11, wherein said first threshold and said

second threshold are proportional to a measure of spread of said first data set and said second

data set.

13. The method according to claim 12, wherein said measure of spread is an absolute
deviation.

14.  The method according to claim 1, further comprising utilizing linear regression to

produce said estimate.

15.  The method according to claim 1, further comprising disabling said resampling when
said estimated drift is less than a first predetermined threshold or greater than a second

predetermined threshold.
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16. The method according to any of claims 1-15, further comprising:

computing a first coherence measure by comparing correlations between the first
signal and the second signal;

computing a second coherence measure by comparing correlations between the
second signal and an error signal containing a residual echo output from a linear adaptive
filter; and

applying the first and second coherence measures to compute echo cancellation

information.

17.  The method according to any of claims 1-15, further comprising:

computing a first coherence measure by comparing correlations between the first
signal and the second signal;

computing a second coherence measure by comparing correlations between the
second signal and an error signal containing a residual echo output from a linear adaptive
filter; and

applying the first and second coherence measures to compute suppression factors.

18.  The method according to claim 17 wherein said suppression factors are applied to said

error signal to substantially reduce the echo in said error signal.

19. A system to compensate for a drift between a first signal and a second signal,
comprising:

a drift estimator that receives, as input, for a predetermined amount of time, a first
data set containing information related to a sample rate of said first signal and a second data
set containing information related to a sample rate of said second signal, and produces a one-
time estimate of a drift between said first and second signals based on said first data set and
said second data set during said predetermined amount of time; and
' a resampler operatively connected to said drift estimator, said resampler resampling
one, or both, of said first and second signals according to said estimated drift to compensate

for the drift between said first and second signals.

20.  The system according to claim 19, further comprising an echo canceller operatively
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connected to said resampler, said echo canceller performing echo cancellation where said
first signal is a far-end signal to be rendered and said second signal is a near-end captured

signal.

21.  The system according to claim 20, wherein said echo canceller performing echo

suppression with said near-end signal and said far-end signal.

22.  The system according to claim 19, wherein said information related to the sample rate
of said first signal includes counts of number of samples rendered per frame and said
information related to the sample rate of said second signal includes counts of number of

samples captured per frame.

23.  The system according to claim 19, wherein said information related to the sample rate
of said first signal includes timestamps indicating when frames are rendered and said
information related to the sample rate of said second signal includes timestamps indicating

when frames are captured.

24.  The system according to any of claims 19-23, wherein said resampler resamples said

first signal.

25.  The system according to any of claims 19-24, wherein said resampler applying
resampling in a first signal path bound for an echo canceller and not a second signal path

bound for rendering.

26. The system according to any of claims 19-25, wherein said resampler utilizes a linear

resampling method.
27. The system according to any of claims 19-26, wherein said drift estimator is
configured to prune outliers from said first data set and second data set prior to producing

said estimate.

28.  The system according to any of claims 19-27, wherein said drift estimator is
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configured to prune by rejecting outliers greater than a first predetermined threshold or less

than a second predetermined threshold.

29.  The system according to any of claims 19-27, wherein said drift estimator is
configured to prune by rejecting outliers greater than a first threshold determined from said
first data set and said second data set or less than a second threshold determined from said

first data set and said second data set.

30.  The system according to any of claims 28-29, wherein said first threshold and said
second threshold are proportional to a measure of spread of said first data set and said second

data set.

31.  The system according to claim 30, wherein said measure of spread is an absolute

deviation.

32.  The system according to claim 19, wherein said drift estimator is configured to apply

linear regression to produce said estimate.

33.  The system according to claim 19, wherein said resampler is configured to disable
said resampling when said estimated drift is less than a first predetermined threshold or

greater than a second predetermined threshold.

