US 20220101864A1
a9y United States

a2y Patent Application Publication (o) Pub. No.: US 2022/0101864 A1l

Kumar et al. 43) Pub. Date: Mar. 31, 2022
(54) TRAINING GENERATIVE ADVERSARIAL (52) US. CL
NETWORKS TO UPSAMPLE AUDIO CPC ............. GI0L 19/02 (2013.01); GO6N 3/088
(2013.01); GO6N 3/0454 (2013.01)
(71) Applicant: Descript, Inc., San Francisco, CA (US) (57) ABSTRACT
(72) Inventors: Rithesh Kumar, Montreal (CA); Introduced here are approaches to training and then employ-
Kundan Kumalj Montreal (C A), ing computer-implemented models designed to upsample

discrete audio signals to higher sampling rates. Assume, for
example, that a media production platform obtains a first
discrete signal at a relatively low sampling rate. The rela-
tively low sampling frequency may make the first discrete
audio signal unsuitable for inclusion in media compilations,
L. so the media production platform may attempt to improve its
Related U.S. Application Data quality through upsampling. To accomplish this, the media

(60) Provisional application No. 63/083,474, filed on Sep. production platform can apply a transform to the first
25, 2020. discrete signal to produce a first magnitude spectrogram.
Then, the media production platform can apply a computer-
implemented model to the first magnitude spectrogram to
produce a second magnitude spectrogram. Thereafter, the

(21) Appl. No.: 17/478,734

(22) Filed: Sep. 17, 2021

Publication Classification

(51) Int. CL media production platform can apply an inverse transform to
G10L 19/02 (2006.01) the second magnitude spectrogram to create a second dis-
GO6N 3/04 (2006.01) crete signal that has a higher sampling rate than the first
GO6N 3/08 (2006.01) discrete audio signal.

Computing Device 200

Display Mechanism 206

Memory 204

fMedia Production Platform 210

Processing Module 212

Training Module 214

Processor 202

Upsampling Module 218

GUI Module 218

Communication Module 208




Patent Application Publication  Mar. 31, 2022 Sheet 1 of 15 US 2022/0101864 A1

104

Media Production Plaform
ig2




Patent Application Publication  Mar. 31, 2022 Sheet 2 of 15 US 2022/0101864 A1

Computing Device 200

Display Mechanism 206

Memory 204

Media Production Platform 240

Processing Module 212

Training Module 214

Pracessor 202

Upsampling Module 218

GUI Module 218

Communication Module 208




Patent Application Publication

Mar. 31, 2022 Sheet 3 of 15

Transcript 304 —

O
e

Al

@
=
D
B
-

Track(s) 302

US 2022/0101864 A1

Vertical Bar 308



Patent Application Publication Mar. 31, 2022 Sheet 4 of 15 US 2022/0101864 A1

Sound File 312

Music File 310
Transcript 304 m—\



Patent Application Publication  Mar. 31, 2022 Sheet 5 of 15 US 2022/0101864 A1




Patent Application Publication  Mar. 31, 2022 Sheet 6 of 15 US 2022/0101864 A1

Transcript 316




Patent Application Publication Mar. 31, 2022 Sheet 7 of 15 US 2022/0101864 A1

Transcript 316




Patent Application Publication  Mar. 31, 2022 Sheet 8 of 15 US 2022/0101864 A1

The quick brown fox jumpes averthe lazy dog.

Word Bar 318



Patent Application Publication  Mar. 31, 2022 Sheet 9 of 15 US 2022/0101864 A1

ey /m Dialogue Line 320

» Takes 322




Patent Application Publication Mar. 31, 2022 Sheet 10 of 15  US 2022/0101864 A1

404
401
Receive input that specifies a desired sampling rale
402
Obtain an untrained mode! that is representative of a maching leaming
framework
403

Train the untrained model to upsample discrete audio samples that are
provided as input by providing 8 series of magnitude spectrograms as
training data

404

Store the trained model in a memory

FIGURE 4




Patent Application Publication Mar. 31, 2022 Sheet 11 of 15  US 2022/0101864 A1

2
D

501

Receive input that specifies a desired sampling rate

502

Examine a primary database thatincludes trained models associated
with different sampling rates

503

Determine that none of the trained models in the primary database are
associated with the desired sampling rate

504

(btain multiple magnitude spectrograms that are associated with the
desired sampling rate

505

Provide the multiple magnitude spectrograms to an untrained model as
training data

506

Store the trained model in the primary dalabase

507

Populate a data structure with information 50 as fo programmatically
associate the trained model with the desired sampling rate




Patent Application Publication Mar. 31, 2022 Sheet 12 of 15  US 2022/0101864 A1

00

601

Receive input indicative of a selection of a first discrate audio signaito
he upsampled to a desired sampling rate

602

ldentify a model that is associated with the desired sampling rafe

603

Apply a transform to the first discrete audio signal to produce a first
magnitude spectrogram

604
Apply the model B the first magnitude spectrogram o produce a second
magnitude spectrogram
805

Apply an inverse fransform to the second magnitude spectrogram o
produce a second discrete audio signal having the desired sampling rate

RE 6



Patent Application Publication  Mar. 31, 2022 Sheet 13 of 15  US 2022/0101864 A1

700

701

Determine that a first discrete audio signal having a first sampling rate is
10 be upsampled to a second sampling rate

702

Examine a primary database that includes a series of models, each of
which is associated with a different sampling rate, fo identify a model
that is associated with the second sampling rate

703

Apply a transform {o the first discrete audio signal to produce a first
magnifude specirogram

704

Provide the first magnitude spectrogram to the modelas inpul soasto
produce a second magnitude spectrogram

705

Apply an inverse fransform to the second magnitude spectrogram o
produce a second discrete audio signal that has the second sampling
rate

706

Receive input that specifies a media compilation with which the first
discrete audio signal is associated

707

Store the second discrete audio signal in a secondary database thatis
associated with the media compilation

708

Transmit the second discrete audio signat to a computing device for
review




Patent Application Publication Mar. 31, 2022 Sheet 14 of 15  US 2022/0101864 A1

Discrete Audio Signal A
{Sampiing Rate A}

3,

Transform

I {e.g. STFT)

Magritude
Spectrogram A
{Sampling Raie A}

Phase

Madel
{e.g., GAN)

Reuse
Phase

Magnitude
Spectrogram B
(Sampling Rate B)

Inverse Transform
{e.g., IBTFT)

Discrete Audio Signal B
{Sampling Rate B,
where B > A}




Patent Application Publication

a00
Processor 902
Instuctions 904
Main Memory 906
Instructions 808
Non-Volatile Memory 910
12

Network Adapter

Bus
816

Mar. 31, 2022 Sheet 15 of 15 US 2022/0101864 A1

Video Display 918
InputQutput Device 920
Control Device 922
Drive Unit 924

Storage Medium 26

instructions 5§28

Signal Generation Device 930




US 2022/0101864 Al

TRAINING GENERATIVE ADVERSARIAL
NETWORKS TO UPSAMPLE AUDIO

CROSS-REFERENCE TO RELATED
APPLICATIONS

[0001] This application claims priority to U.S. Provisional
Application No. 63/083,474, titled “Upsampling of Audio
using Generative Adversarial Network (GAN) Super-Reso-
Iution (SR) Models” and filed on Sep. 25, 2020, which is
incorporated by reference herein in its entirety.

TECHNICAL FIELD

[0002] Various embodiments concern computer programs
and associated computer-implemented techniques for
upsampling audio signals to higher sampling frequencies.

BACKGROUND

[0003] In the field of signal processing, the term “sam-
pling” refers to the reduction of a continuous signal to a
discrete signal. A common example is the conversion of
audio in the form of a sound wave to a sequence of samples
arranged in a temporal order. A continuous signal may be
sampled at a given frequency—referred to as the “sampling
rate” or “sampling frequency”- to produce a discrete signal
that is comprised of values corresponding to different points
in time. Ideally, these values are equivalent to the instanta-
neous values of the continuous signal at those points in time.
A common unit to specify the rate at which a continuous
signal is sampled is hertz (Hz). The sampling rate specifies
the frequency at which the continuous signal is sampled per
unit of time, so 100 Hz is equivalent to 100 samples per
second.

BRIEF DESCRIPTION OF THE DRAWINGS

[0004] FIG. 1 illustrates a network environment that
includes a media production platform responsible for creat-
ing the interfaces through which individuals (also referred to
as “users” or “developers™) can produce media content.
[0005] FIG. 2 illustrates an example of a computing
device able to implement a media production platform
through which individuals may be able to record, produce,
deliver, or consume media content.

[0006] FIG. 3A depicts an example of an interface that
includes multiple windows for producing media content.
[0007] FIG. 3B depicts an example of an interface that
may facilitate in-line, multi-track sequencing of the content
within windows shown on the interface.

[0008] FIG. 3C illustrates how files can be stored as
separate documents in a storage space.

[0009] FIG. 3D illustrates how an individual can select a
segment of a transcript for the purpose of altering the
corresponding audio waveform.

