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Abstract— For convenient hands-free telecommunication systems echo
cancelers with a low delay are desirable. Since such systems have to
cope with long room impulse responses (RIRs) common echo cancelation
techniques often suffer from slow convergence or introduce large delays.
An algorithm for acoustic echo cancelation (AEC) has to compensate
the influence of RIRs of several thousand sampling points. Thus for
frequency domain algorithms long DFT-lengths are needed to cover the
whole influence of the RIRs. Approaches in the partitioned frequency
domain overcome this drawback. Our contribution describes a combined
echo cancelation system in the partitioned frequency domain containing
a conventional stereo AEC enhanced by a post-filter which requires a
reliable residual echo estimate. This contribution focuses on minimizing
the estimation bias introduced by partitioned residual echo estimation.
For this purpose an optimal smoothing factor for the residual echo
differential system will be derived.

I. INTRODUCTION

In hands-free video-conferencing-systems the signal of the far
speaker Sy[m,[] is transmitted to the receiving room and then
picked up by the microphones due to the acoustic coupling between
loudspeakers and microphones. Thus it has to be compensated to
prevent it from being transmitted back to the far end speaker. The
system model is depicted in Fig. 1. All signals in this contribution are
defined in the partitioned discrete frequency domain with a discrete
frequency index m and a discrete block index [. The index of the
channel is denoted by ¢ = {0,1}. The echo signals W;[m,!] are
attenuated by the AEC-filters C;[m, ] which calculate an estimate
of the echoes W; [m, 1] contained in the microphone path. The post-
filter P[m,l] is a common enhancement technique to support the
AECs which cover only a finite length of the RIRs [1]. Thus some
residual echo E[m,[] remains after the AECs [2], [3] and has to
be canceled by the post-filter. It should be noted that only one half
of the stereo system is depicted in Fig. 1 since the system for the
second microphone channel is equivalent and independent of system
for the first microphone channel. Thus only one microphone channel
is considered here.
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Fig. 1. Acoustic Echo Canceler (AEC) with a post-filter in a stereo setup
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The remainder of this paper is organized as follows. Section II
briefly introduces the partitioned frequency domain framework used
in the following sections. Furthermore the estimation of the residual
echo remaining after the acoustic echo canceller (AEC) is described
for the stereo case. In Section III we derive an optimal smoothing
factor for the estimation of the residual echo, that minimizes the
estimation bias. Simulation results are presented in Section IV and
Section V concludes this contribution.

II. RESIDUAL ECHO ESTIMATION IN THE PARTITIONED
FREQUENCY DOMAIN

Acoustic echo cancellers have to deal with very long impulse
responses because of the high reverberation times of common office
environments [1]. If long impulse responses have to be taken into
account, either the processed blocks have to be of sufficient length
to cover the whole impulse response or a partitioned calculation has
to be applied. The block length directly influences the delay of the
system, which should be kept as small as possible. On the other hand
an estimation bias is introduced by an increased number of shorter
blocks [4], [2].

With the definition of the short-time spectrum of the signal z[k]
and the system h[k] with 50 % overlapping

Lppr/2-1 I ) "
Xpmyl)= Y P' 2;T‘*k}'éﬁ2wLDka M
k=0
and
Lprr/2-1 ] .
Hfm]= > h[k]-e”* Forr " @
k=0

a partitioned fast convolution using the overlap-save method [5] can
be defined as

3

[m, 1 —1]

for every frequency bin m = 0,1, ..., Lppr — 1 with the DFT-length
Lprr. The factor (—1)™ = e ™9™ in (3) represents a time-shift of
Lprr/2 samples for the previous block X[m, ! — 1]. The result of
(3) leads to a convolution in the time-domain, which contains a linear
part and a cyclic part. The cyclic part can be removed by an operator
F.{-}, which transforms the resulting spectrum back into the time
domain, removes the cyclic part by setting the last Lprr/2 samples
to zero and transforms the time series back into the DFT-domain [2],
[3]:

U] = FWoF '¥[]
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with
v = [w[o,1], ¥[1,1], ..., Y[Lorr — 1,1]]" (5)
~ ~ T
T = [¥0,0), $[L1, oy ULorr — 1,1] ©)
Wi, = ILDFT/QXLDFT/2 0LDFT/2XLDFT/2 7
OLDFT/QXLDFT/2 OLDFT/ZXLDFTM

F and F~! are the DFT- and IDFT-matrices of size Lppr X Lprr,
respectively. I is the identity matrix and O the zero matrix.