34, The system according to any of claims 19-33, further comprising a non-linear
processor operatively connected to said resampler, wherein said non-linear processor is
configured to:

compute a first coherence measure by comparing correlations between the first signal
and the second signal;

compute a second coherence measure by comparing correlations between the second
signal and an error signal containing a residual echo output from a linear adaptive filter; and

apply the first and second coherence measures to compute echo cancellation

information.
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35.  The system according to any of claims 19-33, further comprising a non-linear
processor operatively connected to said resampler, wherein said non-linear processor is
configured to:

compute a first coherence measure by comparing correlations between the first signal
and the second signal;

compute a second coherence measure by comparing correlations between the second
signal and an error signal containing a residual echo output from a linear adaptive filter; and

apply the first and second coherence measures to compute suppression factors.

36.  The system according to claim 35, wherein said non-linear processor is configured to
apply said suppression factors to said error signal to substantially reduce the echo in said

error signal.

37. A computer-readable storage medium having stored thereon computer executable
program to compensate for a drift between a first signal and a second signal, the computer
program when executed causes a processor to execute the steps of:

receiving, as input, for a predetermined amount of time, a first data set containing
information related to a sample rate of said first signal and a second data set containing
information related to a sample rate of said second signal;

producing a one-time estimate of a drift between said first and second signals based
on said first data set and said second data set during said predetermined amount of time; and

resampling one, or both, of said first and second signals according to said estimated

drift to compensate for the drift between said first and second signals.

38. The computer-readable storage medium of claim 37, wherein the computer program
when executed causes the processor to further execute the step of performing echo
cancellation where said first signal is a far-end signal to be rendered and said second signal is

a near-end captured signal.

39.  The computer-readable storage medium of claim 38, wherein the computer program
when executed causes the processor to further execute the step of performing echo

suppression with said near-end signal and said far-end signal.



WO 2012/158168 PCT/US2011/036995

38

40. The computer-readable storage medium of claim 37, wherein said information related
to the sample rate of said first signal includes counts of number of samples rendered per
frame and said information related to the sample rate of said second signal includes counts of

number of samples captured per frame.

41.  The computer-readable storage medium of claim 37, wherein said information related
to the sample rate of said first signal includes timestamps indicating when frames are
rendered and said information related to the sample rate of said second signal includes

timestamps indicating when frames are captured.

42.  The computer-readable storage medium of any of claims 37-41, wherein the computer
program when executed causes the processor to further execute the step of resampling said

first signal.

43.  The computer-readable storage medium of any of claims 37-42, wherein the computer
program when executed causes the processor to further execute the step of applying
resampling in a first signal path bound for an echo canceller and not a second signal path

bound for rendering.

44, The computer-readable storage medium of any of claims 37-43, wherein the computer
program when executed causes the processor to further execute the step of performing

resampling by applying a linear resampling method.

45.  The computer-readable storage medium of any of claims 37-44, wherein the computer
program when executed causes the processor to further execute the step of pruning outliers

from said first data set and second data set prior to producing said estimate.

46.  The computer-readable storage medium of any of claims 37-45, wherein the computer
program when executed causes the processor to further execute the step of pruning based on
rejecting outliers greater than a first predetermined threshold or less than a second

predetermined threshold.
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47.  The computer-readable storage medium of any of claims 37-45, wherein the computer
program when executed causes the processor to further execute the step of pruning based on
rejecting outliers greater than a first threshold determined from said first data set and said
second data set or less than a second threshold determined from said first data set and said

second data set.

48.  The computer-readable storage medium of any of claims 46-47, wherein said first
threshold and said second threshold are proportional to a measure of spread of said first data

set and said second data set.

49.  The computer-readable storage medium of claim 48, wherein said measure of spread

1s an absolute deviation.

50. The computer-readable storage medium of claim 37, wherein the computer program
when executed causes the processor to further execute the step of utilizing linear regression to

produce said estimate.

51. The computer-readable storage medium of claim 37, wherein the computer program
when executed causes the processor to further execute the step of disabling said resampling
when said estimated drift is less than a first predetermined threshold or greater than a second

predetermined threshold.

