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Abstract

FreqWeave is an innovative audio plugin that gives musicians, audio engineers, and
sound designers a revolutionary way to manipulate frequencies in the audio signals of
their tracks. By integrating Fast Fourier Transform (FFT)[1] and Inverse Fast Fourier
Transform (IFFT), the plugin enables real-time splitting, mixing, and cross-synthesis
of audio signals in the frequency domain. Users can dynamically exchange specific
frequency bands between the main audio signal and a sidechain input This plugin can
create unique sound textures, effects, and dynamic soundscapes that can surpass the
capabilities of traditional audio tools.

The plugin’s core features include frequency band splitting and spectral mixing.
Users can set flexible frequency cutoff points to identify two independent frequency
ranges within the audio signal. By adjusting the length and mixing ratio of the fre-
quency bands, as well as toggling band exchange options, users can precisely control
the magnitude and phase exchange between the two bands and the manner of their
interaction. This allows for the creation of intricate and highly creative sound effects.
These features not only expand the possibilities for sound design but also open up new
horizons for constructing dynamic soundscapes.

1 Introduction

FreqWeave is an innovative audio plugin allows for real-time splitting, mixing, and cross-
synthesis of frequency bands between a main audio signal and a sidechain input. Designed
for musicians, audio engineers, and sound designers, it opens up new creative possibilities
in spectral audio processing, enabling the creation of unique textures, effects, and dynamic
soundscapes that transcend the capabilities of traditional audio tools.

The motivation behind developing FreqWeave stems from a desire to push the bound-
aries of conventional audio processing techniques. Traditional tools often limit users to static
equalization and filtering, lacking the flexibility to dynamically manipulate specific frequency
bands in real time. Recognizing the untapped creative potential in frequency-domain ma-
nipulation, we set out to create a plugin that offers precise control over individual frequency
bands while facilitating the exchange and blending of these bands between different audio
sources. By incorporating sidechain processing and user-defined frequency parameters, the
plugin empowers users to explore new sonic territories. My goal was to provide an intuitive
yet powerful tool that enhances the creative workflow, inspiring artists to experiment with
sound in innovative and expressive ways.



On a personal level, the genesis of this plugin is deeply rooted in my own musical project,
Ode to the Nightmare (2024)'. During the creative process, I envisioned an artistic journey
that seamlessly transitions between reality and fantasy, ultimately merging the two realms
into a cohesive sonic experience. To realize this vision, I sought a method to blend disparate
sounds in a way that reflects this convergence of worlds. This led me to explore cross-
synthesis techniques as a means to encapsulate the essence of both realities in my music.

However, when experimenting with existing plugins and tools that offered cross-synthesis
capabilities, I found them lacking in flexibility and unable to produce the exact soundscapes
I imagined. The limitations of these tools hindered my creative expression, preventing me
from fully bringing my artistic vision to life. Determined to overcome these obstacles, I
decided to develop my own plugin that could meet the specific requirements of my project.

By creating FreqWeave, I aimed to craft a solution not only for my own artistic needs but
also for other creators facing similar challenges. This plugin embodies my commitment to
innovation in audio processing, offering users the ability to precisely manipulate and exchange
frequency bands in real time. It serves as a bridge between imagination and reality, enabling
artists to materialize their unique sonic landscapes and push the boundaries of their creative
potential.

2 Related Works

In this section, we review the foundational technologies and existing tools related to our
plugin, which combines spectral modification and cross-synthesis techniques. We delve into
the principles and application areas of spectral analysis and processing, real-time frequency
manipulation, sidechain processing, and frequency cross-synthesis.

2.1 Spectral Modification Techniques

Spectral modification techniques[2] involve directly altering the frequency components of an
audio signal to achieve desired changes in characteristics such as timbre, pitch, and spatial
attributes. By transforming the time-domain signal into the frequency domain using the Fast
Fourier Transform (FFT)[3], these methods manipulate the amplitude and phase informa-
tion of specific frequency bins, allowing precise control over the spectral content. Common
approaches include spectral filtering, which selectively attenuates or amplifies specific fre-
quency bands to shape the sound; spectral shifting, which moves frequency components up
or down the spectrum to change pitch or create harmonization effects; spectral morphing,
which gradually transforms one sound into another by interpolating between their spectral
representations; and spectral stretching, which alters the timing of spectral components to
change the perceived temporal characteristics of the sound. Additionally, frequency band
manipulation involves isolating and independently processing specific frequency bands for
creative effects. Implementing these techniques presents technical challenges, such as pre-
serving phase coherence[4] to maintain the integrity of the audio signal, selecting appropriate
windowing functions[5] to balance spectral leakage and frequency resolution, and efficiently
reconstructing the time-domain signal using overlap-add methods while minimizing artifacts.

