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(57) This application relates to a signal processing
method and apparatus, a storage medium, and a vehicle.
The method includes: receiving a first audio signal that
is collected by one or more first sensors and that is at a
noise source; receiving a second audio signal that is col-
lected by one or more second sensors and that is at a
human ear, where the first audio signal and the second
audio signal are used to determine a parameter for
processing the first audio signal in a first processing man-
ner; and sending a third audio signal determined after
the first audio signal is processed in the first processing
manner, where the third audio signal indicates a speaker
to emit a sound wave, and the sound wave is used to
cancel noise at the human ear. In this way, a capability
of adjusting a parameter in real time in a noise reduction
process can be implemented, so that quick noise reduc-
tion can be implemented, a noise reduction amount is
large, and a noise reduction effect is better.

SIGNAL PROCESSING METHOD AND APPARATUS, AND STORAGE MEDIUM AND VEHICLE
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Receive a first audio signal that is collected by one or more first sensors and that is
at a noise source
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Receive a second audio signal that is collected by one or more second sensors and
that is at a human ear, where the first audio signal and the second audio signal are
used to determine a parameter for processing the first audio signal in a first
processing manner
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Send a third audio signal determined after the first audio signal is processed in the
first processing manner, where the third audio signal indicates a speaker to emit a
sound wave, and the sound wave is used to cancel noise at the human ear
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Description
TECHNICAL FIELD

[0001] This application relates to the signal processing field, and in particular, to a signal processing method and
apparatus, a storage medium, and a vehicle.

BACKGROUND

[0002] Vehicles in a high-speed driving process usually have relatively strong noise. The noise includes road noise
generated through interaction between a tire and the ground and between a suspension and a body, wind noise, envi-
ronmental noise, and the like. This seriously affects a comfort degree of an occupant. Energy of noise perceived by
people can be reduced by using a noise reduction method, so that noise interference to people can be reduced. Generally,
there are two vehicle noise reduction methods: passive noise reduction and active noise reduction. Passive noise
reduction is to reduce vehicle noise in a physical noise reduction manner. Active noise reduction generally uses an active
noise cancellation (active noise cancellation, ANC) technology to generate, by using a speaker, an audio signal that
suppresses a noise signal. After the noise signal meets and superimposes on the noise suppression signal, the noise
signal and the noise suppression signal are neutralized to cancel each other, so that a purpose of noise reduction is
achieved.

[0003] In the active noise reduction method, a filter is generally applicable only to noise reduction in a single working
condition. Because a body structure of an actual vehicle is complex and a working condition is unstable, a real-time
adjustment capability in actual application is relatively poor, quick noise reduction cannot be implemented, and a state
in which a noise reduction amount is relatively large cannot be stabilized. Therefore, a noise reduction solution with a
stronger real-time adjustment capability and a better noise reduction effect is urgently required.

SUMMARY

[0004] In view of this, a signal processing method and apparatus, a storage medium, and a vehicle are provided.
[0005] According to afirst aspect, an embodiment of this application provides a signal processing method. The method
includes: receiving a first audio signal that is collected by one or more first sensors and that is at a noise source; receiving
a second audio signal that is collected by one or more second sensors and that is at a human ear, where the first audio
signal and the second audio signal are used to determine a parameter for processing the first audio signal in a first
processing manner; and sending a third audio signal determined after the first audio signal is processed in the first
processing manner, where the third audio signal indicates a speaker to emit a sound wave, and the sound wave is used
to cancel noise at the human ear.

[0006] According to this embodiment of this application, in a process of processing the first audio signal, real-time
parameter adjustment is performed by using the second audio signal collected at the human ear. In this way, a current
noise reduction state may be considered, and the parameter is adjusted based on the current noise reduction state. In
this way, the first audio signal is processed by using an adjusted parameter to obtain the third audio signal, to indicate
the speaker to emit the sound wave to cancel the noise, so that quicker noise reduction can be implemented, a noise
reduction amount is larger, a noise reduction effect is better. This improves a comfort degree of an occupant.

[0007] According to the first aspect and any possible implementation, the method further includes: processing the first
audio signal in a second processing manner to determine a fourth audio signal, where the second processing manner
indicates a transmission manner in which the sound wave is transmitted from the speaker to the second sensor; deter-
mining a fifth audio signal based on the second audio signal and an audio signal that is obtained after the third audio
signal is processed in the second processing manner; and determining, based on the fourth audio signal and the fifth
audio signal, the parameter for processing the first audio signal in the first processing manner.

[0008] According to this embodiment of this application, the fourth audio signal is determined by estimating the trans-
mission manner of transmission from the speaker to the second sensor, so that a transmission process of the first audio
signal is considered. In addition, the fifth audio signal is obtained through reconstruction, so that initial noise heard by
the occupant before noise reduction may be obtained through calculation. The parameter is adjusted with reference to
the fourth audio signal and the fifth audio signal, so that a corresponding sound wave emitted by the speaker as indicated
by an adjusted parameter can better cancel the noise. In this way, a larger noise reduction amount is obtained. In addition,
the parameter may be adjusted in a timely manner through real-time calculation of the parameter based on the two, so
that a noise reduction state can be restored more quickly when interference occurs, and robustness is higher. In this
way, a better noise reduction effect is obtained.

[0009] According to the first aspect and any possible implementation, the determining, based on the fourth audio signal
and the fifth audio signal, the parameter for processing the first audio signal in the first processing manner includes:
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determining, based on an autocorrelation matrix of the fourth audio signal and a cross-correlation matrix of the fourth
audio signal and the fifth audio signal, the parameter for processing the first audio signal in the first processing manner.
[0010] In this way, an autocorrelation degree of the fourth audio signal and a cross-correlation degree of the fourth
audio signal and the fifth audio signal may be considered in a parameter adjustment process, so that a better noise
reduction effect is implemented.

[0011] According to the first aspect and any possible implementation, the determining, based on an autocorrelation
matrix of the fourth audio signal and a cross-correlation matrix of the fourth audio signal and the fifth audio signal, the
parameter for processing the first audio signal in the first processing manner includes: determining a change direction
ofthe parameter based on the autocorrelation matrix, the cross-correlation matrix, and a parameter at a previous moment;
and determining a parameter at a current moment based on one or more of the following: the parameter at the previous
moment, a signal length during processing in the first processing manner, the change direction of the parameter, and a
change amplitude of the parameter.

[0012] According to this embodiment of this application, the parameter at the current moment is determined at each
moment, so that a large noise reduction amount is stabilized and quick noise reduction is implemented, noise caused
by a sudden change of a filter as a consequence of untimely parameter update can be avoided, and a comfort degree
of experience of an occupant is improved.

[0013] According to the first aspect and any possible implementation, the processing the first audio signal in a second
processing manner to determine a fourth audio signal includes: processing, in the second processing manner at an
interval of a predetermined window moving distance, the first audio signal of a predetermined window length, to determine
the fourth audio signal; and the determining a fifth audio signal based on the second audio signal and an audio signal
that is obtained after the third audio signal is processed in the second processing manner includes: determining, at an
interval of the predetermined window moving distance, the fifth audio signal based on the second audio signal of the
predetermined window length and the audio signal that is obtained after the third audio signal is processed in the second
processing manner.

[0014] According to this embodiment of this application, calculation may be performed by using a predetermined
window, so that the fourth audio signal and the fifth audio signal do not need to be determined point by point. This
reduces a calculation amount.

[0015] According to the first aspect and any possible implementation, the method further includes: determining a noise
reduction amount based on the second audio signal and the fifth audio signal; and adjusting, based on the noise reduction
amount, one or more of the following: the change amplitude of the parameter, the signal length during processing in the
first processing manner, the predetermined window moving distance, and the predetermined window length.

