>
k
PROCEEDINGS of the
ICA 2022/ 24th International Congress on Acoustics

October 24 to 28, 2022 in Gyeongju, Korea

A two-stage full-band speech enhancement model with effective

spectral compression mapping

Zhongshu HOU?3; Qinwen HU"?3; Kai CHEN'??; Jing LU"?3
' Key Laboratory of Modern Acoustics, Nanjing University, Nanjing 210093, China
2NJU-Horizon Intelligent Audio Lab, Horizon Robotics, Beijing 100094, China
3 Nanjing Institute of Advanced Artificial Intelligence, Nanjing 210014, China

ABSTRACT

The direct expansion of deep neural network (DNN) based wide-band speech enhancement (SE) to full-band
processing faces the challenge of low frequency resolution in low frequency range, which would highly likely
lead to deteriorated performance of the model. In this paper, we propose a learnable spectral compression
mapping (SCM) to effectively compress the high frequency components so that they can be processed in a
more efficient manner. By doing so, the model can pay more attention to low and middle frequency range,
where most of the speech power is concentrated. Instead of suppressing noise in a single network structure,
we first estimate a spectral magnitude mask, converting the speech to a high signal-to-ratio (SNR) state, and
then utilize a subsequent model to further optimize the real and imaginary mask of the pre-enhanced signal.
We conduct comprehensive experiments to validate the efficacy of the proposed method.
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1. INTRODUCTION

Speech enhancement (SE) plays an important role in front-end processing for many applications
such as speech communication, automatic speech recognition (ASR) and digital hearing aids, aiming
at improving the overall perceptual quality and intelligibility of speech signals distorted by
background disturbances. In the last decade, data-driven deep neural network (DNN) based SE
methods have achieved significantly better performance over traditional rule-based signal processing
SE methods especially in adverse environments with non-stationary interference (1). However, most
of the DNN-based methods are designed for signals with 16 kHz sampling rate, and the quality of
speech signal at this sampling rate is still inferior to the full band speech with 48 kHz sampling rate.

Most DNN based SE methods operate in the time-frequency (T-F) domain to estimate a mask
between clean and noisy spectrum (2, 3) or directly predict the real and imaginary parts of the target
clean complex spectrum from the noisy speech (4, 5). There are also methods directly estimating the
raw-waveform of the clean signals in the time domain (6). Recently, convolutional recurrent network
(CRN) was proposed (7) and has been proven an efficient network structure for SE in T-F domain with
low computational complexity. It utilizes the convolution neural network (CNN) to capture the local
features in spectrogram and the recurrent neural network (RNN) to exploit the temporal correlation
between consecutive frames. The dual-path recurrent neural network (DPRNN) (8), originally
designed to overcome the deficiency of conventional RNN in modeling long sequence in temporal
dimension, can also be applied in the frequency dimension with the inherent advantage of making full
use of the harmonic spectral structure of speech. We have combined the benefits of CRN and DPRNN
and designed a model called dual-path convolutional recurrent network (DPCRN) (9).

Self-attention mechanism, first introduced in (10), is broadly utilized in sequence-to-sequence
tasks. It can more efficiently model long-term dependencies than RNNs (11) and temporal
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convolutional networks (TCNs) (12, 13) with more efficient parallelization capability . Recent studies
have shown that the attention mechanism also performs well in SE tasks (12, 14).

Most of the SE models are basically employed in wide band (16 kHz) scenarios, while their
performance has not been validated in full band (48 kHz) processing. The direct expansion of these
models to full band is not reasonable. The threefold computational complexity will hinder its real-
time implementation. More importantly, uniform processing in the frequency domain will
comparatively weaken the network’s modeling capacity in low and middle frequency range where the
majority of speech power concentrates. The perceptual band focusing on spectral envelope of speech
(15) is a possible solution, but the rough resolution of spectrum features may drop important
information and degrade the recovered speech quality.

Inspired by the chain optimization framework (5), we propose a two-stage full band SE model
called MHA-DPCRN in this paper. In the first stage, a multi-head attention network (MHAN) is
trained to estimate the amplitude mask between the noisy spectrogram and the clean spectrogram,
aiming at converting the noisy speech to a relatively high SNR state. In the second stage, a DPCRN
structure is jointly trained with MHAN to further optimize the real and imaginary parts of the complex
spectrum. In both stages, a learnable spectral compression mapping (SCM) is designed to keep vital
speech components intact while smoothly compressing the high frequency bands. Accordingly, a
learnable inverse spectral compression mapping (iISCM) is used to reconstruct the full-band spectrum
and compensate the information loss during the compressing procedure. We conduct comprehensive
experiments on different open datasets to demonstrate the advantage of the SCM/iSCM structure and
the efficacy of the proposed model.

