AUDIO SIGNAL TRANSFORMATION METHOD, DEVICE,
APPARATUS, AND STORAGE MEDIUM

[0001] This application claims priority to Chinese Patent Application No. 201811628761.6, filed on

December 28, 2018, the disclosure of which is herein incorporated by reference in its entirety

TECHNICAL FIELD

[0002] The present disclosure relates to the technical field of voice recognition, and in particular to a

method for transforming an audio signal and apparatus, a device, and a storage medium.

BACKGROUND

[0003] With the rapid development of Internet technologies, entertainment software that changes the
pitch of the original voice by a pitch shift algorithm has been widely used in our daily life. This type of
software provides a new way of entertainment and relaxation for users by playing the pitch-shifted voice.
For example, during modification of original recording of a singer, defective voice will be pitch-shifted
to make the song sound better.

[0004] When the original voice is processed by using the pitch shift algorithm, although the purpose of
pitch adjustment is achieved, voice characteristics of the audio user may be changed, causing the played
voice to differ significantly from the actual voice of the audio user. For example, when the pitch of a
male audio signal is increased by 4 semitones, the signal sounds like a girl's voice and has a certain voice
error. In order to overcome the above problem, in the related art, a fixed-length window function is
generally used to process short-time Fourier transform signals corresponding to the audio signals before
and after the pitch shifting respectively, to obtain formant envelopes corresponding to the audio signals
before and after the pitch shifting respectively; then the pitch-shifted audio signal is processed based on
the obtained formant envelopes, to finally obtain a pitch-shifted audio signal from which the voice error
has been eliminated. However, due to the fixed length of the window function for determining the
formant envelopes in the related art, the determined formant envelopes are not accurate, which causes

the voice characteristics of the finally obtained pitch-shifted audio signal to be inconsistent with the voice



characteristics of the audio signal before the pitch shifting; the pitch-shifted audio signal has poor quality

and the voice error cannot be eliminated.

SUMMARY

[0005] Embodiments of the present disclosure provide a method for transforming an audio signal and
apparatus, a device, and a storage medium, which can perform pitch shifting on an original audio signal
while ensuring the consistency of voice characteristics in audio signals before and after the pitch shifting,
thereby improving the quality of a pitch-shifted audio signal.

[0006] An embodiment of the present disclosure provides a method for transforming an audio signal,
including:

[0007] obtaining a plurality of segmental original frequency-domain signals and a plurality of segmental
target frequency-domain signals by segmenting an original audio signal and an initial target audio signal
obtained by pitch shifting on the original audio signal, and performing a Fourier transform on a plurality
of segmental original audio signals obtained by the segmentation and a plurality of segmental target audio
signals obtained by the segmentation;

[0008] obtaining a plurality of original formant envelopes by respectively filtering the plurality of
segmental original frequency-domain signals according to a plurality of original segment window
functions, and obtaining a plurality of target formant envelopes by respectively filtering the plurality of
segmental target frequency-domain signals according to a plurality of target segment window functions,
wherein an original segment window function corresponding to each segmental original frequency-
domain signal is determined according to a base frequency and a segment length of the each segmental
original frequency-domain signal, and a target segment window function corresponding to each
segmental target frequency-domain signal is determined according to a base frequency and a segment
length of the each segmental target frequency-domain signal; and

[0009] determining a pitch-shifted audio signal based on the plurality of segmental target frequency-
domain signals, the plurality of original formant envelopes, and the plurality of target formant envelopes.
[0010] An embodiment of the present disclosure provides an apparatus for transforming an audio signal,
including:

[0011] a segmenting and transforming module, configured to obtain a plurality of segmental original
frequency-domain signals and a plurality of segmental target frequency-domain signals by segmenting

an original audio signal and an initial target audio signal obtained by pitch shifting on the original audio
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signal, and performing a Fourier transform on a plurality of segmental original audio signals obtained by
the segmentation and a plurality of segmental target audio signals obtained by the segmentation;

[0012] an envelope determining module, configured to obtain a plurality of original formant envelopes
by respectively filtering the plurality of segmental original frequency-domain signals according to a
plurality of original segment window functions, and obtain a plurality of target formant envelopes by
respectively filtering the plurality of segmental target frequency-domain signals according to a plurality
of target segment window functions, wherein an original segment window function corresponding to
each segmental original frequency-domain signal is determined according to a base frequency and a
segment length of the each segmental original frequency-domain signal, and a target segment window
function corresponding to each segmental target frequency-domain signal is determined according to a
base frequency and a segment length of the each segmental target frequency-domain signal; and

[0013] a pitch-shifted audio determining module, configured to determine a pitch-shifted audio signal
based on the plurality of segmental target frequency-domain signals, the plurality of original formant
envelopes, and the plurality of target formant envelopes.

[0014] An embodiment of the present disclosure provides a device, including:

[0015] one or more processors; and

[0016] a storage apparatus, configured to store one or more programs;

[0017] wherein the one or more processors, when executing the one or more programs, are caused to
perform the method for transforming the audio signal as defined in any embodiment of the present
disclosure.

[0018] An embodiment of the present disclosure provides a computer-readable storage medium, storing
a computer program, wherein the computer program, when executed by a processor, causes the processor
to perform the method for transforming the audio signal as defined in any embodiment of the present

disclosure.

BRIEF DESCRIPTION OF THE DRAWINGS

[0019] FIG. 1A is a flowchart of a method for transforming an audio signal according to Embodiment 1
of the present disclosure;
[0020] FIG. 1B is a schematic diagram of a principle of a process for transforming an audio signal

according to Embodiment 1 of the present disclosure;



[0021] FIG. 2 is a schematic diagram of principles of a base frequency detection process and a window
function construction process according to Embodiment 2 of the present disclosure;

[0022] FIG. 3 is a schematic diagram of a principle of a process for transforming an audio signal
according to Embodiment 3 of the present disclosure;

[0023] FIG. 4 is a schematic structural diagram of an apparatus for transforming an audio signal
according to Embodiment 4 of the present disclosure; and

[0024] FIG. 5 is a schematic structural diagram of a device according to Embodiment 5 of the present

disclosure.

