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A multi - channel acoustic echo cancellation ( AEC ) system 
that includes a step - size controller that dynamically deter 
mines a step - size value for each channel and each tone index 
on a frame - by - frame basis . The system determines the 
step - size value based on a normalized squared cross - corre 
lation ( NSCC ) between an estimated echo signal and an 
error signal , allowing the AEC system to converge quickly 
when an acoustic room response changes while providing 
stable steady - state error by avoiding misadjustments due to 
noise sensitivity and / or near - end speech . The step - size value 
can be determined using fractional weighting that takes into 
account a signal strength of each channel . 
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STEP - SIZE CONTROL FOR error and is less sensitive to local speech disturbance , but has 

MULTI - CHANNEL ACOUSTIC ECHO a very slow convergence rate ( e . g . , long convergence period 
CANCELLER before the estimated echo signal matches the microphone 

signal ) . Thus , AEC systems using fixed step - sizes either 
BACKGROUND prioritize a fast convergence rate or low steady state error . 

Some AEC systems compromise by having variable step 
In audio systems , automatic echo cancellation ( AEC ) size values , alternating between two or more step - size 

refers to techniques that are used to recognize when a system values . For example , an AEC system may determine when 
has recaptured sound via a microphone after some delay that the signals are diverging or far apart ( e . g . , the estimated echo 
the system previously output via a speaker . Systems that 10 signal does not match the microphone signal and / or an error 
provide AEC subtract a delayed version of the original audio is increasing ) and select a large step - size value , or determine 
signal from the captured audio , producing a version of the when the signals are converging ( e . g . , the estimated echo 
captured audio that ideally eliminates the “ echo ” of the signal is getting closer to the microphone signal and / or the 
original audio signal , leaving only new audio information . error is decreasing ) and select a small step - size value . While 
For example , if someone were singing karaoke into a 15 this compromise avoids the slow convergence rate and / or 
microphone while prerecorded music is output by a loud increased steady - state error of using the fixed step - size 
speaker , AEC can be used to remove any of the recorded value , the AEC system must correctly identify when the 
music from the audio captured by the microphone , allowing signals are diverging or converging and there may be a delay 
the singer ' s voice to be amplified and output without also when the system changes , such as when there is local speech 
reproducing a delayed “ echo ” the original music . As another 20 or when an echo path changes ( e . g . , someone stands in front 
example , a media player that accepts voice commands via a of the loudspeaker ) . 
microphone can use AEC to remove reproduced sounds To improve steady - state error , reduce a sensitivity to local 
corresponding to output media that are captured by the speech disturbance and improve a convergence rate when 
microphone , making it easier to process input voice com the system changes , devices , systems and methods are 
mands . 25 disclosed for dynamically controlling a step - size value for 

an adaptive filter . The step - size value may be controlled for 
BRIEF DESCRIPTION OF DRAWINGS each channel ( e . g . , speaker output ) in a multi - channel AEC 

algorithm and may be individually controlled for each 
For a more complete understanding of the present disclo frequency subband ( e . g . , range of frequencies , referred to 

sure , reference is now made to the following description 30 herein as a tone index ) on a frame - by - frame basis ( e . g . , 
taken in conjunction with the accompanying drawings . dynamically changing over time ) . The step - size value may 

FIG . 1 illustrates an echo cancellation system that be determined based on a scale factor that is determined 
dynamically controls a step - size parameter according to using a normalized squared cross - correlation value between 
embodiments of the present disclosure . an overall error signal and an estimated echo signal for an 

FIGS . 2A to 2C illustrate examples of channel indexes , 35 individual channel . Thus , as the microphone signal and the 
tone indexes and frame indexes . estimated echo signal diverge , the scale factor increases to 

FIG . 3 illustrates examples of convergence periods and improve the convergence rate ( e . g . , reduce a convergence 
steady state error associated with different step - size param period before the estimated echo signal matches the micro 
eters . phone signal ) , and when the microphone signal and the 

FIG . 4 illustrates an example of a convergence period and 40 estimated echo signal converge , the scale factor decreases to 
steady state error when a step - size parameter is controlled reduce the steady state error ( e . g . , reduce differences 
dynamically according to embodiments of the present dis between the estimated echo signal and the microphone 
closure . signal ) . The step - size value may also be determined based 

FIG . 5 is a flowchart conceptually illustrating an example on a fractional step - size weighting that corresponds to a 
method for dynamically controlling a step - size parameter 45 magnitude of the reference signal relative to a maximum 
according to embodiments of the present disclosure . magnitude of a plurality of reference signals . As the AEC 

FIG . 6 is a block diagram conceptually illustrating system and the system response changes , the step - size value 
example components of a system for echo cancellation is dynamically changed to reduce the steady state error rate 
according to embodiments of the present disclosure . while maintaining a fast convergence rate . 

50 FIG . 1 illustrates a high - level conceptual block diagram 
DETAILED DESCRIPTION of echo - cancellation aspects of a multi - channel acoustic 

echo cancellation ( AEC ) system 100 in " time " domain . The 
Acoustic echo cancellation ( AEC ) systems eliminate system 100 may include a step - size controller 104 that 

undesired echo due to coupling between a loudspeaker and controls a step - size parameter used by acoustic echo can 
a microphone . The main objective of AEC is to identify an 55 cellers 102 , such as a first acoustic echo canceller 102a and 
acoustic impulse response in order to produce an estimate of a second acoustic echo canceller 102b . For example , the 
the echo ( e . g . , estimated echo signal ) and then subtract the step - size controller 104 may receive microphone signal ( s ) 
estimated echo signal from the microphone signal . Many 120 ( e . g . , 120a ) , estimated echo signals 124 ( e . g . , 124a , 
AEC systems use frequency - domain adaptive filters to esti - 124b and 124c ) , error signal ( s ) 126 ( e . g . , 126a ) and / or other 
mate the echo signal . However , frequency - domain adaptive 60 signals generated or used by the first acoustic echo canceller 
filters are highly influenced by the selection of a step - size 102a and may determine step - size values and provide the 
parameter . For example , a large step - size value results in a step - size values to the first acoustic echo canceller 102a to 
fast convergence rate ( e . g . , short convergence period before be used by adaptive filters included in the first acoustic echo 
the estimated echo signal matches the microphone signal ) canceller 102a . The step - size values may be determined for 
but has increased steady state error ( e . g . , errors when the 65 individual channels ( e . g . , reference signals 120 ) and tone 
system is stable ) and is sensitive to local speech disturbance , indexes ( e . g . , frequency subbands ) on a frame - by - frame 
whereas a small step - size value results in low steady state basis . The first acoustic echo canceller 102a may use the 
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step - size values to perform acoustic echo cancellation and 118 . For example , a first estimated transfer function Ã ( n ) 
generate a first error signal 126a , as will be discussed in 122a models a first transfer function 116a between the first 
greater detail below . Thus , the first acoustic echo canceller loudspeaker 114a and the first microphone 118a , a second 
102a may generate the first error signal 126a using first filter estimated transfer function h ( n ) 122b models a second 
coefficients for the adaptive filters , the step - size controller 5 transfer function 116b between the second loudspeaker 114b 
104 may use the first error signal 126a to determine a and the first microphone 118a , and so on until a third 
step - size value and the adaptive filters may use the step - size estimated transfer function h ( n ) 122c models a third trans 
value to generate second filter coefficients from the first filter fer function 116c between the third loudspeaker 114c and the 
coefficients . first microphone 118a . These estimated transfer functions 
As illustrated in FIG . 1 , an audio input 110 provides stereo 10 h ( n ) 122a , ?2 ( n ) 122b and hp ( n ) 122c are used to produce 

audio “ reference ” signals x ( n ) 112a , xy ( n ) 112b and xp ( n ) estimated echo signals y , ( n ) 124a , y2 ( n ) 124b and yo ( n ) 
112c . A first reference signal x , ( n ) 112a is transmitted to a 124c . For example , the acoustic echo canceller 102a may 
first loudspeaker 114a , a second reference signal x2 ( n ) 112b convolve the reference signals 112 with the estimated trans 
is transmitted to a second loudspeaker 114b and a third fer functions 122 ( e . g . , estimated impulse responses of the 
reference signal Xp ( n ) 112c is transmitted to a third loud - 15 room 10 ) to generate the estimated echo signals 124 . Thus , 
speaker 114c . Each speaker outputs the received audio , and the acoustic echo canceller 102a may convolve the first 
portions of the output sounds are captured by a pair of reference signal 112a by the first estimated transfer function 
microphone 118a and 118b . While FIG . 1 illustrates two 122a to generate the first estimated echo signal 124a , which 
microphones 118a / 118b , the disclosure is not limited thereto models a first portion of the echo signal y , ( n ) 120a , may 
and the system 100 may include any number of microphones 20 convolve the second reference signal 1125 by the second 
118 without departing from the present disclosure . estimated transfer function 122b to generate the second 

