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ABSTRACT

Residual echo arises in hands—free telephony equipment due to
insufficient echo canceler convergence, but can be suppressed us-
ing a postfilter. The most important control parameter for post-
filter adaptation is therefore the residual echo power spectral den-
sity (PSD). In this contribution we present and compare residual

echo PSD estimation techniques. We introduce a new partitioned

block—adaptive estimator delivering unbiased residual echo PSD
estimates in strongly reverberant and noisy acoustic environments.

1. INTRODUCTION

In the acoustic environment of mobile hands-free telephones we
have to expect low signal-to-noise ratios and considerable acous-
tic feedback at the local microphone. Under these circumstances
an echo canceler alone will not provide sufficient speech quality.
Therefore, we apply a combined residual echo and noise reduction
postfilter which is implemented in the Discrete Fourier Transform
(DFT) domain [1, 2]. The postfilter is controlled by an estimate of
the residual echo power spectral density.

The residual echo PSD, however, cannot be directly measured
and must be estimated from the available signals. Conventional
block oriented approaches [1, 2] with limited DFT length (due
to delay and complexity constraints) can only reflect the residual
echo within one DFT length of the residual echo impulse response,
as illustrated in Figure 1. This leads to a serious bias of the resid-
ual echo estimate. Thus, we propose a new unbiased residual echo
PSD estimator, based on coherence, which conceptually takes the
full length of the residual echo system as well as short-term cor-
relations into account. The idea behind the new approach is to
compute the total residual echo PSD as a sum over multiple de-
layed DFT frames of short length. This leads to the concept of a
partitioned residual echo power estimator.
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Fig. 1. Partitioned residual echo impulse response.

Figure 2 shows the echo and noise control system with a single
loudspeaker and a single microphone. All signals are represented
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by their Fourier transform, e.g. the microphone signal by
Y(2) = 5(Q) + N(Q) + D(Q) , ey

where S(Q), N(S2), and D(2) represent clean near speech, back-
ground noise, and acoustic echo, respectively.
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Fig. 2. Combined echo and noise reduction system for mobile
hands-free teiephony.

During adaptation, the echo canceler W yields a robust but
possibly inaccurate estimate ﬁ(Q) of the acoustic echo. The resid-
ual echo B(R) = D(Q) — D(£) is then suppressed by the postfil-
ter H(Q) with input signal E() = S(Q) + N(Q) + B(R). This
is performed, for example, by the Wiener filter

®s55()
®55(Q) + 2nn(Q) + 28(Q)

relying on estimates of the background noise PSD @ (2) and
the residual echo PSD ®55(2). The background noise PSD can
be determined adaptively and accurately by the Minimum Statis-
tics approach [3], whereas the residual echo PSD is obtained from
the new partitioned estimator. While the echo canceler converges,
the responsibility for acoustic echo control is gradually taken away
from the postfilter, in order to maintain the highest near speech
quality.

The remainder of our paper is organized as follows: In Section
2 we will briefly review coherence analysis which was previously
proposed for residual echo PSD estimation. Section 3 introduces
the new partitioned residual echo estimation concept based on co-
herence, taking the full length of the residual echo system into
account. In order to prove our algorithm, we provide a theoretical
analysis of partitioned coherence estimation. Section 4 proposes a
statistical correction of the coherence bias due to short-term cor-
relations. Eventually, we will confirm our results by simulations
in Section 5.

H(Q) = Hw(Q) =

@
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2. COHERENCE BASED RESIDUAL ECHO ESTIMATION

The residual echo PSD estimator to be proposed in this paper as
well as previously proposed algorithms make extensive use of the
coherence function. We therefore briefly review coherence analy-
sis with DFT based implementation.

2.1. Coherence Analysis

The spectrum of the residual echo is given by B(€2) = G(£2) X (Q2)
where G(f) is the residual echo transfer function and X () is
the received excitation signal. Assuming statistically mdependent
S(Q), N(f2), and X (S2), we can write

@XE (Q)
xx(Q)

by the cross PSD ® x £(2) of the 31gnals X (82) and E(2). Conse-
quently, we obtain @55(Q) = |G()]> @xx () for the residual
echo PSD. This can be expressed equivalently [2] by

®58(Q) = Cxe(Q)Pre(R) “

G() = ©)

using the magnitude squared coherence function

|2xe(Q)®
Sxx (N)Ppe(Q)

of the signals X (2) and E(Q).

