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AUDIO ACOUSTIC ECHO CANCELLATION
FOR VIDEO CONFERENCING

CROSS-REFERENCE TO RELATED
APPLICATION(S)

[0001] This application is a continuation of U.S. applica-
tion Ser. No. 13/634,977, filed on Oct. 10, 2011, which is the
U.S. national phase of PCT/IN2011/000705, which in turn
claims priority under 35 U.S.C. §119(e) to U.S. Provisional
Patent Application Ser. No. 61/391,581, “Audio Acoustic
Echo Cancellation for Video Conference,” filed Oct. 8, 2010
by Mukund N. Thapa. The subject matter of the foregoing
applications are incorporated herein by reference in their
entireties.

BACKGROUND OF THE INVENTION

[0002] 1. Field of the Invention

[0003] This invention relates generally to audio acoustic
echo cancellation in audio and video conferences.

[0004] 2. Description of the Related Art

[0005] Oneissueinan audio or video conference, where the
participants use an open microphone and speakers, is acoustic
echo cancellation. We use speakers to mean any sort of audio
output device, and microphones to mean any sort of audio
capture device. Acoustic echo is created as follows. A speaker
A’s voice is played back from another participant B’s
speaker. B’s microphone captures B’s speech. However, it
may also capture the playback of A’s voice. The audio stream
from B is sent to A, who then hears the echo of his voice.
[0006] Software echo cancellation techniques have been
tried in the past for real-time audio-conferencing systems.
However, none of these seem to work well without compro-
mising some quality. The software-based techniques usually
require that the sampling frequencies throughout the confer-
encing system are accurate and the same, and often also
require there is no packet loss over a network. In reality, even
in the zero-packet loss situation, with the same sampling
frequencies specified on the capture and playback side, the
cancellation techniques do not seem to work well. One reason
is because, even though the same sampling frequency is
specified through the system, the actual sampling frequency
will vary due to hardware and operating system issues. That
is, the different components in the conferencing system do
not use exactly the same sampling frequencies, thus violating
a basic assumption of many echo cancellation techniques.
[0007] Thus, there is a need for better audio acoustic echo
cancellation techniques.

BRIEF DESCRIPTION OF THE DRAWINGS

[0008] The invention has other advantages and features
which will be more readily apparent from the following
detailed description of the invention and the appended claims,
when taken in conjunction with the accompanying drawings,
in which:

[0009] FIGS. 1A and 1B are a block diagram of a video
conference system.

[0010] FIG. 2 is a block diagram of the audio components
in FIG. 1, according to the invention.

[0011] FIG. 3 is a flow diagram of a method for estimating
drift.
[0012] FIGS. 4 and 5 are a flow diagram of a method for

synchronization.
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[0013] FIG. 6 is a flow diagram of a method for processing
a far-end audio signal.

[0014] FIG. 7 is a flow diagram of a method for processing
a near-end audio signal.

[0015] FIGS. 8 and 9 are a flow diagram of a method for
AEC.
[0016] FIG.10isaflow diagram of a method for identifying

native sampling frequencies.

[0017] The figures depict embodiments of the present
invention for purposes of illustration only. One skilled in the
art will readily recognize from the following discussion that
alternative embodiments of the structures and methods illus-
trated herein may be employed without departing from the
principles of the invention described herein.

DETAILED DESCRIPTION OF THE PREFERRED
EMBODIMENTS

1. Introduction

[0018] Asdescribed in examples below, we have developed
an approach to ensure that a received “far-end” audio signal
and a locally captured audio signal containing an echo are
sampled at accurate sampling frequencies. Assume for the
moment that the far-end audio signal is sampled at a specified
sampling frequency (the nominal frequency). For the local
capture process, the approach estimates the difference (called
drift) between samples taken at the actual captured frequency
and the specified (nominal) sampling frequency, and then
compensates for the difference between the two (e.g., by
resampling). For the purpose of applying audio echo cancel-
lation techniques, the far-end audio signal and near-end cap-
tured signal with echo (the signal with echo is sometimes
referred to as a mixed signal) should be sampled at the same
frequency. By adjusting the sampling frequencies to account
for drift, a far-end audio stream and its captured echo will
both be sampled at the same sampling frequency, thus allow-
ing the use of known audio acoustic echo cancellation (AEC)
techniques. In another aspect, the far-end and captured audio
streams are also time-synchronized to further facilitate AEC.
A further advantage to ensuring that the sampling frequency
is the same as the nominal frequency is that buffering for
capture and playback can be better managed (e.g., will not
overflow or underflow as a result of sampling errors). In
another aspect, when the far-end audio signal is played back
locally, a similar drift-compensation process can be applied to
the playback process (which may occur at a frequency other
than the nominal frequency) in order to ensure accurate play-
back. Such a drift compensation on the playback side should
also help with echo cancellation.

[0019] Now consider an illustrative example using two par-
ticipants A and B. FIG. 1A is a block diagram of an audio
conferencing system. This could be for audio-only confer-
ences, or it could be the audio portion of a video conferencing
system. The participants connect to the conference using
devices 110, 120, 130, which have speakers and micro-
phones. Examples of such audio conference devices include
personal computers (perhaps with a separate sound card),
desktops, laptops, netbooks, tablet computers, mobile
devices and other types of consumer compute devices, includ-
ing various operating systems.

[0020] FIG. 1A shows three participants A, B, C, but first
consider only participants A and B. A’s and B’s devices 110,
120 are desktop or other personal computers connected via
the Internet 150 (or other network). Both participants are
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using microphones M and speakers S. Audio is captured at
one device, sent over the Internet 150 as digital data to the
other device, and then played back. When A’s voice (plus any
other sounds captured by A’s microphone 110M) is received
atB’s device 120, it is played back through B’s speaker 120S.
This audio stream 112 from A will be referred to as the far-end
signal (relative to B). This far-end signal 112 will now typi-
cally feed back into B’s microphone 120M. If B is silent, then
the far-end signal 112 plus local background sounds 123 are
also captured by B’s microphone 120M. If B talks, then B’s
voice 122, background sounds 123, and the far-end signal 112
are captured by B’s microphone 120M. When this captured
audio 125 is sent back to A, then A will hear B’s voice 122
(and background noise 123 if any) together with A’s own
voice 112 back, resulting in an echo. The echo that A hears is
created on B’s end 120, by A’s own voice feeding back out of
the speaker 120S and into B’s microphone 120M. This is also
shown on the righthand side of FIG. 2.
[0021] We can take the example a bit further and now
consider three participants A, B, C, as shown in FIG. 1B. On
C’s end, the far end signal will be a mixture of A and B’s
captured audio streams 112 and 125. In this case, both A and
B’s audio 112, 125 will be played back on C’s speakers 130S
and captured on C’s microphone 130M and then heard as an
echo on each of A and B’s speakers when the captured audio
stream 138 from C’s microphone is played there. It is easy to
see how this quickly becomes quite cumbersome as more and
more participants are added. For example, if we look at n
participants A, B, . . ., [N], then the audio streams from A, B,
.., [N=1] are captured by [N]’s microphone and result in an
echo for participants A, B, . . ., [N-1].
[0022] FIG. 2 is a block diagram of B’s device 120. The
device includes a speaker 120S and microphone 120M. Also
shown are the internal data paths for audio playback 210
through the speaker 1208, and audio capture 230 through the
microphone 120M. Module 250 performs echo cancellation.
The AEC module 250 receives an audio stream 252 and an
audio stream 243 which contains an echo of audio stream 252.
The AEC module 250 cancels the echo (either fully or at least
partially), producing audio signal 263. For convenience,
audio signals 252, 243 and 263 may be referred to as the
far-end audio signal, the mixed audio signal and the echo-
cancelled audio signal, respectively.
[0023] However, in order for conventional AEC techniques
to work well, the two audio signals 243, 252 should be
sampled at the same sampling frequency and closely aligned
in time. That is, the echo preferably starts at approximately
the same time as the far-end audio stream, but not before. This
is often not the case. The actual sampling frequencies used for
audio playback and for audio capture can be different due to
manufacturing and system variations. In addition, although
the time of transit from speaker 120S to microphone 120M
typically is not that long, the actual audio capture process
within device 120 can add extra delay, resulting in a time
misalignment of the two audio signals 243, 252. The playback
drift compensator 214, capture drift compensator 234 and
synchronization compensator 255 are used to compensate for
these effects.
[0024] In more detail, assume that the device 120 is oper-
ating at a nominal sampling frequency of f, =16 kHz. Con-
sider the audio playback path 210 first. Samples of the far-end
signal 112 are received and buffered at the input buffer 212.
These were sampled at a far-end sampling frequency f,,.
Assume for the moment that the far-end sampling frequency
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is equal to the nominal frequency f,_,,. If there were no
correction, these samples would be used to drive the speaker
120S. The driver 218 converts the digital samples into an
analog signal. For example, this conversion is driven by a
clock 219 that nominally runs at 16 kHz. In reality, however,
the local clock runs at a playback frequency fg that can be
slightly different from the nominal frequency. For example,
the far-end signal captured at 16 kHz is now played back at
15.9 kHz. The echo signal 112 is the 16 kHz samples played
back at 15.9 kHz.