The portion of the sounds output by each of the loud estimated echo signal 124b , which models a second portion 
speakers 114a / 114b / 114c that reaches each of the micro of the echo signal y , ( n ) 120a , and may convolve the third 
phones 118a / 118b can be characterized based on transfer reference signal 112c by the third estimated transfer function 
functions . FIG . 1 illustrates transfer functions h , ( n ) 116a , 25 122c to generate the third estimated echo signal 124c , which 
h2 ( n ) 116b and hp ( n ) 116c between the loudspeakers 114al models a third portion of the echo signal y , ( n ) 120a . The 
114b / 114c ( respectively ) and the microphone 118a . The acoustic echo canceller 102a may determine the estimated 
transfer functions 116 vary with the relative positions of the echo signals 124 using adaptive filters , as discussed in 
components and the acoustics of the room 10 . If the position greater detail below . For example , the adaptive filters may be 
of all of the objects in a room 10 are static , the transfer 30 normalized least means squared ( NLMS ) finite impulse 
functions are likewise static . Conversely , if the position of an response ( FIR ) adaptive filters that adaptively filter the 
object in the room 10 changes , the transfer functions may reference signals 112 using filter coefficients . 
change . The estimated echo signals 124 ( e . g . , 124a , 124b and 

The transfer functions ( e . g . , 116a , 116b , 116v ) character - 124c ) may be combined to generate an estimated echo signal 
ize the acoustic “ impulse response " of the room 10 relative 35 ? ( n ) 125a corresponding to an estimate of the echo com 
to the individual components . The impulse response , or ponent in the echo signal y? ( n ) 120a . The estimated echo 
impulse response function , of the room 10 characterizes the signal can be expressed as : 
signal from a microphone when presented with a brief input 
signal ( e . g . , an audible noise ) , called an impulse . The ý ( 2 ) = 2 ( k ) * x ( 2 ) + 2 ( 2 ) * x ( 2 ) + 2 ) ( n ) * xp ( 2 ) [ 2 ] 
impulse response describes the reaction of the system as a 40 where * again denotes convolution . Subtracting the esti 
function of time . If the impulse response between each of the mated echo signal 125a from the echo signal 120a produces 
loudspeakers 116a / 116b / 116c is known , and the content of the first error signal e , ( n ) 126a . Specifically : 
the reference signals x , ( n ) 112a , x2 ( n ) 112b and xp ( n ) 112c 
output by the loudspeakers is known , then the transfer ?i ( n ) = y? ( n ) - ?i ( n ) 
functions 116a , 116b and 116c can be used to estimate the 45 The system 100 may perform acoustic echo cancellation 
actual loudspeaker - reproduced sounds that will be received for each microphone 118 ( e . g . , 118a and 118b ) to generate 
by a microphone in this case , microphone 118a ) . The error signals 126 ( e . g . , 126a and 126b ) . Thus , the first 
microphone 118a converts the captured sounds into a signal acoustic echo canceller 102a corresponds to the first micro 
y ( n ) 120a . A second set of transfer functions is associated phone 118a and generates a first error signal e , ( n ) 126a , the 
with the other microphone 118b , which converts captured 50 second acoustic echo canceller 102b corresponds to the 
sounds into a signal y , ( n ) 120b . second microphone 118b and generates a second error signal 

The " echo ” signal y , ( n ) 120a contains some of the ez ( n ) 126b , and so on for each of the microphones 118 . The 
reproduced sounds from the reference signals x ( n ) 112a , first error signal e , ( n ) 126a and the second error signal e , ( n ) 
x ( n ) 112b and xp ( n ) 112c , in addition to any additional 126b ( and additional error signals 126 for additional micro 
sounds picked up in the room 10 . The echo signal y? ( n ) 120a 55 phones ) may be combined as an output ( i . e . , audio output 
can be expressed as : 128 ) . While FIG . 1 illustrates the first acoustic echo can 

celler 102a and the second acoustic echo canceller 102b as 
| P ( n ) = h ( n ) * x ( n ) + ( n ) * x ( n ) + hp ( n ) * xp ( n ) discrete components , the disclosure is not limited thereto 

where h ( n ) 116a , h2 ( n ) 116b and hp ( n ) 116c are the loud and the first acoustic echo canceller 102a and the second 
speaker - to - microphone impulse responses in the receiving 60 acoustic echo canceller 102b may be included as part of a 
room 10 , x , ( n ) 112a , x , ( n ) 112b and xp ( n ) 112c are the single acoustic echo canceller 102 . 
loudspeaker reference signals , * denotes a mathematical The acoustic echo canceller 102a calculates frequency 
convolution , and “ n ” is an audio sample . domain versions of the estimated transfer functions h , ( n ) 

The acoustic echo canceller 102a calculates estimated 122a , h ( n ) 122b and h ( n ) 122c using short term adaptive 
transfer functions 122a , 122b and 122c , each of which 65 filter coefficients W ( k , r ) that are used by adaptive filters . In 
model an acoustic echo ( e . g . , impulse response ) between an conventional AEC systems operating in the time domain , the 
individual loudspeaker 114 and an individual microphone adaptive filter coefficients are derived using least mean 

[ 3 ] 

[ 1 ] 
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squares ( LMS ) , normalized least mean squares ( NLMS ) or determine the sinusoidal frequency and phase content of 
stochastic gradient algorithms , which use an instantaneous local sections of a signal as it changes over time . 
estimate of a gradient to update an adaptive weight vector at Using a Fourier transform , a sound wave such as music or 
each time step . With this notation , the LMS algorithm can be human speech can be broken down into its component 
iteratively expressed in the usual form : 5 “ tones ” of different frequencies , each tone represented by a 

sine wave of a different amplitude and phase . Whereas a 
hnew = holdtu * e * * [ 4 ] time - domain sound wave ( e . g . , a sinusoid ) would ordinarily 

where hnew is an updated transfer function , hoid is a transfer be represented by the amplitude of the wave over time , a 
function from a prior iteration , u is the step size between 10 frequency domain representation of that same waveform 
samples , e is an error signal , and x is a reference signal . For comprises a plurality of discrete amplitude values , where 
example , the first acoustic echo canceller 102a may generate each amplitude value is for a different tone or “ bin . ” So , for 
the first error signal 126a using first filter coefficients for the example , if the sound wave consisted solely of a pure 
adaptive filters ( corresponding to a previous transfer func sinusoidal 1 kHz tone , then the frequency domain represen 
tion hoid ) , the step - size controller 104 may use the first error 15 tation would tation would consist of a discrete amplitude spike in the bin 
signal 126a to determine a step - size value ( e . g . , u ) , and the containing 1 kHz , with the other bins at zero . In other words , 
adaptive filters may use the step - size value to generate each tone “ m ” is a frequency index . 
second filter coefficients from the first filter coefficients FIG . 2A illustrates an example of frame indexes 210 
( corresponding to a new transfer function hnew ) . Thus , the function h 1 Thus the including reference values X ( m , n ) 212 and input values 
adjustment between the previous transfer function ho and 20 Y ( m , n ) 214 . For example , the AEC 102 may apply a 
new transfer function hnew is proportional to the step - size short - time Fourier transform ( STFT ) to the time - domain 
value ( e . g . , u ) . If the step - size value is closer to one , the reference signal x ( n ) 112 , producing the frequency - domain 
adjustment is larger , whereas if the step - size value is closer reference values X ( m , n ) 212 , where the tone index “ m ” reference values X ( m , n ) 212 , where the tone index " m ” 
to zero , the adjustment is smaller . ranges from 0 to M and “ n ” is a frame index ranging from 

