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(54) DE-REVERBERATION CONTROL METHOD AND DEVICE OF SOUND PRODUCING 
EQUIPMENT

(57) A de-reverberation control method and device
of sound producing equipment are disclosed. The meth-
od includes that: when a piece of equipment performs
audio playing, a voice signal from a user is collected in
real time; a relative position of the user with respect to
the equipment and acoustic parameters of a room envi-
ronment in which the equipment is located, are acquired;
according to one or more of the relative position and the
acoustic parameters, a corresponding microphone in the
equipment is selected, and a corresponding voice en-
hancement mode is called to perform de-reverberation;
a voice command word from the user is acquired to con-
trol the equipment to perform a corresponding function,
as a respond to the user. The present solution can im-
prove the recognition accuracy of a voice command, and
improve user interaction experience.
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Description

TECHNICAL FIELD

[0001] The present disclosure relates to the technical
field of voice interaction, and in particular to a de-rever-
beration control method and device of sound producing
equipment.

BACKGROUND

[0002] With the development of intelligent technology,
many manufactures start to consider providing a voice
recognition function in intelligent products. For example,
computers, mobile phones, home appliances and other
products are required to support wireless connection, re-
mote control, voice interaction, and so on.
[0003] However, when a user performs voice interac-
tion with the intelligent product, the sound made by the
user is collected by the intelligent product after being re-
flected by a room, and thus reverberation is generated.
Since the reverberation contains a signal similar to a cor-
rect signal, and has a relatively large interference on ex-
traction of voice information and voice feature, it is de-
sired to perform de-reverberation. The existing de-rever-
beration solution fails to be well applied to a scenario
where the user interacts with the intelligent product. The
existing de-reverberation solution either has a low de-
reverberation degree which causes large reverberation
residue, or has a high de-reverberation degree which at-
tenuates a user’s voice. Accordingly, recognition accu-
racy of a voice command may be severely reduced and
thus the product fails to respond timely to a command
from the user, leading to a poor interaction experience.

SUMMARY

[0004] The disclosure is intended to provide a de-re-
verberation control method and device of sound produc-
ing equipment, for solving the problem of low recognition
accuracy of a voice command and poor interaction ex-
perience in the current products.
[0005] To this end, the technical solutions of the dis-
closure are implemented as follows.
[0006] According to an aspect, the disclosure provides
a de-reverberation control method of sound producing
equipment, which includes that:

when a piece of equipment performs audio playing,
a voice signal from a user is collected in real time;
a relative position of the user with respect to the
equipment and acoustic parameters of a room envi-
ronment in which the user and the equipment are
located, are acquired;
according to one or more of the relative position and
the acoustic parameters, a corresponding micro-
phone in the equipment is selected, and a corre-
sponding voice enhancement mode is called to per-

form de-reverberation; and
a voice command word from the user is acquired,
and the equipment is controlled to perform a function
corresponding to the voice command, as a respond
to the user.

[0007] According to another aspect, the disclosure pro-
vides a de-reverberation control device of sound produc-
ing equipment, which includes:

a voice collector, which is arranged to, when the
equipment performs audio playing, collect the voice
signal from the user in real time;
a factor acquiring unit, which is arranged to acquire
the relative position of the user with respect to the
equipment and the acoustic parameters of the room
environment in which the equipment is located;
a de-reverberation performing unit, which is ar-
ranged to, according to one or more of the relative
position and the acoustic parameters, select the cor-
responding microphone in the equipment, and call
the corresponding voice enhancement mode to per-
form the de-reverberation; and
a command executing unit, which is arranged to ac-
quire the voice command word from the user, and
control the equipment to perform the corresponding
function, as a respond to the user.

[0008] By means of the technical solutions of the dis-
closure, when the voice enhancement mode is adjusted
based on the relative position of the user with respect to
the equipment, the user’s voice can be enhanced or pro-
tected better while the de-reverberation is performed,
and voice recognition accuracy can be improved; when
the de-reverberation is performed based on the acoustic
parameters associated with the user and the equipment,
different voice enhancement modes can be adopted ac-
cording to the change of acoustics environments indicat-
ed by the acoustic parameters to ensure an appropriate
de-reverberation degree, thereby solving the problem of
large reverberation residue or attenuated user’s voice in
the current solution, and achieving higher recognition ac-
curacy. It can be understood that when the de-reverber-
ation is performed based on both user information and
environment information, the voice recognition accuracy
can be further improved.