[0010] FIG. 3E illustrates how an individual can copy a
segment of a transcript and then paste the copied segment
into another transcript, another location in the transcript, etc.
[0011] FIG. 3F depicts an example of an interface that
includes a word bar, which allows an individual to directly
manipulate words via a waveform editor window.

[0012] FIG. 3G illustrates how multiple takes of the same
line of dialogue may be separately shown and numbered.
[0013] FIG. 4 depicts a flow diagram of a process for
training a model that is to be used to upsample discrete audio
signals.
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[0014] FIG. 5 depicts a flow diagram of another process
for training a model that is to be used to upsample discrete
audio signals.

[0015] FIG. 6 depicts a flow diagram of a process in which
a discrete audio signal is upsampled using a model.

[0016] FIG. 7 depicts a flow diagram of another process
for upsampling discrete audio signals.

[0017] FIG. 8 includes a high-level illustration of the
processes of FIGS. 6-7.

[0018] FIG. 9is ablock diagram illustrating an example of
a processing system in which at least some operations
described herein can be implemented.

[0019] Various features of the technology described herein
will become more apparent to those skilled in the art from
a study of the Detailed Description in conjunction with the
drawings. Embodiments are illustrated by way of example
and not limitation in the drawings. While the drawings
depict various embodiments for the purpose of illustration,
those skilled in the art will recognize that alternative
embodiments may be employed without departing from the
principles of the technology. Accordingly, while specific
embodiments are shown in the drawings, the technology is
amenable to various modifications.

DETAILED DESCRIPTION

[0020] One of the areas in which sampling is most popular
is the processing of audio signals. Sampling is useful for
ensuring that audio signals can be stored, retrieved, and
transmitted with minimal loss of quality. There is a tradeoff
when it comes to sampling rate, however. While a higher
sampling rate will ensure that a discrete audio signal more
faithfully mirrors the continuous audio signal from which it
is derived, higher sampling rates result in larger files that can
be more difficult to handle in a resource-efficient manner.
For reference, Moving Picture Experts Group (MPEG)
audio is normally sampled at a rate of 22,050 Hz while
compact disc (CD) audio is normally sampled at a rate of
44,100 Hz.

[0021] Humans are able to hear audio covering a range of
roughly 20-2,000 Hz. To fully capture the useful information
across this range of frequencies, a minimum sampling rate
of roughly 40,000 Hz is required according to the Nyquist-
Shannon sampling theorem. At a high level, the Nyquist-
Shannon sampling theorem establishes a sufficient condition
for a sampling rate that permits a discrete audio signal of
individual samples to capture all of the information from a
continuous audio signal of finite bandwidth. The Nyquist-
Shannon sampling theorem introduces the concept of a
sampling rate that is sufficient for perfect fidelity for the
class of mathematical functions that are band-limited to a
given bandwidth, such that no actual information is lost in
the sampling process. This is why continuous audio signals,
for example, in the form of audio waveforms, have histori-
cally been sampled at rates of 44,100 Hz, 48,000 Hz, 88,200
Hz, and 96,000 Hz.

[0022] Today, much lower sampling rates are used in
various contexts. For example, the vast majority of tele-
phones and wireless microphones sample at a rate of 8,000
Hz since nearly all energy for most phonemes is contained
in the 100-4,000 Hz range. Many Voice over Internet Pro-
tocol (VOIP) products sample at a rate of 16,000 Hz, while
many text-to-speech (TTS) products sample at a rate of
16,000-24,000 Hz. These low sampling rates make it diffi-
cult, if not impossible, to then produce another approxima-
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tion of the continuous audio signal at a higher sampling rate.
Said another way, producing another discrete audio signal
with a different sampling rate (e.g., a higher sampling rate)
is difficult when the continuous audio signal is initially
sampled at such a low rate.

[0023] Assume, for example, that an individual is inter-
ested in producing a media compilation from discrete audio
signals created, recorded, or otherwise produced by the
above-mentioned products. For instance, the individual may
be interested in creating the media compilation from a first
discrete audio signal that is generated by a VOIP product and
a second discrete audio signal that is generated by another
VOIP product. The first and second discrete audio signals
may be associated with a pair of individuals who engaged in
a conversation or who separately recorded lines of dialogue.
Because the discrete signals have relatively low sampling
rates, the quality of the media compilation may be less than
ideal.

[0024] One option for improving the quality is to
upsample the first and second discrete signals. The terms
“upsampling,” “expanding,” and “interpolating” refer to the
process of resampling a discrete audio signal to increase the
sampling rate by a desired factor. When upsampling is
performed on a discrete audio signal, it produces another
approximation of the continuous audio signal that would
have been obtained by sampling at a higher rate. For
example, if a discrete audio signal having a rate of 44,100
samples per second is upsampled by a factor of 5-to-4, then
the resulting discrete audio signal will have a rate of 55,125
samples per second.

[0025] Accurately upsampling in a resource-efficient man-
ner is difficult, however, especially for discrete signals that
include human voices. For this reason, entities have histori-
cally found it to be more effective to reduce noise in an
attempt to improve quality rather than alter the sampling
rate. If an entity wished to improve the quality of a discrete
signal at a given sampling frequency (e.g., 22,050 Hz), then
the entity would have simply applied filters to “clean” the
discrete signal. In this scenario, the “clean” discrete signal
will still have the same sampling frequency as the original
“noisy” discrete signal.

[0026] Introduced here are computer programs and asso-
ciated computer-implemented techniques for upsampling
discrete audio signals to higher sampling rates in order to
improve quality. When a discrete signal is obtained by a
media production platform, the discrete signal can be
upsampled in such a manner that it can be used in media
productions (also referred to as “media compilations”).
While not the focus of the present disclosure, the technology
described herein could be combined with, for example,
filters (e.g., to remove noise) so as to further improve
quality.

[0027] Assume, for example, that a media production
platform obtains a first discrete signal at a relatively low
sampling rate. The term “relatively low sampling rate,” as
used herein, may refer to sampling frequencies of less than
40,000 Hz. Examples of relatively low sampling frequencies
include 8,000 Hz, 16,000 Hz, 22,050 Hz, and 24,000 Hz.
The relatively low sampling frequency may make the first
discrete audio signal unsuitable for inclusion in a high-
quality media compilation, so the media production platform
may attempt to improve its quality through upsampling. To
accomplish this, the media production platform can apply a
mathematical transform (or simply “transform™) to the first
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discrete signal to produce a first magnitude spectrogram. In
mathematics, a transform maps a function from its original
function space into another function space via integration.
One example of a transform is a Fourier transform that
decomposes a function based on temporal frequency.
Examples of Fourier transforms include the short-time Fou-
rier transform (STFT) and fractional Fourier transform
(FFT).

[0028] Then, the media production platform can apply a
computer-implemented model (or simply “model”) to the
first magnitude spectrogram to produce a second magnitude
spectrogram. While the first magnitude spectrogram corre-
sponds to the sampling rate of the first discrete signal, the
second magnitude spectrogram corresponds to the sampling
rate to which the first discrete signal is to be upsampled. This
sampling rate may be referred to as the “desired sampling
rate.” As an example, the first magnitude spectrogram may
correspond to 22,050 Hz while the second magnitude spec-
trogram may correspond to 44,100 Hz. As further discussed
below, the model can be trained with a series of magnitude
spectrograms associated with discrete audio signals with a
desired sampling rate (e.g., 44,100 Hz) in such a manner that
it learns the characteristics of those discrete audio signals.
Using these characteristics, the model can alter a magnitude
spectrogram provided as input to produce another magnitude
spectrogram corresponding to the desired sampling rate.
Thereafter, the media production platform can apply an
inverse mathematical transform (or simply “inverse trans-
form™) to the second magnitude spectrogram to create a
second discrete signal that has a higher sampling rate than
the first discrete audio signal. One example of an inverse
transform is an inverse Fourier transform. Examples of
inverse Fourier transforms include the inverse short-time
Fourier transform (ISTFT) and inverse fractional Fourier
transform (IFFT).

[0029] Embodiments may be described with reference to
particular computer programs, networks, content, etc. How-
ever, those skilled in the art will recognize that these features
are equally applicable to other types of computer programs,
networks, content, etc. For example, while embodiments
may be described in the context of a computer program
implemented on a network-accessible server system, the
relevant features may be similarly applicable to computer
programs implemented on computing devices such as
mobile phones, tablet computers, or personal computers. As
another example, while embodiments may be described in
the context of upsampling discrete signals from 22,050 Hz
to 44,100 Hz, those skilled in the art will recognize that
those sampling rates have been selected for the purpose of
illustration. The approaches described herein may be simi-
larly applicable regardless of the actual sampling rates.

[0030] Note that while embodiments may be described in
the context of computer-executable instructions for the
purpose of illustration, aspects of the technology can be
implemented via hardware, firmware, or software. As an
example, a media production platform may be embodied as
a computer program through which an individual may be
permitted to review content (e.g., text, audio, or video) to be
incorporated into a media compilation, create media com-
pilations by compiling different forms of content or multiple
files of the same form of content, and initiate playback or
distribution of media compilations.
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Terminology

[0031] References in this description to “an embodiment”
or “one embodiment” mean that the feature, function, struc-
ture, or characteristic being described is included in at least
one embodiment of the technology. Occurrences of such
phrases do not necessarily refer to the same embodiment,
nor are they necessarily referring to alternative embodiments
that are mutually exclusive of one another.