[0025] This audio echo is captured by microphone 120M.
There is an audio capture process 238 that involves converting
the captured analog signal into digital samples. This process
is locally clocked 239 at a capture frequency f,,, which also
can differ from the nominal frequency. Assume f,,~=16.1 kHz
for this example. Thus, the digital samples 243 of the echo are
£, sSamples 223 that are played back at fsand then captured
again at f,, Without any correction, the AEC module 250
would receive the mixed signal (containing echo) and try to
effect cancellation using the far-end audio signal 223 which is
sampled at =T,

nom:*

[0026] Now consider the correction modules 214, 234, 255.
The playback drift compensator 214 compensates for the
mismatch between the sampling frequency of samples 223
(which in this example is ., =f, ,,) and the actual playback
frequency {. In this example, the samples 223 were sampled
at the nominal frequency because any inaccuracy in the sam-
pling frequency was adjusted on the far-end capture side. The
module 214 adjusts the samples 223 to produce new samples
225 which, when played back at fg produce the same audio
signal as the far-end signal samples 223 would have when
playedbackatf, . Thatis, samples 225 when played back at
15.9 kHz (the actual playback sample rate) produce the same
acoustic sound 112 as if the far-end signal samples 223 were
played back at exactly 16 kHz. Buffer 216 is an intermediate
buffer for these adjusted samples 225. For convenience, the
adjusted samples 225 sometimes will be referred to as the
far-end signal sampled (or re-sampled or effectively sampled)
at f,.

[0027] The capture drift compensator 234 performs an
analogous function. It compensates for the mismatch
between the sampling frequency f, ,actually obtained for cap-
ture and the nominal frequency f,,,,. The actual samples are
captured and buffered 236 at say f,,~=16.1 kHz. The capture
drift compensator 234 adjusts these samples to produce new
samples 243 at the nominal frequency say £, ,, 16 kHz. Thus,
both the far-end signal 223 and the mixed signal 243 have the
same the nominal sampling frequency. The synchronization
compensator time aligns the two signals. In this example, it
does so by shifting the far-end signal 223 to produce signal
252.

[0028] The AEC module 250 receives the far-end audio
signal 252 and a mixed signal 243 that are now sampled at the
same frequency and time-aligned to be within tolerance for
purposes of AEC. That is, the mismatch between the far-end
sampling frequency . and the capture frequency f,, have
been compensated though drift-compensation as well as by
resampling for other mismatch in the capture processes, for
example if the far-end signal was originally sampled at 48
kHz and the near-end (local) sampling frequency is 16 kHz.
Module 250 can therefore effectively apply echo cancella-
tion, to produce the echo-cancelled signal 263, which is buft-
ered 232 for output as B’s audio stream 125.



US 2015/0189092 A1

[0029] In one implementation, the compensation modules
214, 234, 255 and 250 are implemented in software running
on a computer or other device 120. The remaining compo-
nents in FIG. 2 are provided with the device itself.

[0030] The following describes examples of each of the
modules in more detail.

2. Drift Compensators

[0031] As noted earlier, typically when a sampling rate is
specified, the device does not necessarily provide the exact
sampling rate. For example, for a 16 kHz nominal rate, the
device may actually produce 16.1 kHz or 15.8 kHz or some
other sampling frequency in the device. This can cause sev-
eral problems. First, there could be a buffer overflow orunder-
flow due to the mismatch in sampling frequency. Second, the
AEC will degrade or may not work at all.

[0032] The following description applies to both playback
and capture processes. For ease of exposition, we will con-
sider only the capture process.

[0033] 2.1 Overview

[0034] As mentioned earlier, real-time capture of audio can
occur at a sampling frequency that is not exactly the nominal
frequency, for example due to hardware issues such as mis-
match in clocks on the CPU and sound cards. Whatever sam-
pling frequency is specified, on some machines a slightly
higher sampling frequency will be used and on other systems
a slightly lower sampling frequency will be used. If the nomi-
nal frequency is the native frequency for the device (see below
for a description of the native frequency), typically the error
will be smaller than for other frequencies, but nonetheless
present. The difference between nominal frequency and
actual sampling frequency will cause a drift in the actual
number of samples. The drift can be positive (higher actual
sampling frequency than the nominal frequency) or negative
(lower actual sampling frequency than the nominal fre-
quency).

[0035] When working with real-time audio over networks,
such a drift can have adverse affects. To see why, assume for
the moment that playback is done at the nominal frequency
(i.e., ignore the drift in the playback process). If there is
positive drift when A captures audio, then when B receives the
audio and plays back at the nominal frequency, additional
data will continue to accumulate and eventually cause a prob-
lem. For example, if the data is being buffered on B’s side,
then there will be a buffer overflow, causing loss of audio data.
Similarly in the case of negative drift, there will be a buffer
underflow resulting in late audio being received and so a
break in the audio playback.

[0036] Thus it is desirable to produce audio samples at the
nominal frequency. The capture drift compensator 234 does
this by adjusting the samples after they are captured at fre-
quency f,,. We will describe the adjustment process using an
example with f =16 kHz as the nominal frequency. Of
course, the approach is not limited to this nominal frequency.
The 16 kHz sampling frequency is a common sampling fre-
quency in VOIP applications. In order to be able to make
adjustments regularly, the drift compensator estimates the
drift in addition to adjusting for it. One approach is to use
linear regression to estimate the drift.

[0037] In order to capture audio and transmit audio accu-
rately, some sort of flow control is usually desirable. For
example assume that we wish to capture 16 kHz audio in 20
ms intervals. Each 20 ms interval has 320 samples of audio
data. Typically the process will be to wait 20 ms, capture the
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data in the buffer and then wait 20 ms, and so on. Even if we
could accurately wait for 20 ms between captures there would
be aloss of time because the process of capturing into a buffer
takes finite time. Furthermore, it is usually not possible to
accurately wait 20 ms because much of this depends on what
is happening within the computer system at any time instant.
Thus, the wait period preferably is constantly adjusted each
time data is captured to account for delays (or sometimes
speedups in the wait times as the operating system tries to
adjust for previous delays). We refer to this adjustment pro-
cess as flow control because we are trying to ensure that we
have data flow exactly every 20 ms. The process of flow
control creates a wait (or sleep) that is adaptive in nature, and
we may alternatively refer to this as adaptive sleep. We
assume that any such flow control or adaptive sleep method is
employed in the algorithm; and when we indicate wait 20 ms,
or sleep 20 ms, we mean flow control to 20 ms or adaptive
sleep to achieve 20 ms.

[0038] 2.2 The Linear Regression Model

[0039] In order to estimate drift from the desired (i.e.,
nominal) frequency, we develop a linear regression model.
The general linear regression model is to minimize the
2-norm squared: ||Ax-b||* where x is a vector of n unknowns
to be estimated and A is a matrix of size mxn, and b is an
m-vector. For such problems m is much greater than n. This
problem simply states that we want to find a fit that minimizes
the sum of the square of the errors; the sum of the squares of
the errors is called the objective function. The textbook
approach to solving such problems is to solve the normal
equations A” Ax=A”b. Numerically robust approaches in
practice use the QR factorization on the original minimiza-
tion problem.
[0040] When n=2, the equations simplify, and the problem
can be solved without the need to construct the matrix A or the
right hand side b. We use accumulated drift for regression
purposes, though other variations of samples, drift, or bytes of
data can also be used with similar results. For estimating
accumulated drift as a function of time, we use two
unknowns: the slope x; and the intercept x, that defines the
relationship between accumulated drift d (which in this
example is measured in samples) and time t (which in this
example is measured in time steps t=1, 2, 3, etc.). That rela-
tionship is

d=x 14 (1)

where d is the accumulated drift.