Applying such adaptation over time ( i . e . , over a series of 25 0 to N . The AEC 102 may also apply an STFT to the time 
samples ) , it follows that the error signal " e " ( e . g . , 126a ) domain signal y ( n ) 120 , producing frequency - domain input 
should eventually converge to zero for a suitable choice of values Y ( m , n ) 214 . As illustrated in FIG . 2A , the history of 
the step size u ( assuming that the sounds captured by the the values across iterations is provided by the frame index 
microphone 118a correspond to sound entirely based on the “ n ” , which ranges from 1 to N and represents a series of 
references signals 112a , 112b and 112c rather than addi - 30 samples over time . 
tional ambient noises , such that the estimated echo signal FIG . 2B illustrates an example of performing an M - point 
? , ( n ) 125a cancels out the echo signal y , ( n ) 120a ) . How - STFT on a time - domain signal . As illustrated in FIG . 2B , if 
ever , e - > does not always imply that h - ? - 0 , where the a 256 - point STFT is performed on a 16 kHz time - domain 
estimated transfer function û cancelling the corresponding signal , the output is 256 complex numbers , where each 
actual transfer function h is the goal of the adaptive filter . For 35 complex number corresponds to a value at a frequency in 
example , the estimated transfer functions h may cancel a increments of 16 kHz / 256 , such that there is 125 Hz between 
particular string of samples , but is unable to cancel all points , with point o corresponding to 0 Hz and point 255 
signals , e . g . , if the string of samples has no energy at one or corresponding to 16 kHz . As illustrated in FIG . 2B , each 
more frequencies . As a result , effective cancellation may be tone index 220 in the 256 - point STFT corresponds to a 
intermittent or transitory . Having the estimated transfer 40 frequency range ( e . g . , subband ) in the 16 kHz time - domain 
function h approximate the actual transfer function h is the signal . While FIG . 2B illustrates the frequency range being 
goal of single - channel echo cancellation , and becomes even divided into 256 different subbands ( e . g . , tone indexes ) , the 
more critical in the case of multichannel echo cancellers that disclosure is not limited thereto and the system 100 may 
require estimation of multiple transfer functions . divide the frequency range into M different subbands . While 

In order to perform acoustic echo cancellation , the time 45 FIG . 2B illustrates the tone index 220 being generated using 
domain input signal y ( n ) 120 and the time domain reference a Short - Time Fourier Transform ( STFT ) , the disclosure is 
signal x ( n ) 112 may be adjusted to remove a propagation not limited thereto . Instead , the tone index 220 may be 
delay and align the input signal y ( n ) 120 with the reference generated using Fast Fourier Transform ( FFT ) , generalized 
signal x ( n ) 112 . The system 100 may determine the propa - Discrete Fourier Transform ( DFT ) and / or other transforms 
gation delay using techniques known to one of skill in the art 50 known to one of skill in the art ( e . g . , discrete cosine 
and the input signal y ( n ) 120 is assumed to be aligned for the transform , non - uniform filter bank , etc . ) . 
purposes of this disclosure . For example , the system 100 Given a signal z [ n ] , the STFT Z ( m , n ) of z [ n ] is defined by 
may identify a peak value in the reference signal x ( n ) 112 , 
identify the peak value in the input signal y ( n ) 120 and may 
determine a propagation delay based on the peak values . 55 [ 5 . 1 ] 

The acoustic echo canceller ( s ) 102 may use short - time Z ( m , n ) = Win ( k ) * z { k + n * u * e - 2 pixmxk / K 

Fourier transform - based frequency - domain acoustic echo 
cancellation ( STFT AEC ) to determine step - size . The fol 
lowing high level description of STFT AEC refers to echo Where , Win ( k ) is a window function for analysis , m is a 
signal y ( 120 ) which is a time - domain signal comprising an 60 frequency index , n is a frame index , u is a step - size ( e . g . , hop 
echo from at least one loudspeaker ( 114 ) and is the output of size ) , and K is an FFT size . Hence , for each block ( at frame 
a microphone 118 . The reference signal x ( 112 ) is a time - index n ) of K samples , the STFT is performed which 
domain audio signal that is sent to and output by a loud - produces K complex tones X ( m , n ) corresponding to fre 
speaker ( 114 ) . The variables X and Y correspond to a Short quency index m and frame index n . 
Time Fourier Transform of x and y respectively , and thus 65 Referring to the input signal y ( n ) 120 from the micro 
represent frequency - domain signals . A short - time Fourier phone 118 , Y ( m , n ) has a frequency domain STFT represen 
transform ( STFT ) is a Fourier - related transform used to tation : 

K - 1 [ 5 . 1 ] 
k = 0 
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K - 1 

k = 0 

K - 1 
e - 2 pi * m * k / K 

k = 0 

adjustment is larger , whereas if the step - size value is closer 
[ 5 . 2 ] to zero , the adjustment is smaller . 

Win ( k ) * y ( k + n * u * e Calculating the step - size values for each channel / tone 
index / frame index allows the system 100 to improve steady 
state error , reduce a sensitivity to local speech disturbance 

Referring to the reference signal x ( n ) 112 to the loud and improve a convergence rate of the AEC 102 . For 
speaker 114 , X ( m , n ) has a frequency domain STFT repre example , the step - size value may be increased when the 

error signal 126 increases ( e . g . , the echo signal 120 and the sentation : estimated echo signal 125 diverge ) to increase a conver 
10 gence rate and reduce a convergence period . Similarly , the 

[ 5 . 3 ] step - size value may be decreased when the error signal 126 
X ( m , n ) = ) Win ( k ) * y?k + n * u * e decreases ( e . g . , the echo signal 120 and the estimated echo 

signal 125 converge ) to reduce a rate of change in the 
transfer functions and therefore more accurately estimate the 

15 estimated echo signal 125 . 
The system 100 may determine the number of tone FIG . 3 illustrates examples of convergence periods and 

indexes 220 and the step - size controller 104 may determine steady state error associated with different step - size param 
a step - size value for each tone index 220 ( e . g . , subband ) . eters . As illustrated in FIG . 3 , a step - size parameter 310 may 
Thus , the frequency - domain reference values X ( m , n ) 212 vary between a lower bound ( e . g . , 0 ) and an upper bound 
and the frequency - domain input values Y ( m , n ) 214 are used 20 ( e . g . , 1 ) . A system distance measures the similarity between 
to determine individual step - size parameters for each tone the estimated impulse response and the true impulse 
index “ m , ” generating individual step - size values on a response . Thus , a relatively small step - size value corre 
frame - by - frame basis . For example , for a first frame index sponds to system distance chart 320 , which has a relatively 
“ 1 , " the step - size controller 104 may determine a first long convergence period 322 ( e . g . , time until the estimated 
step - size parameter u ( m ) for a first tone index “ m , " a second 25 echo signal 125 matches the echo signal 120 ) but relatively 
step - size parameter u ( m + 1 ) for a second tone index “ m + 1 , " low steady state error 324 ( e . g . , the estimated echo signal 
a third step - size parameter u ( m + 2 ) for a third tone index 125 accurately estimates the echo signal 120 ) . In contrast , a 
" m + 2 ” and so on . The step - size controller 104 may deter - relatively large step - size value corresponds to system dis 
mine updated step - size parameters for a second frame index tance chart 330 , which has a relatively short convergence 
“ 2 , " a third frame index “ 3 , " and so on . 30 period 332 and a relatively large steady state error 334 . 