https://soundcloud.com/engi-lian/ode-to-a-nightingale
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The technical depth required for effective spectral modification is significant. Phase
coherence is critical; modifying spectral components can disrupt the phase relationships
between frequency bins, leading to artifacts or unnatural sounds. Preserving these rela-
tionships ensures that the reconstructed time-domain signal remains faithful to the original
in terms of timing and waveform continuity. The choice of windowing functions, such as
Hamming, Hann, or Blackman windows|[6], affects spectral leakage and frequency resolu-
tion, each offering trade-offs between main-lobe width and side-lobe levels. Larger FFT
sizes provide higher frequency resolution but increase computational demands and latency;,
necessitating a balance between resolution and performance, especially in real-time applica-
tions. Techniques like optimized FFT implementations and efficient memory management
are essential to achieve real-time performance without compromising audio quality. In addi-
tion, overlap-add methods|7] are employed to reconstruct time-domain signals from modified
frequency-domain data while minimizing discontinuities between processed frames.

Despite their versatility, spectral modification techniques have functional limitations.
High-resolution spectral processing is computationally intensive, which can limit real-time
capabilities and the complexity or number of modifications that can be applied simultane-
ously. Complex user interfaces often accompany these tools, potentially overwhelming users
without specialized knowledge due to the plethora of technical parameters involved. Im-
proper parameter settings can lead to artifacts such as spectral leakage, phase distortions,
or unnatural spectral alterations, affecting audio quality. In real-time applications, achieving
low latency is critical, and compromises made to reduce processing delays can introduce arti-
facts like clicks, pops, or reduced spectral accuracy. While side-chain processing is commonly
used in dynamics processors to allow an external audio signal to control the processing of
a main audio signal, typical side-chain plugins focus on dynamic range control rather than
direct manipulation or exchange of frequency content between signals, limiting possibilities
for cross-synthesis or frequency band exchange.

Spectral modification techniques find application across various domains. In sound de-
sign, they enable the crafting of unique sounds by altering spectral content, allowing designers
to create textures and timbres unattainable through time-domain processing alone. In music
production, these techniques enhance or modify the timbre and harmonics to achieve desired
sonic qualities, such as brightening a dull sound or adding warmth to a sterile one. Au-
dio restoration utilizes spectral modification to remove unwanted frequencies and clean up
recordings by attenuating noise or hum at specific frequencies. Speech processing benefits
from modifying vocal characteristics for clarity or special effects, improving intelligibility, or
creating distinctive voice alterations. Research on auditory perception uses spectral modifi-
cation to study the impact of specific spectral changes on human hearing[8]. Furthermore,
real-time spectral manipulation expands creative possibilities in live music performance, in-
teractive sound design, broadcasting, virtual reality, and educational tools, where immediate
feedback and dynamic control enhance the user experience.

2.2 Frequency Cross-Synthesis

Frequency cross-synthesis|[9] involves combining the spectral characteristics of two different
audio signals to produce a new sound that inherits features from both sources. This process
typically begins by extracting the spectral envelope of one signal, known as the modulator,



and applying it to the spectral content of another signal, referred to as the carrier. Techniques
such as vocoding, convolution, and spectral morphing are commonly employed to achieve
this blend. Precise alignment of spectral data and meticulous handling of phase information
are crucial to maintain the coherence and quality of the resulting sound, ensuring that the
hybrid audio maintains both the timbral qualities and the structural integrity of the original
sources.

Implementing frequency cross-synthesis presents several technical challenges. One of
the primary concerns is the computational load, as processing high-resolution spectra in
real time demands significant processing power. Additionally, preventing artifacts such as
aliasing, phase discontinuities, and spectral leakage is essential to preserve sound quality
during the synthesis process. These issues require advanced algorithms and optimization
techniques to manage efficiently. Furthermore, designing user interfaces that make these
complex cross-synthesis techniques accessible to users without specialized knowledge remains
a significant hurdle. Ensuring that users can intuitively manipulate spectral data without
being overwhelmed by technical complexities is vital for broader adoption and practical
application.

