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Description

[0001] This application claims priority to Chinese Patent Application No. 201510741057.1, filed with the State Intel-
lectual Property Office of the People’s Republic of China on November 4, 2015, and entitled "METHOD AND APPARATUS
FOR PROCESSING VOICE SIGNAL".

FIELD

[0002] The present disclosure relates to the field of terminal technologies, and in particular, to a speech signal process-
ing method and apparatus.

BACKGROUND

[0003] Speech intelligibility means a percentage that a user comprehends a speech signal transferred from a sound
system. For example, if the user hears that the sound system transfers 100 words, but comprehends only 50 words, the
speech intelligibility of the system is 50%. As a portable mobile terminal gradually becomes miniaturized, maximum
sound power that can be output by the mobile terminal gradually decreases. Accordingly, the speech intelligibility during
communication of the user using the mobile terminal is affected. The speech intelligibility is an important indicator in
measuring performance of the mobile terminal. Therefore, how the mobile terminal processes a speech signal to improve
the speech intelligibility becomes the key to the development of the mobile terminal.
[0004] Currently, in a typical acoustic application scenario including a mobile terminal, a user, and a noise source, a
to-be-speech signal is detected by using an automatic gain control algorithm, a small signal in the to-be-speech signal
is amplified, the amplified signal is converted into an electrical signal, and the electrical signal is transferred to a speaker.
After being amplified, the electrical signal transferred to the speaker reaches a maximum value allowed by the speaker.
When the speaker works based on maximum output power, the speaker outputs a speech signal at a maximum output
sound pressure level.
[0005] In the implementation process of the present disclosure, the inventor finds that the related technology has at
least the following problems:
[0006] Usually, the average fluctuation amplitude of the speech signal is far less than the peak fluctuation amplitude.
During excitation by a normal speech signal, when working normally, a speaker whose maximum rated output power is
1 watt has average output power that is generally only approximately 10% of the maximum rated output power (that is,
0.1 W). In a normal working state, if the amplitude of the electrical signal that is input to the speaker is further increased,
a signal part having large amplitude in the speech signal causes the speaker overloaded, resulting in saturated distortion,
and decreasing the speech intelligibility and articulation. In addition, if only the small signal in the speech signal is
amplified, an effective dynamic range of the speech signal is narrowed. Accordingly, the speech intelligibility cannot be
significantly improved, either. The article "Acousting Echo Control and Noise Reduction for Cabin Car Communication"
by Eduardo Lleida et al., Eurospeech 2001, discloses a combined acoustic echo control and noise reduction algorithm
suitable for cabin car communication systems, in which a frequency response of the optimal Wiener solution is solved
based on power spectral density of background noise.

SUMMARY

[0007] To resolve the problem in the related technology, embodiments of the present application provide a speech
signal processing method and apparatus. The technical solutions are as follows:
[0008] According to one aspect, a speech signal processing method is provided, including:

obtaining a recorded signal and a speech signal, the recorded signal including at least a noise signal and an echo
signal;

calculating a loop transfer function according to the recorded signal and the speech signal;

calculating a power spectrum of the echo signal and a power spectrum of the noise signal according to the recorded
signal, the speech signal, and the loop transfer function;

calculating a frequency weighted coefficient according to the power spectrum of the echo signal and the power
spectrum of the noise signal;

adjusting a frequency amplitude of the speech signal based on the frequency weighted coefficient; and
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outputting the adjusted speech signal,

wherein in the speech signal processing method:

the operation of calculating a power spectrum of the echo signal and a power spectrum of the noise signal
according to the recorded signal, the speech signal, and the loop transfer function comprises:

calculating a power spectrum of the recorded signal;

calculating an estimated spectrum value of the echo signal according to the loop transfer function and the
speech signal;

calculating a square of the estimated spectrum value of the echo signal, to obtain the power spectrum of
the echo signal; and

subtracting the power spectrum of the echo signal from the power spectrum of the recorded signal, to obtain
the power spectrum of the noise signal, and

the operation of calculating a frequency weighted coefficient according to the power spectrum of the echo signal
and the power spectrum of the noise signal comprises:

constructing a speech intelligibility index according to the power spectrum of the echo signal and the power
spectrum of the noise signal; and

under the condition that the power spectrum of the echo signal remains unchanged, obtaining the frequency
weighted coefficient according to a maximum value of the speech intelligibility index.

[0009] According to another aspect, a speech signal processing apparatus is provided, including:

at least one processor; and
a memory, the memory storing a program instruction, and when executed by the processor, the instruction configuring
the apparatus to perform the following operations:

obtaining a recorded signal and a speech signal, the recorded signal including at least a noise signal and an
echo signal;

calculating a loop transfer function according to the recorded signal and the speech signal;

calculating a power spectrum of the echo signal and a power spectrum of the noise signal according to the
recorded signal, the speech signal, and the loop transfer function;

calculating a frequency weighted coefficient according to the power spectrum of the echo signal and the power
spectrum of the noise signal;

adjusting a frequency amplitude of the speech signal based on the frequency weighted coefficient; and

outputting the adjusted speech signal,

wherein in the speech signal processing apparatus:

the operation of calculating a power spectrum of the echo signal and a power spectrum of the noise signal
according to the recorded signal, the speech signal, and the loop transfer function comprises:

calculating a power spectrum of the recorded signal;

calculating an estimated spectrum value of the echo signal according to the loop transfer function and
the speech signal;
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calculating a square of the estimated spectrum value of the echo signal, to obtain the power spectrum
of the echo signal; and

subtracting the power spectrum of the echo signal from the power spectrum of the recorded signal, to
obtain the power spectrum of the noise signal,

wherein the operation of calculating a frequency weighted coefficient according to the power spectrum of
the echo signal and the power spectrum of the noise signal comprises:

constructing a speech intelligibility index according to the power spectrum of the echo signal and the
power spectrum of the noise signal; and

under the condition that the power spectrum of the echo signal remains unchanged, obtaining the
frequency weighted coefficient according to a maximum value of the speech intelligibility index.

[0010] The technical solutions provided in the embodiments of the present application bring beneficial effects as follows:
[0011] The frequency amplitude of a speech signal is automatically adjusted according to relative frequency distribution
of a noise signal and the speech signal while ensuring that a speaker is not overloaded and dynamic amplitude of the
original speech signal is not disrupted, which significantly improves the speech intelligibility.

BRIEF DESCRIPTION OF THE DRAWINGS

[0012] To describe the technical solutions of the embodiments of the present application more clearly, the accompa-
nying drawings for illustrating the embodiments are described briefly in the following. Apparently, the drawings in the
following description are only some embodiments of the present application, and a person skilled in the art may derive
other drawings based on these accompanying drawings without creative efforts.

FIG. 1 is a schematic diagram of an implementation environment of a speech signal processing method according
to an embodiment of the present application;

FIG. 2 is a diagram of a system architecture of a speech signal processing method according to another embodiment
of the present application;

FIG. 3 is a flowchart of a speech signal processing method according to another embodiment of the present appli-
cation;

FIG. 4 is a flowchart of a speech signal processing method according to another embodiment of the present appli-
cation;

FIG. 5 is a schematic diagram of a signal flow corresponding to a speech signal processing method according to
another embodiment of the present application;

FIG. 6 is a flowchart of a speech signal processing method according to another embodiment of the present appli-
cation;

FIG. 7 is a schematic structural diagram of a speech signal processing apparatus according to another embodiment
of the present application; and

FIG. 8 is a schematic structural diagram of a speech signal processing terminal according to another embodiment
of the present application.

DESCRIPTION OF EMBODIMENTS

[0013] To make the objectives, technical solutions, and advantages of the present disclosure clearer, the following
further describes in detail the embodiments of the present application with reference to the accompanying drawings.
Apparently, the described embodiments are only some embodiments rather than all the embodiments of the present
application. All other embodiments obtained by a person of ordinary skill in the art based on the embodiments of the
present application without creative efforts shall fall within the protection scope of the present application.