DETAILED DESCRIPTION

[0025] The present disclosure is described below with reference to the accompanying drawings and
embodiments. The specific embodiments described herein are merely intended to explain the present
disclosure, rather than to limit the present disclosure. For ease of description, only a partial structure
related to the present disclosure rather than all the structure is shown in the accompany drawings.
[0026] To ensure consistency of voice characteristics in audio signals before and after the pitch shifting
on the basis of pitch shifting is performed on the audio signals, the present disclosure mainly focuses on
processing for the consistency of formant envelopes in the audio signals before and after the pitch shifting,
because the formant reflects the frequency-domain energy distribution of the audio signal, and
determines the audio quality, that is, the voice characteristics. A formant envelope preserving algorithm
is used to eliminate impact of a pitch-shifted target formant envelope on the pitch shifting, such that the
formant envelopes before and after the pitch shifting are the same, thereby improving the audio quality
of the pitch-shifted audio signal.

[0027] Embodiment 1

[0028] FIG. 1A is a flowchart of a method for transforming an audio signal according to Embodiment 1
of the present disclosure. This embodiment is applicable to any device capable of performing pitch
shifting on an audio signal. The technical solutions in the embodiments of the present disclosure are
suitable for implementing consistency of voice characteristics in audio signals before and after pitch
shifting. A method for transforming an audio signal provided in this embodiment can be executed by an
apparatus for transforming an audio signal provided in the embodiments of the present disclosure. The
apparatus may be implemented by software and/or hardware, and integrated in a device for executing the

method. The device may be a smart terminal configured with any application capable of performing pitch
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shifting on an audio signal, for example, a smart phone, a tablet computer, a palmtop computer, or the
like.

[0029] In an embodiment, referring to FIG. 1A, the method may include the following steps.

[0030] In S110, an original audio signal is obtained.

[0031] In this embodiment, the original audio signal is an audio signal initially recorded by an audio user
by a voice collector without any processing, and the original audio signal is encoded in the form of a
discrete signal. The original audio signal includes a large number of audio sampling points.

[0032] In this embodiment, when pitch shifting needs to be performed on the audio signal, it is necessary
to first obtain the original audio signal initially recorded by the audio user and collected by the voice
collector, and then pitch shifting is performed on the original audio signal.

[0033] In S120, an initial target audio signal is obtained by pitch shifting on the original audio signal.
[0034] In this embodiment, pitch shifting refers to adjusting the pitch in the audio signal, that is, adjusting
main frequencies in the audio signal, for example, modifying some defective sounds in the original
recording of a singer, that is, performing pitch shifting on the audio signal.

[0035] In an embodiment, when the original audio signal is obtained and pitch shifting needs to be
performed on the original audio signal, pitch shift requirements may be determined, and corresponding
pitch shift parameters may be set in corresponding audio pitch shift software based on the pitch shift
requirements. Pitch shifting is performed on the original audio signal according to the set pitch shift
parameters and a pitch shift algorithm, so as to obtain the initial target audio signal. Because voice
characteristics in the original audio signal are destroyed during the pitch shifting, voice characteristics in
the initial target audio signal are changed compared with voice characteristics in the original audio signal,
and the initial target audio signal cannot be output directly. It is further necessary to restore the changed
voice characteristics, to ensure that when the final audio signal is played, an audio user who records the
audio signal is clear to other users.

[0036] In an embodiment, obtaining the initial target audio signal by pitch shifting on the original audio
signal may include: acquiring a pitch shift amplitude; and obtaining the initial target audio signal by pitch
shifting on the original audio signal based on the pitch shift amplitude.

[0037] In an embodiment, the original audio signal may be processed by using the pitch shift algorithm.
In this case, a pitch shift amplitude corresponding to the current pitch shifting is predetermined, such that
the pitch shift amplitude is set in the pitch shift algorithm, and the initial target audio signal is obtained

by pitch shifting on the original audio signal based on the pitch shift amplitude.



[0038] In S130, a plurality of segmental original frequency-domain signals and a plurality of segmental
target frequency-domain signals are obtained by respectively segmenting the original audio signal and
the initial target audio signal, and respectively performing a Fourier transform is performed on a plurality
of segmental original audio signals obtained by the segmentation and a plurality of segmental target audio
signals obtained by the segmentation.

[0039] In this embodiment, the Fourier transform is a method of transforming a time-domain signal into
a frequency-domain signal. Information that cannot be clearly obtained in the time domain may be
transformed into the frequency domain for analysis.

[0040] In this embodiment, because the original audio signal is an audio signal containing different
frequency information over a period of time sent by the audio user, if the Fourier transform is performed
directly on the entire original audio signal, a frequency-domain signal obtained correspondingly is a
spectrum corresponding to a single frequency determined for all audio information in the entire time
domain, which cannot reflect corresponding frequency characteristics in local time domains, and cannot
be used for analysis to obtain frequency-domain information in different time periods. Therefore, in this
embodiment, a short-time Fourier transform is used to process the original audio signal and the initial
target audio signal, so as to obtain frequency-domain information corresponding to the original audio
signal and the initial target audio signal in different time periods. The short-time Fourier transform means
to represent a frequency-domain characteristic of a moment by using a frequency-domain signal
corresponding to a segmental audio signal within a specified time window.

[0041] In this embodiment, after the original audio signal and the initial target audio signal are obtained,
in order to accurately analyze the frequency-domain information of the audio signal at one moment, as
shown in FIG. 1B, the original audio signal and the initial target audio signal may be segmented to obtain
the plurality of segmental original audio signals and the plurality of segmental target audio signals.
Subsequently, the segmental original audio signal and the segmental target audio signal in the same time
segment may be analyzed. A Fourier transform is performed on the plurality of segmental original audio
signals and the plurality of segmental target audio signals that are obtained by the segmentation, so as to
obtain the plurality of segmental original frequency-domain signals and the plurality of segmental target
frequency-domain signals within a plurality of segments. Meanwhile, as the original audio signal and the
initial target audio signal are segmented in the same segmentation manner, the plurality of segmental
original frequency-domain signals and the plurality of segmental target frequency-domain signals

obtained by the Fourier transform are also in one-to-one correspondence in the plurality of segments.