Despite its powerful capabilities, frequency cross-synthesis faces functional limitations in
existing tools. Many advanced spectral synthesis tools[10], such as IRCAM’s AudioSculpt[11]
and Native Instruments’ Razor synthesizer, offer robust features for generating unique sounds
but are often complex and not optimized for real-time processing. These tools may require
extensive setup and present steep learning curves, making them less practical for everyday use
by sound designers and musicians who seek intuitive and efficient workflows. Additionally,
the lack of real-time cross-synthesis capabilities in many applications restricts the ability to
perform live manipulations and spontaneous creative experiments, limiting the potential for
dynamic sound creation and performance.

Frequency cross-synthesis finds application across various domains, enhancing both cre-
ative and technical aspects of audio production. In voice transformation, it allows for altering
vocal qualities by blending them with other sounds, enabling the creation of distinctive vo-
cal effects and character voices. Musicians and sound designers utilize cross-synthesis to
create hybrid instruments or textures, merging different sound sources to produce innova-
tive and unique sonic landscapes. In media production, such as films, games, and virtual
reality, cross-synthesis is employed to develop unique audio effects that enhance the immer-
sive experience. Experimental music artists explore new sonic territories through innovative
synthesis methods, pushing the boundaries of traditional sound creation. Additionally, fre-
quency cross-synthesis serves as an educational tool, demonstrating the principles of sound
and signal processing, and facilitating a deeper understanding of auditory perception and
synthesis techniques.

2.3 Comparison with Other Works
2.3.1 Introduction

To contextualize the advancements introduced by our plugin, it is essential to compare it with
existing tools in the domains of spectral analysis, spectral modification, and cross-synthesis.
This comparison highlights the limitations of current solutions and underscores the unique



features and benefits of the FreqWeave.

2.3.2 Spectral Modification Plugins

AudioSculpt (IRCAM)|11]is a standalone application that provides advanced spectral
analysis and transformation tools, including spectral filtering, stretching, and cross-synthesis.
It allows detailed manipulation of the spectral content of audio files. However, it is not
available as a plugin, limiting integration into standard DAW workflows. Additionally, Au-
dioSculpt operates on audio files rather than live audio streams, requiring import/export
processes that disrupt workflow. Its complex interface also has a steep learning curve, mak-
ing it less accessible for users without specialized knowledge.

SPEAR (Sinusoidal Partial Editing Analysis and Resynthesis) [12]is a standalone
application that enables detailed spectral editing by analyzing audio into sinusoidal com-
ponents which can be individually manipulated. Despite its powerful capabilities, SPEAR
does not support real-time processing and cannot be integrated as a plugin within a DAW.
Furthermore, it requires meticulous manual editing, which is time-consuming for complex
tasks, thereby limiting its practicality for fast-paced production environments.

SuperVP [13]is a command-line tool developed by IRCAM for advanced sound transforma-
tions, including time-stretching, pitch-shifting, and spectral envelope modifications. While
SuperVP offers robust features for sound manipulation, it lacks a graphical user interface,
making it less user-friendly for those not comfortable with text-based interfaces. Addition-
ally, SuperVP is designed for offline processing and is not optimized for real-time use within
a DAW. Its complexity requires advanced knowledge to utilize its full capabilities effectively,
posing a barrier to entry for many users.

2.3.3 Cross-Synthesis Plugins

ASAP (Analysis/Synthesis Additive Package) [14]is a plugin that provides tools for
additive synthesis and cross-synthesis, enabling manipulation of spectral content at a gran-
ular level. However, ASAP lacks the ability to process audio in real time within a DAW,
limiting its use in live performance settings. The tools within ASAP are also complex and
may require extensive knowledge to use effectively, which can be daunting for users seeking
intuitive interfaces. Additionally, ASAP is not widely adopted in standard audio production
workflows, reducing its accessibility and community support.

CNMAT Tools[15] from the Center for New Music and Audio Technologies offer a collection
of advanced spectral processing capabilities, including cross-synthesis and spectral delay
effects. These tools often require programming environments like Max/MSP or Pure Data,
which may not integrate seamlessly into typical DAW workflows. Users need familiarity
with programming or patching environments to utilize CNMAT Tools effectively, posing a
significant barrier for those without such skills. Although capable of real-time processing,
the setup complexity can hinder immediate usability, making them less suitable for quick,
on-the-fly sound design tasks.