[0016] According to this embodiment of this application, the noise reduction amount is calculated, and one or more of
the following is adjusted based on the noise reduction amount: the change amplitude of the parameter, the signal length,
the predetermined window moving distance, and the predetermined window length, so that different noise reduction
environments and states can be adapted to in a noise reduction process. In this way, a better noise reduction effect is
achieved and user experience is improved.

[0017] According to the first aspect and any possible implementation, in a sixth possible implementation of the signal
processing method, the first processing manner is Wiener filtering.

[0018] In this way, a larger noise reduction amount can be obtained, and quicker noise reduction can be implemented.
[0019] According to a second aspect, an embodiment of this application provides a signal processing apparatus. The
apparatus includes: a first receiving module, configured to receive a first audio signal that is collected by one or more
first sensors and that is at a noise source; a second receiving module, configured to receive a second audio signal that
is collected by one or more second sensors and that is at a human ear, where the first audio signal and the second
audio signal are used to determine a parameter for processing the first audio signal in a first processing manner; and a
sending module, configured to send a third audio signal determined after the first audio signal is processed in the first
processing manner, where the third audio signal indicates a speaker to emit a sound wave, and the sound wave is used
to cancel noise at the human ear.

[0020] According to the second aspect and any possible implementation, the apparatus further includes: a first deter-
mining module, configured to process the first audio signal in a second processing manner to determine a fourth audio
signal, where the second processing manner indicates a transmission manner in which the sound wave is transmitted
from the speaker to the second sensor; a second determining module, configured to determine a fifth audio signal based
on the second audio signal and an audio signal that is obtained after the third audio signal is processed in the second
processing manner; and a third determining module, configured to determine, based on the fourth audio signal and the
fifth audio signal, the parameter for processing the first audio signal in the first processing manner.

[0021] According to the second aspect and any possible implementation, the third determining module is configured
to: determine, based on an autocorrelation matrix of the fourth audio signal and a cross-correlation matrix of the fourth
audio signal and the fifth audio signal, the parameter for processing the first audio signal in the first processing manner.
[0022] According to the second aspectand any possible implementation, the determining, based on an autocorrelation
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matrix of the fourth audio signal and a cross-correlation matrix of the fourth audio signal and the fifth audio signal, the
parameter for processing the first audio signal in the first processing manner includes: determining a change direction
ofthe parameter based on the autocorrelation matrix, the cross-correlation matrix, and a parameter at a previous moment;
and determining a parameter at a current moment based on one or more of the following: the parameter at the previous
moment, a signal length during processing in the first processing manner, the change direction of the parameter, and a
change amplitude of the parameter.

[0023] According to the second aspect and any possible implementation, the first determining module is configured
to: process, in the second processing manner at an interval of a predetermined window moving distance, the first audio
signal of a predetermined window length, to determine the fourth audio signal; and the second determining module is
configured to: determine, at an interval of the predetermined window moving distance, the fifth audio signal based on
the second audio signal of the predetermined window length and the audio signal that is obtained after the third audio
signal is processed in the second processing manner.

[0024] According to the second aspect and any possible implementation, the apparatus further includes: a fourth
determining module, configured to determine a noise reduction amount based on the second audio signal and the fifth
audio signal; and an adjustment module, configured to adjust, based on the noise reduction amount, one or more of the
following: the change amplitude of the parameter, the signal length during processing in the first processing manner,
the predetermined window moving distance, and the predetermined window length.

[0025] Accordingto the second aspectand any possible implementation, the first processing manner is Wiener filtering.
[0026] According to a third aspect, an embodiment of this application provides a signal processing apparatus, where
the apparatus includes a processor and a memory, the memory is configured to store a program, and the processor is
configured to execute the program stored in the memory, to enable the apparatus to implement the signal processing
method according to any one of the first aspect or the possible implementations of the first aspect.

[0027] According to afourth aspect, an embodiment of this application provides a terminal device. The terminal device
may perform the signal processing method according to any one of the first aspect or the possible implementations of
the first aspect.

[0028] According to a fifth aspect, an embodiment of this application provides a computer-readable storage medium,
where the computer-readable storage medium stores program instructions, and when the program instructions are
executed by a computer, the computer is enabled to implement the method according to any one of the first aspect or
the possible implementations of the first aspect.

[0029] To achieve the foregoing objective, a sixth aspect of this application provides a computer program product that
includes program instructions. When the program instructions are executed by a computer, the computer is enabled to
implement the signal processing method according to any one of the first aspect or the possible implementations of the
first aspect.

[0030] According to a seventh aspect, an embodiment of this application provides a vehicle, where the vehicle includes
a processor, and the processor is configured to perform the signal processing method according to any one of the first
aspect or the possible implementations of the first aspect.

[0031] These aspects and another aspect of this application are more concise and more comprehensive in descriptions
of the following (a plurality of) embodiments.

BRIEF DESCRIPTION OF DRAWINGS

[0032] The accompanying drawings included in this specification and constituting a part of this specification and this
specification jointly show example embodiments, features, and aspects of this application, and are intended to explain
the principles of this application.

FIG. 1 is a schematic diagram of an application scenario according to an embodiment of this application;

FIG. 2 is a flowchart of a signal processing method according to an embodiment of this application;

FIG. 3 is a schematic diagram of a sliding window according to an embodiment of this application;

FIG. 4 is a flowchart of a signal processing method according to an embodiment of this application;

FIG. 5 is a flowchart of a signal processing method according to an embodiment of this application;

FIG. 6 is a flowchart of a signal processing method according to an embodiment of this application;

FIG. 7 is a flowchart of a signal processing method according to an embodiment of this application;

FIG. 8is adiagram of a structure of a signal processing apparatus according to an embodiment of this application; and
FIG. 9 is a diagram of a structure of a signal processing apparatus according to an embodiment of this application.

DESCRIPTION OF EMBODIMENTS

[0033] The following describes various example embodiments, features, and aspects of this application in detail with
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reference to the accompanying drawings. Identical reference signs in the accompanying drawings indicate elements
that have same or similar functions. Although various aspects of embodiments are illustrated in the accompanying
drawing, the accompanying drawings are not necessarily drawn in proportion unless otherwise specified.

[0034] The specific term "example" herein means "used as an example, embodiment or illustration”. Any embodiment
described as an "example" herein is not necessarily explained as being superior or better than other embodiments.
[0035] In addition, to better describe this application, numerous specific details are given in the following specific
implementations. A person skilled in the art should understand that this application can also be implemented without
some specific details. In some instances, methods, means, elements, and circuits that are well-known to a person skilled
in the art are not described in detail, so that the subject matter of this application is highlighted.

[0036] FIG. 1 is a schematic diagram of an application scenario according to an embodiment of this application. As
shown in FIG. 1, a signal processing method in this embodiment of this application may be used to reduce noise heard
by an occupant in a vehicle. A signal processing system in this embodiment of this application may be disposed in a
vehicle, and the signal processing system includes a speaker, a sensor, and a processor.

[0037] The speaker may be configured to emit a sound wave corresponding to an audio signal, to cancel noise near
a human ear of the occupant, so that noise heard by the occupant in the vehicle is reduced. There may be one or more
speakers.

[0038] The sensor may include a first sensor and a second sensor.

[0039] There may be one or more first sensors, and the first sensors may include an accelerometer, an in-vehicle
radar (for example, a millimeter-wave radar, a lidar, or an ultrasonic radar), a rainfall sensor, a camera, a vehicle posture
sensor (for example, a gyroscope), an inertial measurement unit (inertial measurement unit, IMU), and the like. The first
sensor may be disposed near a noise source in the vehicle, and is configured to collect a reference signal. The reference
signal may indicate noise near the noise source. For example, the reference signal may include an acceleration signal
collected by the accelerometer. Because the acceleration signal is proportional to a vibration amplitude of the vehicle,
a noise magnitude near the noise source is determined by using the acceleration signal.