[0032] Unless the context clearly requires otherwise, the
terms “comprise,” “comprising,” and “comprised of” are to
be construed in an inclusive sense rather than an exclusive
or exhaustive sense (i.e., in the sense of “including but not
limited t0”). The term “based on” is also to be construed in
an inclusive sense rather than an exclusive or exhaustive
sense. Thus, unless otherwise noted, the term “based on” is
intended to mean “based at least in part on.”

[0033] The terms “connected,” “coupled,” or any variant
thereof is intended to include any connection or coupling
between two or more elements, either direct or indirect. The
connection/coupling can be physical, logical, or a combina-
tion thereof. For example, objects may be electrically or
communicatively coupled to one another despite not sharing
a physical connection.

[0034] The term “module” refers broadly to software
components, firmware components, or hardware compo-
nents. Modules are typically functional components that
generate output(s) based on input(s). A computer program
may include one or more modules. Thus, a computer pro-
gram may include multiple modules that are responsible for
completing different tasks but work in concert with one
another, for example, where the output produced by one
module is provided to another module as input. Alterna-
tively, a computer program may include a single module that
is responsible for completing all tasks.

[0035] When used in reference to a list of multiple items,
the term “or” is intended to cover all of the following
interpretations: any of the items in the list, all of the items
in the list, and any combination of items in the list.

[0036] The sequences of steps performed in any of the
processes described here are exemplary. However, unless
contrary to physical possibility, the steps may be performed
in various sequences and combinations. For example, steps
could be added to, or removed from, the processes described
here. Similarly, steps could be replaced or reordered. Thus,
descriptions of any processes are intended to be open ended.

Overview of Media Production Platform

[0037] FIG. 1 illustrates a network environment 100 that
includes a media production platform 102. Individuals (also
referred to as “users” or “developers™) can interact with the
media production platform 102 via interfaces 104 as further
discussed below. For example, individuals may be able to
generate, edit, or view media content through the interfaces
104. Examples of media content include text content such as
stories and articles, audio content such as radio segments
and podcasts, and video content such as television programs
and presentations. Meanwhile, the individuals may be per-
sons interested in recording media (e.g., audio content),
editing media (e.g., to create a podcast or audio tour), etc.
[0038] As shown in FIG. 1, the media production platform
102 may reside in a network environment 100. Thus, the
computing device on which the media production platform
102 is executing may be connected to one or more networks

Mar. 31, 2022

106a-b. The network(s) 106a-b can include personal area
networks (PANs), local area networks (LANs), wide area
networks (WANs), metropolitan area networks (MANSs),
cellular networks, the Internet, etc. Additionally or alterna-
tively, the computing device can be communicatively
coupled to other computing device(s) over a short-range
wireless connectivity technology, such as Bluetooth®, Near
Field Communication (NFC), Wi-Fi® Direct (also referred
to as “Wi-Fi P2P”), and the like. As an example, the media
production platform 102 is embodied as a “cloud platform™
that is at least partially executed by a network-accessible
server system in some embodiments. In such embodiments,
individuals may access the media production platform 102
through computer programs executing on their own com-
puting devices. For example, an individual may access the
media production platform 102 through a mobile applica-
tion, desktop application, over-the-top (OTT) application, or
web browser. Accordingly, the interfaces 104 may be viewed
on personal computers, tablet computers, mobile phones,
wearable electronic devices (e.g., watches or fitness acces-
sories), network-connected (“smart™) electronic devices
(e.g., televisions or home assistant devices), gaming con-
soles, or virtual/augmented reality systems (e.g., head-
mounted displays).

[0039] Insome embodiments, at least some components of
the media production platform 102 are hosted locally. That
is, part of the media production platform 102 may reside on
the computing device used to access the interfaces 104. For
example, the media production platform 102 may be embod-
ied as a desktop application executing on a personal com-
puter. Note, however, that the desktop application may be
communicatively connected to a network-accessible server
system 108 on which other components of the media pro-
duction platform 102 are hosted.

[0040] In other embodiments, the media production plat-
form 102 is executed entirely by a cloud computing service
operated by, for example, Amazon Web Services® (AWS),
Google Cloud Platform™, or Microsoft Azure®. In such
embodiments, the media production platform 102 may
reside on a network-accessible server system 108 comprised
of one or more computer servers. These computer servers
can include media and other assets, such as digital signal
processing algorithms (e.g., for processing, coding, or fil-
tering digital signals), heuristics (e.g., rules for determining
whether upsampling is necessary, rules for determining the
appropriate sampling rate to which to upsample), and the
like. Those skilled in the art will recognize that this infor-
mation could also be distributed amongst a network-acces-
sible server system and one or more computing devices. For
example, media content may be stored on a personal com-
puter that is used by an individual to access the interfaces
104 (or another computing device, such as a storage
medium, that is accessible to the personal computer) while
digital signal processing algorithms may be stored on a
computer server that is accessible to the personal computer
via a network.

[0041] As further discussed below, the media production
platform 102 can facilitate upsampling of discrete audio
signals. Generally, these discrete audio signals are obtained
by the media production platform 102 in the form of audio
files. Thus, an individual may be able to select an audio file
and then specity the sampling rate to which the audio file
should be upsampled. For example, the individual may be
able to select an audio file that is representative of a
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recording of a speaker and then specify that the audio file
should be upsampled to 44,100 Hz. Alternatively, upon
receiving input indicative of a selection of an audio file, the
media production platform 102 may upsample the audio file
to progressively higher sampling rates until a quality thresh-
old is reached.

[0042] The media production platform 102 may also be
able to facilitate transcript-driven production of media con-
tent. An individual may be able to alter an audio file by
modifying a corresponding transcript that is viewable
through one of the interfaces 104, or vice versa. For
example, if the individual inserts an audio file into a tran-
script, the media production platform 102 may cause the
audio file to be added to the underlying audio file corre-
sponding to the transcript.

[0043] Moreover, the media production platform 102 may
be able to automatically modify media content on behalf of
the individual. Thus, the media production platform 102
could create or modify a timeline that is associated with a
media-based experience (also referred to as a “content-based
experience”) based on implicit actions or explicit actions of
a person participating in the experience. This person may be
referred to as a “consumer” of the content-based experience.
As an example, the media production platform 102 may
intelligently add, remove, or modify media content in a
guided audio tour as a consumer progresses through the
guided audio tour. Other examples of content-based expe-
riences include audiobooks, presentations, radio segments,
video segments, video games, and the like.

[0044] FIG. 2 illustrates an example of a computing
device 200 able to implement a media production platform
210 through which individuals may be able to record,
produce, deliver, or consume media content. For example, in
some embodiments the media production platform 210 is
designed to generate interfaces through which developers
can generate or produce media content, while in other
embodiments the media production platform 210 is designed
to generate interfaces through which consumers can con-
sume media content. In some embodiments, the media
production platform 210 is embodied as a computer program
that is executed by the computing device 200. In other
embodiments, the media production platform 210 is embod-
ied as a computer program that is executed by another
computing device (e.g., a computer server) to which the
computing device 200 is communicatively connected. In
such embodiments, the computing device 200 may transmit
relevant information, such as media content created,
recorded, or otherwise acquired by the individual, to the
other computing device for processing. Those skilled in the
art will recognize that aspects of the computer program
could also be distributed amongst multiple computing
devices.

[0045] The computing device 200 can include a processor
202, memory 204, display mechanism 206, and communi-
cation module 208. The communication module 208 may be,
for example, wireless communication circuitry designed to
establish communication channels with other computing
devices. Examples of wireless communication circuitry
include integrated circuits (also referred to as “chips™)
configured for Bluetooth, Wi-Fi, NFC, and the like. The
processor 202 can have generic characteristics similar to
general-purpose processors, or the processor 202 may be an
application-specific integrated circuit (ASIC) that provides
control functions to the computing device 200. As shown in
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FIG. 2, the processor 202 can be coupled to all components
of'the computing device 200, either directly or indirectly, for
communication purposes.

[0046] The memory 204 may be comprised of any suitable
type of storage medium, such as static random-access
memory (SRAM), dynamic random-access memory
(DRAM), electrically erasable programmable read-only
memory (EEPROM), flash memory, or registers. In addition
to storing instructions that can be executed by the processor
202, the memory 204 can also store data generated by the
processor 202 (e.g., when executing the modules of the
media production platform 210). Note that the memory 204
is merely an abstract representation of a storage environ-
ment. The memory 204 could be comprised of actual
memory chips or modules.

