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Abstract. In this paper, the research work about the feature of the speech echo in phone lines and how to cancel this
echo is presented. Generally, the LMS algorithm is often used in echo cancellation, because it is very easy to be
implemented. But one of the disadvantages of the LMS algorithm is that the convergence speed is too slow, which is not
suitable in fast time varying occasions. In order to solve this problem, an echo cancellation implement approach based on
MLLNN (Multi-Layer Linear Neural Network) is proposed. The detail of the MLLNN-based echo cancellation
workflows is presented in this paper, and the simulation experiment is put into practice. The simulation experiment result
shows that the filter of MLLNN-based algorithm is more feasible and efficient than that of LMS-based algorithm in echo
cancellation.
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1. Introduction
With the development of communication technique, more and more communication devices provide the
hands free system. The hands free system is convenient but the speech echo comes with it. In hands free
devices, the speaker can amplify the speech signal, so high acoustic coupling is being generated between the
microphone and speaker, and the sound wave echo comes out from the acoustic coupling. The reason of echo
being generated is that, at the local end, the speech of the remote caller is played out through the speaker, and
the sound wave generates several copies because of the multi-reflection when the sound wave broadcast in
the room, which is called speech echo. Then the speech echo is received by the microphone at the local end,
so the feedback loop is formed. Through the loop, the speech echo is transmitting to the caller, so the caller
hears his own speech.
The speech echo transmitting in the feedback loop affects both the communication system stabilization
and the speech quality, so we need to take some measures to get ride of the speech echo.
The basic principle[1-5] of the speech echo canceller is that an adaptive filter is being used to simulate the
echo transmit path. Through some adaptive algorithm, the shock response of the adaptive filter is
approximate equal to the shock response of the actual echo transmit path. Therefore we can get the echo
forecast signal. Then the echo will be cancelled when we subtract the echo forecast signal from the
microphone speech signal. If we want to have good communication speech quality, the echo cancellation is
necessary for both the local end and the remote end. The diagram of the echo cancellation can be illustrated
as the Fig. 1.
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Fig. 1: The diagram of the echo cancellation algorithm.
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In the Fig. 1, the y (i) is the signal from the remote end A, the x(i) is the signal of the local end, and the
r (i ) is the echo signal. The rˆ(i ) is the simulated signal generated by the echo canceller, which is used to
cancel the echo r (i) . The u (i) is the transmitted signal to remote end B after echo cancellation. If the
performance of the echo canceller is good enough, then e(i)  r (i)  rˆ(i) should be approximate equal to
zero, and the u(i)  x(i)  e(i) should be approximate equal to x(i) . If the transfer function of the echo
canceller is equal to the echo transmit path, then the estimated echo signal rˆ(i ) is equal to the actual echo
signal r (i) . Because the process of the echo cancellation seems like a problem of system identification, so
we try solving echo cancellation problem by utilizing the neural network method as being used in the system
identification.

2. Multi-Layer Linear Neural Network
The diagram of the multi-layer linear neural network adaptive filter is illustrated as Fig.2. In the Fig.2,
the x(i) is the sampled discrete signal. If the number of the input data is p , the input signal vector is
x(n)   x(n  1)  x(n  p) .

(1)

When the network is working, it will minimum the mean square error between the network output y(n) and
the desired output d (n) through adjusting the weight value hi , j , k  n  . The variable i is layer sequence
number, and the variable j is the neural joint sequence number, the variable k is the path connection
sequence number. The variable Si , j represents the output of the joint j from the layer i . The variable hi , j , k
represents the weight value of the path connection k from the joint  i, j  . The N (i) is the number of joints
from the layer i . The input signal of every joint can be presented as
SL, j (n)  x(n  j ) .
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Fig. 2: The diagram of the multi-layer linear neural network.

So the output of the joint j from the layer i can be presented as
Si , j (n) 

N ( i 1)

h
k 1

i, j ,k

(n) Si 1, k .

(3)

Therefore, the relationship between the output and the input of the network seems like a fir filter.Then the
output of the FIR form can be formulated as
p

y(n)  S0,1 (n)   hk (n) x(n  k ) .

(4)

k 1

And the coefficient of the FIR is
N (1) N (2)

N ( L 1) L 1

k1 1 k2 1

kL1 1 i  0

hk (n)    

 h

i , ki , ki 1

( n) .

(5)

Here, we take the BP (Back Propagation) algorithm[6] as the weight training method, and minimum the mean
square error E  e2  n   , where the e(n)  d (n)  y(n) . The iterative formula of the weight value is
hi , j ,k  n  1  hi , j ,k  n   i , j  n  Si 1,k .

(6)

For the output layer, the gradient error is
 0,1  n   2  y  n   d  n   .
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(7)

For the other layers, the gradient error is
i, j  n  

N  i 1


m 1

i 1, m

 n  hi 1,m, j  n  .

(8)

If the L  1 , then the BP algorithm can be simplified to the LMS algorithm.

3. The Application of The BP Based Echo Cancellation
In this section, we will give an simulation experiment of echo cancellation by utilizing the BP based
MLLNN. The experiment result shows that the BP based MLLNN algorithm is more feasible and efficient.

3.1. The simulation diagram of the echo cancellation
The simulation diagram of the echo cancellation is illustrated as Fig.3.
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Fig. 3: The simulation diagram of the echo cancellation.