If the observed length of the room impulse response (RIR) H[m, []
is greater than the DFT-length we define the partitioned frequency
domain system function as

Hpm] = [Holm], B[], ., Hyplml] @®
with
Lprr/2-1
Hifm]= Y hlk+iLppr/2]-¢ " Torr " (9)

k=0
Ly = Lppr-LYy is the length of the RIR which is taken into account.
Although the RIR has an infinite length in general it can be assumed
to be sufficiently decayed after Lz samples. The vector X L) +1 [m, ]
is defined accordingly by concatenating L7 + 1 partitions of the
loudspeaker signal

Xy palm, ] = [X[m, 1], X[m,1 = 1], .., X[m,1— Ly]]"
(10)
and thus the constrained convolution leads to
Ul = FC{HT[m}T{,HXL,HH[m,Z]} an
with
1 0 0 ]
(=nm 1
TL’ [m] = 0 (_1)7n 0 . (12)
1
L o 0 D)

It should be mentioned, that the dependance of the discrete frequency
index m is omitted in this paper for the reason of readability for the
matrix T7/ [m] . The matrix (12) is an extension of the middle part
of equation (3), which selects two adjacent spectra at any one block
time. The replacement of the discrete frequency index m by - in (11)
is done due to the fact, that the result of the F. {}-operator is no
longer independent of m.
The formalisms described above can be used for unbiased spectral
estimation [6], [3].
*[m, 1]
l

ﬁpc{u, (1™ {X*[m, 5 ”] X[m, z]} (13)
e far [ ] xim}

To reduce the variance of the estimation two further steps of process-
ing can be applied. The first possibility is to take more blocks into
account for the spectral estimation:

Dxx[,l] =

(14)

X[m, 1] r
Ty
X[m,l — N +1]

Fe {Xnlm, TR X1 [m. 0}

X*[m, 1
9 [m, 1]

Pt = T

X*h%l——N]

(15)

A large number of considered blocks N reduces the variance but
slows down the adaptation. Furthermore speech signals are only
short-time stationary (up to about 20ms). Thus a tradeoff between
variance reduction and nonstationary conditions has to be found. For
further reducing the variance a first-order recursive smoothing with
a smoothing factor 0 < 3 < 1 can be applied.

= BPxx[m,l — 1]+ (1 - B)®xx[m,]

A. Estimation of the system misalignment for the stereo case

(16)

dxx[m,l]

In practical environments the RIRs are of infinite length and
thus longer than the AEC-filters. The AEC-filters C;[m,{] only
compensate the first part of the impulse responses H;[m, ] and a
residual echo =[m, | remains in the microphone path.

A reliable estimate of the power spectral density (PSD) of the
residual echo $== [m, ] is indispensable for the design of the post-
filter. Under-estimation of <i>55[m, l} leads to an insufficient residual
echo attenuation and an over-estimation leads to signal cancellation
and signal distortion. The residual echo’s PSD can not be measured
directly and thus has to be estimated. In this contribution an estima-
tion of the residual echo PSD by estimating the system misalignment
is proposed which was analyzed in [4] for a single-channel residual
echo estimation. In Section II-A an extension to the stereo case as
an example for a multi-channel system is presented and an optimal
smoothing factor for the reduction of the bias introduced by the
partitioned estimation is derived for the stereo case.

The stereo system misalignment is given by

Dafm, 1] = [DF m, 1}, DY m, )] (a7)
= [HS.clm. 1] = C [m. 1), B, [m, 1],
HY . [m, 1] — CT[m, 1], HY ,[m, l]] Ty
with

[H({C[m, l],HOT,t[m,l]]T (19)

Hocfm 1] = [Hoofm, 1], - Ho oy, alm. ] (20)
Houlm, 1) = [Hou b0 Hogyalmdl] - @1)
Cofm,1] = [Coolm, 1, -+, Conpmlmil] @2)

Equation (19) follows the definition of [7] by dividing the RIR into
the part Ho c[m,!] which can be compensated by the AEC and a
tail Ho,[m,[] which can not be compensated by the AEC due to
the limited length of the AEC. Since in practical cases Ly > L¢
only the first part of H[m, (] can be compensated by C[m, (] and the
residual echo is

2l 1) = Fe {DEIm 0TS 1 Xy alm, ) 23)
with
TLI [m] 0
’ = d
Tst,Ld [m] 0 TL:i [m} :| (24)
Xerp1lm, 1] = [Xo[m, 1], ..., Xo[m,l — Lp],
Xafm, 1, ooy Xam, L= Lp]] " (25)

Lp = Lppr - Ly is the length of the system misalignment which
is taken into account for each channel. Without loss of generality
we set L', = L’ as the length where the impulse response hlk] is
sufficiently decayed.
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An estimate for a residual echo differential system (18) is obtained
by the frequency domain coefficient vector

T

B [m, 1] = |B{ [m,1], B] [m,]] (26)

as depicted in Fig. 2.

