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ECHO CANCELING METHOD, ECHO 
CANCELLER, AND VOICE SWITCH 

TECHNICAL FIELD 

[0001] The present invention relates generally to an echo 
canceling method and an echo canceller, and more particu 
larly, to an echo canceling method and an echo canceller 
Which are utilized in order to realiZe full duplex in a 
hands-free telephone set or a television conference, for 
example. 
[0002] Furthermore, the present invention relates to a 
voice sWitch used for a hands-free speech communication 
system capable of carrying out telephone conversation using 
a speaker and a microphone. 

BACKGROUND ART 

[0003] [1] In an echo canceller utiliZed in order to realiZe 
full duplex in a hands-free telephone set, a television con 
ference, and so forth, an adaptive ?lter coef?cient has been 
conventionally updated using an alternate voice, to estimate 
an impulse response of an echo path. As this estimation 
algorithm, the NormaliZed Least Mean Square Method (the 
NLMS Method) having a relatively small amount of opera 
tion has been frequently used. 

[0004] FIG. 1 illustrates an example of a conventional 
echo canceller 1. The echo canceller 1 is constructed as a 
hybrid (line) echo canceller for canceling a hybrid echo, and 
updates an adaptive ?lter coef?cient by the NLMS Method. 

[0005] Referring to FIGS. 1 and 2, description is made of 
the operation of the echo canceller 1. 

[0006] An echo signal y, an echo replica signal (a pseudo 
echo signal) Y, an adaptive ?lter coef?cient, a value X in a 
reference input signal buffer, a cancellation error signal e, 
and so forth are initialiZed (step 1). 

[0007] A microphone input signal Which is digitiZed by an 
analog-to-digital converter 2 is sampled, and is input 
ted to a reference input signal buffer 3 as a reference input 
signal X (step 3). 
[0008] An adaptive ?lter coefficient Pj(i) in an adaptive 
?lter 4 and the reference input signal X, i.e., a value in 
the reference input signal buffer 3 at time j are multiplied 
and accumulated by a multiply and accumulate unit 5, 
thereby to generate an echo replica signal Yj at the time j, as 
expressed by the folloWing equation (1) (step 5): 

[0009] A subtractor 7 subtracts the echo replica signal Yj 
from an echo signal yj outputted from an A/D converter 6, 
thereby to calculate a cancellation error signal ej at the time 
j, as expressed by the folloWing equation (2), (step 7): 

ej=yj-Yj <2) 

[0010] Thereafter, an adaptive ?lter coef?cient Pj+1(i) is 
updated by a coefficient updating unit 8 on the basis of the 
cancellation error signal ej the adaptive ?lter coef?cient 
Pj(i), and the reference input signal X at the time j, 
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as expressed by the folloWing equation (3) (step 9). That is, 
an adaptive ?lter coef?cient at time (j+1) is found: 

pej - xj(i) (3) 
N 

2 X1102 

[0011] The processing at the foregoing steps 3 to 9 is 
repeated, so that the adaptive ?lter coef?cient is updated. 

[0012] In the above-mentioned equations (1) to (3), yj 
denotes an echo signal at the time j, Yj denotes an echo 
replica signal at the time j, Pj(i) denotes a coefficient of the 

i-th delay element in the adaptive ?lter at the time j, denotes the i-th value of the reference input signal buffer at 

the time j ej denotes a cancellation error signal at the time 
j, N denotes the number of taps in the adaptive ?lter, and M 
denotes a relaxation coef?cient called a step gain. The same 
is true for embodiments of the invention, described later. 

[0013] In the above-mentioned echo canceller 1, the adap 
tive ?lter coef?cient is updated along the vector of the 
reference input signal X(=xj (i)), as expressed by the fore 
going equation HoWever, the reference input signal is a 
voice signal Which is high in auto-correlation, so that the 
learning speed is reduced. The vector of the reference input 
signal is a value, grasped as a vector, in the reference input 
signal buffer 3. 

