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ABSTRACT

This paper proposes a new acoustic echo suppressor based on a
frequency-domain model of highly nonlinear residual echo. The
proposed echo suppressor controls the gain in each frequency bin
based on the new model where the highly nonlinear residual echo
is approximated as a product of a regression coefficient and the
echo replica in the frequency domain. To reduce annoying modu-
lation by the error of the model, a flooring operation of estimated
near-end signal level is introduced to the gain control. Simula-
tion results with speech data recorded by a hands-free cellphone
show that the proposed echo suppressor reduces the highly nonlin-
ear residual echo to an almost inaudible level.

1. INTRODUCTION

Acoustic echo cancellation or suppression for hands-free cellphones
is a challenging topic. One of the biggest problems is nonlinearity
of the echo-path such as loudspeaker distortion and vibrations of
the cellphone shell [1]. When a speech signal with large power is
injected into a small loudspeaker, the loudspeaker itself and many
mechanical contacts in the shell generate distorted echo. Among
the sources of nonlinearity, mechanical nonlinearity with shell vi-
brations is said to be the dominant factor [2].

An ordinary echo canceller with a linear adaptive filter is used
to eliminate linear echo. However, it can not suppress nonlinear-
echo components that may be mixed with the linear echo. A linear
adaptive filter models only the linear echo. The remaining non-
linear echo is one tenth of its linear counterpart or even larger in
amplitude. It is audible and degrades the quality of communica-
tion. A common solution to such a significant nonlinear echo is to
mute the whole residual signal obtained at the output of the echo
canceller. However, it often causes discontinuous speech during
double talk periods.

Use of a nonlinear adaptive filter is also a popular solution to
the nonlinear echo problem. Volterra adaptive filters fit the nonlin-
ear echo-path model and can theoretically cancel nonlinear echoes
[3]. Their drawbacks are heavy computational load and slow con-
vergence. In the case of a cellphone handset, it is not possible for
Volterra filters to track fast and frequent changes of the echo path.
Simplified nonlinear adaptive filters that have fast tracking capa-
bility with reasonable computations have also been proposed (e.g.
[4]). Unfortunately, the improvement by these simplified filters is
limited to as much as 5 dB.

Single-input post filter is another approach to suppressing un-
cancelled nonlinear echo as well as ambient noise. When the un-
cancelled nonlinear echo is sufficiently small, a single-input post
filter is applicable to suppressing the uncancelled nonlinear echo
[5, 6]. However, they are not useful for high nonlinearity often en-
countered in hands-free cellphone handsets. The uncancelled non-
linear echo violates the condition that it is relatively small com-
pared to those of the near-end speech.

This paper proposes a new echo suppressor based on a new
frequency-domain model of highly nonlinear residual echo. In the
next section, a new residual-echo model based on the spectral cor-
relation between the residual echo and the echo replica is devel-
oped. An echo suppressor based on the new model is proposed in
Section 3. Evaluation results using a hands-free cellphone handset
are presented in Section 4.

2. FREQUENCY-DOMAIN MODEL OF HIGHLY
NONLINEAR RESIDUAL ECHO

The signal at the microphone, p(k), consists of the near-end signal
s(k), and the echo signal e(k).

p(k) = s(k) + e(k) (1)

where k is the time index. e(k) contains both the linear and non-
linear components of the echo. In the echo canceller with a linear
adaptive filter (EC-LAF), the residual signal d(k) is calculated by
subtracting the echo replica y(k), which is generated by LAF from
the far-end signal x(k), from p(k). The residual signal d(k) after
the EC-LAF is expressed as a sum of the near-end signal s(k) and
the residual echo q(k) as

d(k) = s(k) + q(k). (2)

When the EC-LAF cancels the linear echo almost completely,
q(k) mainly consists of the nonlinear component of the echo. A
frequency-domain representation of (2) is obtained as

D(m) = S(m) + Q(m), (3)

D(m) = [D0(m) D1(m) . . . DL−1(m)]T
�
= FFT[d(mM )] (4)

S(m) = [S0(m) S1(m) . . . SL−1(m)]T
�
= FFT[s(mM)] (5)

Q(m) = [Q0(m) Q1(m) . . . QL−1(m)]T
�
= FFT[q(mM )] (6)

where FFT[ · ] is a windowed fast Fourier transform with an over-
lap. m, M , and L represents the frame index, the frame size, and
the window size. The residual-signal vector d(k), the near-end
speech vector s(k), and the residual-echo vector q(k) are defined
by

d(k)
�
= [d(k) d(k−1) . . . d(k−L+1)]T ,

s(k)
�
= [s(k) s(k−1) . . . s(k−L+1)]T ,

q(k)
�
= [q(k) q(k−1) . . . q(k−L+1)]T .

