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ABSTRACT

This paper proposes a new method of residual echo reduc-

tion (ER) to track abrupt increases in the residual echo. The

method assumes that the spectral structure of the residual

echo is maintained even if the residual echo abruptly in-

creases; then, estimates only of the echo power level can

be made in a short observation time. The proposed method

instantaneously obtains the echo power level by focusing on

all frequency-spectral components, and recalculates the echo

component using bothe the obtained power level and the spec-

tral structure estimated with the conventional method. The

outstanding performance of the proposed method is demon-

strated through objective and subjective experiments. The

results revealed that the degradation in speech quality was

mitigated even if the echo power level increased during the

double-talk periods.

Index Terms— Acoustic echo canceller, residual echo,

STSA-based echo reduction, echo-path change

1. INTRODUCTION

An acoustic echo canceller (AEC) is used in hands-free

telecommunication systems to eliminate unwanted acous-

tic echo signals that result from acoustic coupling between

the loudspeaker and microphone. In most AECs, an adaptive

filter (ADF) [1, 2, 3] and echo reduction (ER) [4, 5, 6, 7, 8,

9, 10, 11] are jointly employed in series. Although the ADF

generates an echo replica, which is subtracted from the mi-

crophone signal, some residual echo still remains in its output

(often called an error signal). The ER follows the ADF to

reduce the residual echo [12, 13]. This process suppresses

the residual echo by multiplying echo-reduction gain to each

frequency component of the error signal. The echo-reduction

gain is calculated from the estimate of the acoustic coupling

level (ACL), which is a power frequency response of the

transfer function between the loudspeaker and microphone.

There are two representative methods of estimating ACL;

the first is straightforward and simple [4, 5], which measures

ACL when the near-end speech is detected to be absent; the

second is a method of frequency-domain cross correlation

(FDCC) [6, 7] using the long-time correlation between re-

ceived and error signals. A major advantage of the FDCC

method is that it has the ability to estimate ACL even dur-

ing double-talk periods by exploiting the uncorrelatedness be-

tween the received and near-end speech signals. Therefore,

the FDCC approach is gradually becoming the mainstream

for ACL estimation. However, a problem with FDCC is its

slow tracking speed because the uncorrelatedness assumption

only holds true if the observation period (time period) of the

signals is long enough. As a result, FDCC fails to accurately

track immediate increases in the residual echo level that occur

during the double-talk period or when the echo-path abruptly

changes. If the length of a signal utilized to estimate ACL is

shortend to obtain a faster tracking speed, the estimation ac-

curacy of ACL will be degraded because the uncorrelatedness

assumption is no longer valid.

To resolve this trade-off, we propose a new method of

echo reduction with instantaneous adjustment of the echo

power level. This method is based on a model that assumes

the power spectral structure of the residual echo does not

change even if the amount of residual echo abruptly increases.

Because the power spectrum of a signal is determined by the

spectral structure and the power level, the model allows the

proposed method to instantaneously estimate the amount

of residual echo by only estimating the power level of the

residual echo spectrum. The proposed method calculates the

instantaneous echo power level even during the double-talk

period by focusing on all frequency samples in the cross-

power spectral calculation between the error signal and the

estimated residual echo from FDCC, and the resulting power

level helps to accurately estimate the amount of residual echo
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in the error signal. Thus, the proposed method is able to re-

duce echo after the abrupt increase in the residual echo, while

retaining the accuracy of estimating the echo-reduction gain

even during double-talk periods.

The remainder of this paper is organized as follows. Sec-

tion 2 presents an overview of the conventional ER method

and its problems. Section 3 explains the proposed echo-

power-level adjustment method. Section 4 presents results

from demonstrations of the performance of the proposed

method through simulations and subjective evaluations, and

Section 5 concludes the paper.

2. ECHO REDUCTION AND ACCOMPANYING
PROBLEMS

This section explains the echo-reduction (ER) process in a

short-time spectral amplitude (STSA) domain [14] using the

method of frequency-domain cross correlation (FDCC). The

structure of ER is outlined in Fig. 1, and the adaptive filter

(ADF) process has been omitted to simplify the explanation.

Microphone signal y(n) is expressed as

y(n) = d(n) + s(n), (1)

where d(n) is the acoustic echo signal and s(n) near-end

speech signal. Here, d(n) is represented by the convolution

of echo-path impulse response h(n) and received signal x(n),
i.e.,

d(n) = h(n) ∗ x(n), (2)

where ∗ denotes the convolution. The short-time spectrums

of d(n) and y(n) are respectively represented as

Di(ω) = Hi(ω)Xi(ω) (3)

and

Yi(ω) = Di(ω) + Si(ω), (4)

where ω is the discrete frequency index, i is the discrete time-

frame index, and Hi(ω), Xi(ω), and Si(ω) correspond to the

short-time spectra of h(n), x(n), and s(n), respectively.

