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Abstract:

Speech enhancement is crucial in applications such as telecommunications, hearing aids, and
automatic speech recognition, where background noise can significantly degrade performance.
Traditional methods for speech enhancement often struggle to handle varying noise types and
rapidly changing environments. This paper proposes a real-time speech enhancement framework
using deep generative models, specifically employing Generative Adversarial Networks (GANS)
and Variational Autoencoders (VAEs). Our approach leverages the ability of generative models to
learn complex data distributions, effectively separating clean speech from noise. Experimental
results demonstrate that the proposed method outperforms traditional approaches in both objective
and subjective evaluations, offering superior noise reduction while preserving speech quality. The
model's low latency makes it suitable for real-time applications, achieving significant
improvements in speech intelligibility and quality in various noisy environments.
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Introduction

Speech enhancement aims to improve the quality and intelligibility of speech signals by reducing
background noise and interference[1]. It plays a critical role in various applications, including
mobile communications, hearing aids, voice-controlled systems, and automatic speech recognition
(ASR). Traditional speech enhancement methods, such as spectral subtraction, Wiener filtering,
and statistical-based approaches, have been widely used in the past. However, these techniques
often face limitations when dealing with non-stationary noise or complex acoustic environments.
They typically rely on assumptions about the noise characteristics and may introduce artifacts that
degrade speech quality, especially in real-time scenarios where computational efficiency is
paramount[2]. In recent years, deep learning has emerged as a powerful tool for speech
enhancement, enabling more sophisticated and adaptive models that can learn directly from data.
Deep generative models, such as Generative Adversarial Networks (GANs) and Variational
Autoencoders (VAES), have shown particular promise in this domain. Unlike traditional methods,
deep generative models can capture the underlying distribution of clean speech and noise through
unsupervised learning, offering a more flexible and robust approach to separating speech from
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noise[3]. GANSs, for instance, consist of a generator and a discriminator that are trained
adversarially, allowing the generator to produce high-quality speech enhancements that are
difficult for the discriminator to distinguish from real, clean speech. VAEs, on the other hand, use
a probabilistic framework to model the latent space of clean speech, enabling the reconstruction
of clean signals from noisy inputs. Despite the advancements brought by deep learning, achieving
real-time performance remains a significant challenge. Many existing deep learning-based speech
enhancement models are computationally intensive and involve complex architectures, making
them unsuitable for real-time applications that require low latency[4]. In applications like live
telecommunication, hearing aids, and real-time ASR, the ability to enhance speech without delay
is crucial for maintaining natural communication and user experience. Therefore, there is a
pressing need for models that can deliver high-quality speech enhancement while operating in real-
time. This paper introduces a novel real-time speech enhancement framework using deep
generative models. Our approach combines the strengths of GANs and VAESs to create a model
capable of handling various noise conditions while maintaining low computational complexity.
The proposed model operates in the time-frequency domain, utilizing short-time Fourier transform
(STFT) features to process audio signals[5]. The generative network is designed to learn the
mapping from noisy to clean speech spectrograms, while an adversarial training process ensures
the generation of realistic and intelligible enhanced speech. Furthermore, the architecture is
optimized for low latency, making it suitable for real-time deployment in diverse environments.
We validate our model through extensive experiments on standard speech enhancement
benchmarks, demonstrating its effectiveness in reducing noise and improving speech quality. Both
objective measures, such as Signal-to-Noise Ratio (SNR) and Perceptual Evaluation of Speech
Quality (PESQ), and subjective listening tests indicate that our approach surpasses traditional and
deep learning-based methods. The low computational requirements of the model enable real-time
processing, making it a practical solution for applications where immediate speech enhancement
is essential[6].