BRIEF DESCRIPTION OF DRAWINGS

[0009]

FIG. 1 is a schematic diagram of a de-reverberation
control method of sound producing equipment pro-
vided by an embodiment of the disclosure;
FIG. 2 is a structure diagram of a de-reverberation
control device of sound producing equipment pro-
vided by another embodiment of the disclosure; and
FIG. 3 is a structure diagram of another de-reverber-
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ation control device of sound producing equipment
provided by another embodiment of the disclosure.

DETAILED DESCRIPTION

[0010] For making the aim, the technical solutions and
the advantages of the disclosure more clear, implemen-
tation modes of the disclosure are further elaborated be-
low in combination with the accompanying drawings.
[0011] An embodiment of the disclosure provides a de-
reverberation control method of sound producing equip-
ment. As shown in FIG. 1, the method includes the fol-
lowing actions.
[0012] In S101, when a piece of equipment performs
audio playing, a voice signal from a user is collected in
real time.
[0013] In S102, a relative position of the user with re-
spect to the equipment and acoustic parameters of a
room environment in which the user and the equipment
are located, are acquired.
[0014] In the embodiment, when a factor (also called
a reference quality) for controlling de-reverberation is se-
lected, a comprehensive factor containing both user in-
formation and space information is derived based on two
basic factors, namely a user-related quantity and a
space-related quantity.
[0015] For example, a direction and distance of the us-
er relative to the equipment is acquired as the relative
position which is the user-related quantity. The acoustic
parameters may belong to either the basic factor or the
comprehensive factor. For example, reverberation time
(T60, T30, T20 or the like) of a room environment belongs
to a space-related quantity. A direct-to-reverberant ratio
of user’s voice (the ratio of direct sound to reverberant
sound in the user’s voice collected by the equipment),
and an intelligibility (e.g. C50) obtained by the equipment
using its built-in microphone array to collect the user’s
voice and then calculate, are associated with the user
and the space, and belong to the comprehensive factor.
[0016] In S103, according to one or more of the relative
position and the acoustic parameters, a corresponding
microphone in the equipment is selected, and a corre-
sponding voice enhancement mode is called to perform
de-reverberation.
[0017] S104: a voice command word from the user is
acquired, and the equipment is controlled to perform a
function corresponding to the voice command, as a re-
spond to the user.
[0018] From the above, by means of the technical so-
lutions of the disclosure, when the voice enhancement
mode is adjusted based on the relative position of the
user with respect to the equipment, the user’s voice can
be enhanced or protected better while the de-reverber-
ation is performed, and the voice recognition accuracy
can be improved. When the de-reverberation is per-
formed based on the acoustic parameters associated
with the user and the equipment, different voice enhance-
ment modes can be adopted according to the change of