[0014] As indicated by the second term on the right side of 
the equation (3), pejxj is normaliZed by the norm=Zxj(i)2 
of the vector of the reference signal. Accordingly, the 
learning precision in a frequency area having a small num 
ber of frequency components is degraded by the deviation in 
frequency components of a voice signal. 

[0015] When an impulse response of an echo path is 
estimated using an alternate voice, as in the echo canceller 
1, therefore, frequency components of an input signal devi 
ate. Even When learning is suf?ciently performed, therefore, 
hoWling may, in some cases, occur. 

[0016] The frequency characteristics of a voice signal are 
generally as shoWn in FIGS. 3a and 3b. That is, voiced 
speech (a voiced sound) has the property of decreasing in 
level by 6 dB When the frequency thereof increases by one 
octave (—6 dB/oct), as shoWn in FIG. 3a. Unvoiced speech 
(a voiceless sound) has the property of increasing in level by 
6 dB When the frequency thereof increases by one octave (+6 
dB/oct), as shoWn in FIG. 3b. 

[0017] In order to improve the learning speed and the 
learning precision of an echo canceller using the NLMS 
Method, therefore, it is considered that the deviation in 
frequency characteristics of a signal used for learning is 
decreased. 

[0018] Therefore, it is considered that a Whitening ?lter 9 
for decreasing the deviation in frequency characteristics of 
a voice signal is inserted betWeen the A/D converter 2 and 
a digital-to-analog (D/A) converter 9, as in an echo canceller 
1a shoWn in FIG. 4. In the echo canceller 1a, hoWever, an 
output signal of the Whitening ?lter 9 is outputted toWard the 
hybrid side through the D/A converter 9, so that the sound 
quality of the output signal is degraded. 
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[0019] An object of the present invention is to provide 
echo canceling means and an echo canceller capable of 
improving the learning speed and the learning precision 
Without degrading the sound quality of an output signal. 

[0020] [2] In a voice sWitch used for a hands-free speech 
communication system, a signal in a communication path 
through Which the voice of one of a near-end speaker and a 
far-end speaker Who is talking by phone passes is passed, 
While a signal in a communication path through Which the 
voice of the speaker Who is talking by phone does not pass 
is attenuated by an attenuator, thereby preventing an echo 
from being returned to the communication path through 
Which the voice of the speaker Who is talking by phone does 
not pass. 

[0021] In the voice sWitch, When one of the near-end 
speaker and the far-end speaker starts to talk by phone from 
a state Where both the speakers do not talk by phone, the 
beginning or the ending, for eXample, of a Word may, in 
some cases, be cut. 

[0022] An object of the present invention is to provide a 
voice sWitch capable of preventing the beginning or the 
ending of a Word from being cut, for eXample, When one of 
a near-end speaker and a far-end speaker starts to talk by 
phone from a state Where both the speakers do not talk by 
phone as Well as capable of carrying out more natural 
telephone conversation Which hardly has a sWitching feel 
mg. 

DISCLOSURE OF INVENTION 

[0023] An echo canceling method according to the present 
invention is an echo canceling method for updating an 
adaptive ?lter coef?cient utiliZing a digitiZed input signal to 
cancel an echo, characteriZed by comprising the steps of 
obtaining a reference input signal from the input signal; 
spuriously Whitening the reference input signal, to obtain a 
pseudo Whitened signal; generating an echo replica signal on 
the basis of the pseudo Whitened signal and the adaptive 
?lter coefficient; obtaining a cancellation error signal on the 
basis of an echo signal and the echo replica signal; and 
updating the adaptive ?lter coef?cient on the basis of the 
cancellation error signal, the adaptive ?lter coef?cient and 
the pseudo Whitened signal. 

[0024] An echo canceller according to the present inven 
tion is an echo canceller for updating an adaptive ?lter 
coef?cient utiliZing a digitiZed input signal to cancel an 
echo, comprising Whitening means for spuriously Whitening 
a reference input signal obtained from the input signal, to 
obtain a pseudo Whitened signal; echo replica signal gen 
eration means for generating an echo replica signal on the 
basis of the pseudo Whitened signal and the adaptive ?lter 
coef?cient; cancellation error signal calculation means for 
obtaining a cancellation error signal on the basis of the echo 
signal and the echo replica signal; and coef?cient updating 
means for updating the adaptive ?lter coef?cient on the basis 
of the cancellation error signal, the adaptive ?lter coef?cient 
and the pseudo Whitened signal. 