Vocoder-Based Tools[16] perform cross-synthesis by using one signal (the modulator) to
modulate another (the carrier), resulting in characteristic robotic or synthesized vocal effects.
However, vocoders often have fixed frequency bands and lack precise control over individual



frequency components, limiting their versatility for detailed spectral manipulation. They
tend to produce a distinctive sound that may not be suitable for all applications, restricting
their use to specific genres or effects. Additionally, vocoders may not offer intuitive controls
for detailed spectral manipulation, making it challenging for users to achieve nuanced sound
designs without extensive tweaking.
SMS (Spectral Modeling Synthesis) [17]provides algorithms for spectral modeling and
transformation, useful for sound morphing and hybridization. Despite its powerful features,
SMS is designed primarily for offline processing and is not intended for real-time interac-
tion, limiting its application in live settings. The complexity of spectral modeling requires a
deep understanding of synthesis principles, which can be a barrier for general users seeking
straightforward tools. Moreover, SMS is often used in research contexts rather than main-
stream production environments, resulting in limited integration with popular DAWs and
audio production workflows.

Below is a comparative table summarizing the features and limitations of each tool in
relation to FreqWeave.

Table 1: Comparative Analysis of Spectral Processing Tools

Tool/Plugin Real-Time DAW Inte- User Inter- Precise Frequency
Processing gration face Com- Frequency Band Ex-
plexity Band Con- change
trol

AudioSculpt  No No Complex Yes Limited

SPEAR No No Moderate Yes No

SuperVP No No Complex Yes Limited
(CLI)

ASAP No No Complex Yes Limited

CNMAT Partial Limited Complex Yes Limited

Tools

Vocoders Partial Yes Moderate Limited No

SMS No No Complex Yes Limited

FreqWeave Yes Yes Intuitive Yes Yes

2.3.4 Conclusion of the Comparison

FreqWeave bridges the gaps identified in existing tools by offering real-time, precise, and
intuitive spectral manipulation within a DAW environment. By enabling frequency band
exchange between signals and providing detailed control over spectral content, it empowers
users to explore new creative avenues in sound design and music production. This integration
of advanced features in an accessible format represents a significant advancement in audio
processing technology.



3 Method

3.1 Theoretical Background

FreqWeave plugin is engineered based on advanced digital signal processing (DSP) princi-
ples, primarily leveraging the Fast Fourier Transform (FFT), Short-Time Fourier Transform
(STFT), Inverse Fast Fourier Transform (IFFT), and the manipulation of magnitude and
phase spectra. The FF'T is a cornerstone algorithm in DSP, enabling the conversion of time-
domain audio signals into their frequency-domain representations. This transformation is
pivotal for analyzing and modifying the spectral content of audio, as it decomposes complex
signals into their constituent frequency components. The STFT extends the FFT by apply-
ing it to short, overlapping segments (frames) of the audio signal, allowing for the analysis
of non-stationary signals whose frequency content varies over time. Each frame is windowed
using a Hann window to minimize spectral leakage, ensuring that the transition between
consecutive frames is smooth and free from artifacts.

Once transformed into the frequency domain, the audio signal is represented by its mag-
nitude and phase spectra. The magnitude spectrum conveys the amplitude of each frequency
component, while the phase spectrum retains the phase information necessary for accurate
signal reconstruction. By independently manipulating these spectra, the plugin can perform
complex operations such as frequency band exchange and spectral blending. This separation
allows for precise control over specific frequency bands without altering the overall temporal
structure of the audio signal. Maintaining phase coherence during spectral manipulation is
essential to preserve the naturalness and integrity of the reconstructed time-domain signal,
preventing artifacts such as phasiness or unnatural sound textures.

3.2 Signal Chain
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Figure 1: Signal Chain of FreqWeave



The signal chain of FreqWeave involves a series of meticulously orchestrated signal pro-
cessing steps to achieve real-time spectral modification and cross-synthesis between the main
audio input and a side-chain input. The process initiates with signal input and buffer man-
agement, where the plugin accepts stereo audio from both the main and side-chain inputs.
These inputs are buffered using ring buffers (mainRingBufferand sidechainRingBuffer)
to accumulate a sufficient number of samples equal to the predefined FFT size (fftSize).
Efficient buffer management ensures continuous audio stream handling while minimizing
latency and preventing buffer overruns.