[0042] In S140, a plurality of original formant envelopes are obtained by respectively filtering the
plurality of segmental original frequency-domain signals according to a plurality of original segment
window functions, and a plurality of target formant envelopes are obtained by respectively filtering the
plurality of segmental target frequency-domain signals according to a plurality of target segment window
functions.

[0043] In this embodiment, an original segment window function corresponding to each segmental
original frequency-domain signal is determined according to a base frequency and a segment length of
the each segmental original frequency-domain signal, and a target segment window function
corresponding to each segmental target frequency-domain signal is determined according to a base
frequency and a segment length of the each segmental target frequency-domain signal. In this
embodiment, the original segment window function and the target segment window function are adaptive
variable-length window functions. The plurality of obtained original segment window functions have
different lengths due to different base frequencies of the plurality of segmental original frequency-
domain signals, and the plurality of obtained target segment window functions also have different lengths
due to different base frequencies of the plurality of segmental target frequency-domain signals. As the
frequency variations in different audio signal segments are different, analysis performed with a fixed-
length window function will cause certain errors. In this embodiment, the adaptive variable-length
window functions are used to process the audio signals before and after the pitch shifting in different
segments, which can reduce processing errors. In this embodiment, the base frequency of the segmental
original audio signal refers to a fundamental frequency contained in the segmental original audio signal,
which can be reflected in the segmental original frequency-domain signal; the base frequency of the
segmental target frequency-domain signal refers to a fundamental frequency contained in the segmental
target frequency-domain signal, which can be reflected in the segmental target frequency-domain signal;
the segment length indicates the number of sampling points that should be contained in the audio signal
within each segment, and is generally 2n, for example, the segment length may be 1024, 2048, or the
like.

[0044] In an embodiment, the formant is a region of the frequency-domain signal where the sound energy
is relatively concentrated, which determines the voice quality. The formant of the signal can be used to
determine an audio user who sends the audio signal. The formant envelope is a frequency domain range
formed by connecting highest amplitude points corresponding to different frequencies in the frequency-

domain signal, and can represent voice characteristics of the audio user in the current segment.



[0045] In an embodiment, in order to improve the signal processing rate, during determining of the base
frequency of the segmental target frequency-domain signal, because the pitch shifting of the signal is to
adjust the frequency of the signal, the base frequency of the segmental target frequency-domain signal
within a segment may be directly determined according to the base frequency of the segmental original
frequency-domain signal within the segment and the pitch shifting amplitude. It is unnecessary to re-
detect the base frequencies of the plurality of segmental target frequency-domain signals, thereby
reducing additional detection operations and improving the signal processing rate.

[0046] In an embodiment, when the segmental original frequency-domain signals and the segmental
target frequency-domain signals are obtained, the base frequency of each segmental original frequency-
domain signal may be detected first, and the corresponding original segment window function is
determined based on the base frequency and the segment length of the segmental original frequency-
domain signal. Only the segmental original frequency-domain signal within the corresponding segment
is processed based on the original segment window function, while other segmental original frequency-
domain signals are not processed. Different segmental original frequency-domain signals correspond to
different original segment window functions due to the different segmental original frequency-domain
signals having different base frequencies. For the segmental target frequency-domain signals, the
plurality of target segment window functions corresponding to the plurality of segmental target
frequency-domain signals are determined in the same manner according to the base frequencies and the
segment lengths of the plurality of segmental target frequency-domain signals.

[0047] In an embodiment, the plurality of segmental original frequency-domain signals are filtered by
using the plurality of original segment window functions corresponding to the plurality of segmental
original frequency-domain signals, thereby obtaining the plurality of original formant envelopes
corresponding to the plurality of segmental original frequency-domain signals. Meanwhile, the plurality
of segmental target frequency-domain signals are filtered by using the plurality of target segment window
functions corresponding to the plurality of segmental target frequency-domain signals, thereby obtaining
the plurality of target formant envelopes corresponding to the plurality of segmental target frequency-
domain signals. The number of original formant envelopes and the number of target formant envelopes
correspond to the number of segments.

[0048] The window functions in this embodiment may be interpreted as low-pass filters in different
forms when filtering the frequency-domain signals, and the adaptive variable length of the window
function used can cause the corresponding low-pass filtering performance to vary with the characteristics

of the frequency-domain signal.



[0049] In S150, a pitch-shifted audio signal is determined based on the plurality of segmental target
frequency-domain signals, the plurality of original formant envelopes, and the plurality of target formant
envelopes.

[0050] In this embodiment, the pitch-shifted audio signal is a finally outputted audio signal, which is
obtained by the pitch shifting is performed on the original audio signal and from which impact on voice
characteristics caused by the pitch shifting has been eliminated, where the pitch-shifted audio signal has
voice characteristics consistent with those of the original audio signal.

[0051] After the plurality of original formant envelopes and the plurality of target formant envelopes are
obtained, in order to ensure the consistency of the voice characteristics in the audio signals before and
after the pitch shifting, it is necessary to eliminate the impact of the target formants in the plurality of
segmental target frequency-domain signals after the pitch shifting. In an embodiment, a ratio of the
original formant envelope to the target formant envelope within each segment is determined, to represent
the change of the voice characteristics in the segmental original frequency-domain signal before the pitch
shifting and the segmental target frequency-domain signal after the pitch shifting within the segment.
The final corresponding segmental frequency-domain signal within the segment is determined based on
the segmental target frequency-domain signal within the segment and the ratio. Finally, the segmental
frequency-domain signals within the plurality of segments are determined based on the plurality of
segmental target frequency-domain signals within the plurality of segments and the plurality of
corresponding ratios. A final pitch-shifted frequency-domain signal is obtained from the plurality of
segmental frequency-domain signals, thereby determining the final pitch-shifted audio signal.