EP 3 373 300 B1

5

5

10

15

20

25

30

35

40

45

50

55

[0014] A voice instant messaging application (App) is an application that can be used to make a voice over Internet
Protocol call or a network voice conference, and is widely installed on mobile terminal devices such as a smartphone,
a tablet computer, a notebook computer, and a wearable electronic product. As the mobile terminal gradually becomes
miniaturized, maximum sound power that can be output by a micro speaker in the mobile terminal device encounters a
bottleneck.
[0015] Main reasons that the maximum sound power that is output by the mobile terminal device encounters a bottleneck
include the following two aspects:
[0016] In a first aspect, according to an existing electro-acoustic amplification technology, a sound wave is generated
mainly depending on three parts: a power amplifier, a speaker, and a speaker box. The speaker in the mobile terminal
device can implement electricity-to-sound conversion as efficient as possible only when the physical size of the speaker
and the speaker box is in direct proportion to a wavelength of the sound wave. However, as a portable mobile device
gradually becomes miniaturized, the size of the mobile terminal is usually far less than the wavelength of the sound
wave. Using a sound wave whose wavelength is 340 Hz as an example, if to implement sound-to-electricity conversion
as efficient as possible, the size of the mobile terminal needs to be at least one meter. Therefore, miniaturization of the
speaker decreases the maximum sound power that is output by the mobile terminal. In addition, a moving coil speaker
that is commonly used at present needs to have a certain thickness, to ensure that a diaphragm has sufficient motion
space. However, as the mobile terminal gradually becomes miniaturized and thinner, the integral acoustic design in the
mobile terminal is limited by the physical size. Consequently, the maximum sound power that is output by the mobile
terminal is limited.
[0017] In a second aspect, the voice instant messaging App installed on the mobile terminal generally runs in an
operating system, and hardware volume control needs to be implemented by using an application programming interface
(API) provided by the operating system. In term of audio input and output, currently, a mainstream implementation
method is as follows: The voice instant messaging App notifies the operating system that an audio configuration mode
is required. The operating system configures related hardware. After the configuration is complete, the voice instant
messaging App only needs to regularly write data corresponding to a speech signal to a recording API of the operating
system, and then read the data from the recording API of the operating system. However, types of audio configure
modes supported by the operating system are limited. The limited audio configuration modes are implemented by a
mobile terminal manufacturer at a hardware bottom layer (firmware). Hardware output volume control of the App is
limited by such a factor. In addition, a hardware vendor usually performs bottom layer audio optimization only for a
normal usage scenario, and the mobile terminal manufacturer generally does not perform targeted optimization for a
usage scenario in an extreme environment (for example, there is large ambient noise) (for example, the mobile terminal
manufacturer generally does not provide a dedicated software interface that may increase the hardware output volume).
[0018] When arranged in descending order of output volumes, common mobile terminals are: notebook computer,
tablet computer, smartphone (in hands-free mode), wearable device and the like. However, during communication using
the mobile terminals, problems of ambient noise received by the mobile terminals change reversely: Usually, the notebook
computer is frequently used indoors, and noise received by the notebook computer is mainly indoor low-decibel small
noise; the tablet computer and the smartphone are frequently used outdoors like public places, and noise received by
the tablet computer and the smartphone is mainly high-decibel large noise; the wearable device is long worn on the
human body and is used in most noise scenarios, and noise received by the wearable device is most complex. As the
mobile terminals gradually become miniaturized, the problems of ambient noise received by the mobile terminals are
more obvious, which significantly affects user experience during communication using the mobile terminals.
[0019] To resolve the problem that maximum sound power that is output by the mobile terminal encounters a bottleneck,
the embodiments of the present application provide a method in which the speech intelligibility of the mobile terminal is
improved without changing hardware of the mobile terminal but by processing a speech signal. According to the method
provided in the embodiments of the present application, even in a noisy scenario, a mobile terminal user can still clearly
hear speech content of a peer end during a call.
[0020] FIG. 1 is a schematic diagram of an implementation environment of a speech signal processing method and
apparatus according to an embodiment of the present application. Referring to FIG. 1, the implementation environment
includes three acoustic entities: a mobile terminal P, a user U, and a noise source N, and further includes sound output
and input devices: a speaker S and a microphone M. The mobile terminal P may be a mobile phone, a tablet computer,
a notebook computer, a wearable device, or the like, on which one or more voice instant messaging Apps are installed.
Based on the voice instant messaging Apps, the user may communicate with another user anytime and anywhere. The
speaker S and the microphone M may be built in the mobile terminal, or may be connected to the mobile terminal as an
external device, such as an external sound box, an external speaker, a Bluetooth speaker, or a Bluetooth headset. The
microphone M may pick up sound in the entire scenario, including: noise emitted by the noise source N, the speaking
voice of the user U, and sound played by the speaker S. When the user communicates with a user on a peer end by
using voice instant messaging software, the mobile terminal receives a to-be-played speech signal (which is briefly
referred to as a speech signal below for distinguishing) sent by the peer end. After being processed, the speech signal
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is converted by the speaker into a sound wave, and is transferred to the user U by air and is sensed by the user U. At
the same time, a sound wave emitted by the noise source N is transferred to the user U and is also sensed by the user
U. The sound wave emitted by the noise source N interferes with the user U, and lowers the speech intelligibility of the
mobile terminal.
[0021] In the acoustic field, according to the psychoacoustic masking effect principle, when two signals close in fre-
quency but greatly differed in amplitude appear at the same time, the signal with larger amplitude masks a signal with
smaller amplitude. That is, when the noise emitted by the noise source N is strong, the user U cannot clearly hear speech
content played by the speaker S. In this case, if to increase output power of the speaker S, the speaker S needs to have
a larger physical size, which contradicts the design of miniaturization, lightening, and thinning of the mobile terminal. In
view of this, in the present disclosure, the problem of interference caused by a noise signal to a speech signal is resolved
by using the psychoacoustic masking effect.
[0022] Usually, the speech signal and the noise signal are not single-frequency signals, they respectively occupy
different band ranges, and their energy distribution at frequencies is not uniform. A frequency, recorded as f weak, at
which energy is weakest in the noise signal may be found by comparing power spectrums of the speech signal and the
noise signal. In this embodiment, under the condition that the output power of the speaker is not exceeded, the speech
signal is played with energy concentrated near f weak; in addition, energy of the speech signal that is far away from the
frequency f weak is attenuated, to prevent the speaker from being overloaded. In such a processing manner, at a
frequency near f weak, the noise signal is masked by the speech signal, and content of the speech signal is sensed by
the user. At a frequency far away from f weak, the speech signal is still masked by the noise signal. In conclusion, the
enhanced speech signal masks the noise signal at some frequencies, so that the noise does not mask the entire speech
signal, and in this case, the user may clearly hear the content of the speech signal.
[0023] FIG. 2 is a diagram of a system architecture of a speech signal processing method according to the present
application. Referring to FIG. 2, the system architecture includes a user U, a speaker S, a microphone M, and various
functional modules. The functional modules include a signal detection and classification module, a spectrum estimation
module, a loop transfer function calculation module, a speech intelligibility estimation module, and the like. The spectrum
estimation module may specifically include a voice activity detection module, a noise power spectrum module, and an
echo power spectrum module. Functions of the modules in the system and relationships between the modules are as
follows:
[0024] The microphone M is configured to pick up ambient sound, referred to as a recorded signal (recorded as x) in
this embodiment, and send the recorded signal x to the signal detection and classification module.
[0025] The signal detection and classification module is configured to detect and classify the recorded signal, and
output three types of signals: a speech signal (recorded as a near-end signal v) when the user U speaks, a noise signal
(recorded as a noise signal n) emitted by the noise source N, and a signal (recorded as an echo signal e) recorded by
the microphone M when the speaker S plays sound.
[0026] The spectrum estimation module is configured to calculate a power spectrum of the noise signal, a power
spectrum of the echo signal, and a power feature value of the near-end signal. The power spectrum of the noise signal
may be represented by Pn, the power spectrum of the echo signal may be represented by Pe, and the power feature
value of the near-end signal may be represented by VAD_ν. VAD_ν has two states: true and false. When VAD_ν =true,
it indicates that there is a near-end signal at a current moment, that is, the user U is speaking; when VAD_ν =false, it
indicates that there is no near-end signal at a current moment, that is, the user U is not speaking, or the noise signal or
the echo signal is apparently louder than the speaking voice of the user U.
[0027] The loop transfer function calculation module is configured to calculate a transfer function, recorded as H_loop,
on a path "frequency weighted filter--speaker--sound field--microphone" according to a speech signal y and the recorded
signal x that is detected by the microphone.
[0028] The speech intelligibility estimation module is configured to determine a speech intelligibility index (also known
as "SII") according to H_loop, VAD_ν, Pn, and Pe , and is further configured to calculate a frequency weighted coefficient
of the frequency weighted filter W.
[0029] Referring to FIG. 2, specific spatial locations of the user, the mobile terminal, and the noise source cannot be
determined during actual application, and the speech signal and the recorded signal are processed to maximize SII at
an ear location of the user U rather than the location of the microphone M. To resolve the problem, in the method provided
in this embodiment, approximation processing is applied. For ease of description below, in this embodiment of the present
application, a length of a sound transfer path between the speaker S and an ear of the user U is represented by h1, a
length of a sound transfer path between the noise source N and the user ear is represented by h2, a length of a sound
transfer path between the noise source N and the microphone M is represented by h3, a length of a sound transfer path
between the mouth of the user U and the microphone M is represented by h4, and a length of a sound transfer path
between the microphone M and the speaker S is represented by h5. The approximation used in this embodiment of the
present application is as follows:
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(1). It is assumed that noise picked up by the microphone is approximately the same as noise sensed by the user,
that is, h2≈h3.

(2). It is assumed that echo coming from the speaker and picked up by the microphone is approximately the same
as sound played by the speaker and sensed by the user, that is, h1≈h5.

[0030] Under the condition that the foregoing approximation conditions are met, the problem of calculating maximum
speech intelligibility at the location of the user U may be translated into a problem of calculating maximum speech
intelligibility at the location of the microphone M.
[0031] All optional technical solutions above may be combined in any manner to form optional embodiments of the
present disclosure. Details are not further described herein one by one.
[0032] FIG. 3 is a flowchart of a speech signal processing method according to an embodiment of the present appli-
cation. Referring to FIG. 3, the method provided in this embodiment includes the following steps:

301. Obtain a recorded signal and a speech signal, for example, collect a recorded signal from a near end and
receive a speech signal (that is, a speech signal) sent by a peer end. The recorded signal includes at least a noise
signal and an echo signal.

302. Calculate a loop transfer function according to the recorded signal and the speech signal.

303. Calculate a power spectrum of the echo signal and a power spectrum of the noise signal according to the
recorded signal, the speech signal, and the loop transfer function.

304. Calculate a frequency weighted coefficient according to the power spectrum of the echo signal and the power
spectrum of the noise signal.

305. Adjust a frequency amplitude of the speech signal based on the frequency weighted coefficient.

306. Output the adjusted speech signal.

[0033] According to the method provided in this embodiment of the present application, the frequency amplitude of a
speech signal is automatically adjusted according to relative frequency distribution of a noise signal and the speech
signal while ensuring that a speaker is not overloaded and dynamic amplitude of the original speech signal is not disrupted,
which significantly improves the speech intelligibility.
[0034] In another embodiment of the present application, the calculating a loop transfer function according to the
recorded signal and the speech signal includes:

calculating a frequency domain cross-correlation function between the recorded signal and the speech signal;
calculating a frequency domain autocorrelation function of the speech signal; and
calculating the loop transfer function according to the frequency domain cross-correlation function between the
recorded signal and the speech signal and the frequency domain autocorrelation function of the speech signal.

[0035] In another embodiment of the present application, a power spectrum of the recorded signal is calculated by
applying the following formula to the recorded signal: 

where Px is the power spectrum of the recorded signal, X(n) is a vector obtained by performing Fourier transform on a
recorded signal collected at an nth moment, and .^2 is used to obtain a square of each vector element in X(n).
[0036] In another embodiment of the present application, the calculating a power spectrum of the echo signal and a
power spectrum of the noise signal according to the recorded signal, the speech signal, and the loop transfer function
includes:

calculating a power spectrum of the recorded signal;
calculating an estimated spectrum value of the echo signal according to the loop transfer function and the speech
signal;
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calculating a square of the estimated spectrum value of the echo signal, to obtain the power spectrum of the echo
signal; and
subtracting the power spectrum of the echo signal from the power spectrum of the recorded signal, to obtain the
power spectrum of the noise signal.

[0037] In another embodiment of the present application, before the calculating a square of the estimated value of the
echo signal, to obtain the power spectrum of the echo signal, the method further includes:

calculating a power feature value of the recorded signal, a power feature value of the speech signal, and a power
feature value of the echo signal;

determining whether the power feature value of the recorded signal is greater than a first threshold, whether the
power feature value of the speech signal is greater than a second threshold, and whether the power feature value
of the echo signal is greater than a third threshold; and

when the power feature value of the recorded signal is greater than the first threshold, the power feature value of
the speech signal is greater than the second threshold, and the power feature value of the echo signal is greater
than the third threshold, performing the step of calculating a square of the estimated spectrum value of the echo
signal, to obtain the power spectrum of the echo signal.

[0038] In another embodiment of the present application, before the subtracting the power spectrum of the echo signal
from the power spectrum of the recorded signal, to obtain the power spectrum of the noise signal, the method further
includes:

determining whether the power feature value of the recorded signal is less than the first threshold, and whether the
power feature value of the echo signal is less than the third threshold;

when the power feature value of the recorded signal is less than the first threshold and the power feature value of
the echo signal is less than the third threshold, subtracting the power spectrum of the echo signal from the power
spectrum of the recorded signal, to obtain the power spectrum of the noise signal.

[0039] In another embodiment of the present application, the calculating a frequency weighted coefficient according
to the power spectrum of the echo signal and the power spectrum of the noise signal includes:

constructing a speech intelligibility index according to the power spectrum of the echo signal and the power spectrum
of the noise signal; and
under the condition that the power spectrum of the echo signal remains unchanged, obtaining the frequency weighted
coefficient according to a maximum value of the speech intelligibility index.