[0040] The second sensor may include a microphone. The second sensor may be disposed near the human ear of
the occupant in the vehicle, and is configured to collect a residual signal. The residual signal may indicate residual noise
heard by the occupant in the vehicle after the sound wave emitted by the speaker cancels noise near the human ear.
In a possible implementation, there may be a plurality of occupants in the vehicle, and a plurality of second sensors may
be disposed respectively for the plurality of occupants to collect corresponding residual signals.

[0041] The processor may be built into an in-vehicle infotainment (or an audio system) in the vehicle as an in-vehicle
computing unit, for example, a digital signal processing (digital signal processor, DSP) chip. The processor may perform
calculation based on a signal collected by the sensor, to determine the audio signal. In a possible implementation, the
processor may alternatively be disposed outside a cloud server. The server and the vehicle may communicate in a
wireless connection manner, for example, may communicate by using mobile communication technologies such as
2G/3G/4G/5G and in wireless communication manner, for example, Wi-Fi, Bluetooth, frequency modulation (frequency
modulation, FM), radio modem, or satellite communication. The server may collect, by using communication between
the vehicle and the server, the signal collected by the sensor to perform calculation, and send a calculation result back
to the corresponding vehicle.

[0042] In a possible implementation, the signal processing system in this embodiment of this application may further
include a preamplifier and a power amplifier. The preamplifier may be configured to amplify the residual signal collected
by the second sensor to a specific level range, and the power amplifier may be configured to amplify the audio signal
to drive the speaker to emit a corresponding sound wave.

[0043] In a process of active noise reduction in the vehicle, because a body structure of the vehicle is complex, and
aworking condition of the vehicle is unstable, in an existing method for reducing noise in the vehicle, real-time adjustment
cannot be performed based on a current noise reduction effect well. As a result, a noise reduction effectis poor. According
to the signal processing method in this embodiment of this application, in a process of processing the reference signal
to determine the audio signal to perform active noise reduction, the residual signal is further used to adjust a parameter
used during processing, so that real-time adjustment can be performed based on a current noise reduction effect, and
the audio signal can be dynamically changed. In this way, a larger noise reduction amount can be obtained by canceling
a noise signal at the human ear with the dynamically adjusted audio signal, quick noise reduction may be implemented,
and a better noise reduction effect is obtained.

[0044] The following uses FIG. 2 and FIG. 3 as examples to describe in detail the signal processing method in em-
bodiments of this application based on the foregoing signal processing system.

[0045] FIG. 2is a flowchart of a signal processing method according to an embodiment of this application. The method
may be applied to the foregoing signal processing system. As shown in FIG. 2, the method may include the following steps.
[0046] Step S201: A first sensor collects a reference signal.

[0047] There may be one or more first sensors. For the reference signal collected by the first sensor, refer to x(n) in
the figure. n may correspond to a current moment, and represent a sequence number in a signal sequence, that is, a
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signal collected at the current moment is an nth signal in the signal sequence. The reference signal may be a multi-
channel signal, that is, one x(n) may correspond to one group of signals, and one signal in each group of signals
corresponds to one channel.

[0048] Step S202: A second sensor collects a residual signal.

[0049] Refer to FIG. 2. £ may mean performing summation on the reference signal and an audio signal at an error
point, that is, the audio signal cancels the reference signal at the error point, and a signal remains after cancellation is
the residual signal. The error point is a location at which the second sensor is placed, and may be any location near a
human ear, for example, any location near a left human ear and/or a right human ear. Correspondingly, one or more
second sensors may be disposed. If there are a plurality of occupants, a plurality of corresponding second sensors may
be further disposed. d(n) in the figure may represent an actual primary noise signal and correspond to noise that actually
reaches the error point. G in the figure may represent an actual secondary path and the secondary path may be a path
along which a sound wave is transmitted from a speaker to the error point.

[0050] In an actual vehicle, after an audio signal (for example, y(n) in the figure) sent by the speaker reaches the error
point through the secondary path G, the audio signal and d(n) cancel each other. After cancellation, a remained signal
that may be collected by the second sensor is the residual signal. Refer to e(n) in the figure. e(n) may represent noise
actually heard by the occupant after noise reduction. In this application, a current noise reduction effect can be better
understood by using e(n) collected by the second sensor at the error point, so that a related parameter is adjusted in a
more targeted manner, and a noise reduction effect is improved.

[0051] In this application, after the reference signal and the residual signal are obtained, a reference signal filtered by
using a filter corresponding to a transmission function of the secondary path may be determined with reference to the
known audio signal, and the primary noise signal is obtained through calculation. A related parameter of a Wiener filter
(which may be represented by W) configured to obtain the audio signal is updated by using the two signals. In this way,
the output audio signal can be dynamically adjusted.

[0052] In a possible implementation, in a process of updating the related parameter of W, the related parameter may
be calculated by using a sliding window algorithm. In other words, for some parameters, calculation may not be performed
point by point, to reduce a calculation amount.

[0053] FIG. 3 is a schematic diagram of a sliding window according to an embodiment of this application. As shown
in FIG. 3, a rectangular box in the figure may correspond to a sliding window, and each point on a coordinate axis may
correspond to one signal. n may correspond to a current signal, for example, correspond to x(n). N may represent a
length of the sliding window, that is, one sliding window corresponds to N signals. M may represent a moving distance
of the sliding window, that is, a corresponding parameter is calculated at an interval of M signals.

[0054] In a process shown in FIG. 3, the sliding window moves twice. The sliding window moves from a location
corresponding to a signal n-M to a location corresponding to a signal n, and then moves from the location corresponding
to the signal n to a location corresponding to a signal n+M. In this process, three times of calculation may be performed
respectively for the foregoing three locations.

[0055] The sliding window algorithm may be used in a related process of step S203 to step S208. Refer to FIG. 3. In
a process of updating the parameter of W, at an interval of M signals, the related process of step S203 to step S208
may be performed and the related parameter is recalculated based on a total of N signals including a current signal and
N-1 signals before the current signal.

[0056] Step S203: A processor filters the reference signal based on the transmission function of the secondary path,
to determine a filtered reference signal.

[0057] Atfter the reference signal is filtered to obtain the audio signal, the audio signal further needs to pass through
the secondary path before reaching the error point. Therefore, in this application, the reference signal that passes through
the secondary path (that is, the filtered reference signal, and reference can be made to x4(n) in FIG. 2) is first obtained
through calculation. Then, the parameter of filtering for determining the audio signal is adjusted based on the reference
signal that passes through the secondary path. In this process, impact of the secondary path on the noise reduction
effect is considered. In this way, a better noise reduction effect can be implemented.

[0058] For the transmission function of the secondary path, refer to GinFIG.2.Ina possible implementation, a white
noise signal may be played by using the speaker, and a signal collected by the second sensor is recorded, to estimate
the transmission function of the secondary path. A least mean square (least mean square, LMS) algorithm or Wiener
filtering may be used to estimate the secondary path, to obtain the transmission function of the secondary path, or
another manner may be used.

[0059] In a possible implementation, the sliding window algorithm may be used to filter the reference signal at an
interval of M reference signals based on the transmission function of the secondary path, to determine the filtered
reference signal.

[0060] Step S204: The processor determines the primary noise signal based on the residual signal and an audio signal
that is obtained after the audio signal is filtered based on the transmission function of the secondary path.