52, The computer-readable storage medium of any of claims 37-51, wherein the computer
program when executed causes the processor to further execute the steps of:

computing a first coherence measure by comparing correlations between the first
signal and the second signal;

computing a second coherence measure by comparing correlations between the
second signal and an error signal containing a residual echo output from a linear adaptive
filter; and

applying the first and second coherence measures to compute echo cancellation

information.
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53.  The computer-readable storage medium of any of claims 37-51, wherein the computer
program when executed causes the processor to further execute the steps of:

computing a first coherence measure by comparing correlations between the first
signal and the second signal;

computing a second coherence measure by comparing correlations between the
second signal and an error signal containing a residual echo output from a linear adaptive
filter; and

applying the first and second coherence measures to compute suppression factors.

54.  The computer-readable storage medium of claim 53, wherein the computer program
when executed causes the processor to further execute the step of applying said suppression

factors to said error signal to substantially reduce the echo in said error signal.
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AMENDED CLAIMS
received by the International Bureau on 21 August 2012 (21.08.2012)

1. A method to compensate for a drift between a first signal and a second signal,
comprising:

receiving, as input, for a predetermined amount of time, a first data set containing
information related to a sample rate of said first signal and a second data set containing
information related to a sample rate of said second signal;

estimating a drift between said first and second signals based on said first data set and
said second data set during said predetermined amount of time; and

responsive to determining that the estimated drift is greater than a predetermined
threshold value, resampling one, or both, of said first and second signals according to said
estimated drift to compensate for the drift between said first and second signals, wherein the

resampling is applied in a signal path bound for an echo canceller.

2. The method according to claim 1, further comprising performing echo cancellation
where said first signal is a far-end signal to be reéndered and said second signal is a captured

near-end signal,

3. The method according to claim 2, further comprising performing echo suppression

with said near-end signal and said far-end signal.

4, The method according to claim 1, wherein said information related to the sample rate
of said first signal includes number of samples rendered per frame and said information
related to the sample rate of said second signal includes number of samples captured per

frame.
5. The method according to claim 1, wherein said information related to the sample rate
of said first signal includes timestamps for rendered frames and said information related to

the sample rate of said second signal includes timestamps for captured frames.

6. The method according to any of claims 1-5, wherein the drift between said first and

second signals is estimated using a repeated median method.

AMENDED SHEET (ARTICLE 19)
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7. The method according to any of claims 1-6, wherein said resampling step utilizes a

sin¢ resampling technique.

8. The method according to any of claims 1-6, wherein said resampling step utilizes a

linear resampling method.

9. The method according to any of claims 1-8, further comprising pruning outliers from

said first data set and said second data set priot to estimating the drift.

10.  The method according to claim 9, wherein said pruning step includes rejecting
outliers greater than a rejection threshold determined from said first data set and said second

data set.

11.  The method according to claim 9, wherein said pruning step includes rejecting
outliers less than a rejection threshold determined from said first data set and said second data

set.

12. The method according to claim 10 or 11, wherein said rejection threshold is

proportional to a measure of spread of said first data set and said second data set.

13.  The method according to claim 12, wherein said measure of spread is an absolute

deviation.

14.  The method according to claim 1, further comprising utilizing linear regression to

produce said estimate.

15.  The method according to claim 1, further comprising disabling said resampling when

said estimated drift is less than the predetermined threshold value,
16, The method according to any of claims 1-15, further comprising:

computing a first coherence measure by comparing correlations between the first

signal and the second signal;

AMENDED SHEET (ARTICLE 19)
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computing a second coherence measure by comparing correlations between the
second signal and an error signal containing a residual echo output from a linear adaptive
filter; and

applying the first and second coherence measures to compute echa cancellation

information.

17.  The method according to any of claims 1-15, further comprising:

computing a first coherence measure by comparing correlations between the first
signal and the second signal;

computing a second coherence measure by comparing correlations between the
second signal and an error signal containing a residual echo output from a linear adaptive
filter; and

applying the first and second coherence measures to compute suppression factors,

18.  The method according to claim 17 wherein said suppression factors are applied to said

error signal to reduce the echo in said error signal.