[0040] FIG. 4 is a flowchart of a speech signal processing method according to another embodiment of the present
application. Referring to FIG. 4, the method provided in this embodiment includes the following steps.
[0041] 401. A mobile terminal collects a recorded signal from a near end and receives a speech signal sent by a peer end.
[0042] The near end is an environment in which the mobile terminal is currently located. A manner of collecting the
recorded signal from the near end by the mobile terminal includes but not limited to: starting a microphone, collecting a
sound signal in the current environment by using the microphone, and using the sound signal collected by the microphone
as a recorded signal. The recorded signal includes a noise signal, an echo signal, a near-end signal, and the like. In this
embodiment, the recorded signal may be represented by x, the noise signal may be represented by n, the echo signal
may be represented by e, and the near-end signal may be represented by v.
[0043] The peer end collects a speech signal of a user on the peer end by using a microphone, and sends the collected
speech signal to the mobile terminal by using a network after processing the collected speech signal. An instant messaging
App on the mobile terminal receives the speech signal sent by the peer end, and uses the speech signal sent by the
peer end as the speech signal. The peer end may be another mobile terminal communicating with the mobile terminal
by using a voice instant messaging App. In this embodiment, the speech signal may be represented by y.
[0044] Optionally, to improve timeliness of using the voice instant messaging App, the microphone on the mobile
terminal side collects a recorded signal once every preset time length, and the microphone on the peer end side also
collects a speech signal once every preset time length, and sends the collected speech signal to the mobile terminal.
The preset time length may be 10 milliseconds (ms), 20 ms, 50 ms, or the like.
[0045] In this embodiment, the recorded signal collected by the mobile terminal from the near end and the speech
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signal sent by the peer end are essentially time domain signals. For ease of calculation below, according to the method
provided in this embodiment, the collected recorded signal and the received speech signal are further processed sep-
arately by using a method such as Fourier transform, to convert the recorded signal in the time domain form into a
recorded signal in a frequency domain, and convert the speech signal in the time domain form into a speech signal in
the frequency domain. In this embodiment, the recorded signal in the frequency domain form is a column vector with a
vector length equal to the number of used Fourier transform points, and may be represented by X; the speech signal in
the frequency domain form is also a column vector with a vector length also equal to the number of used Fourier transform
points, and may be represented by Y.
[0046] Optionally, the recorded signal in the frequency domain form and the speech signal in the frequency domain
form that are obtained after performing Fourier transform on the recorded signal and the speech signal in the time domain
form have a same dimension.
[0047] 402. The mobile terminal calculates a loop transfer function according to the recorded signal and the speech
signal.
[0048] In this embodiment, when calculating the loop transfer function according to the recorded signal and speech
signal, the mobile terminal may perform the following steps 4021 to 4023.
[0049] 4021. The mobile terminal calculates a frequency domain cross-correlation function between the recorded
signal and the speech signal.
[0050] The cross-correlation function is used to indicate a degree of correlation between the two signals. When obtaining
the frequency domain cross-correlation function between the recorded signal and the speech signal, the mobile terminal
may use the following formula <1>: 

 where r_xy is the cross-correlation function between the recorded signal and the speech signal, E[.] is an expected
operator, and . * is used to multiply vectors one by one on an element basis. For example, if X ={a1, a2, a3, a4} and
Y={b1, b2, b3, b4}, X .* Y = {a1 b1, a2 b2, a3 b3, a4 b4}.
[0051] 4022. The mobile terminal obtains a frequency domain autocorrelation function of the speech signal.
[0052] The autocorrelation function is used to indicate a degree of correlation between a signal and a delayed signal
of the signal. When obtaining the frequency domain autocorrelation function of the speech signal, the mobile terminal
may use the following formula <2>: 

where R_yy is the frequency domain autocorrelation function of the speech signal, the symbol * represents a matrix
multiplication operation, the symbol’ represents a conjugate transpose operation, Y(n) is a vector obtained after per-
forming Fourier transform on a speech signal collected at an nth moment, Y(n - k) is a vector obtained after performing
Fourier transform on a speech signal collected at an (n-k)th moment, k=[0, Kmax], k ∈ Z, that is, k is an integer, and a
system order is determined by a value of Kmax.
[0053] 4023. Based on the frequency domain cross-correlation function between the recorded signal and the speech
signal that is obtained in step 4021 and the frequency domain autocorrelation function of the speech signal that is
obtained in step 4022, the mobile terminal may calculate the loop transfer function by applying the following formula <3>: 

where H_loop is the loop transfer function, and the symbol ^-1 represents a matrix inverse operation.
[0054] 403. The mobile terminal obtains a power spectrum of the recorded signal and a power spectrum of the speech
signal.
[0055] The mobile terminal may calculate the power spectrum of the recorded signal by applying the following formula
<4> to the recorded signal: 

where Px is the power spectrum of the recorded signal, X(n) is a vector obtained by performing Fourier transform on a
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recorded signal collected at the nth moment, and .^2 is used to obtain a square of each vector element in X(n).
[0056] For example, the recorded signal collected at the nth moment is X(n) = {a1, a2, a3, ..., an}, and the mobile terminal
may obtain Px = {a1

2, a2
2, a3

2, ..., an
2} by applying the formula Px = X(n).^2.

[0057] The mobile terminal may calculate the power spectrum of the speech signal by applying the following formula
<5> to the speech signal: 

where Py is the power spectrum of the speech signal, Y(n) is a vector obtained by performing Fourier transform on the
speech signal collected at the nth moment, and .^2 is used to obtain a square of each vector element in Y(n).
[0058] For example, the speech signal collected at the nth moment is Y(n) ={b1, b2, b3, ..., bn}, and the mobile terminal
may obtain Py = {b1

2, b2
2, b3

2, ..., bn
2} by applying the formula Py = Y(n).^2.

[0059] 404. The mobile terminal calculates an estimated value of an echo signal according to the loop transfer function
and the speech signal.
[0060] The mobile terminal may calculate the estimated value of the echo signal according to the loop transfer function
and the speech signal by applying the following formula <6>: 

where E(n) is the estimated value of the echo signal.
[0061] 405. The mobile terminal obtains a power feature value of the recorded signal, a power feature value of the
speech signal, and a power feature value of the echo signal.
[0062] The power feature value of the recorded signal measures the power spectrum of the recorded signal, and may
be obtained by processing the power spectrum of the recorded signal. In this embodiment, the power feature value of
the recorded signal may be represented by VAD_x. VAD_x is a two-value state, and has two states: true and false.
When VAD_x =true, it indicates that the recorded signal is strong; when VAD_x =false, it indicates that the recorded
signal is weak.
[0063] The power feature value of the speech signal measures the power spectrum of the speech signal, and may be
obtained by processing the power spectrum of the speech signal. In this embodiment, the power feature value of the
speech signal may be represented by VAD_y. VAD_y is a two-value state, and has two states: true and false. When
VAD_y =true, it indicates that the speech signal is strong; when VAD_y =false, it indicates that the speech signal is weak.
[0064] The power feature value of the echo signal measures a power spectrum of the echo signal. In this embodiment,
the power feature value of the echo signal may be represented by VAD_e. VAD_e is a two-value state, and has two
states: true and false. When VAD_e =true, it indicates that the echo signal is strong; when VAD_e =false, it indicates
that the echo signal is weak. It should be noted herein that, when the power feature value of the echo signal is obtained,
a power spectrum of the echo signal may be calculated in advance according to the estimated value of the echo signal,
to obtain the power feature value of the echo signal by processing the power spectrum of the echo signal. The power
spectrum calculated herein of the echo signal is an estimated power spectrum of the echo signal. Whether a power
spectrum of the echo signal is the power spectrum calculated herein of the echo signal needs to be further determined
by performing the following step 406.
[0065] 406. The mobile terminal determines whether a power feature value of the recorded signal is greater than a
first threshold, whether a power feature value of the speech signal is greater than a second threshold, and whether a
power feature value of the echo signal is greater than a third threshold. If yes, step 407 is performed.
[0066] To distinguish the noise signal and the near-end signal, in this embodiment, a signal detection and classification
module and a voice activity detection mechanism are used to distinguish a near-end signal (including background noise)
and a non-near-end signal based on time according to the power feature value of the recorded signal, the power feature
value of the echo signal, and the power feature value of the speech signal, to obtain a power spectrum of the noise
signal. During specific determining, the mobile terminal needs to determine whether the power feature value of the
recorded signal is greater than the first threshold, whether the power feature value of the speech signal is greater than
the second threshold, and whether the power feature value of the echo signal is greater than the third threshold. The
first threshold, the second threshold, and the third threshold are preset thresholds. In this embodiment, the first threshold
may be represented by Tx, the second threshold may be represented by Ty, and the third threshold may be represented
by Te. Smaller values of the first threshold, the second threshold, and the third threshold indicate that the mobile terminal
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is more sensitive to noise. On the contrary, the mobile terminal reacts to noise only when the noise has large energy.
[0067] The determining process may be represented by the following formula <7>: 

[0068] Generally, a recorded signal collected by the mobile terminal by using the microphone may not include a near-
end signal. To further determine whether the recorded signal includes a near-end signal, the following formula <8> may
be used for determining: 

[0069] That is, when the speaker of the mobile terminal does not play sound (that is, VAD_y =false), and no echo
signal is detected (that is, VAD_e =false), a recorded signal collected by the microphone is a near-end signal, and in
this case, the user is speaking. Otherwise, it indicates that the user is not speaking.
[0070] In the determining process, if it is determined that the power feature value of the recorded signal is greater than
the first threshold, the power feature value of the speech signal is greater than the second threshold, and the power
feature value of the echo signal is greater than the third threshold, the following step 407 is performed. If it is determined
that the power feature value of the recorded signal is greater than the first threshold, the power feature value of the
speech signal is greater than the second threshold, the power feature value of the echo signal is less than or equal to
the third threshold; or the power feature value of the recorded signal is greater than the first threshold, and the power
feature value of the speech signal is less than or equal to the second threshold, the recorded signal and the speech
signal that are obtained this time are ignored.
[0071] 407. The mobile terminal calculates a square of the estimated value of the echo signal, to obtain a power
spectrum of the echo signal.
[0072] When the power feature value of the recorded signal is greater than the first threshold, the power feature value
of the speech signal is greater than the second threshold, and the power feature value of the echo signal is greater than
the third threshold, the mobile terminal calculates the square of the estimated value of the echo signal, to obtain the
power spectrum of the echo signal. The following formula <9> may be applied for specific calculation: 

where Pe is the power spectrum of the echo signal.
[0073] 408. The mobile terminal determines whether the power feature value of the recorded signal is less than the
first threshold, and whether the power feature value of the echo signal is less than the third threshold. If yes, step 409
is performed.
[0074] Based on step 407, the mobile terminal further determines whether the power feature value of the recorded
signal is less than the first threshold, and whether the power feature value of the echo signal is less than the third
threshold, to obtain the power spectrum of the noise signal.
[0075] In the determining process, if it is determined that the power feature value of the recorded signal is less than
the first threshold and the power feature value of the echo signal is less than the third threshold, the following step 409
is performed. If it is determined that the power feature value of the recorded signal is less than the first threshold and
the power feature value of the echo signal is greater than or equal to the third threshold, the recorded signal and the
speech signal that are obtained this time are ignored.
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[0076] 409. The mobile terminal subtracts the power spectrum of the echo signal from the power spectrum of the
recorded signal, to obtain a power spectrum of a noise signal.
[0077] When it is determined that the power feature value of the recorded signal is less than the first threshold and
the power feature value of the echo signal is less than the third threshold, it may be considered that no near-end signal
is detected, that is, the user is not speaking. In this case, the mobile terminal subtracts the power spectrum of the echo
signal from power spectrum of the recorded signal, to obtain the power spectrum of the noise signal. During specific
implementation, refer to the following formula <10>: 

 where Pn is the power spectrum of the noise signal.
[0078] 410. The mobile terminal calculates a frequency weighted coefficient according to the power spectrum of the
echo signal and the power spectrum of the noise signal.
[0079] When calculating the frequency weighted coefficient according to the power spectrum of the echo signal and
the power spectrum of the noise signal, the mobile terminal may perform the following steps 4101 to 4102.
[0080] 4101: The mobile terminal constructs a speech intelligibility index according to the power spectrum of the echo
signal and the power spectrum of the noise signal.
[0081] In the acoustic field, the speech intelligibility index (SII) has multiple standards. In this embodiment, the standard-
4 in ASNI-S3.5 is used for calculation. In the standard-4, the speech intelligibility index may be represented as a function
using the power spectrum of the echo signal and the power spectrum of the noise signal as independent variables.
Therefore, after the mobile terminal calculates the power spectrum of the echo signal and the power spectrum of the
noise signal, the speech intelligibility index may be constructed. For the constructed speech intelligibility index, refer to
the following formula <11>: 

where imax is the total number of divided bands, i is any band in imax, SII is the speech intelligibility index, Pei is a power
spectrum of the echo signal in an ith band, Pni is a power spectrum of the noise signal in the ith band, Pui is a power
spectrum of standard-strength voice in the ith band, Ii is a band division weight, and Pdi is an intermediate variable, may
be represented by the following formula <12>:

where fk represents a kth frequency in the ith band, and Ck is an intermediate variable, and may be represented by the
following formula <13>: 