[0041] The slope x1 and the intercept x2 are computed as
follows:
N (3]
> =1 - D)
% = ‘:lN—
2 (5 =T¢
i=1
X2 = D- Txl
where

ﬂ

I
z| -
M=
o]

i
Z| -
M=
&

=1 =1

d, is accumulated drift at time t;, and N is the number of data
points. As noted earlier, there are several different ways to
define the data to obtain similar results.
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[0042] In a real-time process, the above equations are not
convenient to use because of the necessity to store large
quantities of data and also because it is not easy to determine
when to stop collecting the data because a good fit has been
found. Simple algebraic manipulations reduce the above
equations to the following.

3

[0043] Within the above equations, we can update all quan-
tities recursively by defining the following with S(0)=0.

Sitd) =Sy, (td)=trdy.
SKO=S.1 O
Sd)=Si1(d)=d
SUP)=Sp1 (P2

SUP)=Si 1 (P)+dy (©)]

[0044] The formulas for x, and x, then become

gy < K51) = 505 ©
' kS 2) = Sk

1
%2 = 2 Si(d) —x215(1)

[0045] The recursive approach is good for real-time prob-
lems, but the invention is not limited to this approach.
[0046] As apart of the regression we also compute the sum
of the squares of the errors E, (the objective function) and
correlation coefficient p.

N (6)
E= Z (d; — x11; — x2)*

i=1

N LY
NZ nd; — Zl‘;z d;
i=1 i=1

i=1

(Tt - o)

The correlation coefficient provides an indication of how
good the fit is. The objective function can be used to deter-
mine if the process should be restarted, as will be described
below.

[0047] These quantities can also be computed recursively
as follows, with E,=0:

p=

Ei = By +(di — 10 — )" M

o= kS (td) — Sk (0)Si (d)
VS(2) — (SeOPAS(d2) = (S¢(d)?)

[0048] 2.3 Estimating Drift
[0049] We now describe two variations to the estimation
method based on regression. In one approach, if the errors get
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too large the procedure is restarted. In the second approach, if
a new piece of data causes a sudden increase in the error
estimate, then that new piece of data is discarded as an outlier
point and the process continues with the previous set of data.
A combination of the methods is also possible. In each case
the output of the approach is an equation that predicts accu-
mulated drift as a function of time.

DEFINITIONS

[0050] Let N be the maximum number of measurements to
be taken and let F be the nominal frequency in kHz, and let r
be the number of ms for each amount of data to be captured.
Then L=Fxr is the number of samples in each r ms of data.
[0051] Any sampling frequency can be used as long as for
AEC purposes the same sampling frequency is used for cap-
ture. There is an advantage to using the native frequency since
the adjustments typically will be smaller than for other fre-
quencies.

[0052] On some machines, the measurement can go astray.
There are different ways to recognize this. The example
method used here is to check the value of E divided by the
number of measurements k (which is the same as the iteration
number k). If this value exceeds a threshold of tolerance
(typically set to be around 20,000), then the process is
restarted. The method is shown in FIG. 3 and described below
for capturing audio. A similar approach can be used for play-
back.

[0053] 310: Initialize tolerances. Let F be the capture (or
playback) frequency in kHz, say F=16. Set the minimum
acceptable correlation to be P=0.99 (this could be any value
depending on the accuracy desired). Set the upper bound on
variation to be y=20,000 (this too could be any suitable value;
we have found that 20,000 works well in practice). Set time to
drop data before starting the process to be T /=30 seconds (this
could also be any number including zero). All time measure-
ments are in ms (even if seconds are referred to) for the
purpose of the rest of the algorithm.

[0054] 315: Drop initial data. Capture and ignore all audio
data captured for the first T, seconds.

[0055] 320: Initialize. Set k=0 and initialize all quantities
Se(td), So(t), Se(d), S(t?), and S,(d?) to be zero. Let t=0, d=0,
j.=current time.

[0056] 325: Increment iteration counter and reset time. Set
k=k+1. Set j,=,.

[0057] 330, 335: Wait for required time. Wait r ms (using
flow control). Let j, be the new current time and set the time
difference j=(j,—j, ). This difference will typically not equal r
on a system. In a variation, waiting could be done without
flow control. However, flow control is recommended for this
step to ensure that over the execution of the algorithm, the
average wait time is r ms. It also adjusts for processing times
used within the algorithm and elsewhere in the system.
[0058] 330: Capture audio samples. Let a be the number of
audio samples captured in the time interval j.

[0059] 340. Compute the samples expected in time interval
j- The actual samples expected in the time interval j is a,=Fx;.
(Since the time interval obtained between captures on a com-
puter may not be exactly the specified r ms, the samples
expected are not L=Fxr.)

[0060] 345: Compute the accumulated drift. Update the
accumulated drift so far to be d=d+a-a, and set the time
counter to be t=k.



US 2015/0189092 A1

[0061] 350: Compute slope, intercept, error sum, correla-
tion. Compute the quantities S,(td), S,(t), S,(d), S,(t*), and
S,(d?), using the equations specified earlier. Use these to
compute X,, X,, E, p.

[0062] 355 (optional): Large variation check. If E/k>y then
restart the process from step 315.

[0063] 357 (optional): Outlier check. If E/N>y then discard
the current data. Set k=k-1 and reset all the computed quan-
tities to the previous measurement.

[0064] 360: Repeat or terminate. If k<N and p=<P, then
continue with step 325. Otherwise, stop.

[0065] Notes: 1. Step 355, if taken literally, might suggest
that there could be an infinite number of retries. In practice, a
retry count could be kept and the process aborted after a fixed
number of retries. 2. Steps 355 and 357 could be skipped for
the first few measurements. It can also be permanently
skipped but doing so may result in errors in many cases. 3.
From step 355, we could return to other steps, depending on
the implementation. 4. The correlation coefficient can be used
to decide if the fit is acceptable. If the correlation coefficient
has a low value, then the fit is poor and the process can be
repeated. This too will typically have an upper limit on tries.
Alternatively we can extend the number of iterations. 5. The
time counter t and iteration counter k are the same in the above
approach. A minor modification will allow us to use actual
time, should we so desire to do so. 6. This process can also be
used for playback. Instead of captured samples, we will use
played samples. 7. Step 355, step 357 or both could be used.
[0066] 2.4 Adjustments for Drift

[0067] Once we have run the regression, we have informa-
tion to adjust for drift. We define the drift interval I to be the
number of samples after which an adjustment of 1 sample
(positive or negative) should be made. That is, the drift inter-
val 1is the number of samples over which the actual sampling
frequency and the nominal frequency will differ by exactly
one sample and, therefore, an adjustment of exactly one
sample is to be made. The actual adjustment may not be made
immediately. The following is one procedure to adjust for
drift

[0068] Let F be the nominal sampling frequency in kHz,
and let r be the number of ms for each amount of data to be
captured. Then L=Fxr is the number of samples in each r ms
of data. The computed slope x, is obtained from the regres-
sion. The slope, thus computed, represents the accumulated
drift per unit of time (r ms). There are L. samples per unit of
time (or time step). The adjustments are similar for the cap-
ture and playback process. They differ as to when the adjust-
ment is made and the sign of x, dictates whether a sample is
inserted or deleted. A simple addition or deletion can be done,
but this would result in audio degradation. Instead, the sur-
rounding samples are up-sampled or down-sampled appro-
priately.

[0069] Adjustments Due to Capture Sampling Frequency.