[0025] The Whitening means is composed of an IIR ?lter 
or an FIR ?lter, for eXample. 

[0026] In the echo canceling method and the echo cancel 
ler, the reference input signal obtained by sampling the 
digitiZed input signal is spuriously Whitened by the Whiten 
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ing means composed of the IIR ?lter, the FIR ?lter, or the 
like, to obtain the pseudo Whitened signal in Which the 
deviation in frequency of the input signal is decreased. That 
is, the voice signal that is the reference input signal has the 
property of varying in level as the frequency thereof 
increases. In order to decrease the deviation in frequency of 
the reference input signal, therefore, a ?lter capable of 
reducing the variation in level corresponding to the increase 
in frequency of the reference input signal is used, to Whiten 
the reference input signal by ?ltering. 

[0027] The echo replica signal is generated on the basis of 
the pseudo Whitened signal Whose deviation in frequency is 
decreased and the adaptive ?lter coefficient, and the cancel 
lation error signal is obtained on the basis of the echo signal 
and the echo replica signal. Speci?cally, the pseudo Whit 
ened signal and the adaptive ?lter coef?cient are multiplied 
and accumulated, to generate the echo replica signal. The 
echo replica signal is subtracted from the echo signal, to 
obtain the cancellation error signal. Thereafter, the adaptive 
?lter coef?cient is updated on the basis of the cancellation 
error signal, the adaptive ?lter coefficient, and the pseudo 
Whitened signal. 

[0028] The pseudo Whitened signal is obtained from the 
reference input signal obtained by sampling the input signal, 
and the input signal is fed to the D/A converter as it is. 
Accordingly, an output signal obtained by the D/A converter 
is outputted Without degrading the sound quality thereof. 

[0029] A?rst voice sWitch according to the present inven 
tion is characteriZed by comprising near-end speaker’s voice 
judgment means for judging Whether a near-end speaker’s 
voice is present or absent; far-end speaker’s voice judgment 
means for judging Whether a far-end speaker’s voice is 
present or absent; and speech communication state determi 
nation means for determining Which of a near-end speaker 
speech communication state, a far-end speaker speech com 
munication state, and an intermediate state is the current 
speech communication state on the basis of the results of the 
judgment by the near-end speaker’s voice judgment means 
and the far-end speaker’s voice judgment means, the pre 
ceding speech communication state determined, and the 
hysteresis of speech communication states preceding the 
preceding speech communication state. 

[0030] A second voice sWitch according to the present 
invention is characteriZed by comprising near-end speaker’s 
voice attenuation means for attenuating a near-end speaker’s 
voice; far-end speaker’s voice attenuation means for attenu 
ating a far-end speaker’s voice; near-end speaker’s voice 
judgment means for judging Whether the near-end speaker’s 
voice is present or absent; far-end speaker’s voice judgment 
means for judging Whether the far-end speaker’s voice is 
present or absent; speech communication state determina 
tion means for determining Which of a near-end speaker 
speech communication state, a far-end speaker speech com 
munication state and an intermediate state is the current 
speech communication state on the basis of the results of the 
judgment by the near-end speaker’s voice judgment means 
and the far-end speaker’s voice judgment means, the pre 
ceding speech communication state determined, and the 
hysteresis of speech communication states preceding the 
preceding speech communication state; means for control 
ling, When it is determined that the current speech commu 
nication state is the near-end speaker speech communication 
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state, an attenuation amount by the near-end speaker’s voice 
attenuation means at a loW level, While controlling an 
attenuation amount by the far-end speaker’s voice attenua 
tion means at a high level; means for controlling, When it is 
determined that the current speech communication state is 
the far-end speaker speech communication state, an attenu 
ation amount by the near-end speaker’s voice attenuation 
means at a high level, While controlling an attenuation 
amount by the far-end speaker’s voice attenuation means at 
a loW level; and means for controlling, When it is determined 
that the current speech communication state is the interme 
diate state, both the attenuation amount by the near-end 
speaker’s voice attenuation means and the attenuation 
amount by the far-end speaker’s voice attenuation means at 
an intermediate level, the speech communication state deter 
mination means comprising means for determining, When 
the transition of the speech communication state betWeen the 
near-end speaker speech communication state and the far 
end speaker speech communication state occurs, the speech 
communication state such that the transition alWays occurs 
via the intermediate state. 