acoustics environments indicated by the acoustic param-
eters to ensure an appropriate de-reverberation degree.
Therefore, the problem of large reverberation residue or
attenuated user’s voice in the current solution may be
solved, and thus a higher recognition accuracy may be
obtained. It can be understood that when the de-rever-
beration is performed based on both user information
and environment information, the voice recognition ac-
curacy can be further improved.
[0019] In another embodiment based on the embodi-
ment shown in FIG. 1, in order to match the feature of
voice interaction between the user and the equipment
more, while S102 is performed, the method may further
include but not limited to the following actions. When a
wake-up word is detected from the voice signal collected
by the equipment, the equipment is controlled to stop the
audio playing. Alternatively, when the wake-up word is
detected from the voice signal, a volume at which the
equipment performs the audio playing is lowered to be
below a volume threshold.
[0020] In this way, according to the feature of a sce-
nario of voice interaction between the user and the equip-
ment, when the wake-up word is detected, it is judged
that the user has a new requirement at this point, then
the equipment is controlled to stop the current audios,
and a new command of the user is waited, which not only
contributes to further improving the recognition accuracy
of the new command, but also conforms to a usage habit
of the scenario of voice interaction, thereby improving
interaction experience.
[0021] The action of controlling the audio playing and
S102 are performed at the same time, thereby shortening
the response time and responding to the user more time-
ly.
[0022] Furthermore, in S104, the command word in-
cludes commands of controlling built-in functions of the
equipment. For example, the command word may in-
clude the command of controlling the play volume of a
speaker of the equipment, the command of controlling
the equipment to move, the command of controlling an
application program installed in the equipment, and the
like.
[0023] Since relative to the wake-up words, the number
of command words is large, and the content of the com-
mand words is complex, in order to reduce the equipment
load and improve the recognition accuracy, a cloud
processing mode is adopted for the command word in
the this embodiment. After the equipment stops the audio
playing, the voice signal sent by the user after the wake-
up word is collected. The voice signal is transmitted to a
cloud server, the cloud server performs feature matching
on the voice signal, and acquires the command word
from the voice signal upon that the feature matching is
successful. The command word returned by the cloud
server is received, and the equipment is controlled to
perform the corresponding function according to the com-
mand word, so as to correspondingly respond to the user.
[0024] In another embodiment of the disclosure, how
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to perform the de-reverberation based on the user-relat-
ed quantity and the space-related quantity is described
in detail. Other embodiments may be referred for other
content of the solution.
[0025] The sound producing equipment in each em-
bodiment of the disclosure is a sound producing equip-
ment a microphone array. The microphone array is used
to collect the user’s voice and perform de-reverberation.
In a process of performing de-reverberation according to
the basic factor or the comprehensive factor, the micro-
phones selected according to product requirements and
usage scenarios are different. It is possible to select ei-
ther all the microphones in the microphone array or a
part of microphones in the microphone array. For exam-
ple, if the user is nearby, and the voice is loud and clear,
merely using a part of microphones can achieve the effect
of using all the microphones, then there is no need to
use all the microphones. If the user is far away, and the
voice is weak and the reverberation is heavy, it is required
to use all the microphones to process.
[0026] For a scenario where multiple factors are re-
quired to perform de-reverberation, in the present em-
bodiment, priorities are respectively set for factors includ-
ed in the relative position and the acoustic parameters.
From a highest priority to a lowest priority, the de-rever-
beration is performed based on the factors one by one.
Alternatively, the de-reverberation is performed only
based on one or more of the factors which has a priority
higher than a predetermined level. Adopting the process-
ing mode based on the priorities can not only provide a
targeted voice enhancement mode according to different
scenarios to achieve a better de-reverberation effect, but
can reduce calculation complexity and shorten the re-
sponse time. It should be noted that, de-reverberation
may also be performed based on all the factors without
considering the priorities.
[0027] For example, the priority of the relative position
is set to be higher than the priority of the acoustic param-
eter, and the priority of the direction is set to be higher
than the priority of the distance in the relative position.
During the de-reverberation, the direction is first adopted,
then the distance is adopted, and finally the acoustic pa-
rameter is adopted. Alternatively, a level value and a level
threshold are set for the priority of each factor. For ex-
ample, if the level value of the relative position is 5, the
level value of the acoustic parameter is 3, and the level
threshold is 4, when the factor with the priority higher
than 4 is adopted according to a rule, the de-reverbera-
tion is performed only using the relative position. It can
be understood that multiple priority levels can be respec-
tively set for the factors in the acoustic parameters, and
the processing mode similar to the above is adopted.
[0028] In the present embodiment, the de-reverbera-
tion may be performed in the following implementations.

A first implementation

[0029] According to the direction of the user relative to

the equipment, the corresponding microphone in the
equipment is selected, and the voice direction enhanced
by the voice enhancement mode is adjusted to perform
the de-reverberation.

A second implementation

[0030] When the distance of the user relative to the
equipment is less than a first distance threshold, a de-
reverberation degree and a voice amplification function
in the voice enhancement mode are reduced to a first
enhancement level. When the distance of the user rela-
tive to the equipment is greater than a second distance
threshold, the de-reverberation degree and the voice am-
plification function in the voice enhancement mode are
improved to a second enhancement level. When the dis-
tance of the user relative to the equipment is greater than
the first distance threshold and less than the second dis-
tance threshold, the de-reverberation degree and the
voice amplification function in the voice enhancement
mode are adjusted to be between the first enhancement
level and the second enhancement level.
[0031] When the user is close to the equipment, the
de-reverberation degree and the amplification degree of
user’s voice are reduced. When the user is far away from
the equipment, the de-reverberation degree and the am-
plification degree of user’s voice are improved.