[0070] If x,>0, then this says that L+x, samples are cap-
tured instead of L. samples in a unit of time. Therefore for
every L+x,; samples captured, we should adjust down by x,
samples. Therefore the drift interval I (that is, the number of
samples for which an adjustment of exactly one sample must
be made) will be

L+x, L ®)
=—= +
X1 X1

1
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[0071] If x,<O0, then this says that L-x, samples are cap-
tured instead of L. samples in a unit of time. Therefore for
every L-x, samples are captured we should adjust up by x,
samples. Therefore the drift interval I will be

L-x L ©)

[0072] Adjustments Due to Playback Sampling Frequency.
[0073] Ifx,>0, then this says that L+x, samples are played
instead of L samples in a unit of time. Therefore when L
samples need to be played we should adjustup by x, samples.
Therefore the drift interval I (that is, the number of samples
for which an adjustment of exactly one sample must be made)
will be

10

[0074] Ifx,<O0, then this says that L—x, samples are played
instead L samples in a unit of time. Therefore when L samples
need to be played, we should adjust down by x; samples.
Therefore the drift interval I will be

(1

Example 1
Drift Caused by the Capture Process

[0075] Assume that audio is being captured at a nominal
frequency of F=16 kHz, and the capture time interval is r=20
ms. Then the number of samples in each capture-time interval
(or time step) is L=Fxr=320. Suppose that the regression
algorithm has been run successfully and has resulted in a
slope of x,=1.46. The constant term X, in the equation, while
important for regression computations, is not needed for drift
adjustments. A slope of 1.46 means that 1.46 additional
samples are being captured for every time step (or for every
320 samples). The drift interval is then [=14+320/1.46=220.
18. Therefore for every 220.18 samples, one additional
sample is captured. Thus we should remove this extra sample
for every 220.18 samples either by some means of resampling
or simple deletion. Of course, the samples are integral so
appropriate adjustments should be made. When to adjust
would depend on the software developer and the DSP require-
ments. It could be to remove one sample once every 220
samples (with fractional parts added and at some later point
the adjustment of one sample up made for 221 samples). Or,
it could be based on a multiple of 220.18, or the fraction can
be ignored. If the slope x, is negative, say x,=-1.46, then the
drift interval would be 1=320/1.46-1=218.18, and we would
add a sample every I samples.

Example 2

Drift Caused by the Playback Process

[0076] The approach for adjusting samples during play-
back is similar to that for the capture process. The main
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difference is that now if x,>0 then a sample is added every I
samples and if x, <0 then a sample is removed every [ samples.
Assume that audio is being played at a nominal frequency of
F=16 kHz, and the playback time interval is r=20 ms. Then
the number of samples in each playback-time interval (or time
step) is L=Fxr=320. Suppose that the regression algorithm
has been run successfully and has resulted in a slope of
x,=1.46. Now a slope of 1.46 implies that 1.46 additional
samples are required for playback for every time step (or for
every 320 samples). The drift interval is then 1=320/1.
46=219.18. Therefore for every 219.18 samples, one addi-
tional sample is required for playback. Thus we should add an
extra sample every 219.18 samples either by some means of
resampling or simple addition. If the slope x, is negative then
we would need to delete a sample every I samples.

3. Synchronization Compensator

[0077] The sampling frequencies of the far-end and mixed
audio streams should match for AEC to work well. By ensur-
ing that capture and playback audio signals are both provided
at the nominal frequency (for example, 16 kHz), we can meet
this criterion. This can be accomplished by drift compensa-
tion, as described above.

[0078] In addition to this, the far-end and mixed audio
streams should be synchronized in time. Consider the
machine at Participant A who is in a call with Participant B.
A’s audio transmission, the far-end signal, is played through
B’s speakers and captured together with B’s audio (thus cre-
ating a mixed signal). The delay between the start of the
far-end signal and its position in the mixed signal should not
be large, nor should it be negative (i.e., the echo should not
start before the original far-end signal). If the delay is too
large (e.g., greater than 120 ms in practice for current sys-
tems) then many AEC algorithms have difficulty in adapting
and canceling the echo. If the delay is negative, then many
AEC algorithms also are not capable of canceling echo
because the adaptive filters that are used in AEC modules are
usually causal. A causal system is a system where the output
depends on past/current inputs but not on future inputs.

[0079] It may seem that the delay will always be slight
because the distance traveled from speaker to microphone is
small, but the main causes of delay are from the operating
system (OS), hardware, and implementations of capture and
playback. Hence, some of the adjustment is implementation
dependent. For example, typical implementations buffer the
data on the playback side but not necessarily on the capture
side. This should be taken into account when performing
AEC. Some operating systems have inherent delays built into
when they report data is playing and when it is actually
playing. This can be determined a priori and taken into
account for synchronizing the start of the audio streams (far-
end and mixed) for the purpose of sending to an AEC algo-
rithm. In a network there is bound to be some loss of data at
some point in time. This too can be compensated.

[0080] Some considerations for developing an approach to
synchronize the capture and playback streams include the
following. The far-end signal data retrieved from a buffer (or
network or any other source) and its inclusion after capture in
the mixed signal should not be too far apart from each other.
There should not be any negative delay. That is, the far end
signal should not appear in the mixed signal before the farend
signal is obtained separately. In a real time process, as data is
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utilized, there may be a loss in synchronization or even nega-
tive delay, so care should be taken to maintain synchroniza-
tion.

[0081] Two user-defined buffers will be used in the discus-
sion to follow. A jitter buffer, referred to as JB (and shown as
input buffer 212 in FIG. 2), keeps audio received over the
network (or from any source or by some other means). The
audio signals could be from one person or could be a mix. A
jitter buffer is not strictly necessary for the synchronization or
for the AEC, but it helps smooth out audio playback and is
advisable. A far-end buffer, referred to as FB (and shown as
buffer 256 in FIG. 2), keeps the audio received from the other
party (or parties) after it has been inserted into the audio
playback mechanism (or audio playback buffer). The cap-
tured audio, which contains audio captured by a recording
device, such as a microphone, together with audio data from
FB will be processed by the AEC module 250 to remove echo.

[0082] Different implementations are possible. One
approach is to let the capture process simultaneously extract
audio data from FB and send the captured data together with
the FB data to the AEC module. It is primarily for this that
synchronization is necessary for use with AEC. The captured
signal is also referred to as the mixed signal (sometimes
near-end signal) because it contains the audio of the near-end
person and also the echo of the audio received from the
far-end participant that was played back through the speakers.
A capture buffer can also be used, but is not necessary. In
addition, we will also refer to the audio player buffer PB
(which is the audio playback buffer 216 in FIG. 2). This will
be the buffer at the low level that is typically maintained by
the operating system.

[0083] The synchronization approach described below can
be used with any AEC algorithm and is not limited to the AEC
algorithm described later. The description of the synchroni-
zation is divided into three sections: setup, playback, and
capture. It does not matter whether this exact structure is
followed or not since initializations can be a part of any of the
other processes.

[0084]

[0085] Fordiscussion purposes only, we think of a buffer as
being composed of blocks but it need not be so and can be any
block of memory. Set up the number of blocks to handle delay
in the far end shared buffer. The size of the buffer, which is the
number of blocks per the description here, is predefined to be
say 12 blocks. The block size also can be chosen to be a
convenient number. For the purpose of this description, we
use a block size that is equivalent to n=20 milliseconds of
audio data. Thus, if we are using 16 bit samples at a sampling
frequency of 16 kHz, then the block size will be 640 bytes. In
tests run, the number of blocks that worked well assuming a
16 bit sample size and a sampling frequency of 16 kHz was
between 6 and 10 blocks (i.e., for 120 ms to 200 ms of data).

[0086] For the rest ofthe approach we will assume 20 ms of
data per block. If different amount of data is used then appro-
priate adjustments can be made. An example synchronization
approach is shown in FIG. 4.

[0087] 410: Initialize FB. Initialize the far-end buffer FB
with DB blocks of fixed audio data A . Typically such data
will simply be audio silence data but could also be any other
suitable data. The number of delay blocks DB is estimated
through experimentation and analysis for operating systems.
For example, we have found that DB=4 works well for Win-
dows XP systems. In some cases nearby numbers may work

3.1 Setup for Synchronization
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well, but we have found that 4 is a good estimate. Regardless,
some level of delay blocks is recommended for the purpose of
synchronization.

[0088] 410: Initialize the audio player buffer PB with 6
audio blocks, typically silence blocks.

[0089] 415: DB Bounds. During the capture/playback pro-
cess in a call (or otherwise), the delay can vary for many
reasons including threading issues. Slight variations do not
cause a problem, but larger variations can again cause a syn-
chronization problem. To monitor and allow for adjustments,
bounds are maintained on the number of delay blocks DB. For
example, one set of reasonable upper and lower bounds would
be UPzy,=DB+3 and LOg,,,=DB-3. The adjustment need
not be symmetric.

[0090] 420: Initialize Consecutive Count. Initialize the
consecutive count of upper bound violations V,, and lower
bound violations V; to zero.

[0091] 425: Start the Processes. Start the process of play-
back and capture.

[0092] 3.2 Playback Process

[0093] During playback, audio data is obtained and written
to the audio player buffer PB and far-end shared buffer FB. It
is further assumed that audio processing (such as volume
adjustments, adjustments for clipping, other enhancements),
if any, have already been performed to the data in JB or that
such processing is performed as soon as the data is retrieved
and before processing for other reasons. As noted earlier JB is
not strictly necessary but advisable, hence in our discussions
we will work with JB. Exemplary steps are as follows.
[0094] 430: Obtain Audio to be Played. Obtain the block of
audio signal F to be played from JB. Note that this block size
is user-defined and can be any suitable size. For this example,
it is 20 ms of audio data. If no audio is available, use a suitable
audio block A, which could be silence, comfort noise, or any
suitable signal. This could also vary by time.