[0061] After the filtered reference signal x¢(n) is determined, in this application, the primary noise signal d(n) at the
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error point further needs to be obtained through calculation. In this way, when the parameter of filtering for determining
the audio signal is updated, the parameter may be adjusted by using a correlation between the filtered reference signal
and the primary noise signal, so that a finally determined audio signal can better cancel the noise signal at the human ear.
[0062] Inanactual active noise reduction process, the audio signal already cancels the primary noise signal. Therefore,
the primary noise signal cannot be directly collected. To dynamically adjust the related parameter of the Wiener filter for
determining the audio signal, in this application, the primary noise signal (refer to d(n) in FIG. 2) is obtained through
calculation and reconstruction based on the collected residual signal and the audio signal and by using the determined
transmission function of the secondary path.

[0063] For a manner of determining the primary noise signal, refer to Formula (1):

d(n) = e(n)- X[ GO ZiZh wim)x(n-i-j)] (1)

[0064] J may represent a maximum value of a length of the filter corresponding to the transmission function G of the
secondary path, and the length of the filter may represent a quantity of signals filtered when the filter performs one
filtering (namely, a quantity of sampling points of the input signal processed by the filter once). | may representa maximum
value of a length of the Wiener filter W for determining the audio signal, and may indicate a quantity of signals filtered

io wi(mx(n-i-j)
when the Wiener filter performs one filtering. may represent the audio signal y(n) obtained

%2l GO Zhzh wim)x(n-i-))]
after W filtering is performed on the reference signal x(n), and may represent
the audio signal that reaches the error point and that is obtained after G filtering is performed on y(n). In this way, the
primary noise signal can be deduced from the collected residual signal.
[0065] In a possible implementation, the sliding window algorithm may be used to determine the primary noise signal
ataninterval of M residual signals and M audio signals obtained after the audio signal is filtered based on the transmission
function of the secondary path.
[0066] Step S205: The processor determines an autocorrelation matrix based on the filtered reference signal.
[0067] For a method for determining the autocorrelation matrix, refer to Formula (2):

— T
Rix(n) = x4(n)xg (n) 2
[0068] R,,(n) may represent an autocorrelation matrix corresponding to x,(n), and may indicate an autocorrelation

degree of x (n) (n) may represent a transpose matrix of xg(n)

[0069] In a possible |mpIementat|on at an interval of M reference signals on which G filtering is performed, first N
reference signals on which G filtering is performed may be obtained by using the sliding window algorithm shown in FIG.
3, to calculate an autocorrelation matrix corresponding to xg(n).

[0070] Fora method for determining the autocorrelation matrix by using the sliding window algorithm, refer to Formula

3):

Rex (M) = Xjcn-n+1%g(Dx5 () )

[0071] N may represent the length of the sliding window.

[0072] Step S206: The processor determines a cross-correlation matrix based on the filtered reference signal and the
primary noise signal.

[0073] For a method for determining the cross-correlation matrix, refer to Formula (4):

Rya(n) = xg(n)d" (n) (4)

[0074] R,,(n) may represent an autocorrelation matrix corresponding to xg(n) and d(n) and may indicate a correlation
degree between xg(n) and d(n) dT(n) may represent a transpose matrix of d(n).

[0075] Ina p033|ble implementation, at an interval of M reference signals on which G filtering is performed and at an
interval of M points, d(n) is calculated by using the sliding window algorithm shown in FIG. 3. The first N signals are
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obtained to calculate the cross-correlation matrix corresponding to xg(n) and cAzl(n).
[0076] Foramethod fordetermining the cross-correlation matrix by using the sliding window algorithm, refer to Formula

(5):

Rea(m) = T}y ns12,(NAT () )

[0077] N may represent the length of the sliding window.

[0078] Step S207: The processor updates, based on the autocorrelation matrix and the cross-correlation matrix, a
coefficient of Wiener filtering for determining the audio signal.

[0079] A targetdirection W,,,(n) of the Wiener filter coefficient may be determined based on the autocorrelation matrix
and the cross-correlation matrix. For a method for determining W,,,,(n), refer to Formula (6):

Wyn (n) = Ra_calc (M) Ryq (n) (6)

-1
Rxx (n) may represent an inverse matrix of R,,(n).

[0080] Then, a change direction AW(n) of the filter may be determined based on a difference between the target
direction W,,,(n) of the Wiener filter and a previous Wiener filtering coefficient W(n-1). Refer to Formula (7):

AW (n) = an(n)_ W(n-1) (7

[0081] In this way, a current coefficient W(n) corresponding to the W may be determined. For a method for determining
W(n), refer to Formula (8):

AW (n)

Wn) =Wn-1)-pu ®)

[0082] . may represent a change amplitude of the Wiener filter. L may represent the length of the Wiener filter, and
a value of L may be consistent with a value of the length N of the sliding window. In this way, a better noise reduction
effect may be obtained.

[0083] Itshould be noted that, to avoid hopping noise, the processor needs to update the coefficient W(n) corresponding
to W point by point. For example, in this application, the sliding window algorithm may be used to update AW(n) at an
interval of M points. However, to avoid hopping noise, for each reference signal, a corresponding W(n) of the Wiener
filter needs to be updated by using a current AW(n) (regardless of whether the current AW(n) is updated), ., and L.
[0084] Step S208: The processor determines a noise reduction amount based on the primary noise signal and the
residual signal, and adjusts the parameter of the Wiener filter and a parameter of the sliding window based on the
determined noise reduction amount.

[0085] In this application, the noise reduction amount may be first determined, and the related parameter is adjusted
accordingly, to adjust a noise reduction state based on a current noise reduction effect, to obtain a larger noise reduction
amount and a quicker noise reduction that responds in a timely manner.

[0086] For a method for determining the noise reduction amount (Noise Reduction, NR), refer to Formula (9):

P
NR(n) = 101g (33 ©)

[0087] P4(n)and P,(n)may respectively represent power corresponding to cA:I(n) and e(n). For a method for determining
P4(n) and P4(n), refer to Formula (10) and Formula (11) respectively:

Py(n) = (1- @)Py(n-1)- ad?*(n) (10)

P.(n) = (1-a)Po(n-1)- ae?(n) (11)
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[0088] « may represent a parameter for controlling a sliding speed, and may be preset, and a value of «is, for example,
0.01.

[0089] In a possible implementation, the parameter of the Wiener filter and the parameter of the sliding window may
be adjusted based on the noise reduction amount obtained through calculation. The adjustable parameters may include,
for example, the change amplitude p of the Wiener filter coefficient, the length L of the Wiener filter, the moving distance
M of the sliding window, and the length N of the sliding window. The noise reduction amount may be inversely proportional
to w and directly proportional to L, M, and N.

[0090] Values of the foregoing parameters may be further determined based on a value of the noise reduction amount
NR. For a method for determining L based on NR, refer to Formula (12):

L =r(NR) 1 (12)

[0091] [ may represent the maximum value corresponding to the length of the Wiener filter, and may be preset. In a
possible implementation, M may be determined based on the value of L, and values of M and L may be equal. r(NR)
may represent a proportion coefficient determined based on NR.

[0092] For a method for determining N based on NR, refer to Formula (13):

N =r(NR) * N, (13)

[0093] A value of Ny may represent a maximum value corresponding to the length of the sliding window, and may be
preset.
[0094] For a method for determining . based on NR, refer to Formula (14):

i Ho
u = min [1, —ru(NR)] (14)

[0095] u, may represent a maximum value corresponding to the change amplitude of the coefficient of the Wiener
filter, and may be preset. rﬂ(NR) may represent a proportion coefficient determined based on NR.
[0096] For a method for determining r(NR) based on NR, refer to Formula (15):

r(NR) = —e—1] + B, (15)

1+exp [—IZ—I:+[>’3]

[0097] p;. o, and 5 are preset parameters. ; may be used to constrain a lower limit of r(NR), and a value range of
P is, for example, 0.05 to 0.1. 5, may be used to adjust a slope of a function, and a larger value of £, may indicate that
a corresponding parameter is adjusted more quickly with the noise reduction amount. ; may be used to determine a
value of r(NR) when the noise reduction amount is 0, and indicates a starting noise reduction amount when r(NR) starts
to increase.