where Pek is a power spectrum of the echo signal at the kth frequency, and Pnk is a power spectrum of the noise signal
at the kth frequency.
[0082] It should be noted that, for specific values of Pui and Ii, refer to numbers specified in the standard [4] in ANSI-
S3.5, or the values may be determined by design personnel as required.
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[0083] 4102: Under the condition that the power spectrum of the echo signal remains unchanged, the mobile terminal
calculates a maximum value of the speech intelligibility index, to obtain the frequency weighted coefficient.
[0084] In this embodiment, the frequency weighted coefficient is a coefficient of a frequency weighted filter in the
mobile terminal, and is used to adjust the frequency amplitude of a speech signal that is output by the mobile terminal.
Frequency emphasis coefficients calculated by the mobile terminal at different moments are different.
[0085] It may be seen upon observation of the speech intelligibility index constructed in step 4101 that, the speech
intelligibility index is a function using the power spectrum of the echo signal and the power spectrum of the noise signal
as independent variables, that is, the speech intelligibility index has two variables. In this case, it is difficult to calculate
the maximum value of the speech intelligibility index. Accordingly, in the method provided in this embodiment, approximate
calculation is performed. It is assumed that the power spectrum of the noise signal at the nth moment is approximately
equal to a power spectrum of the noise signal at the (n-1)th moment. In this way, when calculating a frequency weighted
coefficient at the nth moment, the mobile terminal may directly use the power spectrum of the noise signal calculated at
the (n-1)th moment. In such a processing manner, the mobile terminal converts the speech intelligibility index into a
function using the power spectrum of the echo signal as an independent variable.
[0086] To improve speech intelligibility of a speech signal played by the speaker to the user, before playing the speech
signal by using the speaker, the mobile terminal further uses the frequency weighted filter to process the speech signal,
to increase amplitude of the speech signal at a specified frequency, and increase energy of the speech signal. As limited
by the size of the mobile terminal, maximum sound power of the speaker during playing has a maximum value. To
prevent the speaker from being overloaded, in this embodiment, when the frequency weighted coefficient is calculated
based on the constructed speech intelligibility index, it is assumed that the power spectrum of the echo signal remains
unchanged before and after enhancement of the frequency weighted filter, and then the maximum value of the speech
intelligibility index is calculated. Such a method is mathematically referred to as an extremum solution in a constraint
condition. The extremum solution may be represented by the following formula <14>: 

where Pei is a power spectrum of the echo signal at an ith frequency before enhancement, Pe’i is a power spectrum of

the echo signal at the ith frequency after enhancement, and the formula  ensures that the power

spectrum of the echo signal remains unchanged before and after enhancement, thereby ensuring that the speaker is
not overloaded.
[0087] It should be noted that, after a signal processed by the frequency weighted filter, an electrical signal is obtained,
and the electrical signal needs to be converted by the speaker into a sound wave. Speakers of mobile terminals of
different models make different output frequency responses. If to obtain output frequency responses of speakers of
different mobile terminals, a speaker of each mobile terminal needs to be measured, and corrected and compensated
during operation. Therefore, a hardware fragmentation problem is caused. To avoid the problem, in the method provided
in this embodiment, the following method is used to omit direct measurement on a frequency response of the speaker.
[0088] It may be found upon observation of the formula <6> that, a mapping relationship between E(n) and Y(n) may
be established by using the loop transfer function H_loop. In this embodiment, a frequency response of the speaker is
recorded as Hspk , a frequency response of the microphone is recorded as Hmic , and according to formula <6>, the
following formula may be obtained: 

[0089] For the formula <15>, extremum solution of the formula <14> may be translated into partial derivative solution.
An inflection point of the speech intelligibility index may be obtained by calculating a partial derivative of the formula
<15>. For a specific process, refer to the following formula <16>: 
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where |W|2 is the frequency weighted coefficient, |H_loop|2 may be obtained by using the formula <3>, Pyi may be obtained
by using the formula <5>, and SII may be obtained by using the formula <11>.
[0090] |W|2 at the current moment may be obtained by calculating the formula <16>.
[0091] 411. The mobile terminal adjusts a frequency amplitude of the speech signal based on the frequency weighted
coefficient.
[0092] The mobile terminal dynamically traces and adjusts the speech intelligibility index based on the determined
frequency weighted coefficient, to automatically adapt to changes in the power spectrum Pn of the noise signal and the
power spectrum Pe of the echo signal.
[0093] 412. The mobile terminal outputs the adjusted speech signal.
[0094] To improve accuracy of a speech signal that is output by the mobile terminal at the current moment, the mobile
terminal determines, according to the following formula <17> in combination with a speech signal that is output before
the current moment and a corresponding frequency weighted coefficient, the speech signal that is output at the current
moment: 

where z(n) is an output speech signal, w(k) is a value in a time domain and corresponding to a frequency weighted
coefficient calculated at the nth moment, Kmax is equal to an order of the frequency weighted filter W, and y(n-k) is a
value of the speech signal at the (n-k)th moment before emphasis.
[0095] In this step, the adjusted speech signal that is output by the mobile terminal can mask the noise signal. Therefore,
when the adjusted speech signal is played, the user can clearly hear content of the speech signal.
[0096] FIG. 5 shows a signal flow corresponding to a speech signal processing method according to an embodiment
of the present application. As shown in FIG. 5, based on an obtained recorded signal X and speech signal Y, a mobile
terminal may calculate a loop transfer function H_loop= R_yy ̂ -1 ∗ r_xy according to a frequency domain cross-correlation
function r_xy between the recorded signal and the speech signal and a frequency domain autocorrelation function R_yy
of the speech signal. The mobile terminal may calculate an estimated value E(n) = H_loop · Y(n) of an echo signal
according to the speech signal and the loop transfer function. Further, the mobile terminal calculates a power spectrum
of the echo signal and a power spectrum of a noise signal according to a power feature value of the recorded signal, a
power feature value of the speech signal, and a power feature value of the echo signal by using a voice activity detection
mechanism, then calculates a maximum value of a speech intelligibility index, to obtain a frequency weighted coefficient,
and finally adjusts the frequency amplitude of the speech signal based on the frequency weighted coefficient by using
a frequency weighted filter, and outputs the adjusted speech signal.
[0097] FIG. 6 is a flowchart of a speech signal processing method according to another embodiment of the present
application. The method may be implemented by software. When a voice instant messaging App is started, a mobile
terminal regularly obtains a recorded signal x collected by a microphone from a near end and a speech signal y sent by
a peer end, calculates a power spectrum Px of the recorded signal and a power spectrum Py of the speech signal, and
calculates a loop transfer function H_loop based on the foregoing formula <3>. After determining the loop transfer
function, the mobile terminal may calculate an estimated value E(n) of an echo signal according to the foregoing formula
<6>. In addition, the echo signal, the near-end speech signal, and a noise signal are picked up by the same microphone,
and overlap in time. Therefore, the recorded signal needs to be classified, to calculate an echo power spectrum Pe
according to the foregoing formula <9>, and calculate a noise power spectrum Pn according to the foregoing formula
<10>. Next, a speech intelligibility index SII is constructed according to the power spectrum of the echo signal and the
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power spectrum of the noise signal, and a frequency spectrum emphasis coefficient W may be obtained by calculating
a maximum value of the speech intelligibility index SII. Finally, an enhanced speech signal is calculated according to
the foregoing formula <17> and is output to a speaker, and converted by the speaker into sound for playing.
[0098] It should be noted that, the method may be implemented at a voice instant messaging App level, or may be
implemented at an operating system level, or may be built into firmware of a hardware chip. The speech signal processing
method provided in this embodiment of the present application is applicable to each of the three levels, and the only
difference lies in a level in a mobile terminal system at which a same speech signal processing method is specifically run.
[0099] It should be noted that, the present disclosure is described by using a mobile terminal as an example, and a
person skilled in the art may understand that, the present disclosure may also be applied to another terminal device,
such as a desktop computer. In addition, the foregoing speech signal may be received from a peer end. For example,
a terminal device receives a speech signal from another terminal device (that is, a peer device) by using a wireless or
wired network. Alternatively, the speech signal may be a speech signal locally stored in the terminal device. Besides,
the foregoing description is provided by using a voice instant messaging App as an example, and a person skilled in the
art may understand that, the foregoing voice instant messaging App may be replaced with any other voice playing App.
[0100] It should be noted that, the method not only may be used to improve the speech intelligibility, but also may be
used to improve an audio signal of other content. For example, a ringtone or an alert tone of an alarm may be automatically
enhanced according to different ambient noise, so that the enhanced alert sound can be heard by a user more clearly,
to overcome interference from ambient noise.
[0101] It should be noted that, in addition to being applied to a noise scenario, the method may be further applied to
a non-noise environment. For example, A and B are close and are in calls at the same time. A is talking with a, and B
is talking with b. Because A and B are close, the speaking voice of A interferes with listening of B, and the speaking
voice of B also interferes with listening of A. The method provided in the present disclosure may also be used in such
a voice contention scenario. In the scenario, a mobile terminal on the A side uses the voice of B as a noise signal, and
uses the voice of a as a signal needing to be enhanced; similarly, a mobile terminal on the B side uses the voice of A
as a noise signal, and uses the voice of b as a signal needing to be enhanced.
[0102] According to the method provided in this embodiment of the present application, the frequency amplitude of a
speech signal is automatically adjusted according to relative frequency distribution of a noise signal and the speech
signal while ensuring that a speaker is not overloaded and dynamic amplitude of the original speech signal is not disrupted,
which significantly improves the speech intelligibility.
[0103] Referring to FIG. 7, an embodiment of the present application provides a schematic structural diagram of a
speech signal processing apparatus. The apparatus includes:

a collection module 701, configured to collect a recorded signal from a near end, where the recorded signal includes
at least a noise signal and an echo signal;

a receiving module 702, configured to receive a speech signal sent by a peer end;

a first calculation module 703, configured to calculate a loop transfer function according to the recorded signal and
the speech signal;

a second calculation module 704, configured to calculate a power spectrum of the recorded signal;

a third calculation module 705, configured to calculate a power spectrum of the echo signal and a power spectrum
of the noise signal according to the power spectrum of the recorded signal, the speech signal, and the loop transfer
function;

a fourth calculation module 706, configured to calculate a frequency weighted coefficient according to the power
spectrum of the echo signal and the power spectrum of the noise signal;

an adjustment module 707, configured to adjust a frequency amplitude of the speech signal based on the frequency
weighted coefficient; and

an output module 708, configured to output the adjusted speech signal.

[0104] In another embodiment of the present application, the first calculation module 703 is configured to calculate a
frequency domain cross-correlation function between the recorded signal and the speech signal; calculate a frequency
domain autocorrelation function of the speech signal; and calculate the loop transfer function according to the frequency
domain cross-correlation function between the recorded signal and the speech signal and the frequency domain auto-
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correlation function of the speech signal.
[0105] In another embodiment of the present application, the second calculation module 704 is configured to calculate
the power spectrum of the recorded signal by applying the following formula to the recorded signal: 

where Px is the power spectrum of the recorded signal, X(n) is a vector obtained by performing Fourier transform on a
recorded signal collected at an nth moment, and .^2 is used to obtain a square of each vector element in X(n).
[0106] In another embodiment of the present application, the third calculation module 705 is configured to calculate
an estimated spectrum value of the echo signal according to the loop transfer function and the speech signal; calculate
a square of the estimated spectrum value of the echo signal, to obtain the power spectrum of the echo signal; and
subtract the power spectrum of the echo signal from the power spectrum of the recorded signal, to obtain the power
spectrum of the noise signal.
[0107] In another embodiment of the present application, the apparatus further includes:

a fifth calculation module, configured to calculate a power feature value of the recorded signal, a power feature
value of the speech signal, and a power feature value of the echo signal; and
a first determining module, configured to determine whether the power feature value of the recorded signal is greater
than a first threshold, whether the power feature value of the speech signal is greater than a second threshold, and
whether the power feature value of the echo signal is greater than a third threshold; and
the third calculation module 705 is configured to: when the power feature value of the recorded signal is greater
than the first threshold, the power feature value of the speech signal is greater than the second threshold, and the
power feature value of the echo signal is greater than the third threshold, calculate the square of the estimated value
of the echo signal, to obtain the power spectrum of the echo signal.