[0095] 435: Write to PB to play and to FB to send to the
AEC module. The audio sample F is sent to the audio player
buffer PB and also to the far-end shared buffer FB. If using
drift compensation, then it is first sent to a drift module, which
in turn sends it to PB. The drift compensation module effec-
tively adjusts the sampling rate as discussed earlier.

[0096] 440. Update Violations Count. Let N denote the
number of blocks currently filled in the far-end buffer FB.

[0097] IfNZ>UPgyp, thenV,=V, +1, else V,=0.
[0098] If N,<LOgyp, then V=V +1, else V0.
[0099] 460: Adjust filled blocks in FB. If V,>MAX,, or

V>MAX, then do the following steps. (Note that MAX,, and
MAX, can be any positive integer; we use 5 for both.)
[0100] If Nz<DB then insert DB-N into FB to bring it
back to the original level of DB blocks.
[0101] IfN>DB then delete N;-DB from FB to bring it
back to the original level of DB blocks.
[0102] SetV,=0and V,=0.
[0103] 465: Iterate Until Done. If playback process is
stopped, then terminate process. Otherwise, repeat from step
430 for next audio.
[0104] Notes: 1. Often when starting up there are delays.
This causes DB to be different than the initially set value close
to when the process starts. To ensure that the process starts
with the default setting we can perform Step 460 initially, for
example after 500 ms of start time (or some other number
including zero). 2. The above synchronization process helps
the AEC module to work effectively. When coupled with the
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AEC module, the capture process will send the mixed audio
signal together with data from the far-end buffer to the AEC
module.

[0105] 3.3 Capture Process

[0106] The capture process gets the mixed signal (user
audio and any audio playing through speakers) from a record-
ing device (for example microphone) and processes it as well
as getting corresponding synchronized audio from FB and
sends it to the AEC module, if AEC processing is required.
This could be done differently in that the capture process
could process the audio and write to a capture buffer; but such
a buffer is not strictly necessary and so we do not write to the
buffer. The steps are described below when AEC is to be
performed, as shown in FIG. 5.

[0107] 510: Initialize. Initialize the recording device and
start the capture process.

[0108] 520: Capture Audio. Get the audio signal form the
recording device. This is the mixed signal. It contains the
participant’s audio mixed with the audio playing through the
speakers.

[0109] 530: Process Captured Audio. Process the audio if
necessary. Drift compensation is done when the drift estima-
tion model shows it to be necessary. Other processing can also
be done such as volume adjustment, noise cancellation, etc.

[0110] 540: Send Captured Data to AEC. Send this data
together with the block from FB (which has the far-end signal,
synchronized as described earlier, with the mixed signal) to
the AEC module.

[0111] 550: Copy to Buffer after AEC. Copy the audio
processed by the AEC module to an output buffer (232 in FIG.
2) for sending to other participants.

[0112] 560: Termination Check. If the capture process has
not been stopped, then continue from step 520.

[0113] Note: Noise cancellation is typically performed as a
part of the AEC module. So if AEC is not required then the
signal can still be processed by the AEC module for noise
cancellation.

4. AEC Module

[0114] Different types of AEC can be used. Here, we
describe a software-based approach that works well in real-
world applications. It uses the concepts discussed so far: drift
estimation, drift compensation, and synchronization of the
far-end and near-end streams for use with the AEC module.
[0115] 4.1 Real-Time AEC Inputs

[0116] The inputs to the AEC module are the far-end signal
(which will also be played back through the speaker system)
and the mixed signal (which is the data captured from the
microphone and so includes the echo of the far-end signal that
just played).

[0117] The following description applies to a situation
where there is a signal F and a mixed signal combining the
echo of F with G, where both F and G can be a mix of many
audio streams. The objective is to obtain G without F from
these two streams. To keep the exposition simple we describe
the approach in communications over a network where par-
ticipant A is communicating with participant B. A similar
approach will work if there are more than two participants.
Participant A’s audio is playing through the speakers at B’s
side resulting in a mixed signal when B’s microphone cap-
tures B’s audio together with A’s echo. We wish to isolate B’s
audio before it is sent to A over the network. That is, we want
to eliminate A’s audio from the mixed stream.
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[0118] 4.1.1 the Far-End Signal

[0119] The far-end signal is the audio stream received over
the network from A for playback on B’s speakers. Since we
are capturing at A with an exact sampling frequency (as
described earlier, this can be achieved through drift compen-
sation), we are not concerned with sampling rate errors. Simi-
larly, drift compensation is used to eliminate errors in play-
back.

[0120] On a network there will be packet loss from time-
to-time. When packet loss is encountered, one of many meth-
ods or a combination of methods can be used to ensure that
this does not affect the sampling rate. For example: (1) silence
can be inserted in place of lost packets; any other suitable
audio packet can be inserted; (2) packets can be reconstructed
using error-correction methods such as FEC, Reed-Solomon,
etc.; (3) resampling can be done over the received packets to
stretch out the audio (may cause distortion though); etc.
[0121] Assuming that loss correction has been done, the
far-end signal is processed as shown in FIG. 6. The steps need
not occur in the order shown in FIG. 6.

[0122] 610: Compute the Playback Drift Interval. The drift
interval is computed, for example as described above.
[0123] 620: Receive Packets. Receive packets from the net-
work and adjust for network loss if necessary.

[0124] 630: Sampling Rate Conversion. If the nominal
playback frequency (say 16 kHz) is different from the sam-
pling frequency for the received samples (say 48 kHz), resa-
mple to convert to the nominal playback frequency. Typically
this would then be stored in a buffer. This step accounts for
possibly different sampling rates used on different machines.
[0125] 640: Send to AEC Module. Send a copy of the data
to the AEC module for processing.

[0126] 650: Drift Adjustment. Adjust a copy of the far-end
samples based on the estimated drift interval for audio play-
back.

[0127] 660: Playback. After adjustment, send the data to the
player for playing the audio through the speakers.

[0128] 670: Repeat or Terminate. Ifthe session is over, then
terminate. Otherwise, repeat.

[0129] Note: While not explicitly discussed, the audio sig-
nal received over the network could be in compressed format
(usually the case) or uncompressed. If it is in compressed
format, it is decompressed before the above approach is
applied.

[0130] 4.1.2 the Near-End (Mixed) Signal

[0131] When the far-end signal is played it is automatically
mixed-in by being captured together with the other audio
captured by the microphone (or recording device). This
mixed signal is processed by the AEC module to remove the
far-end signal to eliminate echo, before sending across the
network or elsewhere. Before sending to the AEC module, the
mixed signal is adjusted to ensure that it is captured at the
nominal frequency, as shown in FIG. 7.

[0132] 710: Compute the Capture Drift Interval. The drift
interval is computed as described previously.

[0133] 720: Capture Audio. Audio samples are captured
from the recording device (microphone).

[0134] 730: Drift Adjustment. Adjust the number of
samples based on the estimated drift interval for capture.
[0135] 740: Send to AEC Module. Send the adjusted data to
the AEC module for processing.

[0136] 750: Repeat or Terminate. Ifthe session is over, then
terminate. Otherwise, repeat.
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[0137] Note: Implicit in the discussion is the assumption
that the specified capture sampling frequency and specified
playback sampling frequency are the same for purposes of
AEC. Ifthey are not the same, then resampling of one or both
of'the streams can be done before the AEC module or it can be
done within the AEC module.

[0138] 4.2 AEC

[0139] Forthe purpose of this example AEC, we assume the
following. First, the versions of the far-end signal and mixed
signal entering the AEC module are sampled at the same
frequency. One approach was described above, based on drift
adjustment and re-sampling. Second, these signals have been
synchronized so that the far-end signal and mixed are within
some tolerance, which will be 100 ms for this example.
[0140] Conventional AEC algorithms do not work or do not
work well in real-world situations even when the audio
streams are at the specified sampling frequencies. The
straightforward use of the MDF adaptive filter, which has
proved to learn and adapt well for changing environments, is
often not good enough for cancelling echo in real-time situ-
ations in live communications. What tends to happen is thata
portion of the echo is cancelled and a significant residual echo
remains in the mixed signal. Hence what is beneficial is a
method for cancelling (or suppressing) the residual echo,
which is the output of conventional AEC algorithms. Of
course, it goes without saying that while suppressing the
residual echo, near end speech quality should not be
degraded. Several algorithms have been proposed for residual
echo suppression. These work up to a point but do not fully do
the job of echo cancellation while preserving quality.

