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Abstract: To solve the double-talk problem in the ech@onvergence of these algorithms was not perfectly

canceling, various algorithms such as CLMS, ECLMSatisfactory.

FECLMS have been proposed by authors to challenge thdn this paper we propose a new type echo canceling by

double-talk in the echo canceling system. In this paper wsing the smart acoustic room (SAR) [8] & correlation

propose a new type echo canceling by using the smérhction to challenge the double-talk problem. The

acoustic room (SAR) system & correlation function talgorithm uses two speakers and one microphone, by

challenge the double-talk problem. The proposesimartly control the acoustic impulse response the speaker

algorithm is combination of the ANC and the AECsignal will be cancelled at the microphone positiarally.

theories. By using this algorithm, the signal is cancefied That is, the microphone cannot receive any echo signal

the microphone position locally. The echo signal widt For the double-talk, the correlation function in the

be generated in the telephone system. The computerquency domain also is used.

simulation results support the theoretical findings and

verify the robustness of the proposed algorithm in th@Double-talk condition

double-talk situation. In the echo canceling system shown in Fig.1l, the
acoustic impulse response of the teleconference

Key words: ANC, AEC, Echo canceling, Smart acousticoom is estimated by an adaptive algorithm such as LMS

room (SAR), Double-talk, Correlation function.. algorithm. The output of the FIR filtep(n), is presented
by:
- i N-1
1-Intoduction . . CFm =Y hx(n-i) 1) (
The conventional algorithm usually stops adaptation =0

whenever double-talk sensor detects this conditiomhere N is the number of tapis the tap coefficient of

Stopping the tap adaptation is just a passive action ttoe adaptive FIR filter and(n) is the far-end signal at
handle the double-talk condition and it causes lowerirgample n.

speed of adaptations and/or totally mislead when the echhe echo signal is obtained from echo impulse response
path changed in the period of halting tap adaptation. Othas follows ( is the acoustic impulse response length):

works for challenging the problem of double-talk situation _ . )
. ) . y(n) =3 rix(n-i)

in the echo canceling can be found in [1], [2], and 3} t =0

cause much more complexity adding to a simple LM3$he error signale(n),is calculated as below:

algorithm.

e(n)=d(n)-y (n) 3)

To solve the double-talk problem and reduce
computational loads, FBAF algorithm, correlation LMSvhere d(n) is microphone signal that usually
(CLMS) algorithm, Extended CLMS (ECLMS) algorithm contains the echo signal. The LMS algorithm is dei:
and Frequency domain ECLMS (FECLMS). have beeﬁ,\i (n+1) = h, (n) + 24, &n)x(n-i) 4)
proposed [4], [5], [6] and [7]. We can continue the tap
adaptation (non-freezing) even in the double-talk sitnatiowherey, is the step size for tap coefficients adaptation. If
without misleading the estimation process. However, tlthe near-end signai(n) is also presented during the echo
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canceling, then the microphone signal contains both tthe one from Speaké&; is w,(n). We want to make a null

echo and the near-end signals.: point at the place of Microphone M. For this purpase,
d(n)=y(n)+s(n) (5) put one adaptive filter estimatb(n) in order to predict the
near-end far-end acoustic paths and to zero-enforce the signal of M. The
v d(n) _ e(n) = signal of Microphone is called the error sigreh) and it
y(m) §(n) J is obtained as follows:
r h FIR -filter
&) =x(n) *w; (M) +x(r) * () * w, () ©
S
LEM S x(n) Speaker 5,

w )

Fig.1. Echo canceller system T, "

i
We call this condition as double-talk condition. As we - . w’_[ﬂ’/wm/”?ﬁm
know the LMS algorithm it has difficulty to work in the Oﬁﬁ Speckerss
double-talk condition. To challenge the double-talk ... = .. ‘;;'1"__"’2 * o )
condition, the correlation function is used. Because the T U
near-end signas(n) is uncorrelated with the input signal, ! ) __--—W’J B X

the correlation of the(n)andx(n) nearly equal zero. So by PR — e
using the correlation function algorithm, the gradifort Fig.2. SAR model by using the virtual microphone
tap adaptation does not carry the undesired near-ema sigAside of speakers S1 and S2, we imagine that we have two
to misadjust the adaptive digital filter for echo pattvirtual speakers Band R in parallel with S1 and S2,
identification [5], [6], [7]. However, the steady staterespectively. Also, we define two virtual acoustichgafor
convergences of these algorithms are not satisfadteng S1 and 'R as wlL(n) and V2(n) from each virtual speaker to
we combine ANC with AEC to improve echo cancelinga virtual microphone M(see Fig.2). The signal of the
performance. In ANC, as we know the acoustic noise Wrtual microphone isa(n). According to Fig.2, we can
supposed to be cancelled by generating an opposite phasiée the following relation for the virtual paths:
signal that is generated by adaptive filtering of refeee ~ N o * o

(main) noise signal. Now, if we use this ANC struetat e(n) =x() vxg(n)+x(r) hn Ve (") )
near end room in AEC system, then echo signal will Oé h(n) is adapted perfectly, then the virtual error signal
diminished at the microphone position. That is, a venyill be diminished to zero. Therefore, in Z transfowa
week feed back exists between loudspeaker ahédve:

microphone. In a sense, we cancel echo signal béfore ~ ~

enters to microphone, acoustically by using ANC systemx(z)*wl(z) tX(A*H(Z)*W,(2)=0 ©
In the next section, we explain about not only a simplEhat is:
ANC, rather for well estimation of secondary pathhase