A third implementation

[0032] When a reverberation degree in the room envi-
ronment indicated by the acoustic parameters is greater
than a first reverberation threshold, the de-reverberation
degree in the voice enhancement mode is improved to
a first degree. When the reverberation degree in the room
environment indicated by the acoustic parameters is less
than a second reverberation threshold, the de-reverber-
ation degree in the voice enhancement mode is reduced
to a second degree. When the reverberation degree in
the room environment indicated by the acoustic param-
eters is greater than the first reverberation threshold and
less than the second reverberation threshold, the de-re-
verberation degree in the voice enhancement mode is
adjusted to be between the first degree and the second
degree.
[0033] When the reverberation degree in the room en-
vironment is greater, the de-reverberation degree is im-
proved. When the reverberation degree in the room is
lesser, the de-reverberation degree is reduced.
[0034] Only the operations, closely related to the so-
lution, in the voice enhancement mode are described
above, but there are more operations; for example,
equalization processing will be performed on the voice
signal.
[0035] The specific values of the reverberation thresh-
old and the reverberation degree are not strictly limited
here, but can vary in a specific range.
[0036] Another embodiment of the disclosure provides
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a de-reverberation control device 200 of sound producing
equipment. As shown in FIG. 2, the device 200 includes
a voice collector 201, a factor acquiring unit 202, a de-
reverberation performing unit 203 and a command exe-
cuting unit 204.
[0037] The voice collector 201 is arranged to, when
the equipment performs audio playing, collect the voice
signal from the user in real time. The voice collector can
be implemented by the microphone array in the equip-
ment.
[0038] The factor acquiring unit 202 is arranged to ac-
quire the relative position of the user with respect to the
equipment and the acoustic parameters of the room en-
vironment in which the equipment is located.
[0039] The de-reverberation performing unit 203 is ar-
ranged to, according to one or more of the relative posi-
tion and the acoustic parameters, select the correspond-
ing microphone in the equipment, and call the corre-
sponding voice enhancement mode to perform the de-
reverberation.
[0040] The command executing unit 204 is arranged
to acquire the voice command word from the user, and
control the equipment to perform the corresponding func-
tion, as a respond to the user.
[0041] Based on the embodiment shown in FIG. 2, fur-
thermore, as shown in FIG. 3, the device 200 further in-
cludes a detection control unit 205. The detection control
unit is arranged to, while acquiring the relative position
of the user with respect to the equipment and the acoustic
parameters of the room environment in which the equip-
ment is located, when the wake-up word is detected from
the voice signal, control the equipment to stop the audio
playing, or when the wake-up word is detected from the
voice signal, lower the volume at which the equipment
performs the audio playing to be below the volume
threshold.
[0042] The de-reverberation performing unit 203 is ar-
ranged to respectively set priorities for the factors includ-
ed in the relative position and the acoustic parameters,
and from a highest priority to a lowest priority, perform
the de-reverberation based on the factors one by one, or
perform the de-reverberation only based on one or more
of the factors which has a priority higher than the prede-
termined level.
[0043] The de-reverberation performing unit 203 is
specifically arranged to perform at least one of the fol-
lowing three actions:

according to the direction of the user relative to the
equipment, select the corresponding microphone in
the equipment, and adjust the voice direction en-
hanced by the voice enhancement mode to perform
the de-reverberation; or
when the distance of the user relative to the equip-
ment is less than the first distance threshold, reduce
the de-reverberation degree and the voice amplifi-
cation function in the voice enhancement mode to
the first enhancement level; when the distance of the

user relative to the equipment is greater than the
second distance threshold, improve the de-reverber-
ation degree and the voice amplification function in
the voice enhancement mode to the second en-
hancement level; when the distance of the user rel-
ative to the equipment is greater than the first dis-
tance threshold and less than the second distance
threshold, adjust the de-reverberation degree and
the voice amplification function in the voice enhance-
ment mode to be between the first enhancement lev-
el and the second enhancement level; or
when the reverberation degree in the room environ-
ment indicated by the acoustic parameters is greater
than the first reverberation threshold, improve the
de-reverberation degree in the voice enhancement
mode to the first degree; when the reverberation de-
gree in the room environment indicated by the acous-
tic parameters is less than the second reverberation
threshold, reduce the de-reverberation degree in the
voice enhancement mode to the second degree;
when the reverberation degree in the room environ-
ment indicated by the acoustic parameters is greater
than the first reverberation threshold and less than
the second reverberation threshold, adjust the de-
reverberation degree in the voice enhancement
mode to be between the first degree and the second
degree.