[0141] An important part for residual-echo cancellation is
the estimation of residual echo. This estimation is important
to be able to effectively suppress residual echo while preserv-
ing audio quality. Accurate estimation of residual echo is very
difficult in the presence of background white noise and near
end speech. Our approach includes a simple yet effective
method to do this.

[0142] We estimate residual echo by a simple approach
described later. Then we consider the residual echo together
with the background noise as being undesirable. Hence we
estimate the spectral gain based on the combined residual
echo estimate and noise estimate. Using this approach we are
able to obtain excellent residual echo suppression in ideal and
as well as real-time situations which typically also include
background white noise and near end speech.

[0143] The approach can be thought of as being comprised
of'two phases. Phase 1 is to apply a traditional AEC algorithm
such as the MDF algorithm and Phase 2 is to take the output
of'the MDF algorithm and eliminate noise and residual echo.
FIG. 8 shows this:

[0144] 810: Initialize. All counters, parameters, back-
ground filter weights W, foreground filter weights W, etc.
are initialized for Phase 1 and Phase 2 (these could also be
done within Phase 1 and Phase 2). Drift compensation and
audio stream synchronization are applied. Of course, depend-
ing on the application, there could be no drift compensation or
no synchronization required.

[0145] 820: Phase 1. Apply an iteration of the MDF (or
equivalent) algorithm.

[0146] 830: Phase 2. Apply an iteration of the post-process-
ing algorithm described below to remove residual echo and
noise.

[0147] 840: Repeat or terminate. Repeat for additional
audio signal.
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[0148] 4.2.1 Phase 1: Apply MDF

[0149] In this example, the first stage of the AEC module
implements the MDF algorithm, where MDF stands for Multi
Delay block frequency domain adaptive filter. Alternatively,
any conventional AEC algorithms such as NLMS, LMS, etc.,
can be used for this phase. The MDF algorithm uses the
Normalized Least Mean Square criterion to update the filter
coefficients in the frequency domain. With this approach, the
filter coefficients can diverge when there is double-talk (that
is, the situation where both the far-end and near-end partici-
pants are talking simultaneously), resulting in no cancella-
tion. To avoid such divergence, we use two FIR (Finite
Impulse Response) filters; one is an adaptive filter whose
coefficients are dynamically updated each iteration and the
other holds the fixed coefficients. Then based on the perfor-
mance, the background coefficients are transferred to the
foreground when certain conditions are met.

[0150] Ineachiteration, one frame ofthe far-end and mixed
audio signals (these are in the time domain by default) each of
size L samples are processed by the MDF algorithm which
returns a modified mixed signal of L samples in the time
domain. The modified mixed signal is supposed to be one
where the echo is fully cancelled but in practice it is one in
which residual echo remains together with the near-end par-
ticipant’s audio.

[0151] An iteration of the MDF algorithm (see, for
example, Soo J. and Pang, K [1990], “Multidelay Block Fre-
quency Domain Adaptive Filter,” IEEE Transactions on
Acoustics, Speech, and Signal Processing) can be summa-
rized as follows. See also the first part of FIG. 9.

[0152] 910: Apply DC component removal filter. DC filter-
ing is applied to the mixed signal to remove the DC compo-
nents. As a part of this process very low frequency compo-
nents also get removed due to the filtering process. This is
done in a manner that has no audible impact. For example, in
order to do this, appropriate threshold parameters may be
used. The DC removed mixed-signal is denoted by m.

[0153] 915: Convert the far-end signal from the time
domain to the frequency domain. The FFT (Fast Fourier
Transform) algorithm is applied to the far-end audio signal to
convert it to the frequency domain. Typically a N-point FFT is
used. In our case N=512 but it could be different. Since L
sample are in an audio block in our case N>L, the previous
N-L samples can be used as overlapping samples together
with the current L samples.

[0154] 920: Update far-end audio history. History of the
far-end audio is maintained for further computations. A total
of'n blocks are maintained in a buffer. When the buffer is full
and a new block is available, the first block in the buffer is
dropped and the rest shifted to make room for the new block.

[0155] 925: Compute background filter output vector y,.
Compute the weighted average of the far-end signal and the
background filter weights W,. Convert this to the time
domain using an N-point IFFT. In this case too N>L and so we
take the last L. samples to prevent the circular convolution
effect.

[0156] 925: Compute background filter error vector e,. The
background filter error vector is computed as the difference of
the mixed signal m and background filter output vector y, in
the time domain. Convert this back to the frequency domain
using N-point FFT; call it E,. In this case too N>L; but here
we do notuse overlapping samples. Instead we use N-L zeros
to prevent the circular convolution effect.
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[0157] 930: Update the background filter weights W,. The
updates are done using a steepest-descent algorithm applied
to partially (or fully) solve a least-squares problem, as fol-
lows. Compute the gradient vector as the product of the far-
end vector (signal converted to frequency domain) and the
background error vector in the frequency domain. Compute
the step-size 1 to be used along the gradient to reduce the
error. Typically, to ensure decrease of the objective function,
a steplength search algorithm would be used. This p is com-
puted based on a multiple of the reciprocal of the far-end
power. The multiple can be fixed or vary based on filter
convergence. We use the latter dynamic approach based on
Valin, J. “On Adjusting the Learning Rate in Frequency
Domain Echo Cancellation With Double-Talk,” IEEE Trans-
actions on Audio, Speech, and Language Processing. Update
the weights W, using the previous weights, the gradient and
the step size L.

[0158] 935: Compute the foreground filter output signal y,
in the time domain. This is done by multiplying the fore-
ground filter weight vector with the far end spectrum and then
applying an N-point IFFT and taking the last L samples to
prevent circular convolution.

[0159] 935: Compute the foreground error signal e, which
is also the output of the algorithm. This is done by subtracting
the foreground output signal y from the filtered mixed signal
samples m. This e together with y -are the outputs of the MDF
algorithm.

[0160] 940: Update the foreground filter weights W if nec-
essary. Compute the foreground filter error signal energy as
the sum of squares of the foreground filter error terms. Com-
pute the background filter error signal energy as the sum of
squares of the background filter error terms. If background
filter error energy is less than the foreground filter error
energy by a factor 0 for k consecutive times, then copy the
background filter weights to the foreground filter weights.
The reference mentioned above suggests using k=3; we use
k=5. The factor 6 can be chosen to be any number between 0
and 1. The value is based on a compromise between conver-
gence and double talk divergence. The reference mentioned
above suggests using 6=0.875, and also recommends using
two other parameters (mixed signal energy and far end signal
energy) along with error signal energy for performance com-
parison of background and foreground filter. Based on our
experiments and analysis, we only consider the comparison
of the background filter error energy and foreground filter
error energy.

[0161] 4.2.2 Phase 2: Remove Residual Echo

[0162] Once Phase 1 is complete, the output usually con-
tains a significant amount of residual echo. The next phase is
to eliminate this echo. In order to do this, an important part of
any such algorithm is to be able to accurately estimate the
residual echo. Accurate estimation of residual echo is difficult
in the presence of background white noise and near end
speech. Gustafsson S. [2002], “A Psychoacoustic Approach
to Combined Acoustic Echo Cancellation and Noise Reduc-
tion,” IEEFE Transactions on Speech and Audio Processing,
Vol. 10, No. 5, recommends three approaches. While these
can be used, none of these work as well in practice as the
following technique, illustrated in the latter half of FIG. 9.
[0163] We use the estimate of echo yof the MDF algorithm
as an estimate of the residual echo. Therefore in addition to
the earlier mentioned output e; we also use y,from the MDF
algorithm. We note that even if the level of the echo estimate
is lower than the level of echo in the mixed signal, the esti-
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mated echo level is higher than the level of residual echo in the
mixed signal output of MDF (or AEC any other algorithm).
[0164] The above works well probably due to the fact that
as a part of the MDF algorithm we use an adaptive filter with
a good double-talk detection to model the echo path. This
causes the spectral characteristics of the estimated echo to be
close to the actual. Note that we have used the MDF algorithm
but we could also use the echo estimate from other conven-
tional AEC algorithms.