Cxe() = )

2.2. DFT Based Implementation

The Discrete Fourier Transform E (€, kR) representing E(Q2) at
frame index k € Z is obtained from the time—domain signal e(%)
at sampling time index 4 using the window w, (%) as

M-1 .
3" e(kR+i— R)ywe(i — R)e™ ™ (6)
i=0

E(Qe, kR) =

with frame shift R and the normalized discrete frequency index
Q; =2xl/M for € = 0,1,..., M — 1. The same notation holds
for the DFT coefficients of any other signal under consideration.
Coherence based residual echo estimation, Equations (4) and
(5), can now be implemented approximately on the basis of Welch’s
power spectral estimation technique [4], or by recursive averag-
ing of periodograms which accounts for short—term stationarity of
speech signals. The latter one is written with0 < a < 1 as

®xe(Q,kR) = 2xe(Q,(k—1)R) +
(1-a)-Ixe(Q,kR) (7

using the (cross) periodogram

X" (S, kR)E(Qg, kR)
Yito” wa(i)we(d)

between the DFTs X (¢, kR) and E(x, kR).

The approach looks conceptually clear, however, in practice
it delivers biased estimates of the residual echo PSD. This is due
to insufficient coverage of the loudspeaker—enclosure~microphone
system by the DFT length and the results is considerably under-
estimated residual echo. This is especially true for acoustic envi-
ronments with large reverberation time and algorithms which use

Ixe(Q,kR) = ()]

a relatively short echo canceler. Furthermore, short-term corre-
lations of otherwise independent speech, echo, and background
noise do always introduce an overestimation of the residual echo.
Both effects will be taken into account by the bias—compensated
partitioned residual echo (coherence) estimator to be developed in
the following Sections.

3. PARTITIONED COHERENCE ESTIMATION

In order to take the full length of the residual echo system into ac-
count, while using block processing with limited DFT length, we
propose the partitioned residual echo power estimation concept,
based on coherence. This will be followed by a theoretic anal-
ysis of partitioned coherence estimation in order to validate the
approach.

3.1. Partitioned Residual Echo Estimation

The residual acoustic echo in frame E(§, kR) is obviously cor-
related with the present and past frames X (€, (k — A)R) of the
excitation signal (corresponding to partitions of the residual echo
system). With regard to the exponential decay of a causal residual
echo impulse response, we may have to consider only a limited
number L of most recent frames

X(A)(Qt, kR) = X(Qla (k - A)'R)y

A partial estimate of the residual echo PSD being due to the
individual frame X ®)(Q,, kR) of length M is then written as

0<A<L-1. (9)

®5) (4, kR) = Cxonp(Q, kR)®5E(R,kR)  (10)
according to (4). The estimator computes the total residual echo
PSD by adding the contributions of several partitions A

L-1
®p5(0,kR) = Y 5% (04, kR) 11

A=0

where we assumed mutual statistical independence of the excita-
tion frames X (¢, kR). This is not exactly true in the case of
speech excitation. Simulations, however, show that the approach
can be successfully employed for frame-based acoustic echo sup-
pression (if the DFT length is not extremely short).

Partitioned residual echo power estimation will be further jus-
tified by the analysis in the following Section.

3.2. Constraint And Unconstrained Partitioning

We will prove that the proposed algorithm (10) performs exact par-
titioning of the residual echo system in the case of white noise
excitation when using the window functions

, 1 for0<i:<M-R-1
we(i) = { 0 otherwise (12
and wz (i) = we(d) + we(i + R) with M = 2R. We further

assume that the impulse response g(3) of the residual echo system
can be modeled by a causal IIR filter and, thus, the output of the
residual echo system is given by the linear convolution

e(i) = g(i) *2(i) = Y g(m)=z(i— m) (13)

m=0
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where z(3) is a stationary far end excitation signal with power o2.