[0031] It is preferable that the speech communication state 
determination means comprises, in a case Where the transi 
tion from the near-end speaker speech communication state 
or the far-end speaker speech communication state to the 
intermediate state occurs, means for determining, When it is 
judged that the near-end speaker’s voice or the far-end 
speaker’s voice is present after the intermediate state is 
continued for not less than a predetermined time period, the 
speech communication state so as to proceed to a speaker 
speech communication state corresponding to the speaker’s 
voice Which is judged to be present, determining, When it is 
judged that the speaker’s voice in a direction of speech 
communication before the transition to the intermediate state 
is present in a case Where the time period during Which the 
intermediate state is continued is shorter than the predeter 
mined time period, the speech communication state so as to 
immediately return to a speaker speech communication state 
before the transition, and determining, even When it is 
judged that the speaker’s voice in a direction of speech 
communication opposite to the direction of speech commu 
nication before the transition to the intermediate state is 
present in a case Where a time period during Which the 
intermediate state is continued is shorter than the predeter 
mined time period, the speech communication state so as to 
maintain the intermediate state. 

[0032] The number of types of the intermediate states is 
not limited to one. Aplurality of types of intermediate states 
may be set. 

[0033] According to the voice sWitch, in a case Where one 
of a near-end speaker and a far-end speaker starts to talk by 
phone from a state Where both the speakers do not talk by 
phone, it is possible to prevent the beginning or the ending 
of a Word from being cut, for eXample, as Well as to carry out 
more natural telephone conversation Which hardly has a 
sWitching feeling. 

BRIEF DESCRIPTION OF DRAWINGS 

[0034] FIG. 1 is a block diagram shoWing a conventional 
echo canceller; 

[0035] FIG. 2 is a How chart shoWing an eXample of the 
operation of a conventional technique shoWn in FIG. 1; 
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[0036] FIGS. 3a and 3b are graphs shoWing frequency 
characteristics of a voice signal; 

[0037] FIG. 4 is a functional block diagram shoWing an 
eXample of another echo canceller; 

[0038] FIG. 5 is a block diagram shoWing the con?gura 
tion of an echo canceller; 

[0039] FIG. 6 is a functional block diagram shoWing the 
function of the echo canceller shoWn in FIG. 5; 

[0040] FIG. 7 is a diagram shoWing an equivalent circuit 
of a principal part of FIG. 6; 

[0041] FIG. 8 is a block diagram shoWing a speci?c 
eXample of a Whitening ?lter; 

[0042] FIG. 9 is a graph shoWing the frequency charac 
teristics of the Whitening ?lter shoWn in FIG. 8; 

[0043] FIG. 10 is a How chart shoWing the operation of 
the echo canceller shoWn in FIG. 5; 

[0044] FIG. 11a is a graph shoWing the effect of a learning 
method in the echo canceller shoWn in FIG. 5 in comparison 
With the conventional NLMS Method, and FIG. 11b is a 
Waveform diagram shoWing an input voice signal; 

[0045] FIGS. 12a and 12b are graphs shoWing the char 
acteristics of a Whitening ?lter; 

[0046] FIG. 13 is a block diagram shoWing the con?gu 
ration of a voice sWitch; 

[0047] FIG. 14 is a schematic vieW shoWing the type of 
speech communication state and the type of transition of the 
speech communication state; and 

[0048] FIG. 15 is a timing chart shoWing attenuation 
amounts by attenuators 102 and 104 in each speech com 
munication state and attenuation amounts by attenuators 102 
and 104 in a case Where the transition of the speech 
communication state occurs. 