Snlm, 1]~ E[m,I] ~ Qm, ]
E[m, ] RECN)
O O

Fig. 2. Differential system for stereo residual echo estimation

The minimization of a error function E{|Q[m, []|*} which can be
defined as

QL1 = El 1) = Fe { BRI, UTE 1y Xaonp ialm ) @7)
leads to [8]

% = —E{(Tg;,L/DXst,L’D+1[m, l}>*E[m7 l]}

+E{(TX 1y Xty a [, 1))
Fe { BRI, UTE 1) Xan, alm, 01} (28)

E{-} is the expectation operator and (-)* is the conjugate com-

plex. The minimum of (28) gives us the optimal coefficient vector

Bst,0pt [m7 l] in the minimum mean squared error (MMSE)-sense.
Batopt[, 1] = Fe {Rxx[m, | ®x=[m, 1]} . (29)

with the correlation matrix Rxx[m,l] and the cross correlation
vector ®x=[m, ]|
Rocxm, 1] = B{(TE 1y Xa g, 11[m,1]) X5 1) [, 1} 30)
®xz(m,l] = B{(T% 1) Xaoopy alm ) Em 2} 6D
If we assume the partitions of the loudspeaker channels to be
temporarily uncorrelated

E{X;[m, | X;[m,l + N}

Xm0 F

(32)

for {i,7} € {0,1}, and X # 0 we can rewrite (29) as:

Bl zF{Q
33)

©® is the element-wise Hadamard multiplication. With (33) we can
calculate the residual echo differential system Bg¢[m, (] element by
element for each channel. The matrix inversion problem is reduced
to that of a 2 X 2 matrix inversion.

-1
I / I 7
o o QRXX[mJ]> D x=[m, ]

I, I
Lp Ly

Bia[,l] = Fo {R; xx[m, 1] - ®i x=[m, 1]} (34)

with
Bi»Sﬁ[m7 l] = [Boyi[malLBl,i[mv l]]T (35)
) _ Dxyxo[m,l—i]  Pxox,[m, 1 — 1]
R’L,XX[m7 l] - [ (I)XlXO [m7l _ Z] q)Xlxl [,,n7 1 — Z] (36)
®; x=m,l] = E{(Tiylxsm[m,l —z‘}) =[m, l]} 37

It should be mentioned that the adaptation for B; s[m, ] has to be
stopped for the case of an active near speaker Sy, [m,1] # 0. The
estimation for the residual echo PSD ®==[m, [] is performed with the
frozen B, ¢ [m, []. The double-talk detection used in this contribution
is described in [9].
B. Post-Filter Design

With an estimate for the system misalignment Dy [m, {], we obtain
E[m, ] from (23). A reliable estimate of the residual echo PSD is
essential for the design of the post-filter in order to avoid remaining
echoes as well as desired speech distortions. The Wiener post-filter
is given by

5,5, [m, 1]

®s, 5, [m, ] + P==[m, []
@EE[m, l} — ‘i)EE [m, l]
The PSD estimation in (38) can be obtained from (16).

III. OPTIMAL SMOOTHED SYSTEM MISALIGNMENT FOR THE
STEREO CASE

Plm, 1]

(3%

In [4] an optimal smoothing for the residual echo differential
system B[m, [] was derived for a single channel system by the au-
thors. The smoothing was optimized with respect to the minimization
of the bias introduced by the partitioned calculation of the system
misalignment. In this contribution a frequency- and block-dependent
adaptive smoothing will be derived for the stereo case.