[0044] The command executing unit 204 is specifically
arranged to collect the voice signal sent by the user after
the wake-up word, transmit the voice signal to the cloud
server. The cloud server performs feature matching on
the voice signal, acquires the command word from the
voice signal upon that the feature matching is successful,
receive the command word returned by the cloud server,
and control the equipment to perform the corresponding
function according to the command word.
[0045] The de-reverberation control device 200 of
sound producing equipment is set in the sound producing
equipment. The sound producing equipment includes,
but is not limited to intelligent portable terminals and in-
telligence household electrical appliances. The intelli-
gent portable terminals at least include a smart watch, a
smart phone or a smart speaker. The intelligence house-
hold electrical appliances at least include a smart televi-
sion, a smart air-conditioner or a smart recharge socket.
[0046] The specific working mode of each unit in the
embodiment of the device can refer to the related content
of the embodiment of the disclosure, so it will not be re-
peated here.
[0047] From the above, by means of the technical so-
lutions of the disclosure, when the voice enhancement
mode is adjusted based on the relative position of the
user with respect to the equipment, the user’s voice can
be enhanced or protected better while the de-reverber-
ation is performed, and the voice recognition accuracy
can be improved. When the de-reverberation is per-
formed based on the acoustic parameters associated
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with the user and the equipment, different voice enhance-
ment modes can be adopted according to the change of
acoustics environments indicated by the acoustic param-
eters to ensure an appropriate de-reverberation degree,
thereby solving the problem of large reverberation resi-
due or attenuated user’s voice in the current solution,
and achieving higher recognition accuracy. It can be un-
derstood that when the de-reverberation is performed
based on both user information and environment infor-
mation, the voice recognition accuracy can be further im-
proved.
[0048] Those ordinary skilled in the art can understand
that all or a part of steps of the above embodiments can
be performed by using a computer program flow. The
computer program can be stored in a computer readable
storage medium. The computer program, when executed
on corresponding hardware platforms (such as system,
installation, equipment and device) performs one of or a
combination of the steps in the method.
[0049] Optionally, all or a part of steps of the above
embodiments can also be performed by using an inte-
grated circuit. These steps may be respectively made
into integrated circuit modules. Alternatively, multiple
modules or steps may be made into a single integrated
circuit module.
[0050] The devices/function modules/function units in
the above embodiment can be realized by using a general
computing device. The devices/function modules/func-
tion units can be either integrated on a single computing
device, or distributed on a network composed of multiple
computing devices.
[0051] When the devices/function modules/function
units in the above embodiment are realized in form of
software function module and sold or used as an inde-
pendent product, they can be stored in a computer-read-
able storage medium. The computer-readable storage
medium may be an ROM, RAM, a magnetic disk or a
compact disk.
[0052] The above is only the preferred embodiment of
the disclosure and not intended to limit the disclosure.
Any modifications, equivalent replacements, improve-
ments and the like within the spirit and principle of the
disclosure shall fall within the scope of protection of the
disclosure.

Claims

1. A de-reverberation control method of a piece of
sound producing equipment, the method compris-
ing:

collecting a voice signal from a user in real time
when the equipment performs audio playing;
acquiring a relative position of the user with re-
spect to the equipment and acoustic parameters
of a room environment in which the user and the
equipment are located;

according to one or more of the relative position
and the acoustic parameters, selecting a corre-
sponding microphone in the equipment, and
calling a corresponding voice enhancement
mode to perform de-reverberation;
acquiring a voice command word from the user,
and controlling the equipment to perform a func-
tion corresponding to the voice command, as a
respond to the user.