As illustrated in FIG . 1 , the system 100 may be a While the large step - size value quickly matches the esti 
multi - channel AEC , with a first channel p ( e . g . , reference mated echo signal 125 to the echo signal 120 , the large 
signal 112a ) corresponding to a first loudspeaker 114a , a step - size value prevents the estimated echo signal 125 from 
second channel ( p + 1 ) ( e . g . , reference signal 112b ) corre - accurately estimating the echo signal 120 over time due to 
sponding to a second loudspeaker 114b , and so on until a 35 misadjustments caused by noise sensitivity and / or near - end 
final channel ( P ) ( e . g . , reference signal 112c ) that corre - speech ( e . g . , speech from a speaker in proximity to the 
sponds to loudspeaker 114c . FIG . 2A illustrates channel microphone 118 ) . 
indexes 230 including a plurality of channels from channel FIG . 4 illustrates an example of a convergence period and 
p to channel P . Thus , while FIG . 1 illustrates three channels steady state error when a step - size parameter is controlled 
( e . g . , reference signals 112 ) , the disclosure is not limited 40 dynamically according to embodiments of the present dis 
thereto and the number of channels may vary . For the closure . As illustrated in FIG . 4 , the system 100 may control 
purposes of discussion , an example of system 100 includes a step - size value of a dynamic step - size parameter 400 over 
“ P ” loudspeakers 114 ( P > 1 ) and a separate microphone array multiple iterations , ranging from an initial step - size value of 
system ( microphones 118 ) for hands free near - end / far - end one to improve convergence rate down to a smaller step - size 
multichannel AEC applications . 45 value to prevent misadjustments . System distance chart 410 

For each channel of the channel indexes ( e . g . , for each illustrates the effect of the dynamic step - size parameter 400 , 
loudspeaker 114 ) , the step - size controller 104 may perform which has a relatively short convergence period 412 and 
the steps discussed above to determine a step - size value for relatively low steady state error 414 . 
each tone index 220 on a frame - by - frame basis . Thus , a first While FIG . 4 illustrates a static environment where the 
reference frame index 210a and a first input frame index 50 system 100 controls the dynamic step - size parameter 400 
214a corresponding to a first channel may be used to from an initial state to a steady - state , a typical environment 
determine a first plurality of step - size values , a second is dynamic and changes over time . For example , objects in 
reference frame index 210b and a second input frame index the room 10 may move ( e . g . , a speaker may step in front of 
214b corresponding to a second channel may be used to a loudspeaker 114 and / or microphone 118 ) and change an 
determine a second plurality of step - size values , and so on . 55 echo path , ambient noise ( e . g . , conversation levels , external 
The step - size controller 104 may provide the step - size noises or intermittent noises or the like ) in the room 10 may 
values to adaptive filters for updating filter coefficients used vary and / or near - end speech ( e . g . , speech from a speaker in 
to perform the acoustic echo cancellation ( AEC ) . For proximity to the microphone 118 ) may be present . The 
example , the first plurality of step - size values may be system 100 may dynamically control the step - size parameter 
provided to first AEC 102a , the second plurality of step - size 60 to compensate for these fluctuations in environment and / or 
values may be provided to second AEC 102b , and so on . The echo path . 
first AEC 102a may use the first plurality of step - size values For example , when the system 100 begins performing 
to update filter coefficients from previous filter coefficients , AEC , the system 100 may control step - size values to be 
as discussed above with regard to Equation 4 . For example , large in order for the system 100 to learn quickly and match 
an adjustment between the previous transfer function hoid 65 the estimated echo signal to the microphone signal . As the 
and new transfer function hnew is proportional to the step - system 100 learns the impulse responses and / or transfer 
size value ( e . g . , u ) . If the step - size value is closer to one , the functions , the system 100 may reduce the step - size values in 
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order to reduce the error signal and more accurately calcu filtering the reference signal of the pth channel with the 
late the estimated echo signal so that the estimated echo adaptive filter coefficients weight vector w , ( m , n ) [ w , ºm , signal matches the microphone signal . In the absence of an n ) we ' ( m , n ) . . . WZ - ( m , n ) ] : external signal ( e . g . , near - end speech ) , the system 100 may 
converge so that the estimated echo signal closely matches 5 
the microphone signal and the step - size values become very 
small . If the echo path changes ( e . g . , someone physically Î , ( m , n ) = > xp ( m , n - r ) w , ( m , n ) 
stands between a loudspeaker 114 and a microphone 118 ) , 
the system 100 may increase the step - size values to learn the 
new acoustic echo . In the presence of an external signal The system 100 may use the estimated echo signals ( e . g . , 
( e . g . , near - end speech ) , the system 100 may decrease the 124a / 124b / 124c ) to determine ( 516 ) a combined estimated 
step - size values so that the estimated echo signal is deter - echo signal ( e . g . , 125a ) . For example , the system 100 may 
mined based on previously learned impulse responses and / or determine the combined ( e . g . , multi - channel ) echo estimate 
transfer functions and the system 100 outputs the near - end 15 signal 125 for a given microphone 118 as : 
speech . 

Additionally or alternatively , the step - size values may be 
distributed in accordance with the reference signals 112 . For olm , n ) = ) , ( m , n ) example , if one channel ( e . g . , reference signal 112a ) is 
significantly louder than the other channels , the system 100 20 
may increase a step - size value associated with the reference 
signal 112a relative to step - size values associated with the The system 100 may receive ( 518 ) a microphone signal 
remaining reference signals 112 . Thus , a first step - size value 120 ( e . g . , 120a ) and may determine ( 520 ) an error signal 126 
corresponding to the reference signal 112a will be relatively ( e . g . , 126a ) using the combined echo estimate signal 125 
larger than a second step - size value corresponding to the 25 ( e . g . , 125a ) and the microphone signal 120 . For example , the 
reference signal 112b . system 100 may determine the error signal 126 as : 

FIG . 5 is a flowchart conceptually illustrating an example 
method for dynamically controlling a step - size parameter e ( m , n ) = P ( m , n ) - V ( m , n ) [ 8 ] 
according to embodiments of the present disclosure . The where , e ( m , n ) is the error signal ( e . g . , error signal 126a 
example method illustrated in FIG . 5 determines a step - size 30 output by the first AEC 102a ) , y ( m , n ) is the microphone 
value for a single step - size parameter . The step - size param - signal ( e . g . , 120a ) and the error signal denotes the difference 
eter for a pth channel ( e . g . , reference signal 112 ) , an mth between the combined echo estimate ( e . g . , 125a ) and the 
tone index ( e . g . , frequency subband ) and an nth sample microphone signal ( e . g . , 120a ) . 
index ( e . g . , sample for the first tone index ) may be denoted The system 100 may determine ( 522 ) a cross - correlation 
as u ( m , n ) . The system 100 may repeatedly perform the 35 value between the error signal ( e . g . , 126a ) and the estimated 
example method illustrated in FIG . 5 to determine step - size echo signal for the pth channel ( e . g . , 124a ) . For example , the 
values for each channel and tone index on a frame - by - frame system 100 may determine a cross - correlation ( e . g . , rewam , 
basis . n ) ) using a first - order recursive averaging : 