[0047] The communication module 208 can manage com-
munications between the components of the computing
device 200. The communication module 208 can also man-
age communications with other computing devices.
Examples of computing devices include mobile phones,
tablet computers, personal computers, and network-acces-
sible server systems comprised of computer server(s). For
instance, in embodiments where the computing device 200
is associated with a developer, the communication module
208 may be communicatively connected to a network-
accessible server system on which processing operations,
heuristics, and algorithms for producing media content are
stored. In some embodiments, the communication module
208 facilitates communication with one or more third-party
services that are responsible for providing specified services
(e.g., transcription). The communication module 208 may
facilitate communication with these third-party services
through the use of application programming interfaces
(APIs), bulk data interfaces, etc.

[0048] For convenience, the media production platform
210 may be referred to as a computer program that resides
within the memory 204. However, the media production
platform 210 could be comprised of software, firmware, or
hardware components implemented in, or accessible to, the
computing device 200. In accordance with embodiments
described herein, the media production platform 210 may
include a processing module 212, training module 214,
upsampling module 216, and graphical user interface (GUI)
module 218. These modules may be an integral part of the
media production platform 210. Alternatively, these mod-
ules may be logically separate from the media production
platform 210 but operate “alongside” it. Together, these
modules enable the media production platform 210 to gen-
erate and then support the interfaces through which an
individual can create, record, edit, or consume media con-
tent.

[0049] The processing module 212 may be responsible for
ensuring that data obtained (e.g., retrieved or generated) by
the media production platform 210 is in a format suitable for
the other modules. Thus, the processing module 212 may
apply operations to alter media content obtained by the
media production platform 210. For example, the processing
module 212 may apply denoising, filtering, and/or com-
pressing operations to media content obtained by the media
production platform 210. As noted above, media content
could be acquired from one or more sources. The processing
module 212 may be responsible for ensuring that these data
are in a compatible format, temporally aligned, etc.
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[0050] As further discussed below, the training module
214 and upsampling module 216 may work in concert to
train and then apply a model that is designed to upsample a
first audio signal (also referred to as an “input audio signal”)
with a first sampling rate to a second sampling rate to
produce a second audio signal (also referred to as an “output
audio signal”). At a high level, the model is a machine
learning framework that is comprised of one or more algo-
rithms adapted to upsample an audio signal that is provided
as input, thereby producing another audio signal having a
different sampling rate. One example of a machine learning
framework is a generative adversarial network (GAN) that is
comprised of one or more artificial neural networks (or
simply “neural networks™). The term “neural network”
refers to a collection of algorithms that learns by processing
examples, each of which contains a known input and output,
to form probability-weighted associations between those
elements. Neural networks can “learn” how to produce an
appropriate output given an input without being manually
programmed with rules.

[0051] Assume, for example, that the media production
platform 210 acquires input indicative of a selection of an
audio file to be upsampled. Generally, the audio file will be
in the form of a discrete audio signal with a frequency less
than 40,000 Hz. For example, the discrete audio signal may
have a sampling rate of 8,000 Hz, 16,000 Hz, 22,050 Hz, or
24,000 Hz depending on the computing device used for
recording. In such a scenario, the upsampling module 216
can apply a Fourier transform (e.g., an STFT) to the audio
file to produce a first magnitude spectrum. Then, the upsam-
pling module 216 can apply a model to the first magnitude
spectrogram to produce a second magnitude spectrogram
that corresponds to a higher sampling rate. One example of
a model is a Super Resolution GAN (SRGAN) that is trained
by the training module 214. Thereafter, the upsampling
module 216 can apply an inverse Fourier transform (e.g., an
ISTFT) to the second magnitude spectrogram to create a
second audio file.

[0052] As mentioned above, the training module 214 may
be responsible for training the models that are applied by the
upsampling module 216. The training module 214 may train
and then manage a series of models associated with different
sampling rates. For example, the training module 214 may
train a model to generate magnitude spectrograms corre-
sponding to a sampling rate of 44,100 Hz, a model to
generate magnitude spectrograms corresponding to a sam-
pling rate of 60,000 Hz, a model to generate magnitude
spectrograms corresponding to a sampling rate of 66,000
Hz, etc. Thus, the training module 214 may train one or more
models to produce magnitude spectrograms at different
sampling rates over 40,000 Hz. These models can be stored
in a library, and the appropriate model can be selected from
the library based on the desired sampling rate of the output
audio signal.

[0053] The GUI module 218 may be responsible for
generating the interfaces through which individuals can
interact with the media production platform 210. As shown
in FIGS. 3A-G, these interfaces may include visual indicia
representative of the audio files that make up a media-based
experience, or these interfaces may include a transcript that
can be edited to globally effect changes to a media-based
experience. For example, if an individual deletes a segment
of a transcript that is visible on an interface, the media
production platform 210 may automatically delete a corre-
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sponding segment of audio content from an audio file
associated with the transcript.

[0054] FIGS. 3A-G depict examples of interfaces that
enable an individual to readily produce high-quality media
content. These interfaces, which are created by a media
production platform, may enable nearly anyone who under-
stands how to use a word processor to produce media
content that is suitable for professional applications.
[0055] Moreover, the media production platform can sup-
port powerful features that can be used to create media
content, incorporate consumer feedback, and ensure these
interfaces are readily comprehensible and easy to use.
Examples of media content include location-based experi-
ences involving audio content and/or video content, pod-
casts, audiobooks, radio segments, television segments, pre-
sentations, etc. These powerful features are enabled by
higher-level, content-based editing tools rather than the
lower-level, waveform-based editing tools used by conven-
tional digital audio workstations (DAWs). The media pro-
duction platform may also be designed to facilitate simul-
taneous collaboration between multiple developers, as well
as multiple consumers who may simultaneously consume
media content produced by those developers.

[0056] As shown in FIG. 3A, an interface may include
multiple windows for producing media content. Production
may involve creating and/or editing media content. For
example, one or more tracks 302 corresponding to audio
file(s) could be presented in one window, while a transcript
304 of words recognized in the audio file(s) could be
presented in another window. The track(s) 302 may be
separately or collectively editable. The media production
platform may also be able to intelligently switch between
multiple tracks based on whether certain criteria are satis-
fied, much like a video game engine. For example, the media
production platform may determine whether certain condi-
tion(s) are met for playing a particular audio file. As another
example, the media production platform may determine
whether an individual has begun editing a portion of the
transcript corresponding to a particular audio file.

[0057] Interfaces with multiple windows can easily align
media content for post-processing, editing, etc. Alignment
can also be permitted between media content of different
formats (e.g., audio and text). For example, when an indi-
vidual modifies a transcript (e.g., by copying a segment of
a transcript and pasting it to a different location), the media
production platform may cause the change to be reflected
globally. That is, the media production platform may effect
an identical or similar modification to an audio file associ-
ated with the transcript. Such action may be performed
periodically or continually. For example, the media produc-
tion platform may continually monitor the transcript (or the
corresponding audio file) for changes so long as available
bandwidth and/or connectivity status meets a specified
threshold. Should these measure(s) fall below the specified
threshold, the media production platform may periodically
query whether any modifications have been made to the
transcript (or the corresponding audio file).

[0058] In some embodiments, visual cues are used to
indicate the current position in the transcript 304 and/or the
track(s) 302. Here, for example, the media production plat-
form has highlighted the word corresponding to the current
position in the transcript and created a vertical bar 306 that
overlays the track(s) 302. Other examples of visual cues
include underlining the word corresponding to the current
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position, changing the color of the word corresponding to
the current position, and placing an animated feature (e.g., a
moving sphere) near the word corresponding to the current
position. A timeline 308 may indicate the total duration of
the media content, as well as provide a visual representation
of progress.

[0059] As shown in FIG. 3B, an interface may also
facilitate in-line, multi-track sequencing of the media con-
tent in the windows shown on the interface. In some
embodiments, all of the windows on the interface are
dynamically linked together (e.g., on a phoneme level or a
word level). In other embodiments, only some of the win-
dows on the interface are dynamically linked together.
Various mechanisms, such as a drag-and-drop mechanism,
may allow audio files to be selected/placed directly where an
individual would like the sound to play. Here, for example,
a music file 310 has been placed in the transcript 304 such
that the music will begin playing after the word “Ishmael”
has been uttered. Similarly, a sound file 312 has been placed
in the transcript 304 such that the sound effect will begin
playing after the word “world” has been uttered.

[0060] After an audio file has been placed in the transcript
304, a waveform corresponding to the audio file may be
automatically placed along one of the track(s) 302 in the
waveform window. When the audio file is moved within the
transcript 304 (e.g., due to being dragged from one location
to another location), the media production platform can
ensure that the corresponding waveform moves along the
track as well. As noted above, the transcript 304 and the
audio file(s) arranged along the track(s) 302 are normally
synced with one another so that changes made to one can be
propagated across the other by the media production plat-
form in real time.

[0061] An individual may be able to separately edit the
audio file(s) arranged along the track(s) 302 from within the
waveform window. For example, the individual may be able
to modify the duration of an audio file (e.g., by cutting
material), set fades, and perform other operations without
leaving the interface.