[0108] In another embodiment of the present application, the apparatus further includes:

a second determining module, configured to determine whether the power feature value of the recorded signal is
less than the first threshold, and whether the power feature value of the echo signal is less than the third threshold; and

the third calculation module 705 is configured to: when the power feature value of the recorded signal is less than
the first threshold and the power feature value of the echo signal is less than the third threshold, subtract the power
spectrum of the echo signal from the power spectrum of the recorded signal, to obtain the power spectrum of the
noise signal.

[0109] In another embodiment of the present application, the fourth calculation module 706 is configured to construct
a speech intelligibility index according to the power spectrum of the echo signal and the power spectrum of the noise
signal; and under the condition that the power spectrum of the echo signal remains unchanged, obtain the frequency
weighted coefficient according to a maximum value of the speech intelligibility index.
[0110] In conclusion, according to the apparatus provided in this embodiment of the present application, the frequency
amplitude of a speech signal is automatically adjusted according to relative frequency distribution of a noise signal and
the speech signal while ensuring that a speaker is not overloaded and dynamic amplitude of the original speech signal
is not disrupted, which significantly improves the speech intelligibility.
[0111] Referring to FIG. 8, FIG. 8 is a schematic structural diagram of a speech signal processing terminal according
to an embodiment of the present application. The terminal may be configured to implement the speech signal processing
method provided in the foregoing embodiment. Specifically:
[0112] The terminal 800 may include components such as a radio frequency (RF) circuit 110, a memory 120 including
one or more computer readable storage media, an input unit 130, a display unit 140, a sensor 150, an audio circuit 160,
a wireless fidelity (WiFi) module 170, a processor 180 including one or more processing cores, and a power supply 190.
A person skilled in the art may understand that the structure of the terminal shown in FIG. 8 does not constitute a limitation
to the terminal, and the terminal may include more or fewer components than those shown in the figure, or some
components may be combined, or a different component deployment may be used.
[0113] The RF circuit 110 may be configured to receive and send signals during an information receiving and sending
process or a call process. Particularly, the RF circuit 110 receives downlink information from a base station, then delivers
the downlink information to the processor 180 for processing, and sends related uplink data to the base station. Usually,
the RF circuit 110 includes, but is not limited to, an antenna, at least one amplifier, a tuner, one or more oscillators, a
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subscriber identity module (SIM) card, a transceiver, a coupler, a low noise amplifier (LNA), and a duplexer. In addition,
the RF circuit 110 may also communicate with a network and another device by means of wireless communication. The
wireless communication may use any communications standard or protocol, including but not limited to Global System
for Mobile communications (GSM), general packet radio service (GPRS), Code Division Multiple Access (CDMA), Wide-
band Code Division Multiple Access (WCDMA), Long Term Evolution (LTE), email, Short Messaging Service (SMS),
and the like.
[0114] The memory 120 may be configured to store a software program and module. The processor 180 runs the
software program and module stored in the memory 120, to implement various functional applications and data process-
ing. The memory 120 may mainly include a program storage area and a data storage area. The program storage area
may store an operating system, an application program required by at least one function (such as a sound playback
function and an image display function). The data storage area may store data (such as audio data and an address
book) created according to use of the terminal 800. In addition, the memory 120 may include a high speed random
access memory, and may also include a non-volatile memory, such as at least one magnetic disk storage device, a flash
memory, or another volatile solid-state storage device. Correspondingly, the memory 120 may further include a memory
controller, so as to provide access of the processor 180 and the input unit 130 to the memory 120.
[0115] The input unit 130 may be configured to receive input digit or character information, and generate a keyboard,
mouse, joystick, optical, or track ball signal input related to the user setting and function control. Specifically, the input
unit 130 may include a touch-sensitive surface 131 and another input device 132. The touch-sensitive surface 131,
which may also be referred to as a touchscreen or a touch panel, may collect a touch operation of a user on or near the
touch-sensitive surface (such as an operation of a user on or near the touch-sensitive surface 131 by using any suitable
object or accessory, such as a finger or a stylus), and drive a corresponding connection apparatus according to a preset
program. Optionally, the touch-sensitive surface 131 may include two parts: a touch detection apparatus and a touch
controller. The touch detection apparatus detects a touch direction of the user, detects a signal generated by the touch
operation, and transfers the signal to the touch controller. The touch controller receives touch information from the touch
detection apparatus, converts the touch information into touch point coordinates, and then sends the touch point coor-
dinates to the processor 180. Moreover, the touch controller can receive and execute a command sent from the processor
180. In addition, the touch-sensitive surface 131 may be may be a resistive, capacitive, infrared, or surface sound wave
type touch-sensitive surface. In addition to the touch-sensitive surface 131, the input unit 130 may further include the
another input device 132. Specifically, the another input device 132 may include, but is not limited to, one or more of a
physical keyboard, a functional key (such as a volume control key or a switch key), a track ball, a mouse, and a joystick.
[0116] The display unit 140 may be configured to display information input by the user or information provided for the
user, and various graphical user ports of the terminal 800. The graphical user ports may be formed by a graph, a text,
an icon, a video, and any combination thereof. The display unit 140 may include a display panel 141. Optionally, the
display panel 141 may be configured by using a liquid crystal display (LCD), an organic light-emitting diode (OLED), or
the like. Further, the touch-sensitive surface 131 may cover the display panel 141. After detecting a touch operation on
or near the touch-sensitive surface 131, the touch-sensitive surface 131 transfers the touch operation to the processor
180, so as to determine the type of the touch event. Then, the processor 180 provides a corresponding visual output on
the display panel 141 according to the type of the touch event. Although in FIG. 8, the touch-sensitive surface 131 and
the display panel 141 are used as two separate parts to implement input and output functions, in some embodiments,
the touch-sensitive surface 131 and the display panel 141 may be integrated to implement the input and output functions.
[0117] The terminal 800 may further include at least one sensor 150, such as an optical sensor, a motion sensor, and
other sensors. Specifically, the optical sensor may include an ambient light sensor and a proximity sensor. The ambient
light sensor may adjust luminance of the display panel 141 according to brightness of the ambient light. The proximity
sensor may switch off the display panel 141 and/or backlight when the terminal 800 is moved to the ear. As one type of
motion sensor, a gravity acceleration sensor may detect magnitude of accelerations at various directions (which generally
are triaxial), may detect magnitude and a direction of the gravity when static, and may be configured to identify an
application of a mobile phone gesture (such as switchover between horizontal and vertical screens, a related game, and
gesture calibration of a magnetometer), a related function of vibration identification (such as a pedometer and a knock).
Other sensor, such as a gyroscope, a barometer, a hygrometer, a thermometer, and an Infrared sensor, which may be
configured in the terminal 800 are not further described herein.
[0118] The audio circuit 160, a speaker 161, and a microphone 162 may provide audio interfaces between the user
and the terminal 800. The audio circuit 160 may transmit, to the speaker 161, a received electric signal converted from
received audio data. The speaker 161 converts the electric signal into a sound signal for output. On the other hand, the
microphone 162 converts a collected sound signal into an electric signal. The audio circuit 160 receives the electric
signal and converts the electric signal into audio data, and outputs the audio data to the processor 180 for processing.
Then, the processor 180 sends the audio data to, for example, another terminal, by using the RF circuit 110, or outputs
the audio data to the memory 120 for further processing. The audio circuit 160 may further include an earplug jack, so
as to provide communication between a peripheral earphone and the terminal 800.
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[0119] WiFi belongs to a short distance wireless transmission technology. The terminal 800 may help, by using the
WiFi unit 170, a user to receive and send an email, browse a web page, and access stream media, and the like, which
provides wireless broadband Internet access for the user. Although FIG. 8 shows the WiFi module 170, it may be
understood that, the WiFi module does not belong to a necessary constitution of the terminal 800, and can be ignored
according to demands without changing the scope of the essence of the present application.
[0120] The processor 180 is a control center of the terminal 800, and connects to various parts of the mobile phone
by using various interfaces and lines. By running or executing the software program and/or module stored in the memory
120, and invoking data stored in the memory 120, the processor 180 performs various functions and data processing
of the terminal 800, thereby performing overall monitoring on the mobile phone. Optionally, the processor 180 may
include one or more processing cores. Optionally, the processor 180 may integrate an application processor and a
modem. The application processor mainly processes an operating system, a user interface, an application program,
and the like. The modem mainly processes wireless communication. It may be understood that the foregoing modem
processor may not be integrated into the processor 180.
[0121] The terminal 800 further includes the power supply 190 (such as a battery) for supplying power to the compo-
nents. Preferably, the power supply may logically connect to the processor 180 by using a power supply management
system, thereby implementing functions, such as charging, discharging, and power consumption management, by using
the power supply management system. The power supply 190 may further include one or more of a direct current or
alternating current power supply, a re-charging system, a power failure detection circuit, a power supply converter or
inverter, a power supply state indicator, and any other components.
[0122] Although not shown in the figure, the terminal 800 may further include a camera, a Bluetooth module, and the
like, which are not further described herein. Specifically, in this embodiment, the display unit of the terminal 800 is a
touchscreen display, and the terminal 800 further includes a memory and one or more programs. The one or more
programs are stored in the memory and configured to be executed by one or more processors.
[0123] The one or more programs include an instruction used for performing the following operations:

obtaining a recorded signal and a speech signal, the recorded signal including at least a noise signal and an echo
signal;

calculating a loop transfer function according to the recorded signal and the speech signal;

calculating a power spectrum of the echo signal and a power spectrum of the noise signal according to the recorded
signal, the speech signal, and the loop transfer function;

calculating a frequency weighted coefficient according to the power spectrum of the echo signal and the power
spectrum of the noise signal;

adjusting a frequency amplitude of the speech signal based on the frequency weighted coefficient; and

outputting the adjusted speech signal.

[0124] Assuming that the foregoing is a first possible implementation, in a second possible implementation provided
on the basis of the first possible implementation, the recorded signal is a sound signal collected by using the microphone
of the terminal device.
[0125] In a third possible implementation provided on the basis of the second possible implementation, the outputting
the adjusted speech signal includes playing the adjusted speech signal by using the speaker of the terminal device. The
speech signal is a speech signal that is received by the terminal device by using a network or that is locally stored and
is to be played by using the speaker.
[0126] In a fourth possible implementation provided on the basis of the third possible implementation, the memory of
the terminal further includes an instruction for performing the following operations:
the calculating a loop transfer function according to the recorded signal and the speech signal includes:

calculating a frequency domain cross-correlation function between the recorded signal and the speech signal;
calculating a frequency domain autocorrelation function of the speech signal; and
calculating the loop transfer function according to the frequency domain cross-correlation function between the
recorded signal and the speech signal and the frequency domain autocorrelation function of the speech signal; or
the memory of the terminal further includes an instruction for performing the following operations:
calculating a power spectrum of the recorded signal, including:
calculating the power spectrum of the recorded signal by applying the following formula to the recorded signal: 



EP 3 373 300 B1

19

5

10

15

20

25

30

35

40

45

50

55

where Px is the power spectrum of the recorded signal, X(n) is a vector obtained by performing Fourier transform
on a recorded signal collected at an nth moment, and .^2 is used to obtain a square of each vector element in X(n).