[0098] For a method for determining r,(NR) based on NR, refer to Formula (16):

ru(NR) = ﬁ] + By (16)
Bs ¢

[0099] j,, Bs and fg are preset parameters. £, may be used to constrain a lower limit of rﬂ(NR), and a value range
of g, is, for example, 0.05 to 0.1. S5 may be used to adjust a slope of a function, and a larger value of g5 may indicate
that a corresponding parameter is adjusted more quickly with the noise reduction amount. 5 may be used to determine
a value of r,(NR) when the noise reduction amount is 0, and indicates a starting noise reduction amount when r,(NR)
starts to increase.

[0100] It should be noted that values of 3, and g, may be the same or may be different. This is the same for £, and
Bs, and B3 and f.

[0101] Step S209: The processor performs Wiener filtering on the reference signal based on the determined coefficient
of the Wiener filter to determine the audio signal, and emits a sound wave corresponding to the audio signal by using
the speaker.
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[0102] Fora method for determining the audio signal y(n) by performing Wiener filtering on the reference signal based
on the determined coefficient of the Wiener filter, refer to Formula (17):

y() = Zizplwi(mx(n-1)] (17)

[0103] [ may represent the maximum value corresponding to the length L of the Wiener filter, and may be preset.
[0104] Inthisway, the determined corresponding audio signal may cancel the noise signal at the human ear, to achieve
an effect of noise reduction.

[0105] FIG. 4is aflowchart of a signal processing method according to an embodiment of this application. The method
may be applied to the foregoing signal processing system. As shown in FIG. 4, the method includes the following steps:

Step S401: Receive a first audio signal that is collected by one or more first sensors and that is at a noise source.
Step S402: Receive a second audio signal that is collected by one or more second sensors and that is at a human
ear, where the first audio signal and the second audio signal are used to determine a parameter for processing the
first audio signal in a first processing manner.

Step S403: Send a third audio signal determined after the first audio signal is processed in the first processing
manner, where the third audio signal indicates a speaker to emit a sound wave, and the sound wave is used to
cancel noise at the human ear.

[0106] According to this embodiment of this application, in a process of processing the first audio signal, real-time
parameter adjustment is performed by using the second audio signal collected at the human ear, where the second
audio signal is actual noise at the human ear, that is, noise (namely, the foregoing residual signal) remained after the
sound wave generated by the speaker cancels the third audio signal. In this way, the first audio signal is processed by
using an adjusted parameter, so that the third audio signal is obtained to indicate the speaker to emit the sound wave
to cancel the noise. In this way, quicker noise reduction can be implemented, a noise reduction amount is larger, and a
noise reduction effect is better. This improves a comfort degree of an occupant.

[0107] The first audio signal may be the foregoing reference signal x(n), the second audio signal may be the foregoing
residual signal e(n), and the third audio signal may be the foregoing audio signal y(n). The second audio signal at the
human ear may be a residual signal collected at any location in a preset range near the human ear of the occupant in
a vehicle. The plurality of first sensors may be disposed in different locations, and the plurality of second sensors may
also be disposed in different locations.

[0108] Ina possible implementation, the first processing manner is Wiener filtering. In this way, a larger noise reduction
amount can be obtained, and quicker noise reduction can be implemented. The first processing manner may alternatively
be another processing manner in which the first audio signal may be processed to determine the third audio signal.
[0109] The parameter for processing the first audio signal in the first processing manner may be, for example, the
foregoing coefficient of the Wiener filter W.

[0110] After the sound wave emitted by the speaker cancels the noise at the human ear, an amount of noise heard
by the occupant in the vehicle decreases.

[0111] For an example of step S401, refer to step S201 in FIG. 2. For an example of step S402, refer to step S202 in
FIG. 2. For an example of step S403, refer to related descriptions in step S209 in FIG. 2.

[0112] FIG. 5 is a flowchart of a signal processing method according to an embodiment of this application. As shown
in FIG. 5, the method further includes the following steps:

Step S501: Process the first audio signal in a second processing manner to determine a fourth audio signal, where
the second processing manner indicates a transmission manner in which the sound wave is transmitted from the
speaker to the second sensor.

Step S502: Determine a fifth audio signal based on the second audio signal and an audio signal that is obtained
after the third audio signal is processed in the second processing manner.

Step S503: Determine, based on the fourth audio signal and the fifth audio signal, the parameter for processing the
first audio signal in the first processing manner.

[0113] According to this embodiment of this application, the fourth audio signal is determined by estimating the trans-
mission manner of transmission from the speaker to the second sensor, so that a transmission process of the first audio
signal is considered. In addition, the fifth audio signal is obtained through reconstruction, so that initial noise heard by
the occupant before noise reduction may be obtained through calculation. The parameter is adjusted with reference to
the two, so that a corresponding sound wave emitted by the speaker as indicated by an adjusted parameter can better
cancel the noise. In this way, a larger noise reduction amount is obtained. In addition, the parameter may be adjusted
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in a timely manner through real-time calculation of the parameter based on the two, so that a noise reduction state can
be restored more quickly when interference occurs, and robustness is higher. In this way, a better noise reduction effect
is obtained.

[0114] The second processing manner may be, for example, the transmission function G of the foregoing secondary
path. The fourth audio signal may be a reference signal x, (n) obtained after the reference signal is filtered based on the
transmission function of the secondary path. The fifth audlo signal may be the foregoing primary noise signal d(n) obtained
through calculation.

[0115] For an example of step S501, refer to step S203 in FIG. 2. For an example of step S502, refer to step S204 in
FIG. 2. For an example of step S503, refer to related descriptions in steps S205 to S207 in FIG. 2.

[0116] In a possible implementation, determining, based on the fourth audio signal and the fifth audio signal, the
parameter for processing the first audio signal in the first processing manner includes: determining, based on an auto-
correlation matrix of the fourth audio signal and a cross-correlation matrix of the fourth audio signal and the fifth audio
signal, the parameter for processing the first audio signal in the first processing manner.

[0117] In this way, an autocorrelation degree of the fourth audio signal and a cross-correlation degree of the fourth
audio signal and the fifth audio signal may be considered in a parameter adjustment process, so that a better noise
reduction effect is implemented.

[0118] For an example of a process of determining the autocorrelation matrix, refer to step S205 in FIG. 2. For an
example of a process of determining the cross-correlation matrix, refer to step S206 in FIG. 2. For an example of
determining, based on the autocorrelation matrix of the fourth audio signal and the cross-correlation matrix of the fourth
audio signal and the fifth audio signal, the parameter for processing the first audio signal in the first processing manner,
refer to related descriptions in step S207 in FIG. 2.

[0119] FIG. 6 is a flowchart of a signal processing method according to an embodiment of this application. As shown
in FIG. 6, the determining, based on an autocorrelation matrix of the fourth audio signal and a cross-correlation matrix
of the fourth audio signal and the fifth audio signal, the parameter for processing the first audio signal according to the
first processing manner includes the following steps:

Step S601: Determine a change direction of the parameter based on the autocorrelation matrix, the cross-correlation
matrix, and a parameter at a previous moment.

Step S602: Determine a parameter at a current moment based on one or more of the following: the parameter at
the previous moment, a signal length during processing in the first processing manner, the change direction of the
parameter, and a change amplitude of the parameter.

[0120] According to this embodiment of this application, the parameter at the current moment is determined at each
moment, so that a large noise reduction amount is stabilized and quick noise reduction is implemented, noise caused
by a sudden change of a filter as a consequence of untimely parameter update can be avoided, and a comfort degree
of experience of an occupant is improved.