[0052] According to the technical solution provided in this embodiment, a plurality of segmental original
frequency-domain signals and a plurality of segmental target frequency-domain signals are obtained by
segmenting an original audio signal and an initial target audio signal obtained by pitch shifting on the
original audio signal, and a Fourier transform is performed respectively on a plurality of segmental
original audio signals obtained by the segmentation and a plurality of segmental target audio signals
obtained by the segmentation. A plurality of original segment window functions are determined
according to base frequencies and the segment lengths of the plurality of segmental original frequency-
domain signals, and a plurality of target segment window functions are determined according to base
frequencies and segment lengths of the plurality of segmental target frequency-domain signals. Different
segmental signals can correspond to different segment window functions. Subsequently, a plurality of
original formant envelopes and a plurality of target formant envelopes are obtained by respectively

filtering the plurality of segmental original frequency-domain signals and the plurality of segmental
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target frequency-domain signals according to the plurality of original segment window functions and the
plurality of target segment window functions. Thus, acquisition errors of the formant envelopes before
and after the pitch shifting are reduced. Then, a final pitch-shifted audio signal is determined based on
the plurality of segmental target frequency-domain signals and the plurality of formant envelopes before
and after the pitch shifting. Impact of the target formant envelopes on the pitch shifting is eliminated,
such that the audio signals before and after the pitch shifting have the same formant envelopes, thereby
ensuring the consistency of voice characteristics in the audio signals before and after the pitch shifting,
and improving audio quality of the pitch-shifted audio signal.

[0053] Embodiment 2

[0054] FIG. 2 is a schematic diagram of principles of a base frequency detection process and a window
function construction process according to Embodiment 2 of the present disclosure. This embodiment is
described on the basis of the foregoing embodiment. This embodiment mainly describes a process of
detecting the base frequencies of the plurality of segmental original frequency-domain signals obtained
by performing the Fourier transform after the original audio signal is segmented, and a process of
constructing the plurality of original segment window functions corresponding to the plurality of
segmental original frequency-domain signals and the plurality of target segment window functions
corresponding to the plurality of segmental target frequency-domain signals.

[0055] The method in this embodiment may include the following steps.

[0056] In S2010, an original audio signal is obtained.

[0057] In S2020, an initial target audio signal is obtained by pitch shifting on the original audio signal.
[0058] In S2030, a plurality of segmental original frequency-domain signals and a plurality of segmental
target frequency-domain signals are obtained by respectively segmenting the original audio signal and
the initial target audio signal, and respectively performing a Fourier transform on a plurality of segmental
original audio signals obtained by the segmentation and a plurality of segmental target audio signals
obtained by the segmentation.

[0059] In S2040, whether each segmental original frequency-domain signal in the plurality of segmental
original frequency-domain signals carries a base frequency is determined; if the segmental original
frequency-domain signal carries a base frequency, S2050 is performed; and if the segmental original
frequency-domain signal does not carry a base frequency, S2060 is performed.

[0060] In an embodiment, the segmental original frequency-domain signals and the segmental target
frequency-domain signals need to be filtered by using window functions subsequently, so as to determine

the corresponding formant envelopes. Therefore, in this embodiment, in order to improve the accuracy
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of the formant envelopes of the frequency-domain signals in different segments before and after the pitch
shifting, it is necessary to filter the different frequency-domain signals by using adaptive variable-length
window functions. In this case, window functions correspondingly used for the plurality of frequency-
domain signals may be determined according to base frequencies and the segment lengths of the different
frequency-domain signals. Therefore, in this embodiment, base frequencies of the segmental original
frequency-domain signals need to be detected first. In this case, it is determined whether each segmental
original frequency-domain signal in the plurality of segmental original frequency-domain signals carries
a base frequency. In this embodiment, for the subsequent analysis of the effectiveness of the base
frequency detection result, the determining result of whether the current segmental original frequency-
domain signal carries a base frequency can be marked. If the current segmental original frequency-
domain signal carries a base frequency, an actual result of the base frequency is marked. If the current
segmental original frequency-domain signal does not carry a base frequency, a preset flag is used to mark
the current segmental original frequency-domain signal, such that the segmental original frequency-
domain signal that does not carry a base frequency is clearly obtained subsequently.

[0061] In S2050, the carried base frequency is used as a base frequency of the each segmental original
frequency-domain signal.

[0062] In an embodiment, if the current segmental original frequency-domain signal carries a base
frequency, the carried base frequency is directly used as the base frequency of the current segmental
original frequency-domain signal.

[0063] In S260, a base frequency of the each segmental original frequency-domain signal is determined
according to a base frequency of a previous segmental original frequency-domain signal of the each
segmental original frequency-domain signal and a base frequency of a subsequent segmental original
frequency-domain signal of the each segmental original frequency-domain signal.

[0064] In an embodiment, the base frequency detection may fail due to the presence of a soft part or a
weak signal part in the original audio signal. Therefore, after the segmentation and Fourier transform of
the original audio signal, the segmental original frequency-domain signal corresponding to the soft part
or the weak signal part may not carry a base frequency. In this embodiment, if the current segmental
original frequency-domain signal does not carry a base frequency, in order to smooth the base frequency
detection result, the base frequency of the current segmental original frequency-domain signal is
determined according to the base frequency of the previous segmental original frequency-domain signal

and the base frequency of the subsequent segmental original frequency-domain signal.
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[0065] In an embodiment, determining the base frequency of the each segmental original frequency-
domain signal according to the base frequency of the previous segmental original frequency-domain
signal of the each segmental original frequency-domain signal and the base frequency of the subsequent
segmental original frequency-domain signal of the each segmental original frequency-domain signal may
include: calculating, by using an interpolation algorithm, the base frequency of the previous segmental
original frequency-domain signal of the each segmental original frequency-domain signal and the base
frequency of the subsequent segmental original frequency-domain signal of the each segmental original
frequency-domain signal to obtain the base frequency of the each segmental original frequency-domain
signal.