Variational Autoencoders (VAESs) for Noise Robustness

While GANSs excel in generating realistic enhancements, Variational Autoencoders (VAES) offer
a probabilistic framework that effectively models the variability of speech and noise, leading to
improved noise robustness. VAES are generative models that learn a compact, latent representation
of the data, allowing for the reconstruction of clean speech from noisy inputs[7]. This latent
representation captures the essential features of speech while disregarding irrelevant noise,
providing a powerful mechanism for enhancing speech in challenging acoustic conditions. In our
framework, the VAE consists of an encoder, a decoder, and a latent space. The encoder maps the
input noisy speech to a latent space that represents the underlying clean speech characteristics[8].
During training, the encoder learns to capture a distribution over this latent space, where similar
inputs result in similar latent representations. This distribution is regularized by a prior, typically
a Gaussian distribution, ensuring that the latent space remains smooth and meaningful. The
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decoder then reconstructs the enhanced speech from this latent representation, using it to filter out
noise and recover the clean signal. The key advantage of using a VAE for speech enhancement
lies in its ability to handle various noise types and intensities[9]. Since the VAE learns a
probabilistic model of clean speech, it can generalize to different noise conditions by leveraging
the learned latent distribution. This makes VAEs particularly effective in non-stationary noise
environments, where the characteristics of noise can change rapidly. By focusing on the latent
representation of speech, the VAE inherently separates speech from noise, leading to enhanced
outputs that are robust to variations in noise. To integrate the VAE into a real-time speech
enhancement system, we design the encoder and decoder networks to be lightweight and
efficient[10]. The encoder uses a convolutional structure to extract relevant features from the input
spectrogram, while the decoder employs deconvolutional layers to reconstruct the clean speech.
By maintaining a low-dimensional latent space, we reduce the computational complexity of the
model, ensuring that the enhancement process remains fast enough for real-time applications. Our
experimental evaluations indicate that the VAE-based approach significantly improves speech
quality and intelligibility in various noisy environments. The model demonstrates a strong ability
to suppress background noise while preserving the natural characteristics of speech[11]. Objective
metrics such as SNR and PESQ show marked improvements over baseline methods, and subjective
listening tests confirm the model's effectiveness in reducing noise artifacts. Furthermore, the low
computational requirements of the VAE make it an attractive solution for real-time speech
enhancement, particularly in scenarios where noise conditions are dynamic and unpredictable. In
conclusion, the integration of VAES into speech enhancement frameworks provides a robust and
efficient means of improving speech quality in noisy environments. By leveraging the probabilistic
nature of VAESs, the model can adapt to different noise types and intensities, offering enhanced
performance in real-world applications where noise is a constant challenge[12].

Generative Adversarial Networks (GANs) for Speech Enhancement

Generative Adversarial Networks (GANSs) have revolutionized various fields in deep learning,
particularly in image and audio processing[13]. In the context of speech enhancement, GANs offer
a robust framework for separating clean speech from background noise by learning complex
mappings between noisy and clean audio signals. A GAN consists of two primary components: a
generator and a discriminator. The generator aims to produce enhanced speech from noisy inputs,
while the discriminator attempts to distinguish between the generated (enhanced) speech and the
actual clean speech. Through adversarial training, the generator learns to create increasingly
realistic enhanced speech, while the discriminator becomes more adept at detecting subtle
discrepancies between the generated and real signals. In our proposed framework, the generator is
designed to operate in the time-frequency domain, taking the noisy speech spectrogram as input
and producing an enhanced spectrogram. This approach allows the model to focus on the spectral
characteristics of speech, which are crucial for distinguishing speech components from noise. The
generator employs a deep convolutional neural network (CNN) architecture with multiple layers
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to capture both local and global features of the input signal[14]. Each layer learns to refine the
representation of the speech signal, progressively suppressing noise while preserving essential
speech characteristics. The output of the generator is an enhanced spectrogram that aims to closely
resemble the clean speech. The discriminator, on the other hand, serves as a quality control
mechanism for the generator. It is trained to classify the input spectrograms as either real (from
clean speech) or fake (generated by the generator). The discriminator's feedback drives the
generator to improve, as it learns to produce enhanced speech that becomes increasingly difficult
for the discriminator to identify as fake[15]. This adversarial process results in a generator capable
of producing high-quality speech enhancements that are both natural-sounding and intelligible. To
ensure the model's practicality in real-time applications, we focus on optimizing the GAN
architecture for low latency and computational efficiency. Traditional GANs can be
computationally intensive, making them challenging to deploy in real-time systems. Therefore, we
introduce several modifications to the GAN structure, such as reducing the depth of the generator
and discriminator networks and employing lightweight convolutional layers[16]. Additionally, we
incorporate spectral normalization and Wasserstein loss to stabilize the training process, enabling
the generator to produce consistent enhancements even in diverse noise conditions. Our
experimental results demonstrate the effectiveness of the GAN-based speech enhancement model.
When tested on noisy speech datasets, the model shows substantial improvements in metrics such
as Signal-to-Noise Ratio (SNR) and Perceptual Evaluation of Speech Quality (PESQ) compared
to traditional methods. Subjective listening tests further validate the enhanced speech quality,
indicating a reduction in noise artifacts and a preservation of speech intelligibility. Importantly,
the optimized GAN architecture achieves these enhancements with low latency, making it suitable
for real-time deployment in environments where immediate noise suppression is required, such as
live communication and hearing aids[17].

Conclusion

In conclusion, The proposed real-time speech enhancement framework using deep generative
models represents a significant advancement in the field of audio processing. By leveraging the
capabilities of GANs and VAEs, our model effectively separates clean speech from noise in
diverse and rapidly changing environments. The generative approach offers superior noise
reduction while preserving the naturalness and intelligibility of speech, addressing the limitations
of traditional enhancement methods. Importantly, the model's low latency and computational
efficiency make it well-suited for real-time applications, ensuring seamless integration into
systems like telecommunications, hearing aids, and ASR. Experimental results validate the
effectiveness of our method, showing improvements in both objective and subjective speech
quality metrics. Future work will focus on further optimizing the model for specific use cases and
exploring its application to multi-microphone and multi-speaker scenarios, broadening the scope
of real-time speech enhancement.
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