For the i-th frequency bin, (3) becomes

Di(m) = Si(m) + Qi(m). (7)

2.1. Spectral Correlation Between Residual Echo and Echo
Replica
The highly nonlinear residual echo and the echo replica of an EC-
LAF under the single-talk condition were investigated with a sig-
nal bandwidth of 4 kHz. A frequency-domain representation Y(m)
of the echo replica y(k) is obtained by

Y(m) = [Y0(m) Y1(m) . . . YL−1(m)]T
�
= FFT[y(mM)] (8)
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Fig. 1. Spectral Correlation between Residual
Echo and Echo Replica at 2.2 kHz.
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Fig. 3. Proposed Echo Suppressor.

where y(k)
�
= [y(k) y(k−1) . . . y(k−L+1)]T . The spectral am-

plitudes |Yi(m)| and |Di(m)| of the echo replica and the residual
signal were obtained by the Fourier transform with a frame size M
of 160 and a window size L of 256.

Figure 1 shows the relationship between the short-term aver-
age of |Yi(m)| and that of |Di(m)| at 2.2 kHz for the same frame-
index. Dots in the figure exhibit linear regression that is a sign
of significant correlation between the residual echo and the echo
replica. Of course, distribution of the dots varies with the spectrum
and level of the far-end signal. However, it stays in a limited range
for various types of speech and music [7].

2.2. Model of Residual Echo Based on Spectral Correlation
Based on Fig. 1, a ratio of |Qi(m)| to |Yi(m)| is defined as ai(m).
Using ai(m), a residual echo component |Qi(m)| is given by

|Qi(m)| = ai(m) · |Yi(m)|. (9)

Equation (9) suggests that |Qi(m)| can be obtained from the echo
replica |Yi(m)| if ai(m) is available. However, in reality, it is not
the case. The ratio ai(m) should somehow be estimated.

Let us consider approximating ai(m) by âi using averaged
absolute values of the residual echo and the echo replica. Then,

âi =
|Qi(m)|
|Yi(m)|

(10)

where overline · means an averaging operation. When there is no
near-end speech, i.e. Si(m) = 0, (7) reduces to

Di(m)Single talk = Qi(m). (11)

From (10) and (11), âi is given by

âi =
|Di(m)|Single talk

|Yi(m)|
. (12)

The estimated ratio âi can be obtained by advance experimen-
tal measurements in quiet environments, which are needed once
for each set up of the loudspeaker and the microphone. Figure 2
shows âi as a function of frequency-bin index i for a male and a
female speech. The difference of the curves is small enough to
utilize one curve for the other.

By approximating ai(m) in (9) with a regression coefficient
âi, the residual echo |Qi(m)| is modeled as the product of âi and
|Yi(m)|.

|Qi(m)| � ̂|Qi(m)| �
= âi · |Yi(m)|. (13)

3. PROPOSED ECHO SUPPRESSOR
Equation (7) can be viewed as an additive model of the residual
signal, which is widely known in noise suppression. The near-end
signal corresponds to the speech to be enhanced and the nonlinear
echo, to the additive noise. Spectral subtraction [8] is a popular
technique in noise suppressors and can be directly applied to the
nonlinear-echo model in (13). However, minimum mean-square
error short-time spectral amplitude estimation (MMSE-STSA) [9]
is adopted to reduce subjectively annoying musical noise as in
[10]. Figure 3 shows the structure of the proposed 2-input echo
suppressor (2ES) combined with an EC-LAF.

In the framework of MMSE-STSA, the output signal, |Zi(m)|,
is obtained as a product of a spectral gain Ĝi(m) and the residual
signal |Di(m)| as

|Zi(m)| = Ĝi(m) · |Di(m)|. (14)

|Zi(m)| is combined with � Di(m) to reconstruct Zi(m) as

Zi(m) = |Zi(m)| · exp(j � Di(m)) (i = 0, 1, . . . , L−1). (15)

In (15), � Di(m) is not modified at all because the phase is not
important for speech intelligibility [9, 10].

The output signals z(k) in the time domain are obtained as
elements of the segmented frame which is reconstructed by the
inverse Fourier transform as follows.

z(k)
�
= [z(k) z(k−1) . . . z(k−L+1)]T = IFFT[Z(m)] (16)

Z(m)
�
= [Z0(m)Z1(m) . . . ZL−1(m)]T (17)

where IFFT[ · ] is a windowed inverse FFT with overlap-add oper-
ations.