[0066] In this embodiment, the interpolation algorithm may be used to calculate the base frequency of
the previous segmental original frequency-domain signal and the base frequency of the subsequent
segmental original frequency-domain signal of the current segmental original frequency-domain signal,
S0 as to obtain the base frequency of the current segmental original frequency-domain signal.

[0067] In S2070, a base frequency of each segmental target frequency-domain signal is determined
according to a product of the base frequency of the each segmental original frequency-domain signal and
a pitch shift amplitude.

[0068] In S2080, an original window length corresponding to each segmental original frequency-domain
signal is obtained according to the base frequency and the segment length of the each segmental original
frequency-domain signal; and an original segment window function corresponding to each segmental
original frequency-domain signal is constructed according to the original window length and a preset
window type corresponding to the each segmental original frequency-domain signal.

[0069] In this embodiment, after the base frequencies of the plurality of segmental original frequency-
domain signals are obtained, the original window lengths of the window functions used within the
plurality of segments may be determined according to the base frequencies and the segment lengths of
the plurality of segmental original frequency-domain signals. For example, the original window length
may be determined in the following manner: Ln_s=Pn*N/Fs, wherein Ln_s is the original window length,
Pn is the base frequency of the segmental original frequency-domain signal, N is the segment length, that
is, the number of sampling points within each segment, and Fs is the sampling rate of the original audio
signal, which is generally 48 kHz.

[0070] In an embodiment, the preset window types refer to different types of window functions, which
may be a triangular window, a rectangular window, a Hanning window, or the like, which are not limited

in this embodiment. The plurality of original segment window functions corresponding to the plurality
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of segmental original frequency-domain signals may be constructed according to the original window
lengths and preset window types corresponding to the plurality of segmental original frequency-domain
signals, and the corresponding segmental original frequency-domain signals are subsequently filtered by
using the plurality of original segment window functions respectively.

[0071] In S2090, a target window length corresponding to each segmental target frequency-domain
signal is obtained according to the base frequency and the segment length of the segmental target
frequency-domain signal; and a target segment window function corresponding to the each segmental
target frequency-domain signal is constructed according to the target window length and a preset window
type corresponding to the each segmental target frequency-domain signal.

[0072] In this embodiment, after the base frequencies of the plurality of segmental target frequency-
domain signals are obtained according to the base frequencies of the plurality of segmental original
frequency-domain signals and the pitch shift amplitude, the target window length of the window function
used in each segment may be determined according to the base frequency and the segment length of the
each segmental target frequency-domain signal. Exemplarily, the target window length may be
determined in the following manner: Ln_s=Pn*Ratio*N/Fs; wherein Ln_s is the window length, Pn is
the base frequency of the segmental original frequency-domain signal, Ratio is the pitch shift amplitude,
N is the segment length, that is, the number of sampling points within each segment, and Fs is the
sampling rate of the initial target audio signal, which is generally 48 kHz.

[0073] In an embodiment, the plurality of target segment window functions corresponding to the
plurality of segmental target frequency-domain signals may be constructed according to the target
window lengths and preset window types corresponding to the plurality of segmental target frequency-
domain signals, and the plurality of corresponding segmental target frequency-domain signals are
subsequently filtered by using the plurality of target segment window functions respectively.

[0074] S2080 and S2090 do not have a strict execution sequence and may be executed simultaneously,
which is not limited in this embodiment.

[0075] In S2100, a plurality of original formant envelopes are obtained by respectively filtering the
plurality of segmental original frequency-domain signals according to the plurality of original segment
window functions, and a plurality of target formant envelopes by respectively filtering the plurality of
segmental target frequency-domain signals according to the plurality of target segment window functions.
[0076] In S2110, a pitch-shifted audio signal is determined based on the plurality of segmental target
frequency-domain signals, the plurality of original formant envelopes, and the plurality of target formant

envelopes.
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[0077] According to the technical solution provided in this embodiment, base frequencies of a plurality
of segmental original frequency-domain signals and a plurality of segmental target frequency-domain
signals are determined; a plurality of corresponding original window lengths in a plurality of segments
are determined respectively according to base frequencies and the segment lengths of the plurality of
segmental original frequency-domain signals in the plurality of segments, and a plurality of
corresponding target window lengths in the plurality of segments are determined respectively according
to base frequencies and the segment lengths of the plurality of segmental target frequency-domain signals
in the plurality of segments. Adaptive variable-length window functions are constructed. A plurality of
original formant envelopes and a plurality of target formant envelopes are obtained by filtering the
plurality of segmental original frequency-domain signals and the plurality of segmental target frequency-
domain signals. Thus, acquisition errors of the formant envelopes before and after the pitch shifting are
reduced. Impact of the target formant envelopes on the pitch shifting is eliminated according to the
formant envelopes before and after the pitch shifting, such that the audio signals before and after the
pitch shifting have the same formant envelopes, thereby ensuring the consistency of voice characteristics
in the audio signals before and after the pitch shifting, and improving audio quality of the pitch-shifted
audio signal.

[0078] Embodiment 3

[0079] FIG. 3 is a schematic diagram of a principle of an audio signal transformation process according
to Embodiment 3 of the present disclosure. This embodiment is described on the basis of the foregoing
embodiments. This embodiment describes a process of performing segmentation processing and a
Fourier transform on an audio signal and a process of determining a pitch-shifted audio signal.

[0080] This embodiment may include the following steps.

[0081] In S310, an original audio signal is obtained.

[0082] In S320, an initial target audio signal is obtained by pitch shifting on the original audio signal.
[0083] In S330, a plurality of segmental original audio signals and a plurality of segmental target audio
signals are obtained by segmenting the original audio signal and the initial target audio signal according
to a preset segment length and a segment displacement.

[0084] In an embodiment, during segmentation of the original audio signal and the initial target audio
signal in this embodiment, the preset segment length and segment displacement corresponding to the
current segmentation need to be determined first. The preset segment length indicates the number of
sampling points that should be contained in the audio signal in each segment, which is generally 2n. For

example, the preset segment length may be 1024, 2048, or the like. The segment displacement indicates
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a distance between starting sampling points of adjacent segments. If the preset segment length is 1024
and the segment displacement is 512, the first segment consists of sampling points 1-1024, and the second
segment consists of sampling points 513-1536. In this embodiment, the plurality of segmental original
audio signals and the plurality of segmental target audio signals within a plurality of segments are
obtained by segmenting the original audio signal and the initial target audio signal according to the preset
segment length and the segment displacement.

