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[24] W. Zhang, R. Scheibler, K. Saijo, S. Cornell, C. Li, Z. Ni, J. Pirklbauer, M. Sach, S. Watanabe, T. Fingscheidt, and Y. Qian, “URGENT challenge: Universality, robustness,
and generalizability for speech enhancement,” in Proc. ISCA Interspeech, 2024, pp. 4868—-4872.
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enhancement challenge,” in Proc. ISCA Interspeech, 2025, pp. 858-862.
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[27] W. Zhang, K. Saijo, J.-w. Jung, C. Li, S. Watanabe, and Y. Qian, “Beyond performance plateaus: A comprehensive study on scalability in speech enhancement,” in Proc.
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