3.1. Estimation of Near-End Speech
The spectral gain Ĝi(m) in (14) is ideally equal to the ratio of
|Si(m)| to |Di(m)|. However, it is not available because |Si(m)|
is the ideal output. To obtain Ĝi(m), spectral amplitude of the
near-end signal |Si(m)| is estimated. Si(m) has almost no cor-
relation with Qi(m) because they are independent. Therefore,
squaring and averaging both sides of (7) gives
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|Di(m)|2 � |Si(m)|2 + |Qi(m)|2. (18)

Hence, |Si(m)|2 is obtained as

|Si(m)|2 � |Di(m)|2 − |Qi(m)|2. (19)

By substituting |Qi(m)| with âi·|Yi(m)| based on (13), (19) be-
comes

|Si(m)|2 � |Di(m)|2 − âi
2 · |Yi(m)|2. (20)

The square root of (20) gives |S̃i(m)|, which is an approximation
to |Si(m)|, as follows.

|Si(m)| �
√

|Si(m)|2 (21)

�
√

|Di(m)|2 − âi
2 · |Yi(m)|2 �

= |S̃i(m)|. (22)

|Di(m)| and |Yi(m)| are recursively calculated by two averaging
operations as follows.

|Di(m)| =

⎧⎪⎨
⎪⎩

βDA |Di(m)| + (1−βDA) |Di(m−1)|,
|Di(m)| > |Di(m−1)|

βDD |Di(m)| + (1−βDD) |Di(m−1)|,
otherwise

(23)

|Yi(m)| =

⎧⎪⎨
⎪⎩

βY A |Yi(m)| + (1−βY A) |Yi(m−1)|,
|Yi(m)| > |Yi(m−1)|

βY D |Yi(m)| + (1−βY D) |Yi(m−1)|,
otherwise

(24)

where βDA, βDD, βY A, and βY D are constants to determine the
time-constant of the averages (0 < βDD < βDA ≤ 1 and 0 <
βY D < βY A ≤ 1). Each averaging operation has two averaging
constants for superior tracking capability typically represented by
“fast attack and slow decay.”

The estimated spectral amplitude |S̃i(m)| has usually an error,
because the model of the residual echo is not precise. When the er-
ror is large, oversubtraction may occurs, which brings modulations
by the far-end signal to the near-end signal. When the near-end
signal is nonstationary like speech, most of the modulation effects
are masked by the nonstationarity. However, when the near-end
signal is stationary like airconditioner noise, the modulations are
perceived as fluctuations.

To reduce the modulations, a spectral flooring [11] is intro-
duced in the proposed echo suppressor. The floor value is propor-
tional to the stationary component of the near-end signal. The sta-
tionary component |Ni(m)| is calculated from |Di(m)| by an av-
eraging operation with a very-slow-attack-and-fast-decay response.

An improved spectral amplitude ̂|Si(m)| is obtained by the floor-
ing operation as follows.

̂|Si(m)| �
= max

(
γD|Ni(m)| , |S̃i(m)|) (25)

where γD is a gain parameter for the flooring operation, and an
operator max(·, ·) stands for the maximum of the two arguments.
|Ni(m)| is calculated as follows.

|Ni(m)| =

⎧⎪⎨
⎪⎩

βNA |Di(m)| + (1−βNA) |Ni(m−1)|,
|Di(m)| > |Ni(m−1)|

βND |Di(m)| + (1−βND) |Ni(m−1)|,
otherwise

(26)

where βNA and βND are averaging constants satisfying 0 < βNA <
βND ≤ 1.

3.2. Spectral Gain Control
The spectral gain Ĝi(m) is calculated by smoothing a ratio of̂|Si(m)| to |Di(m)| as follows.

Ĝi(m) =

⎧⎪⎪⎨
⎪⎪⎩

βGA G̃i(m) + (1−βGA) Ĝi(m−1),

Gi(m) > Ĝi(m−1)

βGD G̃i(m) + (1−βGD) Ĝi(m−1),
otherwise

(27)

G̃i(m) =
| ̂Si(m)|

|Di(m)| + δG

(28)

where G̃i(m) is a temporary variable for calculating Ĝi(m), and
δG is a positive constant for avoiding zero division. The averag-
ing constants βGA and βGD correspond to βDA and βDD in (23)
satisfying 0 < βGD < βGA ≤ 1.