As illustrated in FIG . 5 , the system 100 may determine 
( 510 ) a nominal step - size value for the pth channel and the 40 
mth tone index . A nominal step - size value may be defined Peyp ( m , n ) = are? ( m , n – 1 ) + ( 1 – a ) ( m , n ) e ( m , n ) [ 9 ] 
for every tone index and / or channel . For example , u ( m , n ) 
denotes a nominal step - size value for the mth tone index 
( e . g . , frequency subband ) and the pth channel ( e . g . , refer - where revo ( m , n ) is a current cross - correlation value , ae [ 0 , 
ence signal 120 ) , and , in some examples , may have a value 45 1 . 0 ] is a smoothing parameter , rem , n - 1 ) is a previous 
of 0 . 1 or 0 . 2 . Thus , the nominal step - size values may vary cross - correlation value , ? ( m , n ) is the estimated echo signal 
between channels and tone indexes , although the disclosure 124a , and e ( m , n ) is the error signal 126a . The smoothing 
is not limited thereto and the nominal step - size value may be parameter is a decimal value between zero and one that 
uniform for all channels and / or tone indexes without depart . indicates a priority of previous cross - correlation values 
ing from the disclosure . For example , a first nominal step - 50 relative to current cross - correlation values . For example , a 
size value may be used for multiple channels at a first tone value of one gives full weight to the previous cross - corre 
index ( e . g . , frequency subband ) , whereas a second nominal lation values and no weight to the current cross - correlation 
step - size value may be used for multiple channels at a values whereas a value of zero gives no weight to the 
second tone index . Thus , the system 100 may have varia previous cross - correlation values and full weight to the 
tions in nominal step - size values between lower tone 55 current cross - correlation values . As Equation 9 is a recursive 
indexes and higher tone indexes , such as using a larger equation , smoothing parameter values between zero and one 
step - size value for the lower tone indexes ( e . g . , low fre - correspond to various windows of time . For example , a 
quency range ) and a smaller step - size value for the high tone smoothing parameter value of 0 . 9 may correspond to a time 
indexes ( e . g . , high frequency range ) . The nominal step - size window of 100 ms , whereas a smoothing parameter value of 
values may be obtained from large data sets and pro - 60 0 . 95 may correspond to a time window of 200 ms . There 
grammed during an initialization phase of the system 100 . fore , the system 100 may select the smoothing parameter 

The system 100 may receive ( 512 ) a plurality of reference based on a desired time window to include when determin 
signals ( e . g . , 112a / 112b / 112c ) and may determine ( 514 ) a ing the current cross - correlation value . The system 100 may 
plurality of estimated echo signals ( e . g . , 124a / 124b / 124c ) . set an initial cross - correlation value equal to one , such that 
For example , ? , ( m , n ) denotes an estimated echo signal of 65 repom , 0 ) = 1 . 0 . 
the pth channel for the mth tone index and nth sample . The The system 100 may determine ( 524 ) a normalized 
system 100 may obtain this estimated echo signal ? , ( m , n ) by squared cross - correlation ( NSCC ) value between the error 
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signal ( e . g . , 126a ) and the estimated echo signal ( e . g . , 124a ) of the estimated echo signal ( e . g . , 124a ) , d is a regularization 
of the pth channel using the cross - correlation value . For factor ( e . g . , small constant , such as between 10 - 6 and 10 - 8 , 
example , the system 100 may determine a NSCC value that prevents the denominator from being zero ) , ß is a 
using : second tunable parameter , and o ’ is the current power of the 

5 error signal ( e . g . , 126a ) . 
The first tunable parameter k determines how much 

Peyn ( m , n ) 2 [ 10 ] fluctuation ( e . g . , difference between maximum and mini Fern ( m , n ) = 14 mum ) occurs in the step - size parameter . For example , a 
value of four allows the step - size value to fluctuate up to five 
times the nominal step - size value , whereas a value of zero 
allows the step - size value to fluctuate only up to the nominal 

where peop ( m , n ) is the NSCC value , rey ( m , n ) is the cross step - size value . An appropriate value for the first tunable 
correlation value , e is a regularization factor ( e . g . , small parameter k is determined based on the system 100 and fixed 
constant , such as between 10 - and 10 - 8 , that prevents the during an initialization phase of the system 100 . 
denominator from being zero ) , and o e ( m , n ) and on ( m , n ) Similarly , the second tunable parameter ß modulates the denote a first power of the error signal ( e . g . , 126a ) and a step - size value based on near - end speech after the system second power of the estimated echo signal ( e . g . , 124a ) for 100 has converged and the NSCC value for approaches a the mth tone index and nth sample , respectively , which can value of zero . When near - end speech is not present , the error be computed using a first - order recursive averaging : 20 signal 126a is a result of the estimated echo signal 125 not 

properly modeling the echo signal 120a , so the system 100 
increases the step - size value to in order to more quickly 02 ( m , n ) = æq ? ( m , n – 1 ) + ( 1 – @ ) le ( m , n ) ] 2 [ 11 . 1 ] converge the system 100 ( e . g . , properly model the echo 

o } , ( m , n ) = 20 % , ( m , n = 1 ) + ( 1 – 2 ) ) , ( m , n ) ? [ 11 . 2 ] signal 120a so that the error signal 126a approaches a value 
25 of zero ) . Thus , when near - end speech is not present , the 

system 100 improves the acoustic echo cancellation by 
where o?e ( m , n ) is the current power of the error signal ( e . g . , increasing the step - size value and adjusting the filter coef 
126a ) , o ( m , n - 1 ) is the previous power of the error signal ficients . However , when near - end speech is present , the error 
( e . g . , 126a ) , a is a smoothing parameter as discussed above , signal 126a is a result of the near - end speech and the audio 
e ( m , n ) is the error signal 126a , 30 output by the system 100 includes the near - end speech . 

Therefore , the system 100 improves the acoustic echo can 
cellation by decreasing the step - size value so that the filter 
coefficients are not adjusted based on the near - end speech . 0 } , ( m , n ) The system 100 accomplishes this using the second tunable 

35 parameter ß , which is multiplied by the power o?e of the 
is the current power of the estimated echo signal ( e . g . , 124a ) , error signal 126a and one minus the NSCC value fevr . Thus , 

when the NSCC value fevp is approximately one ( e . g . , the 
system 100 has not converged ) , the power on of the error 
signal 126a is ignored ( e . g . , multiplied by zero ) and the 03 , ( m , n - 1 ) 40 step - size value ?y is determined by the first tunable param 
eter k . For example , Equation 12 simplifies to uo = ( 1 + k ) as 

is the previous power of the estimated echo signal ( e . g . , the power 
124a ) , and ? ( m , n ) is the estimated echo signal 124a . 

The NSCC value effectively divides the cross - correlation 
value by a square root of variance of the error signal ( e . g . , 45 
126a ) and the estimated echo signal ( e . g . , 124a ) of the pth 
channel . By normalizing the cross - correlation value , the 
NSCC value has similar meanings between different signal of the estimated echo signal 124a cancels out ( e . g . , 
conditions ( e . g . , NSCC value of 0 . 7 has the same meaning 
regardless of the signal conditions ) . In some examples , the 50 
system 100 may bound the NSCC value between zero and 0 } , / 03 , = 1 ) . 
one , such that for ( m , n ) [ 0 , 1 . 0 ) . For ease of notation , the 
( m , n ) indices may be dropped as they are assumed to be 
present in all of the following equations . However , when the NSCC value few , approaches zero ( e . g . , 

The system 100 may determine ( 526 ) a step - size scale 55 the system 100 is converging ) , the power o? , of the error 
factor associated with the pth channel , mth tone index and signal 126a is multiplied by the second tunable parameter ß 
nth sample . For example , the system 100 may determine the and the step - size value up is decreased accordingly . For 
step - size scale factor using : example , Equation 12 simplifies to 

0 5p 

60 

[ 12 ] Hp = 03 , / ( 03 , + Borg ) 
? , ( m , n ) = 

[ ( 1 + k?es plon + o ] 
- Pes ) o ? + 8 ] The system 100 may determine ( 528 ) a step - size weight 

65 ing associated with the pth channel , mth tone index and nth 
sample . For example , the system 100 may determine the 
step - size weighting as : 

where , ( m , n ) is the step - size scale factor , k is a first tunable 
parameter , few , is the NSCC value , o is the current power 
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Q2 [ 13 ] above Rp = 
max { 0 } ] 

upper bound and a lower bound , although the disclosure is 
not limited thereto and the step - size weighting may vary 
between zero and one . 