[0062] Asshown in FIG. 3C, files can be stored as separate
documents within a storage space 314 (also referred to as a
“workspace”). Examples of files include text files (e.g.,
transcripts), audio files (e.g., voiceover recordings), and
video files. In some embodiments, the storage space 314 is
associated with a particular project/experience. Accordingly,
only those files related to the particular project/experience
may be shown within the storage space 314. Here, for
example, four separate files (i.e., Felicia Interview 1, Felicia
Interview 2, Felicia Transcript, and Kathy Interview) are
associated with a single project, namely, a guided audio tour
of the Tenderloin neighborhood of San Francisco, Calif. The
four separate files include three audio files (i.e., Felicia
Interview 1, Felicia Interview 2, and Kathy Interview) and
one text file (i.e., Felicia Transcript).

[0063] An individual could manually associate an audio
file with a preexisting transcript when the audio file is
uploaded to the media production platform. Alternatively,
the media production platform could automatically associate
an audio file with a preexisting transcript based on, for
example, a comparison of words recognized in the audio file
to a series of preexisting transcripts. As noted above, the
media production platform may automatically generate a
transcript responsive to receiving the audio file and then post
the transcript to the interface for review by the individual.
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For example, the media production platform may create a
transcript upon determining that a transcript does not already
exist for an acquired audio file. If a transcript is uploaded to
the media production platform (or written using the inter-
face) and no corresponding audio file(s) exist, the media
production platform may automatically generate voice-like
scratch audio that can be used to test aspects of a project/
experience, such as expected runtime, flow, etc.

[0064] Each file accessible to the media production plat-
form may be independently editable using the interfaces
shown in FIGS. 3A-G. However, an individual may also be
able to easily switch between various files while producing
a project/experience. As shown in FIGS. 3D-E, the indi-
vidual could select a segment of a transcript 316 (e.g., by
selecting a portion of the transcript 316 or the corresponding
audio waveform), copy the segment, and then paste the
segment into another transcript, another location in the
transcript 316, etc.

[0065] Corresponding media content may also be trans-
ferred based on the single action performed by the indi-
vidual. For example, the selection of the segment of the
transcript 316 may prompt the media production platform to
create an audio segment by clipping a source audio file. If
the individual copies segments of a first transcript and then
pastes the segments into a second transcript, corresponding
portions of a first audio file associated with the first tran-
script may be used to form a second audio file associated
with the second transcript.

[0066] Such granular modification of the text/audio is
enabled by precisely aligning the transcript and correspond-
ing audio file(s). Alignment may occur during pre-process-
ing of the audio file(s), generating of the transcript, etc.
When an audio file is provided to the media production
platform (e.g., by uploading the audio file through the
interface), various speech recognition processes can be
performed that enable words spoken in the audio file to be
converted into text.

[0067] Accordingly, the media production platform may
be able to automatically align audio file(s) uploaded by an
individual with a preexisting transcript by detecting the
presence of certain words/phrases. These words/phrases
may be referred to as “keywords” or “keyphrases” as they
enable alignment to be accomplished much more easily. In
some embodiments, the media production platform is able to
automatically stack multiple utterances of the same phrase
upon detecting a single occurrence of the phrase in the
preexisting transcript. That is, a speaker may be able to
record one or more takes over a preexisting script. Multiple
occurrences of the same phrase are often indicative of
multiple takes of the same line of dialogue by a voice actor.
The media production platform may be configured to facili-
tate the initiation of playback of the multiple takes, the
selection of a given take, etc.

[0068] The media production platform can create a tran-
script based on the spoken words recognized in an audio file.
Moreover, the media production platform can parse the
recognized words and align the words with the correspond-
ing portions of the audio file on a phoneme level or a word
level. Consequently, audio waveforms can be readily modi-
fied by the media production platform based on changes to
the transcript, and vice versa. Note, however, that even if the
transcript is not identical to the audio file (e.g., the transcript
includes errors, or the speaker has not uttered words in the
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transcript), alignment can still be performed to determine a
best fit for the audio file within the transcript based on
context.

[0069] As shown in FIG. 3E, individuals may be able to
modify the transcript 316 directly. Here, an individual has
added text (“Keep walking straight.”) directly into the
transcript 316. In some embodiments, modifications to the
transcript 316 are visually highlighted in some manner. For
example, newly added text may be highlighted in a particu-
lar color to indicate that audio must still be recorded for that
text. In such instances, if the individual elects to play the
transcript (e.g., for testing purposes), a voice generator
program may read the newly added text so as to not interrupt
the flow of the media-based experience. Examples of modi-
fications include additions of new text, removals of existing
text, and changes to existing text. As shown in FIG. 3F, some
interfaces include a word bar 318 that visually represents the
individual words in an audio file. The media production
platform may automatically populate the word bar 318 after
parsing the audio file to recognize spoken words. Each word
in the word bar 318 may be aligned with a corresponding
portion of an audio waveform corresponding to the audio file
and/or a timeline. Individuals may be able to directly
manipulate the audio file by manipulating the word(s) in the
word bar 318, eliminate gaps in the audio file by manipu-
lating the audio waveform, create gaps in the audio file by
manipulating the audio waveform, etc.

[0070] Multiple voices that are simultaneously speaking in
an audio file (or a video file) may be separately shown using
script section blocks. Such a scenario may be referred to as
“crosstalk.”

[0071] As shown in FIG. 3G, multiple takes of the same
line of dialogue may be displayed in a similar manner. Here,
for example, there are seven different takes 322 of a line of
dialogue 320. These takes 322 are contemporaneous in
nature. That is, all of the takes occur at the same point in
time during a media-based experience. Accordingly, a con-
sumer of the media-based experience will likely only expe-
rience a single take. However, developers may want to see
how the different takes affect flow, runtime, etc.

[0072] Playhead(s) may be used to represent position
while producing, reviewing, or viewing media content. For
example, in some embodiments, multiple playheads are used
for those takes that share words/phrases in common. While
playheads are normally illustrated as vertical lines embed-
ded within the text, other visual indicia may be used. For
example, words may be highlighted in a particular color as
they are presented during playback of a take by the media
production platform.

Overview of Approaches to Upsampling Audio Signals

[0073] As discussed above, an individual may access a
media production platform in order to produce a media
compilation from one or more discrete audio signals. These
discrete audio signals may be of insufficient quality due to
low sampling rates, however. One option for improving the
quality of these discrete audio signals is upsampling. Accu-
rately upsampling in a resource-efficient manner is difficult,
however, especially for discrete audio signals that include
human voices. Simply put, attempts at upsampling discrete
audio signals that include human voices have historically
resulted in outputs that do not reflect how the speakers
actually sound.
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[0074] Introduced here are computer programs and asso-
ciated computer-implemented techniques for upsampling
discrete audio signals to higher sampling rates. When a
discrete audio signal is obtained by a media production
platform, the discrete audio signal can be upsampled to
improve the quality. The approach to upsampling described
herein can be used to increase the quality of discrete audio
signals recordings (e.g., of conversations, dialogue, or
music), as well as improve the accuracy of downstream
processes, such as speech-to-text (STT) conversion, that rely
on those discrete audio signals. Moreover, the approaches
described herein ensure that the upsampled discrete audio
signal is largely or entirely indistinguishable from the con-
tinuous audio signal from which the original discrete audio
signal is derived. The term “discrete audio signal” may refer
to any signal obtained by sampling a continuous audio signal
at uniformly spaced times in accordance with a sampling
rate. The nature of the continuous audio signal is not
important. Thus, the discrete and continuous audio signals
may include speaking or singing of one or more individuals.
[0075] The approach includes two phases, each of which
is discussed below. First, the media production platform
trains a model using one or more samples corresponding to
a particular sampling rate. As an example, if the media
production platform is interested in generating a model to
facilitate upsampling of discrete audio signals to 44,100 Hz,
then samples with sampling rates of 44,100 Hz can be
provided to the model as training data. The term “sample,”
as used herein, may refer to a discrete audio signal that is
used by a model to learn the characteristics of discrete audio
signals at a given sampling rate. Second, the media produc-
tion platform can then apply the model to facilitate upsam-
pling of a discrete audio signal. These stages do not need to
be performed one after the other, however. Training (i.e., the
first stage) may be performed hours, days, or weeks before
upsampling (i.e., the second stage) occurs.

A. Training Models Associated with Different Sampling
Rates

[0076] FIG. 4 depicts a flow diagram of a process 400 for
training a model that is to be used to upsample discrete audio
signals. Initially, a media production platform may receive
input that specifies a desired sampling rate (step 401). For
example, the media production platform may generate an
interface through which an individual is able to specify the
desired sampling rate. As another example, the media pro-
duction platform may be programmed to examine a primary
database that includes a series of trained models, each of
which is associated with a different sampling rate, so as to
determine whether a trained model already exists in the
primary database for the desired sampling rate. The primary
database may be one of multiple databases that are acces-
sible to the media production platform. For example, the
media production platform may manage the primary data-
base in which trained models are stored, and the media
production platform may be able to access one or more other
databases (also referred to as “secondary databases™) in
which magnitude spectrograms, discrete audio signals, and
other information are stored.