The echo reduction in general form can be expressed by

Ŝi(ω) = Gi(ω)Yi(ω), (5)

where Ŝi(ω) denotes the estimate of Si(ω). Gi(ω) is the

echo-reduction gain, which is, for example, calculated ac-

cording to the Wiener filtering method [15, 16] obtained by

Gi(ω) =
|Yi(ω)|2 − |D̂i(ω)|2

|Yi(ω)|2 , (6)

where |D̂i(ω)|2 is the estimate of echo power spectrum

|Di(ω)|2. The obtained estimate Ŝi(ω) is transformed into

time domain signal ŝ(n), which is the send signal an inverse

fast Fourier transform (IFFT).
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Fig. 1. Structure of echo reduction process.

Echo power spectrum |Di(ω)|2 is estimated as

|D̂i(ω)|2 = |Ĥi(ω)|2|Xi(ω)|2, (7)

where |Ĥi(ω)|2 denotes the estimate of the acoustic coupling

level (ACL) |Hi(ω)|2, which is the power spectrum of h(n).
The ACL estimate is given [6] by

|Ĥi(ω)|2 =
∣∣∣∣
〈Xi(ω), Yi(ω)〉

‖Xi(ω)‖2

∣∣∣∣
2

, (8)

where 〈, 〉 and ‖ · ‖ are an inner product and a norm, respec-

tively. Boldface denotes a time-sequence vector of a short-

time spectrum: Pi(ω) = [Pi(ω), · · · , Pi−L+1(ω)]T . L is

the number of frames, meaning the observation time param-

eter, and T represents the transposition. The ACL estimate

|Ĥi(ω)|2 is close to zero if the ADF converged properly.

The estimate in (8) is obtained from the following rela-

tionship:

|Ĥi(ω)|2 =
∣∣∣∣
〈Xi(ω), Di(ω)〉 + 〈Xi(ω), Si(ω)〉

‖Xi(ω)‖2

∣∣∣∣
2

, (9)

�
∣∣∣∣
〈Xi(ω), Di(ω)〉

‖Xi(ω)‖2

∣∣∣∣
2

, (10)

�
∣∣∣∣
Hi(ω) 〈Xi(ω), Xi(ω)〉

‖Xi(ω)‖2

∣∣∣∣
2

, (11)

= |Hi(ω)|2. (12)

However, the approximation from (9) to (10) holds only

when the time-sequence vectors of the received and near-

end speeches are uncorrelated. Therefore, the conventional

method needs to take a large L for the time period because

the statistical properties of data are used for the calculation.

However, the derivation from (10) to (11) holds only if the

echo path does not vary during the past L frames. Thus, the

tracking speed of ACL estimation is slow when L is large, and

as a result, the conventional method suffers from the tradeoff

between tracking speed and accuracy for ACL estimation.
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3. PROPOSED METHOD

3.1. Strategy to improve echo reduction

This section proposes a method of adjusting the echo power

level to improve the conventional tracking speed while main-

taining accuracy by using the large L. Echo-reduction gain

in the proposed method is compensated for by introducing a

new adjustable parameter of echo-power level Ĉi, as follows:

GP
i (ω) =

|Yi(ω)|2 − Ĉi|D̂i(ω)|2
|Yi(ω)|2 . (13)

Ĉi is adaptively estimated and quickly tracks abrupt changes

in the echo level (i.e. a overestimation parameter as intro-

duced for noise suppression technique in [17]). To instanta-

neously estimate the adjustable parameter, Ĉi is derived as

Ĉi =

〈
Yi, D̂i

〉

‖D̂i‖2
, (14)

where the boldface with the overline denotes a frequency-

sequence vector of a short-time power spectrum at frame in-

dex i: Pi = [|Pi(0)|2, · · · , |Pi(ω)|2, · · · , |Pi(N − 1)|2]T . N
is the number of all frequency bins. In (14), the average of the

frequency elements is used instead of the time average. Ĉi is

not dependent on the frequency because the proposed method

assumes that the spectral structure of the echo remains un-

changed, although the echo abruptly increases. Therefore,

our method only takes into consideration the instantaneous

calculation of the power level of the echo.

If the power spectra of the estimated echo and near-end

speech are uncorrelated and the spectral structures between

Di(ω) and D̂i(ω) are similar, Ĉi can correctly adjust the es-

timate of echo power spectrum:

Ĉi‖D̂i‖ �
〈

Di, D̂i

〉
+

〈
Si, D̂i

〉

‖D̂i‖2
‖D̂i‖, (15)

�
〈

Di, D̂i

〉

‖D̂i‖2
‖D̂i‖, (16)

� ‖Di‖
‖D̂i‖

‖D̂i‖, (17)

= ‖Di‖. (18)

The above approximate expressions are equivalent to ignoring

the effects of the cross term between D̂i(ω) and Si(ω), and

so they sometimes might lead to some oversubtraction. How-

ever, this method can expect to improve the ER performance

right after the abrupt increase in the echo.