Once the ring buffers contain enough samples, the plugin proceeds with the Short-
Time Fourier Transform (STFT). Each accumulated frame of audio data is windowed us-
ing a Hann window to reduce spectral leakage, then transformed into the frequency do-
main using the FFT provided by JUCE’s juce: :dsp: :FFT class[18]. The resulting complex
frequency-domain data is decomposed into magnitude and phase spectra, enabling inde-
pendent manipulation of these components. The core functionality of the plugin lies in
its spectral modification and cross-synthesis capabilities. User-defined parameters such as
cutFrequencyFrom, cutFrequencyFrom2, and FrequencyBandLength determine the central
frequencies and bandwidths of the targeted frequency bands. The plugin calculates the
corresponding FFT bin indices and identifies the specific frequency bands for modification.

Depending on the ExchangeBandValue parameter, the plugin either interpolates (mixes)
or fully exchanges the magnitude and phase spectra between the main and sidechain in-
puts within the specified frequency bands. This selective manipulation allows for dynamic
interaction between the two audio signals, facilitating creative sound design and harmonic
blending. After spectral modification, the altered magnitude and phase spectra are recom-
bined to form complex frequency-domain data, which is then subjected to the Inverse Fast
Fourier Transform (IFFT) to convert it back into the time domain. The IFFT output is
normalized and windowed again before being processed through the Overlap-Add (OLA)
technique. OLA ensures seamless reconstruction of the continuous audio signal by overlap-
ping and summing consecutive frames, thereby minimizing artifacts such as clicks or pops.
The final reconstructed time-domain signal is written back to the output buffer, ready for
playback or further processing.

3.3 User Interface
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Figure 2: User operation in FreqWeave Plugin
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Figure 3: UI of FreqWeave Plugin

FreqWeave is designed with a user-centric interface that provides intuitive and flexible
controls for managing spectral modification and cross-synthesis parameters. Users interact
with the plugin through a graphical user interface (GUI) that exposes several key parameters,
each corresponding to specific aspects of the signal processing workflow. These parameters
include Cut Frequency Froml and Cut Frequency From2, which allow users to specify
the central frequencies around which the spectral bands for modification are centered. The
Frequency Band Length parameter defines the relative width of these frequency bands,
determining how broad or narrow the targeted spectral modifications will be.

Additionally, the Exchange Band Value parameter controls the extent of magnitude
and phase exchange between the main and side-chain inputs, ranging from complete blending
to full exchange. The Band1l Mix and Band2 Mix parameters enable users to fine-tune
the mixing ratios within each specified frequency band, providing granular control over how
much of each input signal contributes to the final output. These controls are typically
implemented as sliders or knobs, allowing for real-time adjustments during audio playback
or recording.

To enhance usability and provide real-time feedback, the plugin incorporates visual el-
ements such as frequency spectrum analyzers or oscilloscope displays. These visualizations
help users intuitively understand the impact of their adjustments on the audio signal’s fre-
quency content, facilitating more informed and precise control over the spectral modification
process. Furthermore, parameter smoothing techniques are employed to ensure that changes
to the controls do not introduce audible artifacts, maintaining audio continuity and high
fidelity. The combination of intuitive controls, real-time visual feedback, and smooth param-
eter transitions ensures that users can effectively harness the plugin’s spectral modification
and cross-synthesis capabilities for creative and high-quality audio processing.



4 Implementation

4.1 Implementation with the JUCE Framework

The development of FreqWeave plugin is fundamentally grounded in the JUCE frame-
work([19], a robust and versatile C++ library tailored for audio application development.
JUCE provides a comprehensive suite of tools and libraries that facilitate the creation of high-
performance, cross-platform audio plugins. The plugin is architected by leveraging JUCE’s
modular design, which distinctly separates the audio processing logic from the graphical
user interface (GUI). This separation ensures maintainability and scalability, allowing for
independent development and testing of the processing algorithms and the user interface.
Key components of the plugin include the ExchangeBandAudioProcessor class, responsible
for handling all audio processing tasks, and the ExchangeBandAudioProcessorEditor class,
which manages the GUI and user interactions.