In Fig.3, the unit A and unit B are the speech input units, which are two periods of speech signals. Here,
we call the two periods of speech signals as speech 1 and speech 2 separately. The unit C, unit D and unit E
are speech delay units, which can attenuate and delay the speech signals from both the unit A and the unit B
to simulate the echo signals. In the simulation process, the speech signal in the unit D is delayed, and the
speech signals in the unit C and the unit E are not attenuated, in order to simulate the remote signal y  i  and
the local signal x  i  .
The unit F is a speech overlay unit, which is used to get overlay speech signal from the unit D and unit E.
And the unit F is used to simulate the sum of the local signal and echo signal, which is x(i)  r (i) .
The unit G is the echo cancellation unit, which is used to cancel the echo of the overlay speech signal
from the unit C and unit F. The output is the speech after echo cancelling.
The symbol meanings in the Fig.3 can be described as the followings.
Yi —— speech 1, simulating the remote reference signal y  i  .
Ri —— the attenuated value of the speech 1, simulating the echo signal r  i  .
Xi —— speech 2, simulating the local signal x  i  .
Si —— simulating the sum of the local signal and the echo signal, which is x(i)  r (i) .
Out ——simulating the output speech signal after echo cancelling, which is u  i   x  i   r i   rˆ i  .

3.2. The algorithm unit
The speech delay unit is used to attenuate the amplitude of the speech 1, which is used to simulate the
echo signal in the analog phone line. In mathematical, it can be formulated as
Output  Input 10



delayvalue
20

.

(9)

According to the protocol ITU-T G.165[7], we select 6dB as the delay value of the unit D, and select 0dB as
the delay values of both the unit C and the unit E which means no attenuating.
The overlay unit is used to sum the speech 2 to the attenuated speech 1, which is used to simulate the
overlay value between the local speech and the echo speech. In mathematical, it can be formulated as
Si i   Ri i   X i i  , i  0,1, 2,
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.

(10)

The echo cancellation unit is used to cancel the echo of the overlay speech signal from the unit C and
unit F. The output is the speech after echo cancelling. The diagram of the echo cancellation unit is illustrated
as Fig.4.
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Fig. 4: The diagram of the echo cancellation unit.

3.3. The experiment result analysis
Fig.5 shows the experiment result analysis of echo cancellation for a period speech signal. The time
domain waveform of speech 1 is showed in Fig.5a, which is used to simulate the remote reference signal.
The time domain waveform of speech 2 is showed in Fig.5b, which is used to simulate the local speech
signal. The time domain waveform of the overlay speech signal is showed in Fig.5c, which is used to
simulate the sum of the local speech and echo speech signals. The time domain waveform of the output after
echo cancellation is showed in Fig.5d.
From the experiment result, we can find that the speech waveform of Fig.5d and Fig.5b are very similar,
and the correlation coefficients value of them is between 0.9 and 1. We can get the same experiment result
when using other input sampling speech signal.
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Fig. 5: The time domain waveform of input and output speech.

4. The Comparison between the LMS Algorithm

23

Generally, we use the LMS algorithm in echo cancellation processing. In order to verify the stability and
fastness of the BP based MLLNN algorithm, we make a convergence property comparison between the LMS
algorithm and the BP based MLLNN algorithm.
Firstly, we check the convergence property of the LMS algorithm. When selecting 32-order FIR filter
and using different learning value  , we can find the following results in estimating the mean square error
(MSE) E  e2  n   : The max value of  is max  0.054 ; Considering both the fast convergence property and
the minimum MSE, the value of  is   0.042 .
Under the same conditions, we use the BP based MLLNN algorithm in echo cancellation. Here, we
select 4 layers as the processing neural network. The number of input layer neurons is N  4   32 . The
number of the first hint layer neurons is N  3  4 . The number of the second hint layer neurons is N  2   4 .
The number of the third hint layer neurons is N 1  1 . We select the same  value as the LMS algorithm
and estimate the mean square error (MSE). Then we can get the experiment result as showed in Fig.6. By
comparing the result of the two algorithms, we can draw a conclusion that the convergence speed of the BP
based MLLNN algorithm is faster than that of the LMS algorithm.
From the experiment, we also find that the convergence speed is faster when the  value is larger for the
BP based MLLNN algorithm, and the convergence speed is faster when the number of the neural network
layers is larger for the BP based MLLNN algorithm. But if the same number of neural network layers is not
changed, only increasing the number of hint layer joint, the processing complexity is increased, while the
convergence speed is being improved little.
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Fig. 6: The  value is 0.042.

5. Conclusions
In this paper, the basic principle of echo cancellation is introduced. An echo cancellation approach is
proposed by utilizing multi-layer linear neural network based on BP algorithm. From the relationship of the
input and output, the adaptive filters based on the LMS algorithm and the BP based MLLNN algorithm are
both linear systems. And the two algorithms are both based on gradient descent method. But due to the
weight value of the BP based MLLNN algorithm being nonlinear, the convergence property of BP based
MLLNN algorithm is better than the LMS algorithm. Considering the computation and the realization, the
ASIC (Application Specific Integrated Circuit) of neural network or linear filtering device can be used in the
echo cancellation processing.
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