Equation (14) also corresponds to a least squares solution

to the following equation:

‖Yi − ĈiD̂i‖2 → 0. (19)

Table 1. Experimental conditions

Sampling rate 16 kHz

Frame length 256 samples

Frame shift 128 samples

FFT points 256 samples

Reverberation time 300 ms

The adjustable parameter is generally calculated using

time and frequency spectral domains for the cross-spectral

calculation in order to obtain more statistical data as

Ĉ ′
i =

∑M−1
m=0

∑N−1
ω=0 |Yi−m(ω)|2|D̂i−m(ω)|2∑M−1

m=0

∑N−1
ω=0 |D̂i−m(ω)|4

, (20)

where M is the number of frames, with M � L.

3.2. Practical calculation method

This section presents a more practical method of calculat-

ing the adjustable parameter to obtain better performance.

In practice, the difference between |Di(ω)|2 and |D̂i(ω)|2
causes problems with accuracy of power-level estimation.

The estimation-error component is regarded as the near-end

speech component, and as a result, the echo-power-level es-

timate will be smaller than the actual level. Consequently,

the proposed method floors the adjustable parameter of the

echo-power level with the underfloor threshold as

ĈP
i = max

[
Ĉ ′

i, Th
]
, (21)

where max[·] is the maximum value selection, and Th is the

constant value to determine the minimum value of the ad-

justable parameter, where Th = 1.

4. EVALUATION

The performance of our new method was evaluated using

both simulation and subjective listening tests. The proposed

and conventional methods were used to calculate the echo-

reduction gain using (13) and (6), respectively. The con-

ventional method is ER with FDCC. The ADF process was

skipped in these evaluations in order to evaluate the element

performance of ER process. Table 1 lists the experimental

conditions.

4.1. Simulation results

The received and near-end speech signals are shown in Figs.

2 (a) and (b), respectively. Periods A and B are received and

send single-talk situations, respectively. The double-talk sit-

uation occurs during periods C and D. The echo path was

changed at 12 seconds into the different impulse response,

3
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Fig. 2. (a) Received speech signal (female speech) and (b)

near-end speech signal (male speech).

and the echo-power level was rapidly increased by about 20

dB. These simulated the residual echoes obtained from ADF

process before and after the echo-path change, which means

after and before the ADF convergence.

Microphone signal y(n) is plotted in Fig. 3 (a). Figures 3

(b) and (c) plot the send signal after processing with conven-

tional methods for time periods L = 10 and L = 200. The

conventional method was calculated both from short and long

time periods to compare the assessments. Figure 3 (d) shows

the send signal with the proposed method. Time periods M
and L with the proposed method were set at 10 and 200 ac-

cording to the conventional method. As can be seen in Figs. 3

(a), (b), (c), and (d), the conventional and proposed methods

sufficiently suppressed echo signals in the received single-talk

situation (period A). Echo return loss enhancements (ELREs)

were 27.27 dB and 27.13 dB with the conventional methods

for L = 10 and L = 200, respectively. The ERLE of 27.33

dB was achieved with the proposed method.

However, these results indicate that the conventional

method for L = 10 seemed to result in speech distortions in

double-talk situations (periods C and D) compared with the

conventional and proposed methods for L = 200. This is

because the time period to estimate ACL was too short. In

contrast, the conventional method for L = 200 was clearly

evident from the insufficient echo suppression during the pe-

riod from 12 s to 13 s immediately after the echo-path change

because the time was prolonged, and as a result the tracking

speed was slow. However, the proposed method was able to

reduce the echo immediately after the change and retained

the waveform of the near-end speech signal.

4.2. Subjective results

A multi-stimulus test with hidden reference and anchor

(MUSHRA) using a 100-point scale, compliant with ITU-
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Fig. 3. (a) Microphone signal, (b) send signal with con-

ventional method (L = 10), (c) send signal with conven-

tional method (L = 200), and (d) send signal with proposed

method.

R BS.1534-1 [18], was used to test the quality of speech. All

reference and evaluation signals are played to both ears with

headphones (Sennheiser HD 280 Pro). Eight experienced

listeners evaluated speech under three conditions: the send

signal of conventional methods for L = 10 and L = 200,

and the proposed method. The test results comparing the

conventional and proposed methods are shown in Fig. 4. The

vertical lines in the figure denote a 95% confidence interval.

For each double-talk period (periods C and D), mean scores

were awarded for four sound signals by eight listeners. As

these results indicate, the proposed method had about the

same quality as the conventional method for L = 200 during

the period C, but a better score was observed in period D by

using the new method that corrected the echo power level

instantaneously. The new method for period D improved the

sound quality by about eight points on a 100-point scale com-

pared with the conventional method calculated for the same

time period (L = 200), and a significant improvement was

confirmed.
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Fig. 4. Double-talk quality assessments for (a) period C and

(b) period D.

5. CONCLUSION

A new method of instantaneously adjusting the echo power

level for echo reduction was proposed. The echo power

level was instantaneously estimated by focusing on all the

frequency spectral components of the short-time power spec-

tra of the error signal and the estimated residual echo from

FDCC. Consequently, the residual echo was properly sup-

pressed even immediately after a rapid change in the echo

path. The experimental results revealed that the proposed

method outperformed the conventional method during the

abrupt increase of the echo-power level, and improved the

quality of speech after the echo-path change by about eight

points in the MUSHRA test.
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