2. The method according to claim 1, wherein while ac-
quiring the relative position of the user with respect
to the equipment and the acoustic parameters of the
room environment in which the user and the equip-
ment are located, the method further comprises:

controlling the equipment to stop the audio play-
ing when a wake-up word is detected from the
voice signal; or
lowering a volume at which the equipment per-
forms the audio playing, to be below a volume
threshold when the wake-up word is detected
from the voice signal.

3. The method according to claim 1, wherein acquiring
a relative position of the user with respect to the
equipment and acoustic parameters of the room en-
vironment in which the user and the equipment are
located, comprises:

acquiring a direction and distance of the user
relative to the equipment as the relative position;
and
acquiring a reverberation time, a direct-to-rever-
berant ratio of the user’s voice and an intelligi-
bility index of a voice collected by the equipment
in the room environment in which the equipment
and user are located, as the acoustic parame-
ters.

4. The method according to claim 1, wherein according
to one or more of the relative position and the acous-
tic parameters, selecting the corresponding micro-
phone in the equipment, and calling the correspond-
ing voice enhancement mode to perform the de-re-
verberation comprises:

according to one or more of the relative position
and the acoustic parameters, selecting all mi-
crophones in the equipment as currently used
microphones, and calling a corresponding voice
enhancement mode to perform the de-reverber-
ation; or,
according to one or more of the relative position
and the acoustic parameters, selecting a part of
microphones in the equipment as the currently
used microphones, and calling a corresponding
voice enhancement mode to perform the de-re-
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verberation.

5. The method according to claim 3, wherein according
to one or more of the relative position and the acous-
tic parameters, selecting the corresponding micro-
phone in the equipment, and calling the correspond-
ing voice enhancement mode to perform the de-re-
verberation comprises:

setting priorities respectively for factors com-
prising the relative position and the acoustic pa-
rameters;
from a highest priority to a lowest priority, per-
forming the de-reverberation based on the fac-
tors one by one; or, performing the de-reverber-
ation only based on one or more of the factors
which has a priority higher than a predetermined
level.

6. The method according to claim 4, wherein according
to one or more of the relative position and the acous-
tic parameters, selecting the corresponding micro-
phone in the equipment, and calling the correspond-
ing voice enhancement mode to perform the de-re-
verberation comprises at least one of the following
three actions:

according to the direction of the user relative to
the equipment, selecting the corresponding mi-
crophone in the equipment, and adjusting a
sound direction enhanced by the voice en-
hancement mode to perform the de-reverbera-
tion; or,
when the distance of the user relative to the
equipment is less than a first distance threshold,
reducing a de-reverberation degree and a voice
amplification function in the voice enhancement
mode to a first enhancement level; when the dis-
tance of the user relative to the equipment is
greater than a second distance threshold, im-
proving the de-reverberation degree and the
voice amplification function in the voice en-
hancement mode to a second enhancement lev-
el; when the distance of the user relative to the
equipment is greater than the first distance
threshold and less than the second distance
threshold, adjusting the de-reverberation de-
gree and the voice amplification function in the
voice enhancement mode to be between the first
enhancement level and the second enhance-
ment level; or,
when a reverberation degree in the room envi-
ronment indicated by the acoustic parameters
is greater than a first reverberation threshold,
improving the de-reverberation degree in the
voice enhancement mode to a first degree; when
the reverberation degree in the room environ-
ment indicated by the acoustic parameters is

less than a second reverberation threshold, re-
ducing the de-reverberation degree in the voice
enhancement mode to a second degree; when
the reverberation degree in the room environ-
ment indicated by the acoustic parameters is
greater than the first reverberation threshold and
less than the second reverberation threshold,
adjusting the de-reverberation degree in the
voice enhancement mode to be between the first
degree and the second degree.

7. The method according to claim 2, further comprising:

collecting a voice signal sent by the user after
the wake-up word;
transmitting the voice signal to a cloud server
which performs feature matching on the voice
signal and acquires the command word from the
voice signal upon that the feature matching is
successful; and
receiving the command word returned by the
cloud server, and controlling the equipment to
perform the corresponding function according
to the command word.