A. Problem statement

As a first step we rewrite equation (23) as a sum of the vectors’
elements.
Lp—1
==Y Fc{D;Ft,i[m,l]TSTmet,g[m,l 4]}

=0

(39

With (39) we can now rewrite (29) exemplarily for the first partition

Buiol [J~Rg xx[m, 1 - E{ (TH 1 Xucalm, 1))

L'p—1
> Fe{ DL m, T8 Xaralm, 1~ i]}
=0
= Daolm, 1] + R xx[m, 1] -
Lp-1 .
> B{(ThaXaalm, 1)) XE[m, 1 = ]} Daalm, 1) (40)
i=1

=0
Equation (40) illustrates that the residual echo system will be
estimated correctly if the assumption of temporarily uncorrelated
partitions of the loudspeaker signal Xg[m, ] in (32) is fulfilled. For
practical realizations the expectation operator E{-} has to be replaced
by an spectral estimation E{} which introduces an additive bias:

. Lp—1 X
Ry x[m, 1] 3 E{(Th 1 Xae 2[m, 1)) X & 1 [m, 1 — i]} Deyi[m, 1]
i=1

(2

#0
(41)
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The calculation for all other partitions can be found analogously.
From (41) we see that the correlations between the different partitions
of the loudspeaker signals X L, [m, 1] contribute a major part of
the bias of the residual echo differential system estimate.

B. Derivation of an adaptive smoothing factor

Since the residual echo differential system Bsm-[m, 1] is less time
variant than the exciting speech signal the variance of Bg; ;[m, (] can
be reduced by a first order recursive smoothing

Bst,i[m, ] = a&;[m, Z]Bstyi[m, 1—1]

+ (o = &ifm, DR xx[m, [ @i xs[m, 1] (42)
with a smoothing factor
< o Cvtoyi[m, l} 0
az[m7 l] - O dl,i[m, ” (43)

In the following we derive a frequency dependent smoothing factor
Qopt[M, ] = |Gops|[m, 1]|* which minimizes the distance between the
squared estimate of the residual echo difference system Bsm[m, ]
and the expectation of an squared stochastical system Dy i[m, [].
With an optimal aopt [, I] the expectation E{ |Dss,i[m, 1] |2} should
converge to the true squared system misalignment |D[m, []|*:
. 2
opuilm, 1) = min B ifm )* — B{[Dailm. 1} | 44)
In the following we will derive the optimal smoothing factor again
for the first partition exemplarily. We have

~ 2
H ‘Bst,o[my l]’ - E{‘Dst,O

+ R xx[m, 1] - LZ_IE{( Ty 1Xst,2[m,l]>*X£71[m,l—i]}

atolm, 1) [Bavolm L - 1]‘2 + (Ts — aofm, [)E {|Dec.o[m, ]

/

Dovi[m, ]1?} — B{[Dsso[m, 12} (45)

The elements of Dygy,;[m, [] are assumed to be zero-mean, mutually
uncorrelated and statistically independent of the loudspeaker signals:

[E{Do,:[m, 1]}, E{D1i[m,{]}]" = 0251 for 0 <i < Lp —1

E{|Do,:[m, 1]} 0
E{ st,i[m, [ D& [ J]}:[ 0 E{|Dy,s[m,1]|*}

B{ X1 [m,0 — )Dat g, 0]} = Oaca for 0 < {i,j} < Lp — 1
With these assumptions the expectation operator containing the
summation term can be split into two parts.

E{|Ducolm, 1] + R ke xlm. 1)

U
Lh—1

> B8 Xeeabm 1) X% s, 1~} D

i=1
= B{|Ducolm,U°} + E{ [R5 kx [m, 1]

U
Lh—1

Z E{ <T§71X5t72[m, l]>* Xﬁ,l[m,l - Z}} :

i=1

st,z’[m7 l]

Dst,i[m7 l]

With |a|> = diag {a*a”} for an arbitrary complex vector a we
further rewrite the summation part:

{)Ro xx[m,1]-
Lp—1

3 E{ (Tg;’IXst,g[m,lD* X% fm,l— i]} Daei[m, 1]

i=1

2

L'p—-1
=E{ Y diag{(Rg,Xx[m,Z])*l
=1

B{(T% 1 Xut alm, )X 1m0 — 1)} diag {[Dcilm. 1)}

T aor
{(Tat 1Xst,2[m, lD Xst 1[m - Z]} 'R’O,XX[mv l]}}
L'p-1
~ Y E{’E {Ti,lxgg[m,l — i]diag { | Dt [m, 1]|*}
=1

Xeea[m, 1 —d]}} - diag{‘Ra}(X[mv l]‘}

It should be mentioned that the inversion for the main diagonal
elements of Ry y[m, ] which is a 2 x 2 matrix can be easily
calculated by (dependency of [m, ] is omitted)

(46)

ag {3} - L |
(I)XOXO(I’Xle ( — ) 0o
C)
with the magnitude squared coherence (MSC)
. 2
N 2 ‘(I)X(]Xl [m>”)
|Pxoxa lm, )] = )

(i)X(]XO [m, l}(lexl [m, l]