[0085] In S340, a plurality of segmental original frequency-domain signals and a plurality of segmental
target frequency-domain signals are obtained by respectively performing a Fourier transform on the
plurality of segmental original audio signals and the plurality of segmental target audio signals.

[0086] In an embodiment, when the plurality of segmental original audio signals and the plurality of
segmental target audio signals are obtained, a Fourier transform may be performed on the plurality of
segmental original audio signals and the plurality of segmental target audio signals within the plurality
of segments, to obtain the plurality of segmental original frequency-domain signals and the plurality of
segmental target frequency-domain signals corresponding to the plurality of segments.

[0087] In S350, a plurality of original formant envelopes are obtained by respectively filtering the
plurality of segmental original frequency-domain signals according to a plurality of original segment
window functions, and a plurality of target formant envelopes are obtained by respectively filtering the
plurality of segmental target frequency-domain signals according to a plurality of target segment window
functions, wherein an original segment window function corresponding to each segmental original
frequency-domain signal is determined according to a base frequency and a segment length of the each
segmental original frequency-domain signal, and a target segment window function corresponding to
each segmental target frequency-domain signal is determined according to a base frequency and a
segment length of the each segmental target frequency-domain signal.

[0088] In S360, a pitch shift ratio corresponding to each segmental target frequency-domain signal is
determined based on an original formant envelope and a target formant envelope corresponding to the
segmental target frequency-domain signal.

[0089] In an embodiment, when the original formant envelope corresponding to each segmental original
frequency-domain signal and the target formant envelope corresponding to each segmental target
frequency-domain signal are obtained, for a single segmental target frequency-domain signal, the original
formant envelope and the target formant envelope obtained in the segment corresponding to the
segmental target frequency-domain signal may be compared with each other to determine a pitch shift

ratio corresponding to the segmental target frequency-domain signal, wherein the pitch shift ratio
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represents impact of the pitch-shifted target formant envelope on voice characteristics during the pitch
shifting process. Based on the same method, a plurality of pitch shift ratios corresponding to the plurality
of segmental target frequency-domain signals can be determined.

[0090] In S370, a segmental pitch-shifted frequency-domain signal corresponding to each segmental
target frequency-domain signal is determined based on the each segmental target frequency-domain
signal and the pitch shift ratio corresponding to the each segmental target frequency-domain signal.
[0091] In this embodiment, in order to eliminate the impact of the target formant envelope on the voice
characteristics during the pitch shifting process, the segmental target frequency-domain signal and the
pitch shift ratio corresponding to the target formant envelope can be multiplied to obtain the segmental
pitch-shifted frequency-domain signal corresponding to the segment, from which the pitch shift impact
has been eliminated. The segmental pitch-shifted frequency-domain signal has the same formant
envelope as the segmental original frequency-domain signal within the same segment. Based on the same
method, a plurality of segmental pitch-shifted frequency-domain signals corresponding to the plurality
of segments, from which the pitch shift impact has been eliminated can be determined. In this
embodiment, the corresponding segmental pitch-shifted frequency-domain signal is obtained by the
following formula: STFT_tn'=STFT_tn*Esn/Etn, wherein STFT_tn' is the segmental pitch-shifted
frequency-domain signal, STFT_tn is the segmental target frequency-domain signal, Esn is the
corresponding original formant envelope in the segment, and Etn is the corresponding target formant
envelope in the segment.

[0092] In S380, a segmental pitch-shifted audio signal corresponding to each segmental target frequency-
domain signal is obtained by performing an inverse Fourier transform on the segmental pitch-shifted
frequency-domain signal corresponding to the each segmental target frequency-domain signal.

[0093] In an embodiment, when the corresponding segmental pitch-shifted frequency-domain signal
within each segment is obtained, an inverse Fourier transform may be performed on the corresponding
segmental pitch-shifted frequency-domain signal within each segment, so as to obtain the segmental
pitch-shifted audio signal within each segment, and the final pitch-shifted audio signal is subsequently
determined based on the plurality of segmental pitch-shifted audio signals.

[0094] In S390, a pitch-shifted audio signal is determined based on the plurality of segmental pitch-
shifted audio signals, the preset segment length, and the segment displacement.

[0095] In an embodiment, after the plurality of segmental pitch-shifted audio signals are obtained, the
plurality of segmental pitch-shifted audio signals may be assembled according to the preset segment

length and segment displacement during segmentation of the original audio signal, to obtain the final
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pitch-shifted audio signal from which the impact of the target formant envelopes on the voice
characteristics during the pitch shifting process has been eliminated. The pitch-shifted audio signal has
the same formant envelopes as the original audio signal, thus ensuring the consistency of the voice
characteristics in the audio signals before and after the pitch shifting.

[0096] In the technical solution provided by this embodiment, for a single segmental target frequency-
domain signal, the corresponding pitch shift ratio is determined according to the formant envelope before
the pitch shifting and the formant envelope after the pitch shifting, and the corresponding segmental
pitch-shifted frequency-domain signal is determined according to the segmental target frequency-domain
signal within the segment and the pitch shift ratio, thereby eliminating the impact of the formant envelope
within the segment on the pitch shifting. In this way, the plurality of segmental pitch-shifted frequency-
domain signals, from which the impact of the formant envelopes has been eliminated, within a plurality
of segments are obtained, and a plurality of segmental pitch-shifted audio signals are obtained by using
an inverse Fourier transform. The corresponding pitch-shifted audio signal is formed by the plurality of
segmental pitch-shifted audio signals, which ensures the consistency of the voice characteristics in the
audio signals before and after the pitch shifting and improves the audio quality of the pitch-shifted audio
signal.