4. EVALUATIONS
Simulations of quiet and noisy environments were performed with
recorded data using a folding hands-free cellphone with a 1-inch
loudspeaker mounted at a lower backside as shown in Fig. 4. The

V  271



F
re

qu
en

cy
 [H

z]

50000 57000
[Samples]

4k

0

2k

50000 57000
[Samples]

57000
[Samples]

(b) Residual 

Signal after 

2ES without 

Flooring

(c) Residual 

Signal after 

2ES with 

Flooring

(a) Ideal 

Near-End

Speech

50000

Fig. 6. Spectrograms in Noisy Environment.

distance between the loudspeaker and the microphone was approx-
imately 6 cm. Loudness of the far-end speech was set so that the
echo level at the microphone is comparable to the near-end speech.

For the EC-LAF, the number of filter coefficients was 128 and
the coefficients were updated by the normalized least-mean-square
algorithm with a double-talk control. The 2ES employed the win-
dow size L of 256, and the frame size M of 160 following the
AMR codec standard. Hanning window was used as the win-
dowing function. Constants for averaging operations were set to
βDA=βYA=1.0, βDD=βYD=0.8, βNA=0.001, βND=0.2, βGA=0.8,
and βGD=0.3. The gain parameter γD for the flooring operation
was 1.0. As a set of âi, the dashed curve for a female in Fig. 2
was used, though the far-end talker in the evaluations was a male
to demonstrate the robustness of âi .

4.1. Quiet Environment
Figure 5 depicts simulation results under the quiet environment,
where only near-end speech and far-end speech exist and there is
no noise. The curve in (a) represents the echo and the near-end
signal. (b) is the near-end signal, which is the ideal output signal.
(c) and (d) are the output signals of the EC-LAF and the proposed
echo suppressor, i.e. 2ES.

In the left half of Fig. 5, a single talk condition is implemented.
The amplitude in (c) is one tenth or more of that in (a), which
indicates that the EC-LAF canceled the echo only by 15 to 20 dB
due to the distortion of the echo path. Referring to section A in
(c), because distortion of the echo path is high, the residual echo
of the EC-LAF is audible. On the other hand, the residual echo of
the 2ES is inaudible as shown in (d).

In the right half of Fig. 5, near-end speech signals were added
to the echo to implement a double-talk condition. Referring to
section B in (b), the ideal output should be zero, that is achieved in
(d) by the 2ES. The residual echo of the 2ES is almost inaudible
as shown in the figure. However, the EC-LAF fails to cancel the
distorted echo, whose residual echo is depicted in section B in (c).
The residual echo after the EC-LAF is clearly audible.

It is also seen that the output signal of the 2ES, (d), exhibits
some difference from the ideal near-end speech (b), in double-talk
periods as sections C and D. Such a difference is mainly caused
by attenuation at high frequencies. Despite the degradation, the
quality of the output (d) in Fig. 5 was sufficiently good for speech
communication on cellphones. In other environments with differ-
ent loudness conditions and noise levels, the subjective qualities
of the near-end speech signals at the output were also sufficiently
good.

4.2. Noisy Environment
To demonstrate the effectiveness of the flooring operation, sim-
ulations of a noisy environment were also performed. A station
noise was added to the signal in Fig. 5(a) as another near-end sig-
nal. Figure 6 shows spectrograms of the ideal near-end speech

and the output signals of the 2ESs with and without the spectral
flooring. Both the 2ESs caused attenuation in the middle of the
figures at high frequencies. However, as shown in the rectangular
boxes, they keep the harmonic structure of the near-end speech.
The 2ES without the spectral flooring caused oversubtraction as
depicted in Fig. 6(b) as a dark spot in the dotted circle. On the
contrary, the 2ES with the spectral flooring preserves uniformity
of the background noise as shown in (c), in which the dark spot
in (b) disappeared. The difference is perceived as less modulated
background noise.

5. CONCLUSIONS
This paper has proposed a new acoustic echo suppressor based on
a frequency-domain model of highly nonlinear residual echo. The
proposed echo suppressor controls the gain in each frequency bin
based on the new model where the highly nonlinear residual echo
is approximated as a product of a regression coefficient and the
echo replica in the frequency domain. To reduce annoying modu-
lation by the error of the model, a flooring operation of estimated
near-end signal level is introduced to the gain control. Simula-
tion results with speech data recorded by a hands-free cellphone
have shown that the proposed echo suppressor reduces the highly
nonlinear residual echo to an almost inaudible level, and preserves
uniformity of the background noise. The output signal quality is
sufficiently good for speech communication on cellphones.
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