The system 100 may determine ( 530 ) a step - size value 
5 based on the step - size scale factor , the step - size weighting 

and the nominal step - size value . For example , the step - size 
value of the pth channel for the mth tone index ( e . g . , 
frequency subband ) and nth sample may be determined 
using : 

where à , is the step - size weight , 

10 

Mp ( m , n ) = rz ( m , n ) _ ( m , n ) Hop [ 14 ] 
is the power of the reference signal 112 , and where u , ( m , n ) is a , u , ( m , n ) is the step - size scale factor , a , 

u " . ( m , n ) denotes a nominal step - size value for the mth 
15 tone index ( e . g . , frequency subband ) and the pth channel maxp { { p } ( e . g . , reference signal 120 ) . 

The system 100 may repeat the example method illus 
is a maximum power for every reference signal 112 . To trated in FIG . 5 to determine step - size values for each of the 
illustrate , if there are three reference signals ( e . g . , 112a , a P channels and M tone indexes on a frame - by - frame basis 

20 and may continue to provide the step - size values to the AEC 112b , 112c ) , then 102 over time . In addition , the system 100 may repeat the 
example method illustrated in FIG . 5 separately for each 

max , { n } AEC 102 ( e . g . , 102a , 102b ) . 
Initially , when the algorithm has just started , the NSCC 

value is approximately one ( e . g . , ?em , 0 ) - 1 ) ) . Thus , the 
is the maximum power ( e . g . , reference signal 112 with the step - size scale factor is approximately u , ( m , n ) - ( 1 + k ) and 
highest power ) . For example , if reference signal 112a has therefore the step - size value is approximately up ( m , n ) hp 
the highest power , then ( m , n ) ( 1 + k ) ? . . " , resulting in a large step - size value to adapt 

30 to the environment with a fast convergence rate . Later , as the 10 system 100 has converged ( e . g . , the combined estimated 
11 = 0 , lotion echo signal 125a matches the echo signal 120a ) , the NSCC 

value is approximately zero ( e . g . , fev ( m , n ) – 0 ) . Thus , the 
step - size value is approximately 

25 

1 / 41 

35 

12 = 0 # zloha op 
Mp ( m , n ) zdp ( m , n ) - 2 de pop 

OP Shop + Bozler 
and 40 

meaning that the step - size value u , ( m , n ) is largely controlled 
by the relative powers of the estimated echo signal 125a 
( e . g . , 13 = otz / 0 

Thus , the step - size weighting is calculated based on a signal 
strength and corresponds to a magnitude of the reference 
signal relative to a maximum magnitude . The step - size 
weight may be determined for each tone index ( e . g . , fre and the error signal 126a ( e . g . , 0² . ) . Therefore , if the 
quency subband ) , such that a first step - size weight corre - 50 external disturbance is large , the error signal energy ( e . g . , 
sponding to a first tone index ( e . g . , low frequency subband ) 02 ) increases and the step - size value u , ( m , n ) is reduced 
is based on the maximum power for portions of every proportionately in order to protect the AEC weights from 
reference signal 112 in the low frequency subband while a divergence . For example , when the system 100 detects 
second step - size weight corresponding to a second tone near - end speech , the error becomes high due to the external 
index ( e . g . , high frequency subband ) is based on the maxi - 55 disturbance , which cannot be cancelled and is therefore 
mum power for portions of every reference signal 112 in the represented in the error signal . Thus , the denominator 
high frequency subband . becomes large and the step - size value up ( m , n ) becomes 

For example , if one channel ( e . g . , reference signal 112a ) small . 
is significantly louder than the other channels , the system When the echo path changes , the NSCC value begins to 
100 may increase the step - size weighting to increase a 60 increase towards a value of one , resulting in the step - size 
step - size value associated with the reference signal 112a value u , ( m , n ) increasing , enabling the AEC 102 to converge 
relative to step - size values associated with the remaining quickly ( e . g . , the combined estimated echo signal 125a 
reference signals 112 . Thus , a first step - size value corre - matches the microphone signal 120a in a short amount of 
sponding to the reference signal 112a will be relatively time ) . 
larger than a second step - size value corresponding to the 65 The system 100 may use the step - size value wy ( m , n ) to 
reference signal 112b . In some examples , the system 100 update the weight vector in Equation 6 according to a tone 
may bound the fractional step - size weighting between an index normalized least mean squares algorithm : 
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tively , some or all of the executable instructions may be 
Mp ( m , n ) embedded in hardware or firmware in addition to or instead wy ( m , n ) = w , * ( m , n - 1 ) + of software . 

The device 601 includes input / output device interfaces 
5 602 . A variety of components may be connected through the 

where w ( m , n ) is an updated weight vector , w ( m , n - 1 ) is a input / output device interfaces 602 , such as the speaker ( s ) 
weight vector from a prior iteration , u ( m , n ) is the step size 114 , the microphones 118 , and a media source such as a 
between samples ( e . g . , step - size value ) , ç is a regularization digital media player ( not illustrated ) . The input / output inter 
factor , x ( m , n ) is a reference signal ( e . g . , reference signal faces 602 may include A / D converters ( not shown ) for 
112 ) and e ( m , n ) is an error signal ( e . g . , error signal 126a ) . 10 converting the output of microphone 118 into signals y 120 , 

Equation 15 is similar to Equation 4 discussed above with if the microphones 118 are integrated with or hardwired 
regard to determining an updated transfer function , but directly to device 601 . If the microphones 118 are indepen 
Equation 15 normalizes the updated weight by dividing the dent , the A / D converters will be included with the micro 

phones , and may be clocked independent of the clocking of step - size value u ( m , n ) by a sum of a regularization factor ç 15 the device 601 . Likewise , the input / output interfaces 602 and a square of the absolute value of the reference signal may include D / A converters ( not shown ) for converting the x ( m , n ) . The regularization factor ç is a small constant ( e . g . , reference signals x 112 into an analog current to drive the between 10 - to 10 - 8 ) that ensures that the denominator is a speakers 114 , if the speakers 114 are integrated with or value greater than zero . Thus , the adjustment between the hardwired to the device 601 . However , if the speakers are 
previous weight vector w ( m , n - 1 ) and the updated weight 20 independent , the D / A converters will be included with the 
vector w ( m , n ) is proportional to the step - size value u ( m , n ) . speakers , and may be clocked independent of the clocking of 
If the step - size value u ( m , n ) is closer to one , the adjustment the device 601 ( e . g . , conventional Bluetooth speakers ) . 
is larger , whereas if the step - size value u ( m , n ) is closer to The input / output device interfaces 602 may also include 
zero , the adjustment is smaller . an interface for an external peripheral device connection 

FIG . 6 is a block diagram conceptually illustrating 25 such as universal serial bus ( USB ) , FireWire , Thunderbolt or 
example components of the system 100 . In operation , the other connection protocol . The input / output device inter 
system 100 may include computer - readable and computer - faces 602 may also include a connection to one or more 
executable instructions that reside on the device 601 , as will networks 699 via an Ethernet port , a wireless local area 
be discussed further below . network ( WLAN ) ( such as WiFi ) radio , Bluetooth , and / or 

The system 100 may include one or more audio capture 30 wireless network radio , such as a radio capable of commu 
device ( s ) , such as a microphone 118 or an array of micro nication with a wireless communication network such as a 
phones 118 . The audio capture device ( s ) may be integrated Long Term Evolution ( LTE ) network , WiMAX network , 3G 
into the device 601 or may be separate . network , etc . Through the network 699 , the system 100 may 