It is straightforward to show that the cross power spectral den-
sity @S?)E (Q¢) of partition X is obtained by statistical expectation
from the cross periodogram Iy (x) g (2, kR) as

QL () = E{Ixong(Qu, kR)} =
M-1

- ¥

p=—(M-1)

(rs2(0) * 9 + AR))Twew, (P77, (14)

using the auto-correlation 2 (p) of the excitation signal () and
the normalized cross-correlation 74,4, (p) of the window func-
tions w (¢) and we (3)

>0 we(Bwe (3)

For the windows under consideration and M = 256 the cross-
correlation function 7y, (p) is shown in Figure 3.

Twywe (P) = (15)

0.8
‘5., 0.6}
3
N
S o4l
0.2
0200  -100 0 100 200
P

Fig. 3. Window cross-correlation function 7,4, (p). M = 256.

Since the extent of rzz(p) is much smaller than the extent of
Twew. (P) We may approximate

(rz:c ®) *g(p+ AR)) Twawe (D) &
R 722(p) * (9(p + AR) - Twow (D)) . (16)

Strict equality in (16) will hold for a white noise excitation
r22(p) = 8(p)o2,. With the above approximation we have

Q) = (®xx (GO + Ruu (U0)

~ ®xx(2) (G x Rupu (20)  (17)

where G(£,) is the frequency response of the residual echo system
and Ry, . (§2¢) is the cross-power spectrum of the windows.
Moreover, we find that the normalization of the cross power
spectral density by ® x x (€2,) removes the dependence of Qg?}a Q)
on the input signal statistics. The additional constraint operation
DFT{Q{IDFT{-}}} yields the spectrum

» _ 202 (Q0)
G*(Q,) = DFT{Q{IDFT { ] }}} (8)

of a rectangular partition g(p+AR),p=0,... ,M/2-1,A € Z,
of the residual echo system g(¢). This can be seen from

Q% ()
B xx(Q)
+9(P+ AR - M)ry,w. (p — M),

IDFT{ } =g(@+ AR)ru,uw.(p) +

p=0..M~-1. (19)

in conjuntion with the projection ) which zero—forces the samples
forp = M/2,... ,M — 1 and therefore leaves only the signal
within the flat—top region of T, w, (p) for further processing,

Replacing power spectral densities by their short-time esti-
mates, the above procedure is ideally suited to compute the resid-
ual echo power estimate @9}, (Q, kR) of partition X at frame in-
dex k:

o)
) . ¢ E(lekR)
G (Q[,kR)_DFT{Q{IDFT{———Q;‘X O kR) 1} (20)

|GX) (8, kR)|*®x x (U, kR)

Cx (4, kR) = ®55(Q, kR)

@n

The total residual echo PSD is eventually obtained from Equations
(10) and (11), once more assuming white noise excitation.

The coherence estimator in Equation (5) may be viewed as an
(approximate) unconstrained version of (20) and (21) with consid-
erably lower complexity.

Another approximate partitioning of the residual echo system
which in practice has been proven to be very accurate uses Hann
windows we (1) = wz(i) = 0.5(1 — cos(2n(i + M/2)/M)),
—M/2 <i < M/2 - 1, and unconstrained coherence estimation
with 50% frame overlap.

4. COMPENSATION OF SHORT TERM CORRELATIONS

In general, the residual echo estimate (10) will be too high due to
short-term correlations between long—term independent echo and
background noise signals. An approximation for the biased coher-
ence C obtained from Equation (5), which holds for estimates on
the basis of Welch’s power spectral estimation technique, is given
in [5] for stationary signals:

FrnOa Li1— oy 20\ 2
CnC+5(1-0) (1+N)—fc(C) 22)

Thereby, C denotes the true coherence and N is the number of
periodograms used for averaging over time. N is related to the
equivalent forgetting factor « for recursive averaging by N = (1+
a)/(1 —a).