It is now possible to separate (45) into a part depending on aq[m, (]
and one part that is not depending on ag[m, ]:

|1Bucolm. i = B{ Dbt}

= |lao[m, ] A[m, 1] + B[m, 1]||* (49)
with
L—1
Bm,]|=E Z Ry kx[m,1] (50)
E{ (Tiylxst,z,[m, l]) “XTm,l - z‘}} Deei[m, 1] }2}
and
Alm, 1) = [Baofm, 1 1]|" — B{|Dyolm, 1]*} ~ Blm,1]

= G[m,l] — B[m,I]. (5D

With the definition of a;[m,!] as a diagonal matrix after (43) for
the avoidance of interference between the loudspeaker channels the
solution which minimizes the distance between the ¢>-norm of the
difference between the estimated residual echo differential system
and the stochastical residual echo differential system after (49) is
given with

~ Bolm, l] 0
aofm g = | Ay G2
.Al[m l}
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After putting (50),(51),(46), and (47) into (52) we finally get
1
_ Solm,]
(1 [m,l]) o
Gi[m,l]
<1 B 51 [m,l]>
E{‘q)XOXO [(m, ] x, x, [m,l] ( —|Txx, M1 )‘}

=2 B |B{(TT, , Xuw alm.ti) T diag{ [ D, )|} Xoe 1 [t} |}
‘E{|Do olm, l]| }*|Bo 0[m1*1]| |

diag {@opt,0[m, []} = =1,0 (53)

1+

E{[4 (m 0}
‘E{|D1 olm. 1| }—|B1 olm.i—1][? |
E{‘q)XoXo m,l] |}

with 1y Ox = [1/x1,1/z2, ..., 1/zn]" as the element-wise division
defined equivalently to the well known Hadamard Multiplication. It
should be mentioned that aopt,0[m, ] depends on the MSC. More
precisely a high MSC slows down the adaptation which is similar
to the findings concerning step-size control of a stereo AEC in [10].
Furthermore a high PSD in the considered partition compared to the
PSDs of the other partitions speeds up the adaptation while high PSDs
in adjacent partitions slow down the adaptation. Thus the adaptation
is slowed down for the case of a high bias for the estimate (see
equation (41)).

As in [4] we now introduce an approximation which is independent
of all unknown systems. The misalignment E{|Do o[m,1]]?} is
not available and to avoid recursive structures, |Boo[m,l — 1]|?
is omitted, too. Thus both systems are replaced by a factor n =
(1/C —1)2(Lp — 1) which depends on the number of blocks of
DJm, 1] and a fixed constant C::

diag {a’o[m, ]} = 1,0 (54)
1
["Lvl]éXle [7'L7l](1_‘fX0X1 [7n,l]|2) } |‘i>X1X1 [
1. 1
S B{(TE s Xet 2l H X1 bt} | TEro g ]
IV. SIMULATION RESULTS
Fig. 3 shows the relative system misalignment
L ~ 2
S resr || Blm, 1] — Dlm, 1)
AD[l] = (55)

S5 IDim, U

for an speech signal for X [m, {]. The room reverberation time was
760 = 0.4sec. The DFT-length was Lprt = 512 and the considered
length of the RIRs were Lp = 1024. After 5 seconds the RIRs in
the sending room were switched. It can be seen that the optimal
smoothing significantly reduces the relative system misalignment
according to (55) and that the approximation ' [m, [] in (54) gives a
good approximation which is suitable for practical implementations.

Chanée of s nding‘ room RIR

AD[1]in dB

time in s

Fig. 3. Relative system misalignment A D[l] for speech as loudspeaker signal

Fig. 4 compares the proposed algorithm with the approximation
for the optimal smoothing to the conventional Partitioned Frequency
Block LMS (PFBLMS) algorithm. It can be seen, that the pro-
posed method leads to a faster but more coarse adaptation than the
PFBLMS.

6 T T T T

4 - - PFBLMS 1
— Wiener-Hopf equation with a'[m, ]

AD[l] in dB

time in s

Fig. 4. Comparison between the proposed algorithm with adaptive smoothing
and direct Wiener Hopf-Solution

V. CONCLUSIONS

In this paper we pursued the identification of the residual echo
differential system by solving the Wiener-Hopf equation in the DFT
domain in a stereo setup. This allows for faster but more coarse
adaptation than gradient algorithms. The bias caused by a partitioned
calculation was analyzed and an adaptive smoothing was proposed
which minimizes this bias. Simulations show a significant reduction
of the estimation bias and thus a more accurate estimate of the
residual echo which is necessary for the design of a post-filter.
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