19. A system to compensate for a drift between a first signal and a second signal, said
systewm comprising:

a drift estimator that receives, as input, for a predetermined amount of time, a first
data set containing information related to a sample rate of said first signal and a second data
set containing information related to a sample rate of said second signal, and estimates a drift
between said first and second signals based on said first data set and said second data set
during said predetermined amount of time; and

a resampler operatively connected to said drift estimator, said resampler configured
to, In response to determining that the estimated drift is greater than a predetermined
threshold value, resample one, or both, of said first and second signals according to said
estimated drift to compensate for the drift between said first and second signals, wherein the

resampling is applied in a signal path bound for echo cancellation processing.

20.  The system according to claim 19, further comprising an echo canceller operatively

connected to said resampler, said echo canceller configured to perform echo cancellation

AMENDED SHEET (ARTICLE 19)



WO 2012/158168 PCT/US2011/036995
44

where said first signal is a far-end signal to be rendered and said second signal is a captured

near-end signal,

21.  The system according to claim 20, wherein said echo canceller performing echo

suppression with said near-end signal and said far-end signal.

22.  The system according to claim 19, wherein said information related to the sample rate
of said first signal includes number of samples rendered per frame and said information
related to the sample rate of said second signal includes number of samples captured per

frame.

23,  The system according to claim 19, wherein said information related to the sample rate
of said first signal includes timestamps for rendered frames, and said information related to

the sample rate of said second signal includes timestamps for captured frames.

24,  The system according to any of claims 19-23, wherein said drift estimator estimates

the drift between said first and second signals using a repeated median method.

25,  The system according to any of claims 19-24, wherein said resampler resamples one

or both of said first and second signals using a sinc resampling technique.

26.  The system according to any of claims 19-24, wherein said resampler resamples one

or both of said first and second signals using a linear resampling method.

27.  The system according to any of claims 19-26, wherein said drift estimator is
configured to prune outliers from said first data set and said second data set prior to

estimating the drift.
28. The system according to claim 27, wherein said drift estimator is configured to prune

by rejecting outliers greater than a rejection threshold determined from said first and second

data sets. .
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29, The system according to claim 27, wherein said drift estimator is configured to prune
by rejecting outliers less than a rejection threshold determined from said first data set and

said second data set.

30.  The system according to claim 28 or 29, wherein said rejection threshold is

propartional to a measure of spread of said first data set and said second data set.

31. The system according to claim 30, wherein said measure of spread is an absolute

deviation.

32.  The system according to claim 19, wherein said drift estimator is configured to apply

linear regression to produce said estimate.

33, The system according to claim 19, wherein said resampler is confipured to disable

said resampling when said estimated drift is less than the predetermined threshold value.

34,  The system according to any of claims 19-33, further comprising a non-linear
processor operatively connected to said resampler, wherein said non-linear processor is
configured to:

compute a first coherence measure by comparing correlations between the first signal
and the second signal;

compute a second coherence measure by comparing correlations between the second
signal and an error signal containing a residual echo output from a linear adaptive filter; and

apply the first and second coherence measures to compute echo cancellation

information,

35.  The system according to any of claims 19-33, further comprising a non-linear
processor operatively connected to said resampler, wherein said non-linear processor is
configured to:

compute a first coherence measure by comparing correlations between the first signal
and the second signal;

compute a second coherence measure by comparing correlations between the second

signal and an error signal containing a residual echo output from a linear adaptive filter; and
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apply the first and second coherence measures to compute suppression factors.