[0121] The change direction of the parameter may be the foregoing AW(n). The signal length during processing in the
first processing manner may be a signal length during each processing, and may be the foregoing length L of the Wiener
filter. The change amplitude of the parameter may be the foregoing p, and the parameter at the current moment may
be the foregoing current coefficient W(n) of the Wiener filter. The previous moment may be a moment before the current
moment, and the parameter of the previous moment may be the foregoing W(n- 1).

[0122] For an example of step S601 and step S602, refer to step S207 in FIG. 2.

[0123] In a possible implementation, processing the first audio signal based on the transmission manner and in the
second processing manner to determine a fourth audio signal includes: processing, in the second processing manner
at an interval of a predetermined window moving distance, the first audio signal of a predetermined window length, to
determine the fourth audio signal.

[0124] Determining the fifth audio signal based on the second audio signal and the audio signal obtained after the
third audio signal is processed in the second processing manner includes: determining, atan interval of the predetermined
window moving distance, the fifth audio signal based on the second audio signal of the predetermined window length
and the audio signal that is obtained after the third audio signal is processed in the second processing manner.
[0125] According to this embodiment of this application, calculation may be performed by using a predetermined
window, so that the fourth audio signal and the fifth audio signal do not need to be determined point by point. This
reduces a calculation amount.

[0126] For the window, refer to the sliding window shown in FIG. 3. The predetermined window moving distance may
be the foregoing moving distance M of the sliding window, and the predetermined window length may be the foregoing
length N of the sliding window.

[0127] For the foregoing process, refer to related examples in step S203 and step S204 in FIG. 2.

[0128] FIG. 7 is a flowchart of a signal processing method according to an embodiment of this application. As shown
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in FIG. 7, the method further includes the following steps:

Step S701: Determine a noise reduction amount based on the second audio signal and the fifth audio signal.
Step S702: Adjust, based on the noise reduction amount, one or more of the following: the change amplitude of the
parameter, the signal length during processing in the first processing manner, the predetermined window moving
distance, and the predetermined window length.

[0129] According to this embodiment of this application, the noise reduction amount is calculated, and one or more of
the following is adjusted based on the noise reduction amount: the change amplitude of the parameter, the signal length,
the predetermined window moving distance, and the predetermined window length, so that different noise reduction
environments and states can be adapted to in a noise reduction process. In this way, a better noise reduction effect is
achieved and user experience is improved.

[0130] The noise reduction amount may be, for example, the foregoing NR. A smaller value of the noise reduction
amount indicates that larger power of noise reduction is required and a higher speed of noise reduction is required. After
adjustment, a smaller value of the noise reduction amount indicates a larger change amplitude corresponding to the
parameter, a smaller signal length, a smaller predetermined window moving distance, and a smaller predetermined
window length. A larger value of the noise reduction amount indicates a smaller change amplitude corresponding to the
parameter, a larger signal length, a larger predetermined window moving distance, and a larger predetermined window
length.

[0131] For examples of step S701 and step S702, refer to related descriptions in step S208.

[0132] FIG.8isadiagram of a structure of a signal processing apparatus according to an embodiment of this application.
As shown in FIG. 8, the apparatus includes:

a first receiving module 801, configured to receive a first audio signal that is collected by one or more first sensors
and that is at a noise source;

a second receiving module 802, configured to receive a second audio signal that is collected by one or more second
sensors and that is at a human ear, where the first audio signal and the second audio signal are used to determine
a parameter for processing the first audio signal in a first processing manner; and

a sending module 803, configured to send a third audio signal determined after the first audio signal is processed
in the first processing manner, where the third audio signal indicates a speaker to emit a sound wave, and the sound
wave is used to cancel noise at the human ear.

[0133] According to this embodiment of this application, in a process of processing the first audio signal, real-time
parameter adjustment is performed by using the second audio signal collected at the human ear. In this way, a current
noise reduction state may be considered, and the parameter is adjusted based on the current noise reduction state. In
this way, the first audio signal is processed by using an adjusted parameter to obtain the third audio signal, to indicate
the speaker to emit the sound wave to cancel the noise, so that quicker noise reduction can be implemented, a noise
reduction amount is larger, a noise reduction effect is better. This improves a comfort degree of an occupant.

[0134] In a possible implementation, the first processing manner is Wiener filtering.

[0135] Inthis way, a larger noise reduction amount can be obtained, and quicker noise reduction can be implemented.
[0136] In a possible implementation, the apparatus further includes: a first determining module, configured to process
the first audio signal in a second processing manner to determine a fourth audio signal, where the second processing
manner indicates a transmission manner in which the sound wave is transmitted from the speaker to the second sensor;
a second determining module, configured to determine a fifth audio signal based on the second audio signal and an
audio signal that is obtained after the third audio signal is processed in the second processing manner; and a third
determining module, configured to determine, based on the fourth audio signal and the fifth audio signal, the parameter
for processing the first audio signal in the first processing manner.

[0137] According to this embodiment of this application, the fourth audio signal is determined by estimating the trans-
mission manner of transmission from the speaker to the second sensor, so that a transmission process of the first audio
signal is considered. In addition, the fifth audio signal is obtained through reconstruction, so that initial noise heard by
the occupant before noise reduction may be obtained through calculation. The parameter is adjusted with reference to
the two, so that a corresponding sound wave emitted by the speaker as indicated by an adjusted parameter can better
cancel the noise. In this way, a larger noise reduction amount is obtained. In addition, the parameter may be adjusted
in a timely manner through real-time calculation of the parameter based on the two, so that a noise reduction state can
be restored more quickly when interference occurs, and robustness is higher. In this way, a better noise reduction effect
is obtained.

[0138] In a possible implementation, the third determining module is configured to: determine, based on an autocor-
relation matrix of the fourth audio signal and a cross-correlation matrix of the fourth audio signal and the fifth audio signal,
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the parameter for processing the first audio signal in the first processing manner.

[0139] In this way, an autocorrelation degree of the fourth audio signal and a cross-correlation degree of the fourth
audio signal and the fifth audio signal may be considered in a parameter adjustment process, so that a better noise
reduction effect is implemented.

[0140] In a possible implementation, the determining, based on an autocorrelation matrix of the fourth audio signal
and a cross-correlation matrix of the fourth audio signal and the fifth audio signal, the parameter for processing the first
audio signal in the first processing manner includes: determining a change direction of the parameter based on the
autocorrelation matrix, the cross-correlation matrix, and a parameter at a previous moment; and determining a parameter
at a current moment based on one or more of the following: the parameter at the previous moment, a signal length during
processingin thefirst processing manner, the change direction of the parameter, and a change amplitude of the parameter.
[0141] According to this embodiment of this application, the parameter at the current moment is determined at each
moment, so that a large noise reduction amount is stabilized and quick noise reduction is implemented, noise caused
by a sudden change of a filter as a consequence of untimely parameter update can be avoided, and a comfort degree
of experience of an occupant is improved.

[0142] In a possible implementation, the first determining module is configured to: process, in the second processing
manner at an interval of a predetermined window moving distance, the first audio signal of a predetermined window
length, to determine the fourth audio signal; and the second determining module is configured to: determine, at aninterval
ofthe predetermined window moving distance, the fifth audio signal based on the second audio signal of the predetermined
window length and the audio signal that is obtained after the third audio signal is processed in the second processing
manner.

[0143] According to this embodiment of this application, calculation may be performed by using a predetermined
window, so that the fourth audio signal and the fifth audio signal do not need to be determined point by point. This
reduces a calculation amount.

[0144] In a possible implementation, the apparatus further includes: a fourth determining module, configured to de-
termine a noise reduction amount based on the second audio signal and the fifth audio signal; and an adjustment module,
configured to adjust, based on the noise reduction amount, one or more of the following: the change amplitude of the
parameter, the signallength during processingin the first processing manner, the predetermined window moving distance,
and the predetermined window length.