The system 100 may also include an audio output device be distributed across a networked environment . 
35 The device 601 further includes an AEC module 630 that for producing sound , such as speaker ( s ) 114 . The audio includes the individual AEC 102 , where there is an AEC 102 output device may be integrated into the device 601 or may for each microphone 118 . be separate . Multiple devices 601 may be employed in a single system The device 601 may include an address / data bus 624 for 100 . In such a multi - device system , each of the devices 601 conveying data among components of the device 601 . Each 20 he device ous . Each 40 may include different components for performing different component within the device 601 may also be directly aspects of the STFT AEC process . The multiple devices may 

connected to other components in addition to ( or instead of ) include overlapping components . The components of device 
being connected to other components across the bus 624 . 601 as illustrated in FIG . 6 is exemplary , and may be a 

The device 601 may include one or more controllers / stand - alone device or may be included , in whole or in part , 
processors 604 , that may each include a central processing 45 as a component of a larger device or system . For example , 
unit ( CPU ) for processing data and computer - readable in certain system configurations , one device may transmit 
instructions , and a memory 606 for storing data and instruc - and receive the audio data , another device may perform 
tions . The memory 606 may include volatile random access AEC , and yet another device my use the error signals 126 for 
memory ( RAM ) , non - volatile read only memory ( ROM ) , operations such as speech recognition . 
non - volatile magnetoresistive ( MRAM ) and / or other types 50 The concepts disclosed herein may be applied within a 
of memory . The device 601 may also include a data storage number of different devices and computer systems , includ 
component 608 , for storing data and controller / processor - ing , for example , general - purpose computing systems , mul 
executable instructions ( e . g . , instructions to perform the timedia set - top boxes , televisions , stereos , radios , server 
algorithms illustrated in FIGS . 1 , 5 and / or XXE ) . The data client computing systems , telephone computing systems , 
storage component 608 may include one or more non - 55 laptop computers , cellular phones , personal digital assistants 
volatile storage types such as magnetic storage , optical ( PDAs ) , tablet computers , wearable computing devices 
storage , solid - state storage , etc . The device 601 may also be ( watches , glasses , etc . ) , other mobile devices , etc . 
connected to removable or external non - volatile memory The above aspects of the present disclosure are meant to 
and / or storage ( such as a removable memory card , memory be illustrative . They were chosen to explain the principles 
key drive , networked storage , etc . ) through the input / output 60 and application of the disclosure and are not intended to be 
device interfaces 602 . exhaustive or to limit the disclosure . Many modifications 

Computer instructions for operating the device 601 and its and variations of the disclosed aspects may be apparent to 
various components may be executed by the controller ( s ) those of skill in the art . Persons having ordinary skill in the 
processor ( s ) 604 , using the memory 606 as temporary field of digital signal processing and echo cancellation 
" working " storage at runtime . The computer instructions 65 should recognize that components and process steps 
may be stored in a non - transitory manner in non - volatile described herein may be interchangeable with other com 
memory 606 , storage 608 , or an external device . Alterna ponents or steps , or combinations of components or steps , 
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and still achieve the benefits and advantages of the present determining a first sum by adding the first power value to 
disclosure . Moreover , it should be apparent to one skilled in the second product ; and 
the art , that the disclosure may be practiced without some or determining the first scale factor by dividing the first 
all of the specific details and steps disclosed herein . product by the first sum . 

Aspects of the disclosed system may be implemented as 5 3 . The computer - implemented method of claim 1 , 
a computer method or as an article of manufacture such as wherein determining the first NSCC value further com 
a memory device or non - transitory computer readable stor prises : 
age medium . The computer readable storage medium may determining a first smoothing value between zero and be readable by a computer and may comprise instructions one , the first smoothing value indicating a weight for causing a computer or other device to perform processes 10 associated with a first cross - correlation value at a first described in the present disclosure . The computer readable time ; storage medium may be implemented by a volatile computer determining a second smoothing value by subtracting the memory , non - volatile computer memory , hard drive , solid first smoothing value from one ; state memory , flash drive , removable disk and / or other 
media . Some or all of the AEC module 630 may be imple - 15 determining the first cross - correlation value between the 
mented by a digital signal processor ( DSP ) . error signal and the first echo audio signal at the first 

As used in this disclosure , the term “ a ” or “ one ” may time ; 
include one or more items unless specifically stated other generating a first product by multiplying the first smooth 
wise . Further , the phrase " based on ” is intended to mean ing value and the first cross - correlation value ; 
“ based at least in part on ” unless specifically stated other - 20 generating a second product by multiplying the second 
wise . smoothing value , the first echo audio signal and the 

error signal ; 
What is claimed is : determining a second cross - correlation value between the 
1 . A computer - implemented method implemented on a error signal and the first echo audio signal at a second 

voice - controllable device , the method determining a step - 25 time after the first time by summing the first product 
size value of a first adaptive filter of the device , the method and the second product ; and 
comprising : determining the first normalized cross - correlation value 

receiving a first reference audio signal that is sent from the by normalizing the second cross - correlation value . 
device to a first loudspeaker for audio playback ; 4 . The computer - implemented method of claim 1 , 

receiving , from a microphone of the device , a first micro - 30 wherein determining the first weight further comprises : 
phone audio signal representing audible sound output determining a first portion of the first reference audio 
by the first loudspeaker ; signal that corresponds to a first duration of time and a 

determining , using the first reference audio signal and the first frequency range ; 
first adaptive filter that is configured to adjust according determining a first portion of the second reference audio 
to an optimization algorithm , a first echo audio signal 35 signal that corresponds to the first duration of time and 
that is an estimated representation of a portion of the the first frequency range ; 
first microphone audio signal ; determining a first power value corresponding to a mag 

determining a plurality of echo audio signals ; nitude of the first portion of the first reference audio 
determining a combined echo audio signal by summing signal ; 

the plurality of echo audio signals and the first echo 40 determining a second power value corresponding to a 
audio signal ; magnitude of the first portion of the second reference 

determining an error signal by subtracting the combined audio signal ; 
echo audio signal from the first microphone audio determining that the second power value is greater than 
signal ; the first power value ; and 

determining a first normalized squared cross - correlation 45 determining the first weight by dividing the first power 
( NSCC ) value between the error signal and the first value by the second power value . 
echo audio signal ; 5 . A computer - implemented method , comprising : 

determining a first scale factor using the first NSCC value , receiving a first reference signal corresponding to a first 
the first scale factor becoming larger as the first NSCC audio channel ; 
value approaches a value of one ; 50 receiving a second reference signal corresponding to a 

determining a first weight corresponding to a magnitude second audio channel ; 
of the first reference audio signal ; receiving a first audio input signal ; 

determining the step - size value by multiplying the first determining , using a first adaptive filter and the first 
scale factor , the first weight and a nominal step - size reference signal , a first echo signal that models a first 
value , the step - size value corresponding to the first 55 portion of the first audio input signal ; 
reference audio signal ; and determining , using a second adaptive filter and the second 

providing the step - size value to the first adaptive filter . reference signal , a second echo signal that models a 
2 . The computer - implemented method of claim 1 , second portion of the first audio input signal ; 

wherein determining the first scale factor further comprises : combining the first echo signal and the second echo signal 
determining a first power value corresponding to the first 60 to generate a combined echo signal ; 

echo audio signal ; determining an error signal by subtracting the combined 
determining second power value corresponding to the echo signal from the first audio input signal ; 

error signal ; determining a first normalized squared cross - correlation 
determining a first product by multiplying one plus the ( NSCC ) value associated with the error signal and the 

first NSCC value by the first power value ; 65 first echo signal ; 
determining a second product by multiplying one minus determining a first scale factor based on the first NSCC 

the first NSCC value by the second power value ; value ; and 
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determining a first step - size value based on the first scale determining a third product by multiplying the first power 
factor and a nominal step - size value , the first step - size value by the second power value ; 
value corresponding to the first reference signal . determining a first denominator by taking a square root of 