[0097] Embodiment 4

[0098] FIG. 4 is a schematic structural diagram of an apparatus for transforming an audio signal
according to Embodiment 4 of the present disclosure. As shown in FIG. 4, the apparatus may include: a
segmentation and transformation module 410, configured to obtain a plurality of segmental original
frequency-domain signals and a plurality of segmental target frequency-domain signals by segmenting
an original audio signal and an initial target audio signal obtained by pitch shifting on the original audio
signal, and performing a Fourier transform on a plurality of segmental original audio signals obtained by
the segmentation and a plurality of target audio signals obtained by the segmentation; an envelope
determining module 420, configured to obtain a plurality of original formant envelopes by respectively
filtering the plurality of segmental original frequency-domain signals according to a plurality of original
segment window functions, and obtain a plurality of target formant envelopes by respectively filtering
the plurality of segmental target frequency-domain signals according to a plurality of target segment
window functions, wherein an original segment window function corresponding to each segmental
original frequency-domain signal is determined according to a base frequency and a segment length of
the each segmental original frequency-domain signal, and a target segment window function

corresponding to each segmental target frequency-domain signal is determined according to a base
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frequency and a segment length of the each segmental target frequency-domain signal; and a pitch-shifted
audio determining module 430, configured to determine a pitch-shifted audio signal based on the plurality
of segmental target frequency-domain signals, the plurality of original formant envelopes, and the
plurality of target formant envelopes.

[0099] According to the technical solution provided in this embodiment, a plurality of segmental original
frequency-domain signals and a plurality of segmental target frequency-domain signals are obtained by
segmenting an original audio signal and an initial target audio signal obtained by pitch shifting on the
original audio signal, and a Fourier transform is performed on a plurality of segmental original audio
signals obtained by the segmentation and a plurality of target audio signals obtained by the segmentation.
A plurality of original segment window functions are determined according to base frequencies and
segment lengths of the plurality of segmental original frequency-domain signals, and a plurality of target
segment window functions are determined according to base frequencies and the segment lengths of the
plurality of segmental target frequency-domain signals. Different signal segments can correspond to
different segment window functions. Subsequently, a plurality of original formant envelopes and a
plurality of target formant envelopes are obtained by respectively filtering the plurality of segmental
original frequency-domain signals and the plurality of segmental target frequency-domain signals
according to the plurality of original segment window functions and the plurality of target segment
window functions. Thus, acquisition errors of the formant envelopes before and after the pitch shifting
are reduced. Then, a final pitch-shifted audio signal is determined based on the plurality of segmental
target frequency-domain signals and the plurality of formant envelopes before and after the pitch shifting.
Impact of the target formant envelopes on the pitch shifting is eliminated, such that the audio signals
before and after the pitch shifting have the same formant envelopes, thereby ensuring the consistency of
voice characteristics in the audio signals before and after the pitch shifting, and improving audio quality
of the pitch-shifted audio signal.

[0100] Embodiment 5

[0101] FIG. 5 is a schematic structural diagram of a device according to Embodiment 5 of the present
disclosure. As shown in FIG. 5, the device includes a processor 50, a storage apparatus 51, and a
communication apparatus 52.

[0102] The storage apparatus 51, as a computer-readable storage medium, may be configured to store
software programs, computer executable programs, and modules, such as program instructions/modules
corresponding to the audio signal transformation method described in any embodiment of the present

disclosure. The processor 50 runs the software programs, instructions, and modules stored in the storage
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apparatus 51, so as to execute various functional applications of the device and data processing, that is,
perform the audio signal transformation method described above.

[0103] Embodiment 6

[0104] This embodiment of the present disclosure further provides a computer-readable storage medium,
storing a computer program, where the program, when executed by a processor, can perform the audio
signal transformation method described in any embodiment of the present disclosure. The method may
specifically include: obtaining a plurality of segmental original frequency-domain signals and a plurality
of segmental target frequency-domain signals by segmenting an original audio signal and an initial target
audio signal obtained by pitch shifting on the original audio signal, and performing a Fourier transform
on a plurality of segmental original audio signals obtained by the segmentation and a plurality of target
audio signals obtained by the segmentation; obtaining a plurality of original formant envelopes by
respectively filtering the plurality of segmental original frequency-domain signals according to a
plurality of original segment window functions, and obtaining a plurality of target formant envelopes by
respectively filtering the plurality of segmental target frequency-domain signals according to a plurality
of target segment window functions, wherein an original segment window function corresponding to
each segmental original frequency-domain signal is determined according to a base frequency and a
segment length of the each segmental original frequency-domain signal, and a target segment window
function corresponding to each segmental target frequency-domain signal is determined according to a
base frequency and a segment length of the each segmental target frequency-domain signal; and
determining a pitch-shifted audio signal based on the plurality of segmental target frequency-domain

signals, the plurality of original formant envelopes, and the plurality of target formant envelopes.
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CLAIMS

What is claimed is:

1. A method for transforming an audio signal, comprising:

obtaining a plurality of segmental original frequency-domain signals and a plurality of segmental
target frequency-domain signals by segmenting an original audio signal and an initial target audio signal
obtained by pitch shifting on the original audio signal, and performing a Fourier transform on a plurality
of segmental original audio signals obtained by the segmentation and a plurality of target audio signals
obtained by the segmentation;

obtaining a plurality of original formant envelopes by respectively filtering the plurality of segmental
original frequency-domain signals according to a plurality of original segment window functions, and
obtaining a plurality of target formant envelopes by respectively filtering the plurality of segmental target
frequency-domain signals according to a plurality of target segment window functions, wherein an
original segment window function corresponding to each segmental original frequency-domain signal is
determined according to a base frequency and a segment length of the each segmental original frequency-
domain signal, and a target segment window function corresponding to each segmental target frequency-
domain signal is determined according to a base frequency and a segment length of the each segmental
target frequency-domain signal; and

determining a pitch-shifted audio signal based on the plurality of segmental target frequency-domain

signals, the plurality of original formant envelopes, and the plurality of target formant envelopes.

2. The method according to claim 1, further comprising:
acquiring a pitch shift amplitude; and
obtaining the initial target audio signal by pitch shifting on the original audio signal based on the

pitch shift amplitude.