[0127] In a fifth possible implementation provided on the basis of the third possible implementation, the memory of
the terminal further includes an instruction for performing the following operations:
the calculating a power spectrum of the echo signal and a power spectrum of the noise signal according to the recorded
signal, the speech signal, and the loop transfer function includes:

calculating a power spectrum of the recorded signal;

calculating an estimated spectrum value of the echo signal according to the loop transfer function and the speech
signal;

calculating a square of the estimated spectrum value of the echo signal, to obtain the power spectrum of the echo
signal; and

subtracting the power spectrum of the echo signal from the power spectrum of the recorded signal, to obtain the
power spectrum of the noise signal.

[0128] In a sixth possible implementation provided on the basis of the fifth possible implementation, the memory of
the terminal further includes an instruction for performing the following operations:

before the calculating a square of the estimated value of the echo signal, to obtain the power spectrum of the echo
signal,

calculating a power feature value of the recorded signal, a power feature value of the speech signal, and a power
feature value of the echo signal;

determining whether the power feature value of the recorded signal is greater than a first threshold, whether the
power feature value of the speech signal is greater than a second threshold, and whether the power feature value
of the echo signal is greater than a third threshold; and

when the power feature value of the recorded signal is greater than the first threshold, the power feature value of
the speech signal is greater than the second threshold, and the power feature value of the echo signal is greater
than the third threshold, performing the step of calculating a square of the estimated value of the echo signal, to
obtain the power spectrum of the echo signal.

[0129] In a seventh possible implementation provided on the basis of the sixth possible implementation, the memory
of the terminal further includes an instruction for performing the following operations:

before the subtracting the power spectrum of the echo signal from the power spectrum of the recorded signal, to
obtain the power spectrum of the noise signal,

determining whether the power feature value of the recorded signal is less than the first threshold, and whether the
power feature value of the echo signal is less than the third threshold; and

when the power feature value of the recorded signal is less than the first threshold and the power feature value of
the echo signal is less than the third threshold, performing the step of subtracting the power spectrum of the echo
signal from the power spectrum of the recorded signal, to obtain the power spectrum of the noise signal.

[0130] In an eighth possible implementation provided on the basis of the third possible implementation, the memory
of the terminal further includes an instruction for performing the following operations:
the calculating a frequency weighted coefficient according to the power spectrum of the echo signal and the power
spectrum of the noise signal includes:
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constructing a speech intelligibility index according to the power spectrum of the echo signal and the power spectrum
of the noise signal; and

under the condition that the power spectrum of the echo signal remains unchanged, obtaining the frequency weighted
coefficient according to a maximum value of the speech intelligibility index.

[0131] According to the terminal provided in this embodiment of the present application, the frequency amplitude of
a speech signal is automatically adjusted according to relative frequency distribution of a noise signal and the speech
signal while ensuring that a speaker is not overloaded and dynamic amplitude of the original speech signal is not disrupted,
which significantly improves the speech intelligibility.
[0132] An embodiment of the present application further provides a computer readable storage medium. The computer
readable storage medium may be a computer readable storage medium included in the memory in the foregoing em-
bodiment, or may be a computer readable storage medium that exists alone and is not assembled into a terminal. The
computer readable storage medium stores one or more programs. The one or more programs are executed by one or
more processors to perform a speech signal processing method. The method includes:

obtaining a recorded signal and a speech signal, the recorded signal including at least a noise signal and an echo
signal;

calculating a loop transfer function according to the recorded signal and the speech signal;

calculating a power spectrum of the echo signal and a power spectrum of the noise signal according to the recorded
signal, the speech signal, and the loop transfer function;

calculating a frequency weighted coefficient according to the power spectrum of the echo signal and the power
spectrum of the noise signal;

adjusting a frequency amplitude of the speech signal based on the frequency weighted coefficient; and

outputting the adjusted speech signal.

[0133] Assuming that the foregoing is a first possible implementation, in a second possible implementation provided
on the basis of the first possible implementation, the recorded signal is a sound signal collected by using the microphone
of the terminal device.
[0134] In a third possible implementation provided on the basis of the second possible implementation, the outputting
the adjusted speech signal includes playing the adjusted speech signal by using a speaker. The speech signal is a
speech signal that is received by a terminal device by using a network or that is locally stored and is to be played by
using the speaker.
[0135] In a fourth possible implementation provided on the basis of the third possible implementation, the memory of
the terminal further includes an instruction for performing the following operations:
the calculating a loop transfer function according to the recorded signal and the speech signal includes:

calculating a frequency domain cross-correlation function between the recorded signal and the speech signal;
calculating a frequency domain autocorrelation function of the speech signal; and
calculating the loop transfer function according to the frequency domain cross-correlation function between the
recorded signal and the speech signal and the frequency domain autocorrelation function of the speech signal; or
the memory of the terminal further includes an instruction for performing the following operations:
calculating a power spectrum of the recorded signal, including:
calculating the power spectrum of the recorded signal by applying the following formula to the recorded signal: 

where Px is the power spectrum of the recorded signal, X(n) is a vector obtained by performing Fourier transform
on a recorded signal collected at an nth moment, and .^2 is used to obtain a square of each vector element in X(n).

[0136] In a fifth possible implementation provided on the basis of the third possible implementation, the memory of
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the terminal further includes an instruction for performing the following operations:
the calculating a power spectrum of the echo signal and a power spectrum of the noise signal according to the recorded
signal, the speech signal, and the loop transfer function includes:

calculating a power spectrum of the recorded signal;

calculating an estimated spectrum value of the echo signal according to the loop transfer function and the speech
signal;

calculating a square of the estimated spectrum value of the echo signal, to obtain the power spectrum of the echo
signal; and

subtracting the power spectrum of the echo signal from the power spectrum of the recorded signal, to obtain the
power spectrum of the noise signal.

[0137] In a sixth possible implementation provided on the basis of the fifth possible implementation, the memory of
the terminal further includes an instruction for performing the following operations:

before the calculating a square of the estimated value of the echo signal, to obtain the power spectrum of the echo
signal,

obtaining a power feature value of the recorded signal, a power feature value of the speech signal, and a power
feature value of the echo signal;

determining whether the power feature value of the recorded signal is greater than a first threshold, whether the
power feature value of the speech signal is greater than a second threshold, and whether the power feature value
of the echo signal is greater than a third threshold; and

when the power feature value of the recorded signal is greater than the first threshold, the power feature value of
the speech signal is greater than the second threshold, and the power feature value of the echo signal is greater
than the third threshold, performing the step of calculating a square of the estimated value of the echo signal, to
obtain the power spectrum of the echo signal.

[0138] In a seventh possible implementation provided on the basis of the sixth possible implementation, the memory
of the terminal further includes an instruction for performing the following operations:

before the subtracting the power spectrum of the echo signal from the power spectrum of the recorded signal, to
obtain the power spectrum of the noise signal,

determining whether the power feature value of the recorded signal is less than the first threshold, and whether the
power feature value of the echo signal is less than the third threshold; and

when the power feature value of the recorded signal is less than the first threshold and the power feature value of
the echo signal is less than the third threshold, performing the step of subtracting the power spectrum of the echo
signal from the power spectrum of the recorded signal, to obtain the power spectrum of the noise signal.

[0139] In an eighth possible implementation provided on the basis of the third possible implementation, the memory
of the terminal further includes an instruction for performing the following operations:
the calculating a frequency weighted coefficient according to the power spectrum of the echo signal and the power
spectrum of the noise signal includes:

constructing a speech intelligibility index according to the power spectrum of the echo signal and the power spectrum
of the noise signal; and

under the condition that the power spectrum of the echo signal remains unchanged, obtaining the frequency weighted
coefficient according to a maximum value of the speech intelligibility index.

[0140] According to the computer readable storage medium provided in this embodiment of the present application,
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the frequency amplitude of a speech signal is automatically adjusted according to relative frequency distribution of a
noise signal and the speech signal while ensuring that a speaker is not overloaded and dynamic amplitude of the original
speech signal is not disrupted, which significantly improves the speech intelligibility.
[0141] An embodiment of the present application provides a graphics user interface. The graphics user interface is
used on a speech signal processing terminal, the speech signal processing terminal includes a touch display, a memory,
and one or more processors configured to execute one or more programs, and the graphics user interface includes:

obtaining a recorded signal and a speech signal, the recorded signal including at least a noise signal and an echo
signal;

calculating a loop transfer function according to the recorded signal and the speech signal;

calculating a power spectrum of the echo signal and a power spectrum of the noise signal according to the recorded
signal, the speech signal, and the loop transfer function;

calculating a frequency weighted coefficient according to the power spectrum of the echo signal and the power
spectrum of the noise signal;

adjusting a frequency amplitude of the speech signal based on the frequency weighted coefficient; and

outputting the adjusted speech signal.

[0142] According to the graphics user interface provided in this embodiment of the present application, the frequency
amplitude of a speech signal is automatically adjusted according to relative frequency distribution of a noise signal and
the speech signal while ensuring that a speaker is not overloaded and dynamic amplitude of the original speech signal
is not disrupted, which significantly improves the speech intelligibility.
[0143] It should be noted that, speech signal processing of the speech signal processing apparatus provided in the
foregoing embodiment is described by using only the foregoing division of the functional modules as an example. In
practical application, the foregoing functions may be allocated to and completed by different functional modules as
required, that is, an inner structure of the speech signal processing apparatus is divided into different functional modules,
so as to complete all or some of the functions described above. In addition, the speech signal processing apparatus
provided in the foregoing embodiment is based on the same conception as the speech signal processing method. For
a specific implementation process thereof, refer to the method embodiment, and details are not described herein again.
[0144] A person of ordinary skill in the art may understand that all or some of the steps of the foregoing embodiments
may be implemented by using hardware, or may be implemented by a program instructing relevant hardware. The
program may be stored in a computer readable storage medium. The storage medium may be a read-only memory, a
magnetic disk, an optical disc, or the like.

Claims

1. A speech signal processing method, comprising:

obtaining (301) a recorded signal and a to-be-output speech signal, the recorded signal including at least a
noise signal and an echo signal;
calculating (302) a loop transfer function according to the recorded signal and the speech signal;
calculating (303) a power spectrum of the echo signal and a power spectrum of the noise signal according to
the recorded signal, the speech signal, and the loop transfer function;
calculating (304) a frequency weighted coefficient according to the power spectrum of the echo signal and the
power spectrum of the noise signal;
adjusting (305) a frequency amplitude of the speech signal based on the frequency weighted coefficient; and
outputting (306) the adjusted speech signal,
wherein the speech signal processing method is characterized in that:

the operation of calculating (303) a power spectrum of the echo signal and a power spectrum of the noise
signal according to the recorded signal, the speech signal, and the loop transfer function comprises:

calculating a power spectrum of the recorded signal;
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calculating an estimated spectrum value of the echo signal according to the loop transfer function and
the speech signal;
calculating a square of the estimated spectrum value of the echo signal, to obtain the power spectrum
of the echo signal; and
subtracting the power spectrum of the echo signal from the power spectrum of the recorded signal, to
obtain the power spectrum of the noise signal, and

the operation of calculating (304) a frequency weighted coefficient according to the power spectrum of the
echo signal and the power spectrum of the noise signal comprises:

constructing a speech intelligibility index according to the power spectrum of the echo signal and the
power spectrum of the noise signal; and
under the condition that the power spectrum of the echo signal remains unchanged, obtaining the
frequency weighted coefficient according to a maximum value of the speech intelligibility index.

2. The method according to claim 1, wherein the recorded signal is a sound signal collected by using a microphone
of a terminal device.

3. The method according to claim 1, wherein the operation of outputting the adjusted speech signal comprises playing
the adjusted speech signal by using the speaker of a terminal device, and the speech signal is a signal to be played
via the speaker, that is received by the terminal device by using a network or that is locally stored in the terminal device.

4. The method according to claim 3, wherein the operation of calculating a loop transfer function according to the
recorded signal and the speech signal comprises:

calculating a frequency domain cross-correlation function between the recorded signal and the speech signal;
calculating a frequency domain autocorrelation function of the speech signal; and
calculating the loop transfer function according to the frequency domain cross-correlation function between the
recorded signal and the speech signal and the frequency domain autocorrelation function of the speech signal.