6 . The computer - implemented method of claim 5 , the third product ; 
wherein the first step - size value corresponds to the first 5 determining a first value by dividing the second cross 
reference signal , a first duration of time , and a first frequency correlation value by the denominator ; and 
range , and the method further comprises : determining the first NSCC value by squaring a magni determining a second step - size value , the second step - size tude of the first value . value corresponding to the first reference signal , the 10 . The computer - implemented method of claim 5 , fur first duration of time and a second frequency range ; econd frequency range : 10 ther comprising : 10 11 

determining a third step - size value , the third step - size determining a first weight corresponding to a magnitude value corresponding to the second reference signal , the 
first duration of time and the first frequency range ; of the first reference signal ; and 

sending the first step - size value to the first adaptive filter ; determining the first step - size value based on the first 
sending the second step - size value to the first adaptive 15 scale factor , the first weight and the nominal step - size . 

filter ; 11 . The computer - implemented method of claim 10 , 
sending the third step - size value to the second adaptive and adaptive wherein determining the first weight further comprises : 

filter ; and determining a first portion of the first reference signal that 
performing acoustic echo cancellation using the first corresponds to a first duration of time and a first 

adaptive filter and the second adaptive filter . 20 frequency range ; 
7 . The computer - implemented method of claim 5 , determining a first portion of the second reference signal 

wherein determining the first scale factor further comprises : that corresponds to the first duration of time and the 
determining a first power value corresponding to the first first frequency range ; 

echo signal ; determining a first power value corresponding to a mag 
determining second power value corresponding to the 25 nitude of the first portion of the first reference signal ; 

error signal ; determining a second power value corresponding to a 
determining a first product by multiplying the first NSCC magnitude of the first portion of the second reference 

value by a first constant ; signal ; 
determining a second product by multiplying one plus the determining that the second power value is greater than 

first product by the first power value ; the first power value ; and 
determining a third product by multiplying one minus the determining the first weight by dividing the first power 

first NSCC value by the second power value ; value by the second power value . 
determining a first sum by adding the first power value to 12 . The computer - implemented method of claim 5 , 

the third product ; and wherein determining the first echo signal further comprises : 
determining the first scale factor by dividing the second 35 estimating a first transfer function corresponding to an 

product by the first sum . impulse response ; 
8 . The computer - implemented method of claim 5 , determining a weight vector based on the first transfer 

wherein determining the first NSCC value further com function , the weight vector corresponding to adaptive 
prises : filter coefficients ; and 

determining a first smoothing value between zero and 40 determining the first echo signal by convolving the first 
one , the first smoothing value indicating a weight reference signal with the weight vector . 
associated with a first cross - correlation value that cor 13 . A first device , comprising : 
responds to a first time ; at least one processor ; 

determining a second smoothing value by subtracting the a wireless transceiver ; and 
first smoothing value from one ; 45 a memory device including first instructions operable to 

determining the first cross - correlation value between the be executed by the at least one processor to configure 
error signal and the first echo signal at the first time , the the first device to : 
first cross - correlation value corresponding to a second receive a first reference signal corresponding to a first 
frame preceding the first frame ; audio channel ; 

generating a first product by multiplying the first smooth - 50 receive a second reference signal corresponding to a 
ing value and the first cross - correlation value ; second audio channel ; 

generating a second product by multiplying the second receive a first input signal ; 
smoothing value , the first echo signal and the error determine , using a first adaptive filter and the first 
signal ; reference signal , a first echo signal that models a first 

determining a second cross - correlation value between the 55 portion of the first audio input signal ; 
error signal and the first echo signal at a second time determine , using a second adaptive filter and the second 
after the first time by summing the first product and the reference signal , a second echo signal that models a 
second product ; and second portion of the first audio input signal ; 

determining the first NSCC value by normalizing the combining the first echo signal and the second echo 
second cross - correlation value . 60 signal to generate a combined echo signal ; 

9 . The computer - implemented method of claim 8 , determine an error signal by subtracting the combined 
wherein determining the first NSCC value further com echo signal from the first audio input signal ; 
prises : determine a first normalized squared cross - correlation 

determining a first power value corresponding to the first ( NSCC ) value associated with the error signal and 
echo signal ; 65 the first echo signal ; 

determining a second power value corresponding to the determine a first scale factor based on the first NSCC 
error signal ; value ; and 

alue to 
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determine a first step - size value based on the first scale determine a second cross - correlation value between the 
factor and a nominal step - size value , the first step error signal and the first echo signal at a second time 
size value corresponding to the first reference signal . after the first time by summing the first product and the 

14 . The first device of claim 13 , wherein the first step - size second product ; and 
value corresponds to the first reference signal , a first dura - 5 determine the first NSCC value by normalizing the second 

cross - correlation value . tion of time and a first frequency range , and the second 17 . The first device of claim 16 , wherein the second instructions further configure the first device to : instructions further configure the first device to : determine a second step - size value , the second step - size determine a first power value corresponding to the first 
value corresponding to the first reference signal , the echo signal ; 
first duration of time and a second frequency range ; 10 determine a second power value corresponding to the 

determine a third step - size value , the third step - size value error signal ; 
corresponding to the second reference signal , the first determine a third product by multiplying the first power 
duration of time and the first frequency range ; value by the second power value ; 

send the first step - size value to the first adaptive filter ; 15 determine a first denominator by taking a square root of 
send the second step - size value to the first adaptive filter ; the third product ; 

determine a first value by dividing the second cross send the third step - size value to the second adaptive filter ; 
and correlation value by the denominator , and 

perform acoustic echo cancellation using the first adaptive determine the first NSCC value by squaring a magnitude 
filter and the second adaptive filter . of the first value . 

15 . The first device of claim 13 , wherein the second 18 . The first device of claim 13 , wherein the second 
instructions further configure the first device to : instructions further configure the first device to : 

determine a first power value corresponding to the first determine a first weight corresponding to a magnitude of 
echo signal ; the first reference signal ; and 

determine second power value corresponding to the error 25 determine the first step - size value based on the first scale 
signal ; factor , the first weight and the nominal step - size . 

determine a first product by multiplying the first NSCC 19 . The first device of claim 18 , wherein the second 
value by a first constant ; instructions further configure the first device to : 

determine a second product by multiplying one plus the determine a first portion of the first reference signal that 
first product by the first power value ; corresponds to a first duration of time and a first 

30 determine a third product by multiplying one minus the frequency range ; 
first NSCC value by the second power value ; determine a first portion of the second reference signal 

that corresponds to the first duration of time and the determine a first sum by adding the first power value to 
the third product ; and first frequency range ; 

determine the first scale factor by dividing the second 35 determine a first power value corresponding to a magni 
product by the first sum . tude of the first portion of the first reference signal ; 

16 . The first device of claim 13 , wherein the second determine a second power value corresponding to a 
instructions further configure the first device to : magnitude of the first portion of the second reference 

determine a first smoothing value between zero and one , signal ; 
the first smoothing value indicating a weight associated in determine that the second power value is greater than the 
with a first cross - correlation value that corresponds to first power value ; and 
a first time ; determine the first weight by dividing the first power 

determine a second smoothing value by subtracting the value by the second power value . 
first smoothing value from one ; 20 . The first device of claim 13 , wherein the second 

determine the first cross - correlation value between the 45 instructions further configure the first device to : 
error signal and the first echo signal at the first time , the estimate a first transfer function corresponding to an 
first cross - correlation value corresponding to a second impulse response ; 
frame preceding the first frame ; determine a weight vector based on the first transfer 

generate a first product by multiplying the first smoothing function , the weight vector corresponding to adaptive 
value and the first cross - correlation value ; filter coefficients ; and 

generate a second product by multiplying the second determine the first echo signal by convolving the first 
smoothing value , the first echo signal and the error reference signal with the weight vector . 
signal ; * * * * * 

30 