[0165] We consider the residual echo together with the
background noise as being undesirable. Hence we estimate
the spectral gain based on the combined residual echo esti-
mate and noise estimate. To estimate the gain we use the
Minimum Mean-Square Error Log-Spectral Amplitude Esti-
mator (MMSE-LSA) technique, proposed by Ephraim and
Malah.

[0166] Using the above we are able to obtain excellent
residual echo suppression in ideal and as well as real-time
situations which typically also include background white
noise and near end speech. The steps in an iteration of the
post-processing Phase 2 algorithm (done after one iteration of
Phase 1) are as follows:

[0167] 950: Prepare a Time Domain Frame and apply FFT
(Fast Fourier Transform) on the Input Signal Frame. By input
signal frame we mean the output of a conventional AEC
algorithm in the time domain, in our case e, from Phase 1
which was the MDF algorithm. (Note that when using other
conventional AEC algorithms, for best results the algorithm
should include double talk detection to quickly learn accu-
rately and adapt well to the environment.) Apply an N-point
(FET) algorithm on e, to convert it to the frequency domain
vector E, (as before if N>L then the previous N-L samples
can be used to make up the required number of points.
[0168] 960: Estimate the Noise. Estimate the magnitude of
the noise spectrum from the input spectrum E in the frequency
domain. Here Minima controlled recursive averaging
approach with appropriate smoothening techniques is used
for estimation of the noise. See Rangachari, S. and Loizou, P.
[2006], “A noise-estimation algorithm for highly non-station-
ary environments,” Speech Communications 48. Of course,
other alternative approaches can also be used.

[0169] 965: Estimate the Residual Echo. This estimation
step is important to the success of the AEC algorithm. As
noted earlier, existing methods do not provide a good estimate
ofresidual echo after the stream has been processed for initial
echo cancellation and instead, we have discovered that the
MDF algorithm (or any other AEC algorithm) itself provides
a good estimate. Appropriate smoothening can be used to
achieve good compromise between residual echo suppression
and near end quality.

[0170] Apply FFT on the estimated echo output y,in the
time domain to obtain the frequency domain spectrum Y.
Compute the residual echo power spectrum'Y,,. Apply recur-
sive averaging on the residual echo power spectrumY . That
is, R(j, k)=MAX][0.9R(j, k), Y,(j, k)]. We use the factor 0.9
and not the 0.6 that others use. (Note that R was initialized
before the first iteration of Phase 2 to be 0.) Limit the esti-
mated residual echo power spectrum values by the upper
bound. That is, the estimated residual echo power
spectrum=Minimum of estimated residual echo power spec-
trum and input power spectrum.

[0171] 970: Compute posteriori SNR (Signal-to-Noise
Ratio) and SER (Signal-to-Echo Ratio). The calculations are
similar to that in conventional noise suppression algorithm
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and Posteriori SNR (SNR,,) and Posteriori SER (SER,,)
are calculated for each frequency bin. SNR,,=Input power
spectrum/Estimated noise power spectrum. SER,,=Input
power spectrum/Estimated residual echo power spectrum.
[0172] 975: Compute priori SNR (Signal-to-Noise Ratio)
and SER (Signal-to-Echo Ratio). The Priori SNR (SNR ;) is
the ratio of the clean or desired power spectrum to the esti-
mated noise power spectrum. However an estimate of the
clean spectrum is not available in real time, and so Ephraim
and Malah [1984], “Speech Enhancement Using a-Minimum
Mean-Square Error Short-Time SpectralAmplitude Estima-
tor,” IEEE Transactions on Acoustics, Speech, and Signal
Processing, Vol. 32, No. 6, proposed the formula below for
practical situations:

SN Rpg(n) = 12

axgain(n— 1) XSNRpo(n— 1) + (1 — @) x MAX((SERpp(n) — 1), 0)

where gain is the final spectral gain, n is the iteration counter,
a is a smoothening predefined constant that can vary from 0.9
10 0.99 depending on the desired smoothness of the computed
SNR .z

[0173] The computation of SER,,, is similar to that of
SNR pg.
SERPR(n)= (13)

@x gain(n — 1) X SERpo(n — 1) + (1 - @) x MAX((SERpo(n) — 1), 0)

where gain is the final spectral gain, n is the iteration counter,
o is a smoothening predefined constant that can vary from 0.9
t0 0.99 depending on the desired smoothness of the computed
SER .

[0174] 980: Compute the Posterior and Priori Signal to
Residual echo Noise Ratio (SNR,, and SRR ;). This is a
combination of the SNR and SER.

SRR po=(SNR poxSER po)/ (SNR p o+ SER o)

SRR p=(SNR p)XSER pg)/(SNR pp+SER ) (14)

[0175] 985: Compute Gain. Based on the estimated SNRs
and SERs, a spectral gain is computed for each frequency bin
and applied on the input spectrum. To estimate the spectral
gain we use the MMSE-LSA approach proposed by Ephraim
and Malah [1984], “Speech Enhancement Using a-Minimum
Mean-Square Error Short-Time SpectralAmplitude Estima-
tor,” IEEE Transactions on Acoustics, Speech, and Signal
Processing, Vol. 32, No. 6. This gain is very similar to the
Weiner filter gain. We consider four conditions to analyze the
above spectral gain and assume that background noise esti-
mate is constant. In all the cases there will be a constant
estimate of the background noise, which causes the gainto get
low values closer to 0 in particular frequency bins where only
background noise frequency components are only present.
[0176] Case 1: Far end speech is active and near end speech
is inactive. There will be significant values of residual echo
spectrum (since there is echo estimate from the MDF algo-
rithm). This causes the above said gain to low values closer to
zero in particular frequency bins.

[0177] Case 2: Far end speech is inactive and near end
speech is active. There will be no significant estimation of
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residual echo (since there is no echo estimate from the MDF
algorithm). This causes the gain to get high values closer to 1
and passes the near end signal as it is.

[0178] Case 3: Far end speech is active and near end speech
is also active. There will be significant estimation of residual
echo (since there is echo estimate from the MDF algorithm).
This causes the gain to get low values closer to 0 in particular
frequency bins where residual echo frequency components
are at the high level and it causes the gain to get high values
closer to 1 in particular bins where near end speech is domi-
nant, passes the near end signal as it is.

[0179] Case 4: Far end speech is inactive and near end
speech is also inactive. There will be no significant estimation
of residual echo (since there is no echo estimate from the
MDF algorithms), which causes the gain to get high values
closer to 1 and passes the incoming signal as it is.

[0180] 990: Application of Gain on the Input Spectrum.
N-point IFFT is applied on the input spectrum in which fre-
quency components have been scaled by gain. The spectral
gain computed above is applied on each frequency bin of the
input spectrum. (If MMSE-STSA is used, before applying the
gain on the input spectrum, we could use a lower bound of
either 0.2 or 0.3 on Gain, to prevent babbling noise or any
other artifacts. Application of a lower bound produces smooth
audio quality. On the other hand if MMSE-LSA is used, as we
do, then there is no need of a lower bound on gain since it is
automatically limited to 0.2 or 0.3.)

[0181] 995: Apply IFFT (Inverse Fast Fourier Transform)
to obtain Final Output. IFFT is applied on the input spectrum
in which frequency components have been scaled by gain to
remove the residual echo and noise.

5. Native Sampling Frequency

[0182] On a separate note, it has been observed that hard-
ware may capture audio (and play back audio) best at one
frequency, and sometimes at several frequencies (but usually
not all available frequencies). In these “best” cases, the fre-
quencies observed will be close to the actual sampling fre-
quencies specified. We refer to such actual frequencies as
“native frequencies.” Often there will be exactly one such
native frequency. One of the reasons that the nominal fre-
quencies are not obtained exactly is because these are based
on hardware clocks (on the sound cards) whose speed may not
be exactly divisible for each frequency or which may not
exactly match the other clocks that the operating system may
rely on.

[0183] Where possible, it is desirable to use the native
frequency for the capture and playback side of a system.
Using the native frequency is not critical to AEC, but it can
improve performance and quality. The native frequency can
be determined as follows. This description focuses on the
capture side but an analogous approach applies to the play-
back side as well.