5. The method according to claim 1, further comprising:

calculating a power feature value of the recorded signal, a power feature value of the speech signal, and a
power feature value of the echo signal;
determining whether the power feature value of the recorded signal is greater than a first threshold, whether
the power feature value of the speech signal is greater than a second threshold, and whether the power feature
value of the echo signal is greater than a third threshold;
wherein the operation of calculating a square of the estimated spectrum value of the echo signal, to obtain the
power spectrum of the echo signal comprises:
when the power feature value of the recorded signal is greater than the first threshold, the power feature value
of the speech signal is greater than the second threshold, and the power feature value of the echo signal is
greater than the third threshold, performing the step of calculating a square of the estimated spectrum value of
the echo signal, to obtain the power spectrum of the echo signal.

6. The method according to claim 5, further comprising:

determining whether the power feature value of the recorded signal is less than the first threshold, and whether
the power feature value of the echo signal is less than the third threshold;
wherein the operation of subtracting the power spectrum of the echo signal from the power spectrum of the
recorded signal, to obtain the power spectrum of the noise signal comprises:
when the power feature value of the recorded signal is less than the first threshold and the power feature value
of the echo signal is less than the third threshold, subtracting the power spectrum of the echo signal from the
power spectrum of the recorded signal, to obtain the power spectrum of the noise signal.

7. The method according to claim 2, wherein the terminal device comprises a frequency weighted filter and a micro-
phone, and the frequency weighted coefficient indicates a ratio of the speech signal that is detected by the microphone
after the speech signal passes through the frequency weighted filter and the speaker.
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8. A speech signal processing apparatus, comprising:

at least one processor (180); and
memory (120), storing program instructions that, when executed by the at least one processor, cause the
apparatus to perform the following operations:

obtaining a recorded signal and a to-be-output speech signal, the recorded signal including at least a noise
signal and an echo signal;
calculating a loop transfer function according to the recorded signal and the speech signal;
calculating a power spectrum of the echo signal and a power spectrum of the noise signal according to the
recorded signal, the speech signal, and the loop transfer function;
calculating a frequency weighted coefficient according to the power spectrum of the echo signal and the
power spectrum of the noise signal;
adjusting a frequency amplitude of the speech signal based on the frequency weighted coefficient; and
outputting the adjusted speech signal,
wherein the speech signal processing apparatus is characterized in that:

the operation of calculating a power spectrum of the echo signal and a power spectrum of the noise
signal according to the recorded signal, the speech signal, and the loop transfer function comprises:

calculating a power spectrum of the recorded signal;
calculating an estimated spectrum value of the echo signal according to the loop transfer function
and the speech signal;
calculating a square of the estimated spectrum value of the echo signal, to obtain the power
spectrum of the echo signal; and
subtracting the power spectrum of the echo signal from the power spectrum of the recorded signal,
to obtain the power spectrum of the noise signal, and

the operation of calculating a frequency weighted coefficient according to the power spectrum of the
echo signal and the power spectrum of the noise signal comprises:

constructing a speech intelligibility index according to the power spectrum of the echo signal and
the power spectrum of the noise signal; and
under the condition that the power spectrum of the echo signal remains unchanged, obtaining the
frequency weighted coefficient according to a maximum value of the speech intelligibility index.

9. The apparatus according to claim 8, wherein the recorded signal is a sound signal collected by using a microphone
of a terminal device.

10. The apparatus according to claim 8, wherein the operation of outputting the adjusted speech signal comprises
playing the adjusted speech signal by using the speaker, and the speech signal is a signal to be played via the
speaker, that is received by a terminal device by using a network or that is locally stored in the terminal device.

11. The apparatus according to claim 10, wherein the operation of calculating a loop transfer function according to the
recorded signal and the speech signal comprises:

calculating a frequency domain cross-correlation function between the recorded signal and the speech signal;
calculating a frequency domain autocorrelation function of the speech signal; and
calculating the loop transfer function according to the frequency domain cross-correlation function between the
recorded signal and the speech signal and the frequency domain autocorrelation function of the speech signal.

12. A computer readable storage medium storing program instructions that, when executed by a process of a computing
device, cause the device to perform the method according to any one of claims 1 to 7.

Patentansprüche

1. Sprachsignalverarbeitungsverfahren, umfassend:



EP 3 373 300 B1

25

5

10

15

20

25

30

35

40

45

50

55

Erhalten (301) eines aufgezeichneten Signals und eines auszugebenden Sprachsignals, wobei das aufgezeich-
nete Signal mindestens ein Rauschsignal und ein Echosignal enthält;
Berechnen (302) einer Schleifenübertragungsfunktion gemäß dem aufgezeichneten Signal und dem Sprach-
signal;
Berechnen (303) eines Leistungsspektrums des Echosignals und eines Leistungsspektrums des Rauschsignals
gemäß dem aufgezeichneten Signal, dem Sprachsignal und der Schleifenübertragungsfunktion;
Berechnen (304) eines frequenzgewichteten Koeffizienten gemäß dem Leistungsspektrum des Echosignals
und des Leistungsspektrums des Rauschsignals;
Anpassen (305) einer Frequenzamplitude des Sprachsignals basierend auf dem frequenzgewichteten Koeffi-
zienten; und
Ausgeben (306) des angepassten Sprachsignals,
wobei das Sprachsignalverarbeitungsverfahren dadurch gekennzeichnet ist, dass:

die Operation des Berechnens (303) eines Leistungsspektrums des Echosignals und eines Leistungsspek-
trums des Rauschsignals gemäß dem aufgezeichneten Signal, dem Sprachsignal und der Schleifenüber-
tragungsfunktion umfasst:

Berechnen eines Leistungsspektrums des aufgezeichneten Signals;
Berechnen eines geschätzten Spektralwerts des Echosignals gemäß der Schleifenübertragungsfunk-
tion und dem Sprachsignal;
Berechnen eines Quadrats des geschätzten Spektralwerts des Echosignals, um das Leistungsspektrum
des Echosignals zu erhalten; und
Subtrahieren des Leistungsspektrums des Echosignals von dem Leistungsspektrum des aufgezeich-
neten Signals, um das Leistungsspektrum des Rauschsignals zu erhalten, und

die Operation des Berechnens (304) eines frequenzgewichteten Koeffizienten gemäß dem Leistungsspek-
trum des Echosignals und dem Leistungsspektrum des Rauschsignals umfasst:

Konstruieren eines Sprachverständlichkeitsindexes gemäß dem Leistungsspektrum des Echosignals
und dem Leistungsspektrum des Rauschsignals; und
unter der Bedingung, dass das Leistungsspektrum des Echosignals unverändert bleibt, Erhalten des
frequenzgewichteten Koeffizienten gemäß einem Maximalwert des Sprachverständlichkeitsindexes.

2. Verfahren nach Anspruch 1, wobei das aufgezeichnete Signal ein Tonsignal ist, das unter Verwendung eines Mi-
krofons eines Endgerätes gesammelt wird.

3. Verfahren nach Anspruch 1, wobei die Operation des Ausgebens des angepassten Sprachsignals ein Abspielen
des angepassten Sprachsignals unter Verwendung des Lautsprechers eines Endgerätes umfasst, und das Sprach-
signal ein über den Lautsprecher abzuspielendes Signal ist, das von dem Endgerät unter Verwendung eines Netz-
werks empfangen wird oder das lokal in dem Endgerät gespeichert ist.

4. Verfahren nach Anspruch 3, wobei die Operation des Berechnens einer Schleifenübertragungsfunktion gemäß dem
aufgezeichneten Signal und dem Sprachsignal umfasst:

Berechnen einer Frequenzbereichskreuzkorrelationsfunktion zwischen dem aufgezeichneten Signal und dem
Sprachsignal;
Berechnen einer Frequenzbereichsautokorrelationsfunktion des Sprachsignals; und
Berechnen der Schleifenübertragungsfunktion gemäß der Frequenzbereichskreuzkorrelationsfunktion zwi-
schen dem aufgezeichneten Signal und dem Sprachsignal und der Frequenzbereichsautokorrelationsfunktion
des Sprachsignals.

5. Verfahren nach Anspruch 1, des Weiteren umfassend:

Berechnen eines Leistungsmerkmalswerts des aufgezeichneten Signals, eines Leistungsmerkmalswerts des
Sprachsignals und eines Leistungsmerkmalswerts des Echosignals;
Bestimmen, ob der Leistungsmerkmalswert des aufgezeichneten Signals größer ist als ein erster Schwellenwert,
ob der Leistungsmerkmalswert des Sprachsignals größer ist als ein zweiter Schwellenwert und ob der Leis-
tungsmerkmalswert des Echosignals größer ist als ein dritter Schwellenwert;
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wobei die Operation des Berechnens eines Quadrats des geschätzten Spektralwerts des Echosignals, um das
Leistungsspektrum des Echosignals zu erhalten, umfasst:
wenn der Leistungsmerkmalswert des aufgezeichneten Signals größer ist als der erste Schwellenwert, der
Leistungsmerkmalswert des Sprachsignals größer ist als der zweite Schwellenwert und der Leistungsmerk-
malswert des Echosignals größer ist als der dritte Schwellenwert, Ausführen des Schritts des Berechnens eines
Quadrats des geschätzten Spektralwerts des Echosignals, um das Leistungsspektrum des Echosignals zu
erhalten.

6. Verfahren nach Anspruch 5, des Weiteren umfassend:

Bestimmen, ob der Wert des Leistungsmerkmals des aufgezeichneten Signals kleiner ist als der erste Schwel-
lenwert und ob der Wert des Leistungsmerkmals des Echosignals kleiner ist als der dritte Schwellenwert;
wobei die Operation des Subtrahierens des Leistungsspektrums des Echosignals von dem Leistungsspektrum
des aufgezeichneten Signals, um das Leistungsspektrum des Rauschsignals zu erhalten, umfasst:
wenn der Leistungsmerkmalswert des aufgezeichneten Signals kleiner ist als der erste Schwellenwert und der
Leistungsmerkmalswert des Echosignals kleiner ist als der dritte Schwellenwert, Subtrahieren des Leistungs-
spektrums des Echosignals von dem Leistungsspektrum des aufgezeichneten Signals, um das Leistungsspek-
trum des Rauschsignals zu erhalten.

7. Verfahren nach Anspruch 2, wobei das Endgerät einen frequenzgewichteten Filter und ein Mikrofon umfasst, und
der frequenzgewichtete Koeffizient ein Verhältnis des Sprachsignals angibt, das durch das Mikrofon erfasst wird,
nachdem das Sprachsignal den frequenzgewichteten Filter und den Lautsprecher durchlaufen hat.