8. A de-reverberation control device of a piece of sound
producing equipment, the device comprising:

a voice collector, which is arranged to, when the
equipment performs audio playing, collect a
voice signal from a user in real time;
a factor acquiring unit, which is arranged to ac-
quire a relative position of the user with respect
to the equipment and acoustic parameters of a
room environment in which the equipment is lo-
cated;
a de-reverberation performing unit, which is ar-
ranged to, according to one or more of the rel-
ative position and the acoustic parameters, se-
lect a corresponding microphone in the equip-
ment, and call a corresponding voice enhance-
ment mode to perform de-reverberation; and
a command executing unit, which is arranged to
acquire a voice command word from the user,
and control the equipment to perform a function
corresponding to the voice command, as a re-
spond to the user.

9. The device according to claim 8, further comprising:

a detection control unit, which is arranged to,
while acquiring the relative position of the user
with respect to the equipment and the acoustic
parameters of the room environment in which
the equipment is located:

when a wake-up word is detected from the
voice signal, control the equipment to stop
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the audio playing; or
when the wake-up word is detected from
the voice signal, lower a volume at which
the equipment performs the audio playing,
to be below a volume threshold.

10. The device according to claim 8, wherein the factor
acquiring unit is further arranged to:

acquire a direction and distance of the user rel-
ative to the equipment as the relative position;
and
acquire a reverberation time, a direct-to-rever-
berant ratio of the user’s voice and an intelligi-
bility index of a voice collected by the equipment
in the room environment in which the equipment
and user are located, as the acoustic parame-
ters.

11. The device according to claim 8, wherein the de-
reverberation performing unit is further arranged to:

according to one or more of the relative position
and the acoustic parameters, select all micro-
phones in the equipment as currently used mi-
crophones, and call a corresponding voice en-
hancement mode to perform the de-reverbera-
tion; or,
according to one or more of the relative position
and the acoustic parameters, select a part of
microphones in the equipment as the currently
used microphones, and call a corresponding
voice enhancement mode to perform the de-re-
verberation.

12. The device according to claim 10, wherein the de-
reverberation performing unit is further arranged to:

set priorities respectively for factors comprising
the relative position and the acoustic parame-
ters;
from a highest priority to a lowest priority, per-
form the de-reverberation based on the factors
one by one; or, perform the de-reverberation on-
ly based on one or more of the factors which has
a priority higher than a predetermined level.

13. The device according to claim 11, wherein the de-
reverberation performing unit is arranged to perform
at least one of the following three operations:

according to the direction of the user relative to
the equipment, select the corresponding micro-
phone in the equipment, and adjust a sound di-
rection enhanced by the voice enhancement
mode to perform the de-reverberation; or
when the distance of the user relative to the
equipment is less than a first distance threshold,

reduce a de-reverberation degree and a voice
amplification function in the voice enhancement
mode to a first enhancement level; when the dis-
tance of the user relative to the equipment is
greater than a second distance threshold, im-
prove the de-reverberation degree and the voice
amplification function in the voice enhancement
mode to a second enhancement level; when the
distance of the user relative to the equipment is
greater than the first distance threshold and less
than the second distance threshold, adjust the
de-reverberation degree and the voice amplifi-
cation function in the voice enhancement mode
to be between the first enhancement level and
the second enhancement level; or
when a reverberation degree in the room envi-
ronment indicated by the acoustic parameters
is greater than a first reverberation threshold,
improve the de-reverberation degree in the
voice enhancement mode to a first degree; when
the reverberation degree in the room environ-
ment indicated by the acoustic parameters is
less than a second reverberation threshold, re-
duce the de-reverberation degree in the voice
enhancement mode to a second degree; when
the reverberation degree in the room environ-
ment indicated by the acoustic parameters is
greater than the first reverberation threshold and
less than the second reverberation threshold,
adjust the de-reverberation degree in the voice
enhancement mode to be between the first de-
gree and the second degree.

14. The device according to claim 9, wherein

the voice collector is further arranged to collect
a voice signal sent by the user after the wake-
up word,
and wherein the command executing unit is fur-
ther arranged to:

transmit the voice signal to a cloud server
which performs feature matching on the
voice signal and acquires the command
word from the voice signal upon that the fea-
ture matching is successful; and
receive the command word returned by the
cloud server, and control the equipment to
perform the corresponding function accord-
ing to the command word.

15. A non-transitory computer readable storage medi-
um, in which a computer executable instruction is
stored; the computer executable instruction being
used for performing the de-reverberation control
method according to any one of claims 1-7.
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