[0145] According to this embodiment of this application, the noise reduction amount is calculated, and one or more of
the following is adjusted based on the noise reduction amount: the change amplitude of the parameter, the signal length,
the predetermined window moving distance, and the predetermined window length, so that different noise reduction
environments and states can be adapted to in a noise reduction process. In this way, a better noise reduction effect is
achieved and user experience is improved.

[0146] FIG.9isadiagram of astructure of a signal processing apparatus according to an embodiment of this application.
The signal processing apparatus is applicable to the signal processing system shown in FIG. 1, and performs the signal
processing method shown in any one of FIG. 2 to FIG. 7.

[0147] Asshown in FIG. 9, the signal processing apparatus 900 may include a processor 901 and a transceiver 902.
Optionally, the signal processing apparatus 900 may include a memory 903. The processor 901 is coupled to the
transceiver 902 and the memory 903, for example, may be connected through a communication bus.

[0148] The following specifically describes each component of the signal processing apparatus 900 with reference to
FIG. 9.

[0149] The processor 901 is a control center of the signal processing apparatus 900, and may be one processor, or
may be a general term of a plurality of processing elements. For example, the processor 901 may be one or more central
processing units (central processing units, CPUs) or an application-specific integrated circuit (application-specific inte-
grated circuit, ASIC), or may be configured as one or more integrated circuits implementing embodiments of this appli-
cation, for example, one or more microprocessors, or one or more field programmable gate arrays (field programmable
gate arrays, FPGAs).

[0150] Optionally, the processor 901 may perform various functions of the signal processing apparatus 900 by running
or executing a software program stored in the memory 903 and invoking data stored in the memory 903.

[0151] Ina specificimplementation, in an embodiment, the processor 901 may include one or more CPUs, for example,
a CPU 0 and a CPU 1 that are shown in FIG. 9.

[0152] In a possible implementation, the signal processing apparatus 900 may also include a plurality of processors,
for example, the processor 901 and processor 904 shown in FIG. 9. Each of the processors may be a single-core
processor (single-CPU) or a multi-core processor (multi-CPU). The processor herein may be one or more communication
devices, circuits, and/or processing cores configured to process data (for example, computer program instructions).
[0153] Optionally, the transceiver 902 may include a receiver and a transmitter (not separately shown in FIG. 9). The
receiver is configured to implement a receiving function, and the transmitter is configured to implement a sending function.
[0154] Optionally, the transceiver 902 may be integrated with the processor 901, or may exist independently, and is
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coupled to the processor 901 through an input/output port (not shown in FIG. 9) of the signal processing apparatus 900.
This is not limited in this embodiment of this application.

[0155] The memory 903 is configured to store a software program for executing the solutions in this application, and
the processor 901 controls execution of the software program. For specific implementation, refer to the foregoing method
embodiment. Details are not described herein again.

[0156] The memory 903 may be but is not limited to a read-only memory (read-only memory, ROM) or another type
of static storage communication device capable of storing static information and instructions, a random access memory
(random access memory, RAM) or another type of dynamic storage communication device that can store information
andinstructions, or may be an electrically erasable programmable read-only memory (electrically erasable programmable
read-only memory, EEPROM), a compact disc read-only memory (compact disc read-only memory, CD-ROM) or another
optical disc storage, an optical disc storage (including a compressed optical disc, a laser disc, an optical disc, a digital
versatile disc, a Blu-ray disc, or the like), a magnetic disk storage medium or another magnetic storage communication
device, or any other medium that can be configured to carry or store expected program code in a form of instructions
or a data structure and that can be accessed by a computer. It should be noted that the memory 903 may be integrated
with the processor 901, or may exist independently, and is coupled to the processor 901 through an input/output port
(not shown in FIG. 9) of the signal processing apparatus 900. This is not limited in this embodiment of this application.
[0157] It should be noted that the structure of the signal processing apparatus 900 shown in FIG. 9 does not constitute
a limitation on implementations of the signal processing apparatus. An actual signal processing apparatus may include
more or fewer components than those shown in the figure, or some components may be combined, or there may be a
different component layout.

[0158] An embodiment of this application provides a signal processing apparatus that includes a processor and a
memory. The memory is configured to store a program, and the processor is configured to execute the program stored
in the memory, to enable the apparatus to perform the foregoing method.

[0159] Anembodimentofthisapplication provides a computer-readable storage medium, where the computer-readable
storage medium stores program instructions, and when the program instructions are executed by a computer, the
computer is enabled to implement the foregoing method.

[0160] Anembodimentofthis application provides a terminal device, and the terminal device may perform the foregoing
method.

[0161] An embodiment of this application provides a computer program product that includes program instructions.
When the program instructions are executed by a computer, the computer is enabled to implement the foregoing method.
[0162] An embodiment of this application provides a vehicle. The vehicle includes a processor, and the processor is
configured to perform the foregoing method.

[0163] The computer-readable storage medium can be a tangible device that can retain and store instructions for use
by an instruction execution device. The computer-readable storage medium may be, for example, but is not limited to,
an electrical storage device, a magnetic storage device, an optical storage device, an electromagnetic storage device,
a semiconductor storage device, or any suitable combination thereof.

[0164] Computer-readable program instructions or code described herein can be downloaded to respective comput-
ing/processing devices from a computer-readable storage medium, or downloaded to an external computer or external
storage device via a network, such as the Internet, a local area network, a wide area network and/or a wireless network.
The network may include a copper transmission cable, optical fiber transmission, wireless transmission, a router, a
firewall, a switch, a gateway computer and/or an edge server. A network adapter card or network interface in each
computing/processing device receives the computer-readable program instructions from the network and forwards the
computer-readable program instructions for storage in a computer-readable storage medium in each computing/process-
ing device.

[0165] The various aspects of this application are described herein with reference to the flowcharts and/or block
diagrams of the method, the apparatus (system), and the computer program product according to embodiments of this
application. It should be understood that each block of the flowcharts and/or block diagrams and a combination of blocks
in the flowcharts and/or block diagrams may be implemented by the computer-readable program instructions.

[0166] These computer-readable program instructions may be provided to a processor of a general-purpose computer,
adedicated computer, or another programmable data processing apparatus to produce a machine, so thatthe instructions,
when executed by the processor of the computer or the another programmable data processing apparatus, create an
apparatus for implementing functions/acts specified in one or more blocks in the flowcharts and/or block diagrams. These
computer-readable program instructions may alternatively be stored in the computer-readable storage medium. These
instructions enable a computer, a programmable data processing apparatus, and/or another device to work in a specific
manner. Therefore, the computer-readable medium storing the instructions includes an artifact that includes instructions
for implementing the various aspects of the functions/acts specified in the one or more blocks in the flowcharts and/or
the block diagrams.

[0167] The computer-readable program instructions may alternatively be loaded onto a computer, another program-
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mable data processing apparatus, or another device so that a series of operation steps is performed on the computer,
the another programmable data processing apparatus, or the another device to produce a computer-implemented proc-
ess. Therefore, the instructions executed on the computer, the another programmable data processing apparatus, or
the another device implements the functions/acts specified in the one or more blocks in the flowcharts and/or block
diagrams.

[0168] The flowcharts and block diagrams in the accompanying drawings show possible implementations of system
architectures, functions, and operations of apparatuses, systems, methods, and computer program products according
to a plurality of embodiments of this application. In this regard, each block in the flowcharts or block diagrams may
represent a module, a program segment, or a part of the instructions, and the module, the program segment, or the part
of the instructions includes one or more executable instructions for implementing a specified logical function. In some
alternative implementations, a function marked in the block may also occur in a sequence different from that marked in
the accompanying drawings. For example, two consecutive blocks may actually be executed substantially in parallel,
and may sometimes be executed in a reverse order, depending on a function involved.

