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Abstract

Recent advances in deep learning technology have demonstrated exceptional performance in various industrial domains, including
acoustic analysis. However, traditional audio codecs designed for human hearing present limitations in preserving the features
necessary for machine-based processing. In response, this paper proposes an approach called ACoM, which leverages FCM. The
proposed method transforms audio signals into spectrogram and then compresses the features extracted by ResNetlOl to enable
effective anomaly detection at low bitrates. This design minimizes unnecessary information while efficiently retaining key features
critical for anomaly detection. Experimental results indicate that ACoM achieves more stable and superior performance compared to
conventional AAC. Furthermore, with the use of large-scale datasets and optimized deep learning techniques, ACoM is expected to
evolve into a next-generation audio encoding solution for industrial acoustic monitoring and anomaly detection.
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Fig. 2. Overall architecture of FENet. Padded features at multiple resolutions are progressively integrated through encoding

blocks, and the final output is produced via a Gain Unit.
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Fig. 3. DRNet architecture. The output from the Inverse Gain Unit is progressively decoded through Decoding and Feature
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Fig. 4. DCASE Baseline architecture. Anomaly detection is performed based on MSE loss and Mahalanobis distance

computed from the latent space and reconstruction output of the AE, followed by performance evaluation.
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