3. The method according to claim 2, wherein the base frequency of the each segmental target
frequency-domain signal is a product of the base frequency of the segmental original frequency-domain

signal corresponding to the each segmental target frequency-domain signal and the pitch shift amplitude.

4. The method according to any one of claims 1 to 3, wherein before respectively filtering the
plurality of segmental original frequency-domain signals according to the plurality of original segment

window functions, further comprising:
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using, in a case that one segmental original frequency-domain signal carries a base frequency, the
carried base frequency as a base frequency of the segmental original frequency-domain signal; and

determining, in a case that one segmental original frequency-domain signal does not carry a base
frequency, a base frequency of the segmental original frequency-domain signal according to a base
frequency of a previous segmental original frequency-domain signal of the segmental original frequency-
domain signal and a base frequency of a subsequent segmental original frequency-domain signal of the

segmental original frequency-domain signal.

5. The method according to claim 4, wherein determining the base frequency of the segmental
original frequency-domain signal according to the base frequency of the previous segmental original
frequency-domain signal of the segmental original frequency-domain signal and the base frequency of
the subsequent segmental original frequency-domain signal of the segmental original frequency-domain
signal comprises:

calculating, by using an interpolation algorithm, the base frequency of the previous segmental
original frequency-domain signal of the segmental original frequency-domain signal and the base
frequency of the subsequent segmental original frequency-domain signal of the segmental original

frequency-domain signal to obtain the base frequency of the segmental original frequency-domain signal.

6. The method according to any one of claims 1 to 5, wherein before obtaining the plurality of
original formant envelopes by respectively filtering the plurality of segmental original frequency-domain
signals according to the plurality of original segment window functions, the method further comprises:

obtaining an original window length corresponding to each segmental original frequency-domain
signal according to the base frequency and the segment length of the each segmental original frequency-
domain signal; and

constructing an original segment window function corresponding to each segmental original
frequency-domain signal according to the original window length and a preset window type

corresponding to the each segmental original frequency-domain signal.

7. The method according to any one of claims 1 to 6, wherein before obtaining the plurality of target
formant envelopes by respectively filtering the plurality of segmental target frequency-domain signals
according to the plurality of target segment window functions, the method further comprises:

obtaining a target window length corresponding to each segmental target frequency-domain signal
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according to the base frequency and the segment length of the each segmental target frequency-domain
signal; and

constructing a target segment window function corresponding to each segmental target frequency-
domain signal according to the target window length and a preset window type corresponding to the each

segmental target frequency-domain signal.

8. The method according to any one of claims 1 to 7, wherein obtaining the plurality of segmental
original frequency-domain signals and the plurality of segmental target frequency-domain signals by
segmenting on the original audio signal and the initial target audio signal obtained by pitch shifting on
the original audio signal, and performing the Fourier transform on the plurality of segmental original
audio signals obtained by the segmentation and the plurality of segmental target audio signals obtained
by the segmentation, comprises:

obtaining the plurality of segmental original audio signals and the plurality of segmental target audio
signals by segmenting, according to a preset segment length and a segment displacement, the original
audio signal and the initial target audio signal obtained by pitch shifting on the original audio signal; and

obtaining the plurality of segmental original frequency-domain signals and the plurality of segmental
target frequency-domain signals by performing the Fourier transform on the plurality of segmental

original audio signals and the plurality of segmental target audio signals.

9. The method according to claim 8, wherein determining the pitch-shifted audio signal based on the
plurality of segmental target frequency-domain signals, the plurality of original formant envelopes, and
the plurality of target formant envelopes, comprises:

determining a pitch shift ratio corresponding to each segmental target frequency-domain signal based
on an original formant envelope and a target formant envelope corresponding to the each segmental target
frequency-domain signal;

determining a segmental pitch-shifted frequency-domain signal corresponding to each segmental
target frequency-domain signal based on the each segmental target frequency-domain signal and the pitch
shift ratio corresponding to the each segmental target frequency-domain signal;

obtaining a segmental pitch-shifted audio signal corresponding to each segmental target frequency-
domain signal by performing an inverse Fourier transform on the segmental pitch-shifted frequency-
domain signal corresponding to the each segmental target frequency-domain signal; and

determining the pitch-shifted audio signal based on the segmental pitch-shifted audio signals
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corresponding to the plurality of segmental target frequency-domain signals, the preset segment length,

and the segment displacement.

10. An apparatus for transforming an audio signal, comprising:

a segmenting and transforming module, configured to obtain a plurality of segmental original
frequency-domain signals and a plurality of segmental target frequency-domain signals by segmenting
an original audio signal and an initial target audio signal obtained by pitch shifting on the original audio
signal, and performing a Fourier transform on a plurality of segmental original audio signals obtained by
the segmentation and a plurality of segmental target audio signals obtained by the segmentation;

an envelope determining module, configured to obtain a plurality of original formant envelopes by
respectively filtering the plurality of segmental original frequency-domain signals according to a
plurality of original segment window functions, and obtain a plurality of target formant envelopes by
respectively filtering the plurality of segmental target frequency-domain signals according to a plurality
of target segment window functions, wherein an original segment window function corresponding to
each segmental original frequency-domain signal is determined according to a base frequency and a
segment length of the each segmental original frequency-domain signal, and a target segment window
function corresponding to each segmental target frequency-domain signal is determined according to a
base frequency and a segment length of the each segmental target frequency-domain signal; and

a pitch-shifted audio determining module, configured to determine a pitch-shifted audio signal based
on the plurality of segmental target frequency-domain signals, the plurality of original formant envelopes,

and the plurality of target formant envelopes.

11. A device, comprising:

at least one processor; and

a storage apparatus, configured to store at least one program;

wherein the at least one processor, when executing the at least one program, is caused to perform the

method for transforming the audio signal as defined in any one of claims 1 to 9.
12. A computer-readable storage medium, storing a computer program, wherein the computer

program, when executed by a processor, causes the processor to perform the method for transforming

the audio signal as defined in any one of claims 1 to 9.
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