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Abstract

In this paper, we propose a low-delay speech enhancement method using neural vocoder in the spectral magnitude domain. We
developed the neural vocoder based on HiFi-GAN, and added a new input layer for delay control and designed new architecture
for low-delay operation. When reconstructing the spectral magnitude into a time-domain waveform, the proposed method does not
use phase information, thereby eliminating the degradation caused by incorrect phase. In addition, the proposed method can reduce
the algorithmic delay, compared to the conventional method using the same frame length, because it does not use overlap process

between frames. A subjective performance evaluation confirmed that the proposed method provides improved performance with
50% latency, compared to the conventional method.
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Fig. 1. Speech enhancement in spectral magnitude domain (a) conven-
tional method (b) proposed method
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Fig. 3. Structure of low-delay neural vocoder in the proposed method
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Table 1. DNSMOS results for different speech enhancement models

a'ggglt:;’“c model DNSMOS par:m"efters FLOPs
clean signal 3.55
noisy signal 3.03
Base16 3.30 3.23M 0.21G
16ms Prop16 3.37 27.37TM 24.00G
Prop16* 3.47 27.37TM 24.00G
Base24 3.31 7.25M 0.32G
24ms Prop24 3.43 27.50M 24.01G
Prop24* 3.48 27.50M 24.01G
Base32 3.32 12.88M 0.43G
32ms Prop32 3.44 27.63M 24.03G
Prop32* 3.50 27.63M 24.03G
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Propl6*(small)o] HAIZFS 2 2Fsl=4] A5317] ¢
3ked 17-10700 CPU2F RTX 3070 (8GB) GPU $H73 oA <
o AZ o] thy] ZF AZFQ] RTF (real-time factor)E
2438tk sld 4o RTFE 0912 1 7|7e] RTFES
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A|de] 71 Base32HEth B =2 DNSMOS 452 7Hd&
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21.81M°] 3, AskaEe 17.36 GFLOPs©]th,

(JBE Vol.30, No.6, November 2025)

22 FHN 45 4t
T34 A5 H7= DMOSE AHE-she] 218319
AAY £ 29] 7] wel 98 A% iy 3ot /\1g7}
duit = A=A 5 HrheoH 3 7tel = NSDTSEA
37} HIOIEVJ\OH/W 7} SNREZ S/ 29 FEsle] T
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Table 2. Scoring criteria of DMOS

score scoring criteria
5 Degradation is inaudible.
4 Degradation is audible but not annoying.
3 Degradation is slightly annoying.
2 Degradation is annoying.
1 Degradation is very annoying.

3 3= DMOS Z¥E Agh Ao]a, Propl6* Z Propl6*
(smallyZ 25 F ull9] 52 XA A7 71X = Base32E
=2 DMOS A%< 7HAth 0]% ol 71 Wy o)
50% 52 AQES 7R Ak WHo] 71E W ol H]she
AHAACE e 34 *é% 7¥A AL, AAZE 2HE

o] 7}=38S AZstet)

ST u=E |o

mlo

¥ 3. 7|1E dHut Hiot diio| DMOS Zzt
Table 3. DMOS results of conventional method and proposed method

model DMOS # of parameters FLOPs
noisy signal 1.61
Base32 244 12.88M 0.43G
Prop16* 3.50 27.37TM 24.00G
Prop16*(small) 3.04 21.81M 17.36G
vN. 2 2
2 =rdlMe 71E 24 Y 71e AR A 4
F3 A A E A7) sl 7E HIHE o]&% &
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