BEST MODE FOR CARRYING OUT THE 
INVENTION 

[0049] [1] Description of First Embodiment 

[0050] Referring noW to FIGS. 5 to 12, a ?rst embodiment 
of the present invention Will be described. 

[0051] FIG. 5 illustrates an echo canceller 10 and its 
peripheral circuits. 

[0052] The echo canceller 10 comprises a CPU 12, a ROM 
14, and a RAM 16. 

[0053] The ROM 14 stores a program for controlling the 
operation of the echo canceller 10, including the foregoing 
equations for calculation (1) to (3), and a previously set data. 
The data stored in the ROM 14 include the number of taps 
N in an adaptive ?lter 28 (described later), a step gain p, and 
so forth. 

[0054] The RAM 16 temporarily stores data such as a 
calculated value obtained by an operation in the CPU 12. 
The data stored in the RAM 16 include an echo signal y, an 
echo replica signal Y, an adaptive ?lter coef?cient, a value 
X in a reference input signal buffer, a cancellation error 
signal e, and so forth. The number of taps N in the adaptive 
?lter and the step gain u may be stored in the RAM 16. 
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[0055] The CPU 12 is operated using the program and the 
data Which are stored in the ROM 14 and the RAM 16, to 
realize the echo canceller 10. 

[0056] FIG. 6 is a functional block diagram showing the 
function of the echo canceller 10 shoWn in FIG. 5. 

[0057] The echo canceller 10 shoWn in FIG. 6 is an 
example constructed as a hybrid echo canceller for canceling 
a hybrid echo. The echo canceller 10 comprises a Whitening 
?lter 18 for emphasiZing a high frequency region. The 
Whitening ?lter 18 is composed of an HR (In?nite Impulse 
Response) ?lter, for example. 

[0058] Asignal obtained by digitiZing a microphone input 
signal using an A/D converter 20 is sampled, and is inputted 
as a reference input signal X to the Whitening ?lter 18. A 
pseudo Whitened signal X1 is outputted from the Whitening 
?lter 18. The pseudo Whitened signal X1 is temporarily 
stored in a reference input signal buffer 22. 

[0059] The pseudo Whitened signal X1 stored in the ref 
erence input signal buffer 22 is fed to a multiply and 
accumulate unit 24 and a coefficient updating unit 26 at 
predetermined timing. In the multiply and accumulate unit 
24, an echo replica signal Y is calculated on the basis of the 
pseudo Whitened signal X1 and an adaptive ?lter coef?cient 
in an adaptive ?lter 28. 

[0060] A subtractor 30 subtracts the echo replica signal Y 
from an echo signal y from an A/D converter 32, to obtain 
a cancellation error signal e. The cancellation error signal e 
is converted into an analog signal by a D/A converter 34, and 
the analog signal is then outputted as a speaker output signal. 
In a coef?cient updating unit 26, the adaptive ?lter coef? 
cient is updated such that it approaches an impulse response 
H (Z) of an echo path on the basis of the pseudo Whitened 
signal X1, the adaptive ?lter coef?cient, and the cancellation 
error signal e. 

[0061] The echo canceller 10 is characteriZed in the place 
Where the Whitening ?lter 18 is inserted. The Whitening ?lter 
18 is inserted into not a path A from the A/D converter 20 
to a D/A converter 36 but a path B branched from the path 
A. Consequently, the digitiZed microphone input signal from 
the A/D converter 20 is fed as it is to the D/A converter 36, 
so that the sound quality of a hybrid output signal outputted 
from the D/A converter 36 is not degraded. 

[0062] FIG. 7 illustrates an equivalent circuit of a princi 
pal part of the echo canceller 10 shoWn in FIG. 6. As can be 
seen from FIG. 7, the impulse response of the echo path as 
vieWed from an echo canceller 10a is changed into H(Z)~1/ 
C(Z) by inserting the Whitening ?lter 18. That is, a hybrid 
output signal outputted from an inverse ?lter 18a becomes 
a value equal to the reference input signal X. Accordingly, 
the echo canceller 10a can estimate the impulse response 
H(Z) of the echo path in a case Where the same signal as the 
reference input signal X is outputted as the hybrid output 
signal on the basis of the pseudo Whitened signal X1. 
Consequently, there arises no problem in an operation of 
estimating the impulse response H(Z) of the echo path. 