Within the JUCE framework, the audio processing pipeline of the FreqWeave is metic-
ulously constructed to facilitate real-time spectral modification and cross-synthesis. The
plugin employs the Short-Time Fourier Transform (STEFT) to convert incoming time-domain
audio signals into the frequency domain using the Fast Fourier Transform (FFT). This trans-
formation is essential for detailed spectral analysis and manipulation, enabling the plugin
to identify and modify specific frequency bands based on user-defined parameters such as
cutFrequencyFroml, cutFrequencyFrom2, and FrequencyBandLength. JUCE’s dsp: :FFT
class is utilized to perform efficient FFT and Inverse Fast Fourier Transform (IFFT) opera-
tions, ensuring that the plugin can process high-resolution spectral data in real time without
introducing significant latency.

Internal management within the plugin encompasses efficient buffer handling and a
thoughtfully designed interface framework. The plugin employs ring buffers (mainRingBuffer
and sidechainRingBuffer) to manage continuous audio streams from both the main and
sidechain inputs, ensuring that sufficient data is accumulated for FF'T processing without
causing buffer underruns or overruns. Effective memory management is achieved through the
preallocation of memory buffers during the prepareToPlay phase, minimizing dynamic mem-
ory allocations during real-time processing and enhancing overall performance. Pointer man-
agement is meticulously handled to prevent memory leaks and ensure data integrity across
various processing stages. Additionally, the plugin integrates JUCE’s AudioProcessorValue-
TreeState for seamless parameter management, allowing user-adjustable parameters to in-
teract smoothly with the underlying DSP algorithms. This integration ensures that param-
eter changes are responsive and do not disrupt the real-time audio processing pipeline.

4.2 Challenges

Throughout the development process, several challenges were encountered and addressed
to ensure the plugin’s robustness and high performance. A primary challenge was effective
memory management, particularly in handling the various buffers and pointers essential
for real-time audio processing. Ensuring efficient allocation and deallocation of memory
was critical to prevent latency and maintain smooth operation. Implementing ring buffers
required meticulous pointer management to avoid memory leaks and buffer overflows, which
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could lead to audio dropouts or crashes. Additionally, synchronizing multiple buffers to
facilitate accurate FFT processing demanded careful design and rigorous testing to maintain
data integrity and processing accuracy.

Parameter management posed another significant challenge, as it was essential to inte-
grate user-adjustable parameters seamlessly with the DSP algorithms to ensure responsive
and intuitive user control. Utilizing JUCE’s AudioProcessorValueTreeState streamlined
the parameter handling process, but integrating it with the real-time processing logic required
careful consideration to maintain low latency and prevent glitches. Furthermore, preallocat-
ing memory buffers during the prepareToPlay phase was necessary to minimize dynamic
memory operations during processing, thereby enhancing performance and reducing the risk
of introducing processing delays. Addressing these challenges involved implementing robust
error handling and validation mechanisms to ensure that memory allocations were successful
and that buffer indices remained within valid ranges. Optimizing the signal processing loop
to minimize computational overhead and leveraging JUCE’s optimized DSP classes were
crucial steps in achieving the desired performance benchmarks. Additionally, designing a
user-friendly interface that balances functionality with simplicity required organizing related
parameters logically, providing clear labels, and incorporating real-time visual feedback to
enhance usability without overwhelming the user.

Through these targeted solutions, FreqWeave successfully delivers advanced spectral
processing capabilities while maintaining efficient memory and buffer management. The
plugin achieves high audio fidelity and responsive user interaction, making it a powerful
tool for audio engineers and sound designers seeking dynamic and high-quality spectral
manipulation in their workflows.