36, The system according to claim 33, wherein said non-linear processor is configured to

apply said suppression factors to said error signal to reduce the echo in said error signal,

37. A computer-readable storage medium having stored thereon computer executable
program to compensate for a drift between a first signal and a second signal, the computer
program when executed causes a processor to execute the steps of?

receiving, as input, for a predetermined amount of time, a first data set containing
information related to a sample rate of said first signal and a second data set containing
information related to a sample rate of said second signal;

estimating a drift between said first and second signals based on said first data set and
said second data set during said predetermined amount of time; and

responsive to determining that the estimated drift is pgreater than a predetermined
threshold value, resampling one, ot both, of said first and second signals according to said
estimated drift to compensate for the drift between said first and second signals, wherein the

resampling is applied in a signal path bound for an echo canceller.

38.  The computer-readable storage medium of claim 37, wherein the computer program
when executed causes the processor to further execute the step of performing echo
cancellation where said first signal is a far-end signal to be rendered and said second signal is

a captured near-end signal.

39.  The computer-readable storage medium of claim 38, wherein the computer program
when executed causes the processor to further execute the step of performing echo

suppression with said near-end signal and said far-end signal.

40.  The computer-readable storage medium of claim 37, wherein said information related
to the sample rate of said first signal includes number of samples rendered per frame and said
information related to the sample rate of said second signal includes number of samples

captured per frame,
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41.  The computer-readable storage medium of claim 37, wherein said information related
to the sample rate of said first signal includes timestamps for rendered frames and said
information related to the sample rate of said second signal includes timestamps for captured

frames.

42,  The computer-readable storage medium of any of claims 37-41, wherein the computer
program when executed causes the processor to further execute the step of estimating the drift

between said first and second signals using a repeated median method.

43.  The computer-readable storage medium of any of claims 37-42, wherein the computer
program when executed causes the processor to further execute the step of resampling one or

both of said first and second signals by applying a sinc resampling technique.

44,  The computer-readable storage medivm of any of claims 37-42, wherein the computer
program when executed causes the processor to further execute the step of resampling one or

both of said first and second signals by applying a linear resampling method,

45.  The computer-readable storage medium of any of claims 37-44, wherein the computer
program when executed causes the processor to further execute the step .of pruning outliers

from said first data set and said second data set prior to estimating the drift.

46,  The computer-readable storage medium of claim 45, wherein the computer program
when executed causes the processor to further execute the step of pruning by rejecting
outliers greater than a rejection threshold determined from said first data set and said second

data set.

47.  The computer-readable storage medium of claim 45, wherein the computer program
when executed causes the processor to further execute the step of pruning by rejecting
outliers less than a rejection threshold determined from said first data set and said second data

set.

48, The computer-readable storage medium of claim 46 or 47, wherein said rejection

threshold is proportional to a measure of spread of said first data set and said second data set.
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49.  The computer-readable storage medium of claim 48, wherein said measure of spread

is an absolute deviation.

~50.  The computer-readable storage medium of claim 37, wherein the computer program

when executed causes the processor to further execute the step of utilizing linear regression to

produce said estimate.

51,  The computer-readable storage medium of claim 37, wherein the computer program
when executed causes the processor to further execute the step of disabling said resampling

when said estimated drift is less than the predetermined threshold value.

52,  The computer-readable storage medium of any of claims 37-51, wherein the computer
program when executed causes the processor to further execute the steps of:

computing a first coherence measure by comparing cotrelations between the first
signal and the second signal;

computing a second coherence measure by comparing correlations between the
second signal and an error signal containing a residual echo output from a linear adaptive
filter; and

applying the first and second coherence measures to compute echo cancellation

information.

33. The computer-readable storage medium of any of claims 37-51, wherein the computer
program when executed causes the processor to further execute the steps of:

computing a first coherence measure by comparing correlations between the first
signal and the second signal;

computing a second coherence measure by comparing correlations between the
second signal and an error signal containing a residual echo output from a linear adaptive
filter; and

applying the first and second coherence measures to compute suppression factors,
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54.  The computer-readable storage medium of claim 53, wherein the computer program
when executed causes the processor to further execute the step of applying said suppression

factors to said errar signal to reduce the echo in said error signal.
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