[0063] A 1st order IIR-type high-pass ?lter as shoWn in 
FIG. 8, for example, is used as the Whitening ?lter 18. The 
1st order IIR-type high-pass ?lter is a high-pass emphasiZing 
?lter Whose cut-off frequency corresponding to a sampling 
signal having a frequency of 8 KHZ is set to 2 KHZ, to 
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increase a voice signal in level by 3 dB as the frequency 
thereof increases by one octave. Voiced speech in the voice 
signal has the property of decreasing in level by approxi 
mately 6 dB every time the frequency thereof statistically 
increases by one octave. By using the 1st order IIR type 
high-pass ?lter, hoWever, the attenuation characteristics of 
the voice signal are reduced, thereby obtaining a pseudo 
Whitened signal X1 in Which the deviation in frequency of 
the voice signal is decreased. 

[0064] The Whitening ?lter 18 has multipliers 37, 38, 40, 
and 42 respectively having coef?cients of 0.5, —0.5, 1.0, and 
0.0, for example, delay circuits 44 and 46 for delaying an 
input signal by one sample, and an adder 48. The frequency 
characteristics of the Whitening ?lter 18 are as shoWn in 
FIG. 9. As can be seen from the coef?cient of the Whitening 
?lter 18, the Whitening ?lter 18 performs the function of 
canceling 1st order auto-correlation. 

[0065] When the Whitening ?lter 18 is used, there are feW 
frequency components Which are less than approximately 
300 HZ. Accordingly, learning in a region having feW 
frequency components may be degraded. When the echo 
canceller 10 is employed for a telephone system, for 
example, hoWever, the frequency band is limited such that 
its normal frequency band becomes 300 HZ to 3200 HZ, 
Which does not particularly cause a problem. 

[0066] In the echo canceller 10, the adaptive ?lter coef? 
cient is updated by the NLMS Method using the pseudo 
Whitened signal X1 Which has been spuriously Whitened by 
the Whitening ?lter 18. 

[0067] Referring to FIG. 10, the operation of the echo 
canceller 10 Will be described. 

[0068] First, an echo signal y, an echo replica signal Y, an 
adaptive ?lter coef?cient, a value X in the reference input 
signal buffer 22, a cancellation error signal e, and so forth 
Which are stored in the RAM 10 are ?rst initialiZed (step 11). 

[0069] A microphone input signal Which has been digi 
tiZed by the A/D converter 20 is sampled, and is inputted to 
the Whitening ?lter 18 as a reference input signal X. The 
reference input signal X is ?ltered by the Whitening ?lter 18, 
to obtain a pseudo Whitened signal X1 (step 13). The 
obtained pseudo Whitened signal X1 is inputted to the 
reference input signal buffer 22 (step 15). 

[0070] As expressed by the foregoing equation (1), an 
adaptive ?lter coef?cient Pj(i) in the adaptive ?lter 28 and 
the pseudo Whitened signal X1, ie a value in the 
reference input signal buffer 22 at time j are multiplied and 
accumulated by the multiply and accumulate unit 24, to 
generate an echo replica signal Yj at the time j. 

[0071] As expressed by the foregoing equation (2), the 
subtractor 30 subtracts the echo replica signal Yj from an 
echo signal yj outputted from the A/D converter 32, to 
calculate a cancellation error signal ej at the time j (step 19). 

[0072] Thereafter, as expressed by the foregoing equation 
(3), an adaptive ?lter coef?cient Pj+1(j) is updated on the 
basis of the cancellation error signal ej, the adaptive ?lter 

coef?cient Pj(i), and the pseudo Whitened signal X1 at the time j by the coef?cient updating unit 26. That is, an 

adaptive ?lter coef?cient at time (j+1) is found. 

[0073] The processing at the foregoing steps 11 to 21 is 
repeated, thereby updating the adaptive ?lter coef?cient. 