5 Application: Using FreqWeave in Music Composi-
tion

In my composition, Ode to the Nightmare (2024), the "reality" section is primarily shaped by
vocalsincluding soprano and choral elements as well as mid-to-low frequency sound effects and
high-frequency sounds reminiscent of bird calls. Using FreqWeave plugin, I processed these
sounds to create intricate interactions between them. For example, I applied cross-synthesis
between the soprano vocals and the ambient bird-like sounds, blending their frequency bands
to produce ethereal textures that blur the line between the natural and the surreal. This
allowed the high-frequency components of the bird calls to infuse the vocal timbres, adding
a shimmering quality to the voices. Additionally, I manipulated the mid-low frequency
sound effects by exchanging their frequency bands with the choir, enriching the harmonic
content and creating a more immersive soundscape. The plugin enabled seamless transitions
and dynamic layering, resulting in a complex auditory experience that reflects the gradual
merging of reality and fantasy central to my artistic vision.
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6 Discussion and Future Work

FreqWeave offers a novel artistic tool for exploring the creative potential of frequency-domain
manipulation, making it highly relevant to contemporary sound design and experimental
music. Its ability to divide audio into fixed frequency bands and enable dynamic exchanges
between the Main Chain and Side Chain allows artists to explore new sonic textures and
interactions that transcend traditional time-domain effects.

From an artistic perspective, the plugin encourages a rethinking of sound as a malleable,
spectral entity. By empowering users to swap and manipulate specific frequency bands,
it enables a level of spectral granularity that can evoke intricate spatial effects, harmonic
interplay, and dynamic morphing. This level of control is particularly valuable for crafting
surreal soundscapes, designing experimental compositions, or producing forward-thinking
electronic music.

However, some potential critiques lie in the plugin’s focus on fixed frequency band struc-
tures. While this rigidity offers simplicity and control, it may limit more fluid spectral
explorations, such as dynamic band adjustments or adaptive frequency manipulation based
on the content of the audio. Additionally, the artistic utility of the plugin depends heavily
on the users understanding of spectral editing principles, which could pose a barrier to less
experienced users.

Overall, FreqWeave provides an exciting canvas for spectral experimentation, bridging
technical precision and artistic expression. It invites creators to expand their auditory imag-
ination, although its utility may be best appreciated by those with a solid foundation in
sound synthesis and spectral theory. Future developments will focus on creating plugins
that respond more directly to the needs of artistic creation, bridging the gap between tech-
nical innovation and creative expression. By further integrating advanced spectral analysis
and processing techniques, these tools will enable artists and composers to manipulate sound
with greater precision and flexibility, offering new possibilities for artistic exploration.

Key directions include expanding the plugins capabilities to support adaptive spectral
manipulation, real-time interaction, and more intuitive controls tailored to the creative pro-
cess. For instance, dynamic frequency bands, context-aware spectral transformations, and
Al-driven sound analysis could provide more organic and responsive tools for sound design.
Additionally, integrating visual representations of spectral changes could further enhance the
user experience, making the artistic process more immersive and interactive. Furthermore,
embedding comprehensive music analysis features to perceive music texture and frequency
distribution will aid in enhancing the overall sound quality and texture, allowing for more
nuanced and adaptive sound manipulation aligned with the musical context.

Ultimately, the goal is to create tools that seamlessly merge the worlds of technology
and art, enabling musicians, sound designers, and composers to explore uncharted sonic
territories. By aligning technical advancements with the demands of artistic expression,
these plugins will contribute to a richer and more innovative landscape for contemporary
music and sound art. The integration of music adaptation and embedded analysis will not
only enhance the qualitative aspects of the sound but also provide artists with deeper insights
into the structural and textural elements of their compositions, fostering a more profound
and interactive creative process.
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7 Conclusions

FreqWeave represents a significant advancement in audio signal processing, offering users
unprecedented control over spectral manipulation and creative sound design. By leveraging
Fast Fourier Transform (FFT) and Inverse Fast Fourier Transform (IFFT), the plugin pro-
vides a robust framework for dividing, exchanging, and reconstructing audio signals in the
frequency domain. Its dual-chain processing architecture, featuring optional intra-band and
inter-chain frequency exchanges, opens new possibilities for crafting unique sound textures,
dynamic effects, and innovative audio landscapes.

This plugin not only empowers sound designers and musicians with a sophisticated tool
for spectral editing but also bridges technical precision with artistic exploration. The flexi-
bility of band division, real-time control, and interaction between the Main Chain and Side
Chain makes it suitable for a wide range of applications, from music production and sound
design to audio research and experimental composition.

While the plugins current functionality focuses on fixed-band processing, its potential
for expansionsuch as adaptive spectral manipulation or more dynamic band controlpresents
exciting opportunities for future development. Overall, FreqWeave exemplifies the fusion
of engineering ingenuity and artistic vision, providing a powerful platform for pushing the
boundaries of audio creativity.
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