[0077] Then, the media production platform can obtain an
untrained model that is representative of a machine learning
framework (step 402). The model may be, for example, a
GAN that is comprised of one or more neural networks that,
when trained, generate an output given an input based on
characteristics learned during training. For instance, as fur-
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ther discussed below, the model can be trained to produce a
magnitude spectrogram at a desired sampling rate (e.g.,
44,100 Hz) responsive to another magnitude spectrogram at
another sampling rate (e.g., 16,000 Hz or 22,050 Hz) being
provided as input.

[0078] Then, the media production platform can train the
model to upsample discrete audio samples that are provided
as input by providing a series of magnitude spectrograms as
training data during a training phase (step 403). Each
magnitude spectrogram may be associated with a different
discrete audio signal, though all of the magnitude spectro-
grams may be associated with the same sampling rate. For
example, if the model is to be trained to facilitate upsam-
pling of discrete audio signals to 44,100 Hz, then the series
of magnitude spectrograms may be associated with a series
of discrete audio signals with sampling rates of 44,100 Hz.
During this training phase, the model learns the character-
istics of magnitude spectrograms (and thus the correspond-
ing discrete audio signals) at the desired sampling rate.
These characteristics can be used to transform a magnitude
spectrogram at one sampling rate into a magnitude spectro-
gram at the desired sampling rate.

[0079] Generally, models are trained to upsample from a
first fixed sampling rate to a second fixed sampling rate. As
an example, a model may be trained to take, as input,
magnitude spectrograms associated with discrete audio sig-
nals with sampling rates of 22,050 Hz and then produce, as
output, magnitude spectrograms corresponding to 44,100
Hz. Said another way, the model may be trained to facilitate
upsampling from 22,050 Hz to 44,100 Hz. As further
discussed below, the media production platform may main-
tain a primary database of models trained to facilitate
upsampling between different sampling rates. For instance,
the primary database may include a first model trained to
facilitate upsampling from Sampling Rate A (e.g., 22,050
Hz) to Sampling Rate B (e.g., 44,100 Hz), a second model
trained to facilitate upsampling from Sampling Rate C (e.g.,
16,000 Hz) to Sampling Rate B (e.g., 44,100 Hz), a third
model trained to facilitate upsampling from Sampling Rate
C (e.g., 16,000 Hz) to Sampling Rate D (e.g., 48,000 Hz),
etc. The media production platform may be able to identify
the appropriate model from the primary database based on
an analysis of the discrete audio signals (or corresponding
magnitude spectrograms) to be upsampled. Alternatively,
more than one of these models could be combined into a
superset model that can be directly applied by the media
production platform.

[0080] The series of magnitude spectrograms that are
provided as training data may be acquired by the media
production platform in several different ways. In some
embodiments, the media production platform may receive
another input that is indicative of a selection of the series of
magnitude spectrograms made through an interface that is
generated by the media production platform. Upon receiving
this input, the media production platform can retrieve the
series of magnitude spectrograms from a secondary data-
base. This secondary database may be associated with a
media compilation (also referred to as a “project”), an
enterprise, or an individual. In other embodiments, the
media production platform may receive another input that is
indicative of a selection of a series of discrete audio signals.
In such embodiments, the media production platform may
retrieve the series of discrete audio signals from a secondary
database and then apply a transform (e.g., a Fourier trans-
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form) to each of the series of audio signals to produce the
series of magnitude spectrograms.

[0081] Thereafter, the media production platform can
store the trained model in the primary database (step 404).
As noted above, the primary database may include a series
of trained models, each of which is associated with a
different sampling rate. Trained models may be stored in the
primary database in preparation for future use. When the
media production platform determines that upsampling is
necessary, the appropriate trained model can be selected
from the primary database based on the sampling rate to
which the discrete audio signal of interest is to be
upsampled. Thus, the primary database may be queryable by
the media production platform sampling rate. Additionally
or alternatively, the media production platform may be
configured to generate an interface through which an indi-
vidual can browse or search the primary database.

[0082] Over time, the media production platform may
update the primary database that includes models corre-
sponding to different sampling rates. For example, if the
media production platform determines (e.g., based on input
indicative of a request from a user) that upsampling is
desired to a new sampling rate for which a model does not
already exist, then the media production platform can train
the model using appropriate training data and then store the
newly trained model in the primary database.

[0083] FIG. 5 depicts a flow diagram of another process
500 for training a model that is to be used to upsample
discrete audio signals. Initially, a media production platform
receives input that specifies a desired sampling rate (step
501). Step 501 of FIG. 5 may be substantially similar to step
401 of FIG. 4. The media production platform can then
examine a primary database (also referred to as a “first
database™) that includes trained models associated with
different sampling rates (step 502). As noted above, these
trained models may be, for example, GANs. If the media
production platform determines that none of the trained
models included in the primary database are associated with
the desired sampling rate (step 503), then the media pro-
duction platform can initiate the training phase.

[0084] During the training phase, the media production
platform trains a model to learn the characteristics of mag-
nitude spectrograms that are associated with the desired
sampling rate. Thus, the media production platform may
initially obtain multiple magnitude spectrograms that are
associated with the desired sampling rate (step 504). For
example, the media production platform may acquire mul-
tiple discrete audio signals from a secondary database and
then apply a transform to each discrete audio signal to
produce the multiple magnitude spectrograms that are to be
provided as training data. Alternatively, the media produc-
tion platform may simply acquire the multiple magnitude
spectrograms to be provided as training data. The multiple
magnitude spectrograms may be automatically obtained by
the media production platform responsive to, for example, a
determination that the discrete audio signals or magnitude
spectrograms correspond to a sampling rate of interest.
Alternatively, an individual may be permitted to select the
discrete audio signals or magnitude spectrograms through an
interface that is generated by the media production platform.
Then, the media production platform can provide the mul-
tiple magnitude spectrograms to an untrained model as
training data (step 505).
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[0085] After training is completed, the media production
platform can store the trained model in the primary database
(step 506). The primary database may be accessible to a
single user of the media production platform, or the primary
database may be accessible to multiple users of the media
production platform. For example, the trained models in the
primary database may be accessible to multiple individuals
or enterprises that are subscribers to a service offered or
supported by the media production platform. The primary
database may be located in the memory of the computing
device on which the media production platform is executing.
In some embodiments, the media production platform popu-
lates a data structure with information so as to program-
matically associate the trained model with the desired sam-
pling rate (step 507). This data structure may be stored in a
secondary database that is also located in the memory. At a
high level, the secondary database may include information
summarizing the contents of the primary database. As such,
the secondary database may enable the media production
platform to readily determine whether trained models are
available for sampling rates of interest.

[0086] Training may involve unsupervised learning, semi-
supervised learning, or fully supervised learning. For
example, an individual may specify the desired sampling
rate for which the model is to be trained and then identify the
series of magnitude spectrograms (or the corresponding
series of discrete audio signals) that are to be used for
training. Alternatively, the media production platform may
train the model responsive to determining that a model does
not already exist in the primary database for a sampling rate
specified by an individual. Thus, the media production
platform may be able to train models for various sampling
rates.

[0087] These steps may be performed in various
sequences and combinations. For example, as mentioned
above, in some embodiments the media production platform
may simply acquire the magnitude spectrograms to be used
for training, while in other embodiments the media produc-
tion platform may need to produce the magnitude spectro-
grams to be used for training. Thus, the media production
platform may identify one or more discrete audio signals to
be used for training and then produce a magnitude spectro-
gram for each of those discrete audio signals. As another
example, the training phase could be performed iteratively
as additional magnitude spectrograms or discrete audio
signals are identified. Upon receiving input indicative of a
request to further train a model, the media production
platform may provide one or more magnitude spectrograms
as additional training data. These magnitude spectrograms
may be specified in the input, or these magnitude spectro-
grams may be acquired (e.g., generated or retrieved) by the
media production platform.

[0088] Other steps may also be performed in some
embodiments. For example, the media production platform
may be able to cause transmission of a notification to a
computing device that specifies the model has been trained.
The computing device may be associated with an individual
who indicated an interest in employing the trained model
while producing a media compilation, or the computing
device may be associated with an individual who is respon-
sible for managing the media production platform. As
another example, in embodiments where an individual man-
ages or supervises the training phase via an interface gen-
erated by the media production platform, the media produc-
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tion platform may post notifications to the interface that
indicate whether training is complete.

B. Applying Models to Facilitate Upsampling

[0089] Several processes for upsampling discrete audio
signals from one sampling rate to another sampling rate are
described below. These processes may be described in the
context of specific sampling rates. For example, a process
may be described in the context of converting a first discrete
audio signal with a sampling rate of 22,050 Hz into a second
discrete audio signal with a sampling rate of 44,100 Hz.
However, those skilled in the art will recognize that these
values have been provided solely for the purpose of illus-
tration. These processes may be applicable to any scenario
in which a discrete audio signal is to be upsampled to a
higher sampling rate.