8. Sprachsignalverarbeitungsvorrichtung, umfassend:

mindestens einen Prozessor (180); und
Speicher (120), der Programmbefehle speichert, die, wenn sie von dem mindestens einen Prozessor ausgeführt
werden, die Vorrichtung veranlassen, die folgenden Abläufe auszuführen:

Erhalten eines aufgezeichneten Signals und eines auszugebenden Sprachsignals, wobei das aufgezeich-
nete Signal mindestens ein Rauschsignal und ein Echosignal enthält;
Berechnen einer Schleifenübertragungsfunktion gemäß dem aufgezeichneten Signal und dem Sprachsig-
nal;
Berechnen eines Leistungsspektrums des Echosignals und eines Leistungsspektrums des Rauschsignals
gemäß dem aufgezeichneten Signal, dem Sprachsignal und der Schleifenübertragungsfunktion;
Berechnen eines frequenzgewichteten Koeffizienten gemäß dem Leistungsspektrums des Echosignals
und dem Leistungsspektrum des Rauschsignals;
Anpassen einer Frequenzamplitude des Sprachsignals basierend auf dem frequenzgewichteten Koeffizi-
enten; und
Ausgeben des angepassten Sprachsignals,
wobei die Sprachsignalverarbeitungsvorrichtung dadurch gekennzeichnet ist, dass
die Operation des Berechnens eines Leistungsspektrums des Echosignals und eines Leistungsspektrums
des Rauschsignals gemäß dem aufgezeichneten Signal, dem Sprachsignal und der Schleifenübertragungs-
funktion umfasst:

Berechnen eines Leistungsspektrums des aufgezeichneten Signals;
Berechnen eines geschätzten Spektralwerts des Echosignals gemäß der Schleifenübertragungsfunk-
tion und dem Sprachsignal;
Berechnen eines Quadrats des geschätzten Spektralwerts des Echosignals, um das Leistungsspektrum
des Echosignals zu erhalten; und
Subtrahieren des Leistungsspektrums des Echosignals von dem Leistungsspektrum des aufgezeich-
neten Signals, um das Leistungsspektrum des Rauschsignals zu erhalten, und

die Operation des Berechnens eines frequenzgewichteten Koeffizienten gemäß dem Leistungsspektrum
des Echosignals und dem Leistungsspektrum des Rauschsignals umfasst:

Konstruieren eines Sprachverständlichkeitsindexes gemäß dem Leistungsspektrum des Echosignals
und dem Leistungsspektrum des Rauschsignals; und
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unter der Bedingung, dass das Leistungsspektrum des Echosignals unverändert bleibt, Erhalten des
frequenzgewichteten Koeffizienten gemäß einem Maximalwert des Sprachverständlichkeitsindexes.

9. Vorrichtung nach Anspruch 8, wobei das aufgezeichnete Signal ein Tonsignal ist, das unter Verwendung eines
Mikrofons eines Endgerätes gesammelt wird.

10. Vorrichtung nach Anspruch 8, wobei die Operation des Ausgebens des angepassten Sprachsignals das Abspielen
des angepassten Sprachsignals unter Verwendung des Lautsprechers umfasst, und das Sprachsignal ein über den
Lautsprecher abzuspielendes Signal ist, das von einem Endgerät unter Verwendung eines Netzwerks empfangen
wird oder das lokal in dem Endgerät gespeichert ist.

11. Vorrichtung nach Anspruch 10, wobei die Operation des Berechnens einer Schleifenübertragungsfunktion gemäß
dem aufgezeichneten Signal und dem Sprachsignal umfasst:

Berechnen einer Frequenzbereichskreuzkorrelationsfunktion zwischen dem aufgezeichneten Signal und dem
Sprachsignal;
Berechnen einer Frequenzbereichsautokorrelationsfunktion des Sprachsignals; und
Berechnen der Schleifenübertragungsfunktion gemäß der Frequenzbereichskreuzkorrelationsfunktion zwi-
schen dem aufgezeichneten Signal und dem Sprachsignal und der Frequenzbereichsautokorrelationsfunktion
des Sprachsignals.

12. Computerlesbares Speichermedium, das Programmbefehle speichert, die, wenn sie von einem Prozess eines Com-
putergerätes ausgeführt werden, das Gerät veranlassen, das Verfahren nach einem der Ansprüche 1 bis 7 durch-
zuführen.

Revendications

1. Procédé de traitement de signal vocal, comprenant:

obtenir (301) un signal enregistré et un signal vocal à délivrer, le signal enregistré comprenant au moins un
signal de bruit et un signal d’écho;
calculer (302) une fonction de transfert de boucle en fonction du signal enregistré et du signal vocal;
calculer (303) un spectre de puissance du signal d’écho et un spectre de puissance du signal de bruit en fonction
du signal enregistré, du signal vocal et de la fonction de transfert de boucle;
calculer (304) un coefficient pondéré en fréquence selon le spectre de puissance du signal d’écho et le spectre
de puissance du signal de bruit;
ajuster (305) une amplitude de fréquence du signal vocal sur la base du coefficient pondéré en fréquence; et
délivrer (306) le signal vocal ajusté,
dans lequel le procédé de traitement de signal vocal est caractérisé par le fait que:

l’opération de calcul (303) d’un spectre de puissance du signal d’écho et d’un spectre de puissance du
signal de bruit en fonction du signal enregistré, du signal vocal et de la fonction de transfert de boucle
comprend:

calculer un spectre de puissance du signal enregistré;
calculer une valeur spectrale estimée du signal d’écho en fonction de la fonction de transfert de boucle
et du signal vocal;
calculer un carré de la valeur spectrale estimée du signal d’écho pour obtenir le spectre de puissance
du signal d’écho; et
soustraire le spectre de puissance du signal d’écho du spectre de puissance du signal enregistré pour
obtenir le spectre de puissance du signal de bruit, et

l’opération de calcul (304) d’un coefficient pondéré en fréquence selon le spectre de puissance du signal
d’écho et le spectre de puissance du signal de bruit comprend:

construire un indice d’intelligibilité de parole selon le spectre de puissance du signal d’écho et le spectre
de puissance du signal de bruit; et



EP 3 373 300 B1

28

5

10

15

20

25

30

35

40

45

50

55

dans la condition que le spectre de puissance du signal d’écho reste inchangé, obtenir le coefficient
pondéré en fréquence selon une valeur maximale de l’indice d’intelligibilité de parole.

2. Procédé selon la revendication 1, dans lequel le signal enregistré est un signal sonore collecté en utilisant un
microphone d’un terminal.

3. Procédé selon la revendication 1, dans lequel l’opération consistant à délivrer le signal vocal ajusté comprend la
lecture du signal vocal ajusté en utilisant le haut-parleur d’un terminal, et le signal vocal est un signal à lire via le
haut-parleur, qui est reçu par le terminal en utilisant un réseau ou qui est stocké localement dans le terminal.

4. Procédé selon la revendication 3, dans lequel l’opération de calcul d’une fonction de transfert de boucle selon le
signal enregistré et le signal vocal comprend:

calculer une fonction de corrélation croisée de domaine fréquentiel entre le signal enregistré et le signal vocal;
calculer une fonction d’autocorrélation de domaine fréquentiel du signal vocal; et
calculer la fonction de transfert de boucle selon la fonction de corrélation croisée de domaine fréquentiel entre
le signal enregistré et le signal vocal et la fonction d’autocorrélation de domaine fréquentiel du signal vocal.

5. Procédé selon la revendication 1, comprenant en outre:

calculer une valeur de caractéristique de puissance du signal enregistré, une valeur de caractéristique de
puissance du signal vocal et une valeur de caractéristique de puissance du signal d’écho;
déterminer si la valeur de caractéristique de puissance du signal enregistré est supérieure à un premier seuil,
si la valeur de caractéristique de puissance du signal vocal est supérieure à un deuxième seuil, et si la valeur
de caractéristique de puissance du signal d’écho est supérieure à un troisième seuil;
dans lequel l’opération de calcul d’un carré de la valeur spectrale estimée du signal d’écho pour obtenir le
spectre de puissance du signal d’écho, comprend:
lorsque la valeur de caractéristique de puissance du signal enregistré est supérieure au premier seuil, la valeur
de caractéristique de puissance du signal vocal est supérieure au deuxième seuil, et la valeur de caractéristique
de puissance du signal d’écho est supérieure au troisième seuil, mettre en œuvre l’étape de calcul d’un carré
de la valeur spectrale estimée du signal d’écho pour obtenir le spectre de puissance du signal d’écho.

6. Procédé selon la revendication 5, comprenant en outre:

déterminer si la valeur de caractéristique de puissance du signal enregistré est inférieure au premier seuil, et
si la valeur de caractéristique de puissance du signal d’écho est inférieure au troisième seuil;
dans lequel l’opération consistant à soustraire le spectre de puissance du signal d’écho du spectre de puissance
du signal enregistré pour obtenir le spectre de puissance du signal de bruit comprend:
lorsque la valeur de caractéristique de puissance du signal enregistré est inférieure au premier seuil et la valeur
de caractéristique de puissance du signal d’écho est inférieure au troisième seuil, soustraire le spectre de
puissance du signal d’écho du spectre de puissance du signal enregistré pour obtenir le spectre de puissance
du signal de bruit.

7. Procédé selon la revendication 2, dans lequel le terminal comprend un filtre pondéré en fréquence et un microphone,
et le coefficient pondéré en fréquence indique un rapport du signal vocal qui est détecté par le microphone après
que le signal vocal est passé à travers le filtre pondéré en fréquence et le haut-parleur.

8. Dispositif de traitement de signal vocal, comprenant:

au moins un processeur (180); et
de la mémoire (120) stockant des instructions de programme qui, lorsqu’elles sont exécutées par ledit au moins
un processeur, amènent le dispositif à mettre en œuvre les opérations suivantes:

obtenir un signal enregistré et un signal vocal à délivrer, le signal enregistré comprenant au moins un signal
de bruit et un signal d’écho;
calculer une fonction de transfert de boucle en fonction du signal enregistré et du signal vocal;
calculer un spectre de puissance du signal d’écho et un spectre de puissance du signal de bruit en fonction
du signal enregistré, du signal vocal et de la fonction de transfert de boucle;
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calculer un coefficient pondéré en fréquence selon le spectre de puissance du signal d’écho et le spectre
de puissance du signal de bruit;
ajuster une amplitude de fréquence du signal vocal sur la base du coefficient pondéré en fréquence; et
délivrer le signal vocal ajusté,
dans lequel le dispositif de traitement de signal vocal est caractérisé par le fait que:

l’opération de calcul d’un spectre de puissance du signal d’écho et d’un spectre de puissance du signal
de bruit en fonction du signal enregistré, du signal vocal et de la fonction de transfert de boucle comprend:

calculer un spectre de puissance du signal enregistré;
calculer une valeur spectrale estimée du signal d’écho en fonction de la fonction de transfert de
boucle et du signal vocal;
calculer un carré de la valeur spectrale estimée du signal d’écho pour obtenir le spectre de puis-
sance du signal d’écho, et
soustraire le spectre de puissance du signal d’écho du spectre de puissance du signal enregistré
pour obtenir le spectre de puissance du signal de bruit, et

l’opération de calcul d’un coefficient pondéré en fréquence en fonction du spectre de puissance du
signal d’écho et du spectre de puissance du signal de bruit comprend:

construire un indice d’intelligibilité de parole selon le spectre de puissance du signal d’écho et le
spectre de puissance du signal de bruit; et
dans la condition que le spectre de puissance du signal d’écho reste inchangé, obtenir le coefficient
pondéré en fréquence selon une valeur maximale de l’indice d’intelligibilité de parole.

9. Dispositif selon la revendication 8, dans lequel le signal enregistré est un signal sonore collecté en utilisant un
microphone d’un terminal.

10. Dispositif selon la revendication 8, dans lequel l’opération consistant à délivrer le signal vocal ajusté comprend la
lecture du signal vocal ajusté en utilisant le haut-parleur, et le signal vocal est un signal à lire via le haut-parleur,
qui est reçu par le terminal en utilisant un réseau ou qui est stocké localement dans le terminal.

11. Dispositif selon la revendication 10, dans lequel l’opération de calcul d’une fonction de transfert de boucle selon le
signal enregistré et le signal vocal comprend:

calculer une fonction de corrélation croisée de domaine fréquentiel entre le signal enregistré et le signal vocal;
calculer une fonction d’autocorrélation de domaine fréquentiel du signal vocal; et
calculer la fonction de transfert de boucle selon la fonction de corrélation croisée de domaine fréquentiel entre
le signal enregistré et le signal vocal et la fonction d’autocorrélation de domaine fréquentiel du signal vocal.

12. Support de stockage lisible par ordinateur, qui stocke des instructions de programme qui, lorsqu’elles sont exécutées
par un processus d’un dispositif informatique, amènent le dispositif à mettre en œuvre le procédé selon l’une
quelconque des revendications 1 à 7.
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