[0169] It should also be noted that each block in the block diagram and/or the flowchart, and a combination of blocks
in the block diagram and/or the flowchart may be implemented by hardware (for example, a circuit oran ASIC (Application-
Specific Integrated Circuit, application-specific integrated circuit)) that performs a corresponding function or action, or
may be implemented by a combination of hardware and software, for example, firmware.

[0170] Although this application is described herein with reference to embodiments, in a process of implementing this
application that claims protection, a person skilled in the art may understand and implement another variation of the
disclosed embodiments by viewing the accompanying drawings, disclosed content, and the appended claims. In the
claims, the word "comprising" (comprising) does not exclude another component or another step, and "a" or "one" does
not exclude a case of a plurality of objects. A single processor or another unit may implementseveral functions enumerated
in the claims. Some measures are recited in dependent claims that are different from each other, but this does not mean
that these measures cannot be combined to produce a great effect.

[0171] The foregoing has described embodiments of this application. The foregoing descriptions are examples, not
exhaustive, and are not limited to the disclosed embodiments. Without departing from the scope of the described em-
bodiments, many modifications and variations are apparent to a person of ordinary skill in the technical field. The selection
of terms used herein is intended to best explain the principles of embodiments, practical applications, or improvements
to technologies in the market, or to enable another person of ordinary skill in the art to understand embodiments disclosed
herein.

Claims
1. A signal processing method, wherein the method comprises:

receiving a first audio signal that is collected by one or more first sensors and that is at a noise source;
receiving a second audio signal that is collected by one or more second sensors and that is at a human ear,
wherein the first audio signal and the second audio signal are used to determine a parameter for processing
the first audio signal in a first processing manner; and

sending a third audio signal determined after the first audio signal is processed in the first processing manner,
wherein the third audio signal indicates a speaker to emit a sound wave, and the sound wave is used to cancel
noise at the human ear.

2. The method according to claim 1, wherein the method further comprises:

processing the first audio signal in a second processing manner to determine a fourth audio signal, wherein the
second processing manner indicates a transmission manner in which the sound wave is transmitted from the
speaker to the second sensor;

determining a fifth audio signal based on the second audio signal and an audio signal that is obtained after the
third audio signal is processed in the second processing manner; and

determining, based on the fourth audio signal and the fifth audio signal, the parameter for processing the first
audio signal in the first processing manner.

3. The method according to claim 2, wherein the determining, based on the fourth audio signal and the fifth audio
signal, the parameter for processing the first audio signal in the first processing manner comprises:
determining, based on an autocorrelation matrix of the fourth audio signal and a cross-correlation matrix of the fourth
audio signal and the fifth audio signal, the parameter for processing the first audio signal in the first processing manner.
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The method according to claim 3, wherein the determining, based on an autocorrelation matrix of the fourth audio
signal and a cross-correlation matrix of the fourth audio signal and the fifth audio signal, the parameter for processing
the first audio signal in the first processing manner comprises:

determining a change direction of the parameter based on the autocorrelation matrix, the cross-correlation
matrix, and a parameter at a previous moment; and

determining a parameter at a current moment based on one or more of the following: the parameter at the
previous moment, a signal length during processing in the first processing manner, the change direction of the
parameter, and a change amplitude of the parameter.

The method according to any one of claims 2 to 4, wherein the processing the first audio signal in a second processing
manner to determine a fourth audio signal comprises:

processing, in the second processing manner at an interval of a predetermined window moving distance, the
first audio signal of a predetermined window length, to determine the fourth audio signal; and

the determining a fifth audio signal based on the second audio signal and an audio signal that is obtained after
the third audio signal is processed in the second processing manner comprises:

determining, at an interval of the predetermined window moving distance, the fifth audio signal based on the
second audio signal of the predetermined window length and the audio signal that is obtained after the third
audio signal is processed in the second processing manner.

The method according to claim 5, wherein the method further comprises:

determining a noise reduction amount based on the second audio signal and the fifth audio signal; and
adjusting, based on the noise reduction amount, one or more of the following: the change amplitude of the
parameter, the signal length during processing in the first processing manner, the predetermined window moving
distance, and the predetermined window length.

The method according to any one of claims 1 to 6, wherein the first processing manner is Wiener filtering.
A signal processing apparatus, wherein the apparatus comprises:

a first receiving module, configured to receive a first audio signal that is collected by one or more first sensors
and that is at a noise source;

a second receiving module, configured to receive a second audio signal that is collected by one or more second
sensors and that is at a human ear, wherein the first audio signal and the second audio signal are used to
determine a parameter for processing the first audio signal in a first processing manner; and

a sending module, configured to send a third audio signal determined after the first audio signal is processed
in the first processing manner, wherein the third audio signal indicates a speaker to emit a sound wave, and
the sound wave is used to cancel noise at the human ear.

The apparatus according to claim 8, wherein the apparatus further comprises:

a first determining module, configured to process the first audio signal in a second processing manner to
determine a fourth audio signal, wherein the second processing manner indicates a transmission manner in
which the sound wave is transmitted from the speaker to the second sensor;

a second determining module, configured to determine a fifth audio signal based on the second audio signal
and an audio signal thatis obtained after the third audio signal is processed in the second processing manner; and
a third determining module, configured to determine, based on the fourth audio signal and the fifth audio signal,
the parameter for processing the first audio signal in the first processing manner.

The apparatus according to claim 9, wherein the third determining module configured to:
determine, based on an autocorrelation matrix of the fourth audio signal and a cross-correlation matrix of the fourth
audio signal and the fifth audio signal, the parameter for processing the first audio signal in the first processing manner.

The apparatus according to claim 10, wherein the determining, based on an autocorrelation matrix of the fourth

audio signal and a cross-correlation matrix of the fourth audio signal and the fifth audio signal, the parameter for
processing the first audio signal in the first processing manner comprises:
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determining a change direction of the parameter based on the autocorrelation matrix, the cross-correlation
matrix, and a parameter at a previous moment; and

determining a parameter at a current moment based on one or more of the following: the parameter at the
previous moment, a signal length during processing in the first processing manner, the change direction of the
parameter, and a change amplitude of the parameter.

The apparatus according to any one of claims 9 to 11, wherein the first determining module is configured to:

process, in the second processing manner at an interval of a predetermined window moving distance, the first
audio signal of a predetermined window length, to determine the fourth audio signal; and

the second determining module is configured to:

determine, at an interval of the predetermined window moving distance, the fifth audio signal based on the
second audio signal of the predetermined window length and the audio signal that is obtained after the third
audio signal is processed in the second processing manner.

The apparatus according to claim 12, wherein the apparatus further comprises:

a fourth determining module, configured to determine a noise reduction amount based on the second audio
signal and the fifth audio signal; and

an adjustment module, configured to adjust, based on the noise reduction amount, one or more of the following:
the change amplitude of the parameter, the signal length during processing in the first processing manner, the
predetermined window moving distance, and the predetermined window length.

The apparatus according to any one of claims 8 to 13, wherein the first processing manner is Wiener filtering.
A signal processing apparatus, comprising a processor and a memory, wherein
the memory is configured to store a program; and
the processor is configured to execute the program stored in the memory, to enable the apparatus to implement
the method according to any one of claims 1 to 7.
A computer-readable storage medium, wherein the computer-readable storage medium stores program instructions,
and when the program instructions are executed by a computer, the computer is enabled to implement the method

according to any one of claims 1to 7.

A computer program product, comprising program instructions, wherein when the program instructions are executed
by a computer, the computer is enabled to implement the method according to any one of claims 1 to 7.

A vehicle, wherein the vehicle comprises a processor, and the processor is configured to perform the method
according to any one of claims 1to 7.
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