W
defined a SAR (Smart Acoustic Room) algorithm toH (z) = _V\71(Z) (9)
challenge this problem, before using ANC to AEC that 2(2)
will be explained later in the following sections. From Eg. (6) and (8), we conclude that:
W, (z W, (z W,(z) _W,(z
3- SAR Algorithm (2) _Wi(2)  Wi(2) _ W,( ):a(z) (10)

The secondary path estimation is a big problem in ANCV.V2 () W,(2)  Wi(2) W,(2)

Usually we estimate the secondary path by off-lingickv = Functiona(z) describes the relation between the real and
is not an effective method. To challenge this probtken virtual part of the system. Then we can use two simple
virtual microphone algorithm is proposed [9]. By usind-MS adaptive filters to estimate the impulse respomges
virtual microphone algorithm, we can estimate the maiand w.. For estimation the v the error signal can be
path and the secondary path simultaneous. In Fig.2waitten:

SAR model by using the virtual microphone is showre Th _ _ Y

source signak(n) is for instance a record player output orEWl(Z) = [Wi(2) ~a(2W, (2)] X (2)

any audio electric signal. This signal usually conveteed =W, (z) X (z) - VYZ—(Z)Vvl(z) X(z)=E(z) @1
acoustic signal through an amplifier and a loudspeaker in W, (2)

order to propagate in a room for listening. The acoustits the same for estimation the., the error signal can be
paths from Speakes, to the Microphone M isv(n) and  written:
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Ewl(z) = _E(Z) (12)

Re (N, k) =2 d(j)x(j-k) (21)
That is, the acoustic patha;(n) and w,(n) can be I=0
estimated by using the real ermfn). In order to reduce

the computational complexity at this time all theR., (n,k)
computation will be done in the frequency domain [7].

First the FFT of the input signal and echo signal arBhe fast Fourier transform is shown as below:

> dhy(i-k) @

calculated. vl
N1 Fo(n,p) =2 | D x(i)x(] -k)}Nk” (23)
F,(n,p)=> x(n-KkKW?*¥ (13) e e
e N-1[ n _ _ )
st Fo(np)=> [ > y()y(i- k)}w P (24)
F,(n,p)= y(n - k)w * (14) k=0| =0
k=0 -
N-1 n
Then the FFT transform of the error signal is cateda  F., (n, p) = > d(j)x(j - k)}N kp (25)
k=0| j=0
N -1 L
F.(n,p)=> e(n-kw?© (15) vl
e Fe, () = > | 2 d(D)y(i - k)}wkp (26)
So as the same as the FECLMS algorithm [6], the dcoust k=0l i=0
impulse response can be estimated by So the acoustic paths can be updated by:

~ o~ 24F.(n pF; (N p) ~ o~ 24F.,(n, PF.(n,p)
B e vy ey e Y X T LT
- - 2LF.(nPF, (0 p) ~ ~ 2F, (n PF,, M p)

— _ 17 = _ Y yy (28)
W, (n+1 P =W, (np LHIF, (0 PF, (0 ] (17) W, (n+1 p)=W, (n, p) L+(F, (0 D, (0 P

The superscript * shows the Hermitian transposition and sy = Micw

tr[] means the trace operator. Finally th@) can be
calculated by using the inverse FFT transform.

d () n:]

e(n)

correlation
function
adaptive Tilter

speaker s2
i :
y () — SO
x ()

wl w2

4-Proposed algorithm (Combination of ANC with

AEC)
In the Fig.3, the proposed echo canceling system by using
the smart acoustic room & correlation function isveho S,,Pke, o
Also the proposed algorithm will be implement in the near—end farmond
frequency domain. Fig.3 the proposed echo canceling system
For the double-talk condition the signal from the
microphone will be defined as follows: 5-Simulation results
d(n) =e(n) +s(n) . To demgnst:ate rt}he validity a::d th((aj robustness of the
18 proposed algorithm, we performed some computer
=x(n *V\{(n)-l-x(r) *h(n *V\é(n)-l-s(n) simulations. The input signat(n) and the double-talk
First the auto-correlation of the input signal is gldted:  signals(n) are the speeches of woman in English as shown
n in Fig4, 5, respectively. The adaptive filter has 32sta
Ry (n,k) = Z X(j)x(j - k) (19)  The step size is 0.007. The acoustic echo impulse respons
i=0 wi,, of the room are assumed to have exponential
n decaying shape that decreases to -60 dB after N samples as
R, (n,k)=> y(i)y(j-k) (20)  follows:
j=0

w, ., = Randrexp(-8i/ N 29
And then the cross-correlation function is calculated: 12 fexp( ) (29)
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In the Fig.5, the MSE of the proposed algorithm in the
double- talk condition is shown.

In the single-talk condition, the proposed algorithm
converges to —29 dB of echo cancellation at the
microphone and —17db signal can be heard. In the double-
talk condition, the proposed algorithm converges to —26
dB and —8db signal can be heard. That is, the echo can be
cancelled in microphone position by using the smart
acoustic control & correlation function. And also the

8] 2000 4000 G000 2000 10000 12000

feeratiom (o) person who is talking in the near-end room can hear the
Fig 4. The input speech signal x(n) signal from the speakers clearly.

6- conclusion

In this paper, a new type adaptive echo canceling by
using the smart acoustic room system & correlation
function is presented. The proposed algorithm is combined
with the ANC and the AEC theories. By smartly control
the acoustic impulse response the speaker signal will be
cancelled at the microphone position locally. The
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Iteration (n) simulation results show that the proposed algorithm has a
Fig 5. The double-talk speech signal s(n) good performance for the double-talk condition.
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