[0090] FIG. 6 depicts a flow diagram of a process 600 in
which a discrete audio signal is upsampled using a model.
As discussed above with reference to FIGS. 4-5, the model
may be trained to upsample discrete audio samples to a
given sampling rate. Initially, a media production platform
may receive input indicative of a selection of a first discrete
audio signal to be upsampled to a desired sampling rate (step
601). As an example, an individual may interface with the
media production platform through an interface as discussed
above with reference to FIGS. 1-3G. Through the interface,
the individual may select the first discrete audio signal
responsive to determining that it will be used in the produc-
tion of a media compilation. In some embodiments, the
media production platform receives another input that speci-
fies the desired sampling rate to which the first discrete audio
signal is to be upsampled. This input may also be provided
through the interface by the individual.

[0091] Alternatively, the media production platform may
determine the desired sampling rate based on the desired
quality of the media compilation, the contents of the first
discrete audio signal, or the channel on which the media
compilation is to be played. For example, the media pro-
duction platform may be programmed to upsample discrete
audio signals that include music or singing to higher sam-
pling rates than discrete audio signals that include spoken
dialogue. As another example, upon determining that the
first discrete audio signal is to be included in a media
compilation, the media production platform may determine
whether a quality threshold has been specified or defined for
the media compilation. In such a scenario, the media pro-
duction platform may upsample the first discrete audio
signal until the quality threshold is reached.

[0092] Thus, the media production platform may auto-
matically upsample discrete audio signals to the desired
sampling rate. As an example, the media production plat-
form may upsample all discrete audio signals that are
obtained by (e.g., uploaded to or retrieved by) the media
production platform. As another example, the media pro-
duction platform may upsample all discrete audio signals
that have been added to a media compilation. For instance,
upon determining that a discrete audio signal has been
selected for inclusion in a media compilation (e.g., by an
individual via the interfaces shown in FIGS. 3A-G), the
media production platform may determine whether the sam-
pling rate of the discrete audio signal exceeds a threshold
and, if not, upsample the discrete audio signal accordingly.
[0093] In some embodiments, the desired sampling rate is
programmed into the media production platform before the
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production process described with reference to FIGS. 3A-G
begins. For example, the individual may specify a prefer-
ence that all discrete audio signals should be upsampled to
the desired sampling rate. As another example, the media
production platform may have a rule that all discrete audio
signals should be upsampled to the desired sampling rate.
Note that, in such embodiments, the individual may be
permitted to override the programming, for example, by
specifying that a discrete audio signal should be upsampled
to a different sampling rate.

[0094] Then, the media production platform can identify a
model that is associated with the desired sampling rate (step
602). As discussed above with reference to FIGS. 4-5, the
model can be trained to produce magnitude spectrograms at
the desired sampling rate.

[0095] The media production platform can then apply a
transform to the first discrete audio signal to produce a first
magnitude spectrogram (step 603). The transform may be a
Fourier transform (e.g., an STFT) that decomposes the first
discrete audio signal from the time domain into the fre-
quency domain. The media production platform can then
apply the model to the first magnitude spectrogram to
produce a second magnitude spectrogram (step 604). Said
another way, the media production platform can provide the
first magnitude spectrogram to the model as input so as to
obtain the second magnitude spectrogram, which is pro-
duced by the model as output. While the first magnitude
spectrogram corresponds to the sampling rate of the first
discrete audio signal, the second magnitude spectrogram
corresponds to the desired sampling rate to which the first
discrete audio signal is to be upsampled. As an example, the
first magnitude spectrogram may correspond to 22,050 Hz
while the second magnitude spectrogram may correspond to
44,100 Hz. Generally, the first and second magnitude spec-
trograms will differ from one another by at least 20,000 Hz.
Then, the media production platform can apply an inverse
transform to the second magnitude spectrogram to produce
a second discrete audio signal that has the desired sampling
rate (step 605). The inverse transform may be an inverse
Fourier transform (e.g., an ISTFT) that recomposes the
second magnitude spectrogram from the frequency domain
into the time domain. The second discrete audio signal can
be made accessible through an interface for playback pur-
poses, or the second discrete audio signal can be stored in a
memory.

[0096] FIG. 7 depicts a flow diagram of another process
700 for upsampling discrete audio signals. Initially, the
media production platform can determine that a first discrete
audio signal having a first sampling rate is to be upsampled
to a second sampling rate (step 701). As discussed above,
this determination may be made responsive to receiving
input indicative of an instruction from an individual to
upsample the first discrete audio signal. Alternatively, this
determination may be made automatically based on, for
example, a comparison of the first sampling rate to a
predetermined threshold.

[0097] Then, the media production platform can examine
a database that includes a series of models, each of which is
associated with a different sampling rate, to identify a model
that is associated with the second sampling rate (step 702).
These models may be, for example, generative models that
include one or more neural networks that are trained to
produce magnitude spectrograms as output. Normally, these
models are trained to accept magnitude spectrograms as
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input. As such, the media production may apply a transform
to the first discrete audio signal to produce a first magnitude
spectrogram (step 703) and then provide the first magnitude
spectrogram to the model as input so as to produce a second
magnitude spectrogram (step 704). Thereafter, the media
production platform can apply an inverse transform to the
second magnitude spectrogram to produce a second discrete
audio signal that has the second sampling rate (step 705).
[0098] In some embodiments, the media production plat-
form receives input that specifies a media compilation with
which the first discrete audio signal is associated (step 706).
For example, an individual may specity, when uploading the
first discrete audio signal, that the first discrete audio signal
was created or recorded to be included in a media compi-
lation. As another example, the media production platform
may determine that the first discrete audio signal is associ-
ated with a media compilation based on, for example, a
comparison of terms spoken within the first discrete audio
signal to transcripts associated with different media compi-
lations. The media production platform may store the second
discrete audio signal in a database that is associated with the
media compilation (step 707).

[0099] Additionally or alternatively, the media production
platform may transmit the second discrete audio signal to a
computing device for review by an individual (step 708). For
example, the media production platform may transmit the
second discrete audio signal to the individual who initiated
the process 700 (e.g., by selecting or uploading the first
discrete audio signal). As another example, the media pro-
duction platform may transmit the second discrete audio
signal to an individual who is associated with the media
compilation with which the first discrete audio signal is
associated. In some embodiments, rather than transmit the
second discrete audio signal to the individual, the media
production platform may simply make the second discrete
audio signal available to the individual for review, exami-
nation, and the like.

[0100] Other steps may also be performed in some
embodiments. For example, the media production platform
may post a visual representation of the second discrete audio
signal to an interface that is accessible via a computer
program executing on a computing device. Through the
interface, an individual may be able to initiate playback of
the second discrete audio signal, or the individual may be
able to edit, alter, or otherwise manipulate the second
discrete audio signal while producing a media compilation
as discussed above with reference to FIGS. 3A-G.

[0101] FIG. 8 includes a high-level illustration of the
processes of FIGS. 6-7. As shown in FIG. 8, a first discrete
audio signal (“Discrete Audio Signal A”) with a first sam-
pling rate (“Sampling Rate A””) can be obtained by a media
production platform. Thereafter, the media production plat-
form may determine that the first discrete audio signal
should be upsampled to a higher sampling rate (“Sampling
Rate B”). For example, the media production platform may
receive input indicative of an instruction to upsample the
first discrete audio signal, or the media production platform
may determine that the first sampling rate does not meet a
predetermined threshold.

[0102] Thereafter, the media production platform can
apply a transform to the first discrete audio signal to produce
a first magnitude spectrogram (“Magnitude Spectrogram
A”) and accompanying phase. At a high level, the first
magnitude spectrogram is a visual representation of the
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spectrum of frequencies of the first discrete audio signal
over time. The media production platform can then apply a
model to the first magnitude spectrogram to produce a
second magnitude spectrogram (“Magnitude Spectrogram
B”). As discussed above, the model can be trained to
transform magnitude spectrograms to a given sampling rate
(here, Sampling Rate B). By applying an inverse transform
to the second magnitude spectrogram and phase associated
with the first magnitude spectrogram, the media production
platform can obtain a second discrete audio signal (“Discrete
Audio Signal B”) that has the higher sampling rate.

Processing System

[0103] FIG.9is ablock diagram illustrating an example of
a processing system 900 in which at least some operations
described herein can be implemented. For example, com-
ponents of the processing system 900 may be hosted on a
computing device on which a media production platform
executes, or components of the processing system 900 may
be hosted on a computing device with which the media
production platform is accessed.

[0104] The processing system 900 may include a proces-
sor 902, main memory 906, non-volatile memory 910,
network adapter 912 (e.g., a network interface), video dis-
play 918, input/output device 920, control device 922 (e.g.,
a keyboard, pointing device, or mechanical input such as a
button), drive unit 924 that includes a storage medium 926,
or signal generation device 930 that are communicatively
connected to a bus 916. The bus 916 is illustrated as an
abstraction that represents one or more physical buses and/or
point-to-point connections that are connected by appropriate
bridges, adapters, or controllers. The bus 916, therefore, can
include a system bus, Peripheral Component Interconnect
(PCI) bus, PCI-Express bus, HyperTransport bus, Industry
Standard Architecture (ISA) bus, Small Computer System
Interface (SCSI) bus, Universal Serial Bus (USB), Inter-
Integrated Circuit (I*C) bus, or bus compliant with Institute
of Electrical and Electronics Engineers (IEEE) Standard
1394.