The proposed mechanism for bias correction directly relies on
the inversion of the above formula. Before, however, we have to
decrease the variance of the coherence estimate in order to make
the bias correction reliable. Therefore we average over several
adjacent frequency components of the (cross) PSDs involved in the
estimation of the coherence function (5) or (21). Typically this is
done non—uniformly with larger subbands at high frequencies, thus
avoiding noticeable performance degradation. At the same time,
averaging decreases the frequency resolution at which the division
in (5) or (21) is carried out and, consequently, performs favorable
in terms of computational complexity. The modified coherence
estimate is then denoted by Cx (S, kR).
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Proceeding with the inversion of (22) for each estimator par-
tition A, e.g. by means of a look—up table, we write the bias cor-
rected version of the partitioned residual echo estimator (11) as

L-1
®p55(S2,kR) = Z fc_l (CX(A)E(Qg,kR))d’L‘E(Qg,kR) .
A=0

(23)

The algorithm delivers an unbiased residual echo estimate even

in the presence of stationary local disturbances. Note that, strictly

speaking, also the residual echo of partition X # X represents a

kind of local disturbance for estimator partition . Eventuall?r, we

observe the freedom to assign individual forgetting factors a M to

the estimation process of each partition, taking individual echo—
to—noise ratios into account.

5. SIMULATION RESULTS

5.1. Log—Spectral-Mean

We rate the accuracy of residual echo PSD estimators by the Log—
Spectral-Mean

1 Ml 353(9¢,kR)

of the estimated—-to-true residual echo power ratio at frame index
k. This is a frame-based bias measure for residual echo estimators,
which is ideally zero.

5.2. Measurement of the Residual Echo PSD

Numerical results are compared for three different estimators: the
conventional (single—partition) algorithm, Equation (4), the parti-
tioned residual echo estimator, Equation (11), and its bias compen-
sated version, Equation (23), all of them applying exact partition-
ing according to Equation (21).

For the simulation, we use a stationary white noise excita-
tion X(R2), various levels of local speech S(f2), and car back-
ground noise V(§2). The acoustic echo is generated by means of
a fixed car impulse response of 512 coefficients, the first 128 coef-
ficients being canceled nearly ideally by a fixed echo compensator
with 128 taps. The DFT length for residual echo estimation is
M = 256. With regard to the short-term stationarity of speech,
we chose the forgetting factor @ = 0.8 for the single-partition esti-
mator. For the partitioned estimator we use L = 4 single—partition
coherence estimators running in parallel, where the correspond-
ing forgetting factors were individually chosen as o® = 0.8,
a® =08,a® =09,anda® = 0.9.

Figure 4 shows the results for three different acoustic environ-
ments: In the first 300 signal frames, no local speech nor back-
ground noise contributes to the microphone signal, thus, acoustic
echo only. In frames 300 to 600 we added local car background
noise at the echo-to—noise ratio of -6 dB. Eventually, in frames 600
to 900, we have simulated a double talk situation at the speech—to—
noise ratio of 0 dB and car background noise at the same level as
before.

From Figure 4 we observe that the conventional (single parti-
tion) estimator (4) does not completely reflect the residual echo.
The bias of the estimator is most severe without local speech or
noise. In the presence of local background noise and speech activ-
ity, the approach achieves better performance only because of the
additional bias introduced by short-term correlations. We further

15

Double Talk

Eé:ho Onlil

: Partitioned Ed'lmat ?

Bias [dB]

A

LSM(kR)

0 100 200 300 400 500 600 700 800 900
frame index k

-10

Fig. 4. Bias for constrained partitioned residual echo estimators.

observe that the partitioned residual echo estimator (11) achieves
nearly unbiased residual echo estimates if there is neither speech
nor background noise present. This is due to the full coverage of
the residual echo impulse response of length 512 by L = 4 esti-
mator partitions. However, we can see the bias of this method in
the presence of local noise (due to short-term correlations). This
is circumvented by the additional coherence bias correction ap-
plied to the partitioned residual echo estimator in (23). The latter
algorithm delivers unbiased estimates with regard to any acoustic
environment. Of course, the variance of the estimator still depends
on the local echo-to—noise/speech ratio. Note, however, that in the
presence of background noise the estimate is not required to be as
accurate as in noise-free conditions. Hence, we conclude that the
partitioned residual echo estimator with individual bias correction
in each partition A delivers consistently excellent results for the
application of residual echo postfiltering.

6. CONCLUSIONS

We derived an unbiased residual echo PSD estimator by taking the
full length of the residual echo impulse response as well as the bias
due to short—term correlations into account. The estimator deliv-
ers unbiased results in ail kinds of noisy and reverberant acoustic
environments and is therefore ideally suited to control postfiltering
for residual echo suppression in hands-free telephony.
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