[0184] The capture process is run for several different fre-
quencies. The actual amount of data captured is compared
against the expected data (based on the nominal frequency). If
the obtained frequency is within a pre-specified tolerance 6 of
the nominal frequency, it is reported as a native frequency.
One can also choose the sampling frequency with the smallest
error. The use of a tolerance allows for a greater choice of a
frequency to be the desired frequency, for example 16 kHz for
use with the G.722 standard. The approach is summarized
below and in FIG. 10, where ms means milliseconds.
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[0185] 1010: Setup. Let R be the number of sampling rates,
and S be the set of the sampling rates. (For example, R=2,
S={16 kHz, 48 kz}.). Specify a tolerance § within which a
frequency will be considered as an acceptable choice for a
native frequency. For example, 6=0.01. Let T, be the amount
of time at the start of test for which the results can be dis-
carded. T is typically chosen to be 5 seconds (but could be
any number including 0). Let T be the total time of the test
including T ;. For example, T can be chosen to be 60 seconds
(entered in ms).

[0186] 1015: Start with first sampling frequency. Set r=1.
[0187] 1020: Initialize for sampling frequency r. Set
t,=current time; set t=0.

[0188] 1025: Set start time. Let t,=t,.

[0189] 1030: Wait. Wait (sleep) for n ms; for example,
n=20. Typically the wait time will vary on machines and will
not be exactly 20 ms. Hence flow-control is used to ensure
that the average over the execution of the algorithm is 20 ms.

[0190] 1035: Capture data. Grab audio data and set
t,=current time.
[0191] 1040: Compute the expected amount of data in t,-t,

milliseconds and record the actual amount of captured data.
Note: Even though we specify a wait time of n ms, the actual
wait time on a machine varies and may not be exactly n ms.
The expected amount of data will be Fx(t,—t,) samples, F is
the is the sampling rate in kHz.

[0192] 1045: Compute total time. Let t=t+(t,~t,).

[0193] 1050: Repeatifspecified test time is not exceeded. If
t<T, go to step 1025.

[0194] 1060: Get next sampling frequency. If t=T, set r=r+
1. If r=R, repeat the process for the next sampling frequency;
go to step 1020

[0195] 1065: Discard initial data. For each sampling fre-
quency remove the first T, seconds of data.

[0196] 1070: Compute and Report. For each sampling fre-
quency, compare the actual amount of data against the
expected amount of data. All sampling frequencies whose
percentage difference between the two amounts is within 9,
are considered native frequencies.

[0197] Notes: 1. In practice we do not need to record the
data for the first T, seconds, because such data will be dis-
carded. We simply execute the code and record data after the
T, seconds. Choosing to record the first T, seconds as above
allows for further analysis and so may have some advantage
during initial testing. 2. When multiple frequencies satisfy the
tolerance criterion, we can choose the one which is more
desirable (or simply sort and pick the one with the lowest
errors). For example, if implementing using G.722, then 16
kHz is the most desirable since no further processing is
required to convert to the required 16 kHz by re-sampling. 3.
Efficiency improvements can be obtained by running the
algorithm simultaneously for each specified sampling fre-
quency in a separate thread.

[0198] Although the detailed description contains many
specifics, these should not be construed as limiting the scope
of the invention but merely as illustrating different examples
and aspects of the invention. It should be appreciated that the
scope of the invention includes other embodiments not dis-
cussed in detail above. Various other modifications, changes
and variations which will be apparent to those skilled in the
art may be made in the arrangement, operation and details of
the method and apparatus of the present invention disclosed
herein without departing from the spirit and scope of the
invention as defined in the appended claims. Therefore, the
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scope of the invention should be determined by the appended
claims and their legal equivalents.

[0199] Theterm “module” and similar terms is not meant to
be limited to a specific physical form. Depending on the
specific application, modules can be implemented as hard-
ware, firmware, software, and/or combinations of these. Fur-
thermore, different modules can share common components
or even be implemented by the same components. There may
or may not be a clear boundary between different modules.
Depending on the form of the modules, the “coupling”
between modules may also take different forms. Dedicated
circuitry can be coupled to each other by hardwiring or by
accessing a common register or memory location, for
example. Software “coupling” can occur by any number of
ways to pass information between software components (or
between software and hardware, if that is the case). The term
“coupling” is meant to include all of these and is not meant to
be limited to a hardwired permanent connection between two
components. In addition, there may be intervening elements.
For example, when two eclements are described as being
coupled to each other, this does not imply that the elements
are directly coupled to each other nor does it preclude the use
of other elements between the two.

What is claimed is:

1. A method for audio acoustic echo cancellation in an
audio conference with multiple participants, the audio con-
ference implemented over a network, the method imple-
mented at a participant’s audio conference device connected
to the network, the participant’s audio conference device
having a speaker and a microphone, the method comprising:

receiving a mixed audio signal of an audio conference

through a near end microphone, the mixed signal con-
taining an echo of a played back far-end audio signal, the
far-end audio signal sampled at a nominal frequency of
f,.m> the mixed signal captured at a capture frequency

M

estimating a mismatch between the capture frequency f,,

and the nominal frequency f,,,; and

adjusting the mixed signal to an effective sampling rate of

£, 10 compensate for the estimated mismatch.
2. The method of claim 1, further comprising applying
audio acoustic echo cancellation to the far-end audio signal
effectively sampled at £, ,, and the mixed signal effectively
sampled at f, ..
3. The method of claim 1, further comprising converting
the sampling rate of the far-end audio signal from a sampling
rate f,,, to an effective sampling rate of 1,,,,,,.
4. The method of claim 1, wherein the step of receiving the
mixed audio signal further comprises:
receiving the far-end audio signal effectively sampled at
{z, over the network; and

adjusting the far-end audio signal to an effective sampling
rate of f,,, to compensate for a mismatch between f,,,
and £, .

5. The method of claim 1, further comprising:

adjusting the far-end audio signal sampled at £, ,, to an
effective sampling rate of f before playback at the play-
back frequency f.

6. The method of claim 1 wherein f, , is anative frequency
of the participant’s audio conference device.

7. The method of claim 1, wherein the step of estimating a
mismatch between the capture frequency f,, and the nominal
frequency f,,,,, comprises:

estimating a drift between the capture frequency f, ,and the

nominal frequency f,

nom*
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8. The method of claim 6, wherein the step of estimating
the drift is based on a linear regression of drift as a function of
time step.

9. The method of claim 7, wherein the linear regression is
restarted if an estimated error in the linear regression exceeds
a threshold.

10. The method of claim 7, wherein a next data point for the
linear regression is discarded if it causes an increase in the
estimated error that exceeds a threshold.

11. The method of claim 6, wherein the step of adjusting
the mixed signal to an effective sampling rate of f,_,, com-
prises:

based on the estimated drift, adding or removing samples

from the mixed signal.

12. The method of claim 6, wherein the step of adjusting
the mixed signal to an effective sampling rate of f,_,, com-
prises:

resampling the mixed signal.

13. The method of claim 1, further comprising:

time synchronizing the far-end audio signal effectively

sampled at f, ,, and the mixed signal effectively sampled
atf, ,,, wherein the step of applying audio acoustic echo
cancellation occurs after time synchronization.

14. The method of claim 12, wherein the step of time
synchronizing comprises adjusting a delay between the far-
end audio signal and the mixed signal such that the mixed
signal is delayed between 0 and a preselected upper threshold
relative to the far-end audio signal.

15. The method of claim 1, wherein the step of applying
audio acoustic echo cancellation comprises applying the
audio acoustic echo cancellation method of claim 19.

16. The method of claim 1, wherein the audio conference is
an audio portion of a video conference.

17. The method of claim 1, wherein the audio conference
has at least three participants.

18. A method for audio acoustic echo cancellation in an
audio conference with multiple participants, the audio con-
ference implemented over a network, the method imple-
mented at a participant’s audio conference device connected
to the network, the participant’s audio conference device
having a speaker and a microphone, the method comprising:

capturing a mixed signal through the microphone, the

mixed signal containing an echo of a far-end audio sig-
nal played back through the speaker;

applying a first phase of audio acoustic echo cancellation

(AEC) to the far-end audio signal and the mixed signal,
the first phase AEC producing an estimate of the echo in
the mixed signal;

reducing the echo in the mixed signal using the estimate of

the echo from the first phase AEC to produce an echo-
reduced mixed signal;

applying a second phase of AEC to the echo-reduced mixed

signal, the second phase AEC:

receiving the estimate of the echo from the first phase
AEC; and

using the estimate from the first phase AEC as an esti-
mate of the residual echo in the echo-reduced mixed
signal.

19. The method of claim 18 wherein the first phase AEC
includes a multi delay block frequency domain adaptive filter
algorithm.

20. The method of claim 18 wherein the first phase AEC
includes a normalized least means square algorithm.
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