[0105] The processing system 900 may share a similar
computer processor architecture as that of a computer server,
router, desktop computer, tablet computer, mobile phone,
video game console, wearable electronic device (e.g., a
watch or fitness tracker), network-connected (“smart”)
device (e.g., a television or home assistant device), aug-
mented or virtual reality system (e.g., a head-mounted
display), or another electronic device capable of executing a
set of instructions (sequential or otherwise) that specity
action(s) to be taken by the processing system 900.

[0106] While the main memory 906, non-volatile memory
910, and storage medium 926 are shown to be a single
medium, the terms “storage medium” and “machine-read-
able medium” should be taken to include a single medium or
multiple media that stores one or more sets of instructions
928. The terms “storage medium” and “machine-readable
medium” should also be taken to include any medium that
is capable of storing, encoding, or carrying a set of instruc-
tions for execution by the processing system 900.

[0107] In general, the routines executed to implement the
embodiments of the present disclosure may be implemented
as part of an operating system or a specific application,
component, program, object, module, or sequence of
instructions (collectively referred to as “computer pro-
grams”). The computer programs typically comprise one or
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more instructions (e.g., instructions 904, 908, 928) set at
various times in various memories and storage devices in a
computing device. When read and executed by the processor
902, the instructions cause the processing system 900 to
perform operations to execute various aspects of the present
disclosure.

[0108] While embodiments have been described in the
context of fully functioning computing devices, those skilled
in the art will appreciate that the various embodiments are
capable of being distributed as a program product in a
variety of forms. The present disclosure applies regardless of
the particular type of machine- or computer-readable
medium used to actually cause the distribution. Further
examples of machine- and computer-readable media include
recordable-type media such as volatile and non-volatile
memory devices 910, removable disks, hard disk drives,
optical disks (e.g., Compact Disk Read-Only Memory (CD-
ROMS) and Digital Versatile Disks (DVDs)), cloud-based
storage, and transmission-type media such as digital and
analog communication links.

[0109] The network adapter 912 enables the processing
system 900 to mediate data in a network 914 with an entity
that is external to the processing system 900 through any
communication protocol supported by the processing system
900 and the external entity. The network adapter 912 can
include a network adaptor card, a wireless network interface
card, a switch, a protocol converter, a gateway, a bridge, a
hub, a receiver, a repeater, or a transceiver that includes an
integrated circuit (e.g., enabling communication over Blu-
etooth or Wi-Fi).

[0110] The technology introduced here can be imple-
mented using software, firmware, hardware, or any combi-
nation thereof. For example, aspects of the present disclo-
sure may be implemented using special-purpose hardwired
(i.e., non-programmable) circuitry in the form of applica-
tion-specific integrated circuits (ASICs), programmable
logic devices (PLDs), field-programmable gate arrays (FP-
GAs), and the like.

Remarks

[0111] The foregoing description of various embodiments
of the claimed subject matter has been provided for the
purposes of illustration and description. It is not intended to
be exhaustive or to limit the claimed subject matter to the
precise forms disclosed. Many modifications and variations
will be apparent to one skilled in the art. Embodiments were
chosen and described in order to best describe the principles
of the invention and its practical applications, thereby
enabling those skilled in the art to understand the claimed
subject matter, the various embodiments, and the various
modifications that are suited to the particular uses that are
contemplated.

[0112] Although the Detailed Description describes vari-
ous embodiments, the technology can be practiced in many
ways no matter how detailed the Detailed Description
appears. Embodiments may vary considerably in their
implementation details, while still being encompassed by
the specification. Particular terminology used when describ-
ing certain features or aspects of various embodiments
should not be taken to imply that the terminology is being
redefined herein to be restricted to any specific characteris-
tics, features, or aspects of the technology with which that
terminology is associated. In general, the terms used in the
following claims should not be construed to limit the tech-
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nology to the specific embodiments disclosed in the speci-
fication, unless those terms are explicitly defined herein.
Accordingly, the actual scope of the technology encom-
passes not only the disclosed embodiments, but also all
equivalent ways of practicing or implementing the embodi-
ments.

[0113] The language used in the specification has been
principally selected for readability and instructional pur-
poses. It may not have been selected to delineate or circum-
scribe the subject matter. It is therefore intended that the
scope of the technology be limited not by this Detailed
Description, but rather by any claims that issue on an
application based hereon. Accordingly, the disclosure of
various embodiments is intended to be illustrative, but not
limiting, of the scope of the technology as set forth in the
following claims.

What is claimed is:

1. A method comprising:

receiving, by a processor, input that specifies a desired

sampling rate;

obtaining, by the processor, a series of magnitude spec-

trograms that are associated with the desired sampling
rate; and

training, by the processor, a generative adversarial net-

work to upsample discrete audio signals provided as
input to the desired sampling rate by providing the
series of magnitude spectrograms to the generative
adversarial network as training data.

2. The method of claim 1, wherein each magnitude
spectrogram is associated with a different discrete audio
signal.

3. The method of claim 1, further comprising:

storing, by the processor, in a database that includes a

series of generative adversarial networks, each of
which is associated with a different sampling rate.

4. The method of claim 3, wherein the database is
queryable by sampling rate.

5. The method of claim 1, wherein each magnitude
spectrogram is associated with a different discrete audio
signal with the desired sampling rate, and wherein said
training causes the generative adversarial network to learn
characteristics of discrete audio signals with the desired
sampling rate.

6. The method of claim 1,

further comprising:

receiving, by the processor, second input that is indica-
tive of a selection of the series of magnitude spec-
trograms,

wherein said obtaining comprises acquiring the series of

magnitude spectrograms from a database responsive to
receiving the second input.
7. The method of claim 1, further comprising:
receiving, by the processor, second input that is indicative
of a selection of a series of discrete audio signals;

acquiring, by the processor, the series of discrete audio
signals from a database responsive to receiving the
second input; and

applying, by the processor, a transform to each of the

series of discrete audio signals to produce the series of
magnitude spectrograms.

8. The method of claim 1, further comprising:

examining, by the processor in response to said receiving,

a first database that includes generative adversarial
networks associated with different sampling rates; and
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determining, by the processor, that none of the generative
adversarial networks included in the first database are
associated with the desired sampling rate.
9. The method of claim 8, further comprising:
acquiring, by the processor in response to said determin-
ing, a series of discrete audio signals from a second
database; and
applying, by the processor, a transform to each of the
series of discrete audio signals to produce the series of
magnitude spectrograms.
10. The method of claim 1, further comprising:
causing, by the processor, transmission of a notification to
a computing device that specifies the generative adver-
sarial network has been trained.
11. The method of claim 10, wherein the computing
device is associated with an individual who indicated an
interested in employing the generative adversarial network
while producing a media compilation.
12. A computing device comprising:
a memory that includes (i) instructions for training models
to produce magnitude spectrograms at sampling rates
of interest and (ii) a database of models, each of which
has been trained to produce magnitude spectrograms at
a different sampling rate,
wherein the instructions, when executed by a processor,
cause the computing device to:
receive input indicative of a selection of a given
sampling rate,

determine that none of the models included in the
database are associated with the given sampling rate,

obtain multiple magnitude spectrograms that are asso-
ciated with the given sampling rate,

providing the multiple magnitude spectrograms to an
untrained model as training data so as to produce a
trained model, and

store the trained model in the database.

13. The computing device of claim 12, wherein the
instructions further cause the computing device to:

populate a data structure with information so as to pro-
grammatically associate the trained model with the
given sampling rate, and

store the data structure in a second database included in
the memory.

14. The computing device of claim 13, wherein the second

database is queryable by sampling rate.

15. The computing device of claim 12, wherein the input
is provided by a user through an interface generated by a
computer program supported by a media production plat-
form.

16. The computing device of claim 15, wherein the
models in the database are shareable across multiple users of
the media production service.

17. A non-transitory computer-readable medium with
instructions stored thereon that, when executed by a proces-
sor of a computing device, cause the computing device to
perform operations comprising:

obtaining a series of magnitude spectrograms that are
associated with a given sampling rate;

training a neural network-based model to convert a first
magnitude spectrogram provided as input to a second
magnitude spectrogram that is associated with the
given sampling rate by providing the series of magni-
tude spectrograms to the neural network-based model
as training data; and
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storing the neural network-based model in a database that
includes a series of neural network-based models asso-
ciated with different sampling rates.
18. The non-transitory computer-readable medium of
claim 17, wherein the operations further comprise:
generating an interface through which an individual is
able to browse or search the database.
19. The non-transitory computer-readable medium of
claim 18, wherein the operations further comprise:
posting a notification on the interface that indicates that
training of the neural network-based model is com-
plete.
20. The non-transitory computer-readable medium of
claim 17, wherein the operations further comprise:
receive first input indicative of a request to further train
the neural network-based model, the first input speci-
fying a series of audio signals to be used for training,
apply a transform to each of the series of audio signals to
produce a second series of magnitude spectrograms,
and
provide the second series of magnitude spectrograms to
the neural network-based model as additional training
data.