2. MHA-DPCRN

2.1 Problem Formulation

Let S(n, k) and X(n, k) denote clean and noisy speech in the T-F domain at time frame index n
and frequency bin index k. For simplicity, indexes n and k are omitted hereafter. To recover the
clean speech from the degraded signal, an MHAN, denoted as Fypyy, is first applied to estimate the
spectral magnitude mask (SMM) (16) M and the operation can be expressed as

M = Fuua(1X]) (1)

Suna = MOX )
where © denotes element-wise multiplication and Sy, is the enhanced spectrogram by MHAN. To
further suppress the residual noise and retrieve the phase magnitude details, a successive network on

DPCRN is employed to directly estimate the real and imaginary parts of the complex spectrogram.
Then the enhancement process can be represented as:

Sppcrn = FopcrnSura) 3)
where Fppcry and Sppcry denote the operation of DPCRN and the final enhanced speech
spectrogram respectively.

2.2 Model Architecture

As shown in Figure 1(a), the proposed two-stage network consists of two principal parts, namely
MHAN and DPCRN, and the network details are as follows.

2.2.1 Learnable Spectral Compression Mapping

Directly expanding the bandwidth of a wide-band network to full-band with the same spectral
resolution will allocate two thirds of the computational resources to the less informative high band (8
kHz - 24 kHz), resulting in significant increase of both the computational burden and the learning
difficulty. Therefore, it is necessary to introduce a spectral information mapping strategy to effectively
compress the high band. Mel-scale filter banks are widely used to extract Mel-frequency cepstral
coefficients in speaker recognition (17) due to their analogy to the behavior of human auditory system.
Similar to the Mel-scale, our converted scale is defined with a logarithmic function. To further retain
the information in the critical low band, we warp the spectrum by keeping frequencies below 5 kHz
intact while only transforming frequencies above 5 kHz logarithmically, with the mapping curve
defined as
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Based on the mapping in equation (4), the compression operation is designed. Suppose the F-
dimensional spectrum is compressed into an F.-dimensional spectral representation, with the first K
dimensions denoting the uncompressed low frequencies. The compression can be realized using a
matrix multiplication between a compression matrix of size F, X F and the original spectrum. The
K X F low band mapping portion of the compression matrix keeps low frequency bands unchanged
with a K X K identity submatrix, while the (F. — K) X F high-band part initialized with a series of
triangular filter banks compresses higher bands logarithmically (18). Note that the mapping of
equation (4) roots from the human auditory system and cannot effectively match the sparse distribution
of speech spectrum in high frequency range. Therefore, the direct implementation of this compression
pattern would lead to considerable residual noise.

To more effectively exploit the sparse distribution of speech in high frequency range, we propose
to set the compression matrix partially learnable. In network implementation, a dense layer with no
bias is initialized with weights of the compression matrix. The low band mapping of layer is fixed and
the high-band part is learned by the network. Correspondingly, the inverse spectral compression
mapping (iISCM) is also through a learnable dense layer, but it is randomly initialized. It is observed
that the inversion pattern is closely related to the compression pattern.
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Figure 1 — Overall diagram of the proposed framework

2.2.2 Multi-Head Attention Network

As shown in Figure 1(b), MHAN resembles the multi-head attention network structure used in (12).
It first employs the aforementioned SCM to compress frequency bands in each frame to an F.-
dimension vector, along with a frame-wise normalization and a ReLU activation layer. B repetitive
MHA blocks follow afterwards and no positional encoding is applied. An MHA block consists of a
masked MHA module and a two-layer feed-forward module, with a residual connection (19) and a
frame-wise layer normalization applied after each module. The detailed description on MHA can be
found in (12, 13). Finally, the processed information goes through an iSCM and is mapped into an
interval between 0 and 1 by a sigmoid function, generating the SMM. The product of the estimated
SMM and input STFT spectrogram is obtained in an element-wise manner, and then fed to the DPCRN.

2.2.2 Dual-Path Convolutional Recurrent Network

DPCRN consists of an encoder, a dual-path RNN (DPRNN) module and two decoders, as shown
in Figure 1(c). The real and imaginary parts of the noisy spectrogram are mapped by an SCM before
sending to the encoder. The encoder utilizes the 2-dimensional convolutional (Conv-2D) layers to
extract local patterns from noisy spectrogram. The decoders use the transposed 2-dimensional
convolutional layers (TransConv-2D) symmetric with that in the encoder to refactor low-resolution
features to the original shape. There are skip connections between the encoder and the decoders for
information interaction. Every convolutional layer is followed by a batch normalization layer and a
PReLU activation function. In the DPRNN module, inter-chunk processing uses long short-term
memory (LSTM) unit to model the temporal dependence. As for the intra-chunk processing,
bidirectional LSTM (BiLSTM) is employed to model spectral patterns in a single frame. The LSTM



and BiLSTM are followed by a dense layer and an instance normalization (IN). A residual connection
is then applied between the input of RNN and the output of IN to further mitigate the gradient
vanishing problem.
2.2.3 Training Targets and Loss Function

Power compress loss functions (20) are utilized to better process the information in low power T-
F points:

~ ~ 2 - 2 . <17 112
Lri(5,5) = |[SSea = SEeatl |+ ||SEnag = Stnagl| .+ Litag (5.5) = |list = |ST"I] (5)
Sfear = ISV cosBs, Sinag = ISIYsinbs, (6)
where 65 denotes the phase angle of complex spectrogram, y refers to the compression parameter,
superscript C denotes the power compressed pattern, and || - || refers to the Frobenius norm of the
matrix. MHAN is pre-trained based on the loss function below to estimate an SMM:
Ly = LMag (S~MHA'S)- (7

In the joint training procedure, MHAN is initialized with checkpoint pre-trained and the parameters
of MHAN and DPCRN are optimized simultaneously with the loss function

Ly = Lyqg (§MHAl 5) *+ Liyag (S~DPCRN' 5) + L (Sppern, S)- (8)

3. Experiments

3.1 Datasets

To demonstrate the efficiency of the SCM/iSCM structure, we first train our model on simulated
datasets where clean speech clips are mainly generated from VCTK (21) and SIWIS (22), and noise
recordings are from DEMAND (23) and QUT-NOISE (24). 16000 clips of clean speech (around 45 h)
are generated with 8% for validation. Audios are convolved with room impulse responses randomly
selected from openSLR26 and openSLR28 (25) to simulate reverberant environments. The SNR of
noisy speech ranges from 15 to -5dB. In the testing stage, we select clean speech from DAPS (26) and
noise from Saki (27, 28), to create simulated noisy speech. The SNR range of the test noisy speech is
the same as the training set. All the audio clips used is sampled at 48 kHz.

For evaluation on real acoustic environment, we train our model with dataset provided by ICASSP
2022 DNS4 challenge (29). The training configures are the same as simulated datasets. To compare
our model with previous state-of-the-art (SOTA) full-band and super-wideband SE methods, we also
train and test our model on the classic open VCTK-DEMAND dataset (30).

3.2 Parameter Setup and Training Strategy

The window length and hop size are 25ms and 12.5ms respectively. The FFT length is 1200 and
the hanning widow is used. The SCMs map the 601-dimension spectrum to a 256-dimension feature.
For MAHN part, we set parameters B =5 and the number of heads is 8. In DPCRN, the output
channel of the Conv-2D in the encoder is [16,32,48,64,80]. The kernel size and the stride are
respectively set to [(5,2),(3,2),(3,2),(3,2),(2,1)] and [(2,1),(1,1),(1,1),(1,1),(1,1)] in frequency and
time dimension. We use DPRNN module with 1 intra chunk and 1 inter chunk, and the hidden size is
set to 127. There are two ways to train the SCMs on simulated datasets, with one setting the whole
parameters learnable while another setting the high-band part learnable, labeled as High Learn.

Warmup strategy (12) is critical in training MHAN ,where the learning rate a is updated with the
1 1 ¢
@ 7o' i
training step. We train the model by the warmup-based Adam optimizer with f; = 0.9, [, = 0.98,

rule: a=—=X min( ) , with € =128, warmup steps ¥ = 10000 and ¢ denoting the
€ = 107°. The compression parameter y is % The total parameter of the whole framework is 5.00

million.

3.3 Baselines and Evaluation Metrics

On the simulated test set, we compare our model with the models in DNS challenge, including
NSNet2 (31), DPCRN (9). To prove the validity of the proposed SCM, we intentionally add the
SCM/iSCM structure to the conventional DPCRN, marked as SCM-DPCRN. On VCTK-DEMAND
test set, we compare our model with previous SOTA systems, including RNNoise (32), PercepNet (15),



DCCRN (33), DCCRN+ (34), DeepFilterNet (35), S-DCCRN (36) and DMF-Net (37). On the DNS4
blind test set, we use the NSNet2 as baseline.

We use DNS-MOS P.835 (38) to evaluate results on simulated test set. It provides simulated
subjective evaluation scores namely speech quality (SIG), background noise quality (BAK), and
overall audio quality (OVRL) based on a deep learning model. We also use a common objective metric
called signal to distortion ratio (SDR) (39) for full-band evaluation. On the VCTK-DEMAND test set,
we use the perceptual evaluation of speech quality (PESQ) (40), short-time objective intelligibility
(STOI) (41) to evaluate the SE performance compared with previous SOTA methods. On the DNS4
blind test set, ITU-T P.835 (42) based subjective MOS is employed. It should be noted that the audios
evaluated with PESQ, STOI and DNS-MOS metrics are all down-sampled to 16 kHz.

3.4 Result and Analysis
The performance on simulated test set is presented in Table 1.
Table 1 — Results on simulated test set

Models High Learn BAK SIG OVLR SDR(dB)
Noisy 3.175 4.302 3.289 1.32
NSNet2 4312 3.952 3.600 11.37
DPCRN 4.400 4.104 3.692 13.70
SCM-DPCRN-1 No 4414 4.126 3.735 14.46
SCM-DPCRN-2 Yes 4.466 4.184 3.811 14.73
MHA-DPCRN-1 No 4.502 4.232 3.874 15.44
MHA-DPCRN-2 Yes 4.507 4.237 3.884 15.74

It can be seen that DPCRN with SCM structure performs better than the original DPCRN in terms
of all metrics. It can be attributed to the fact that SCM makes the harmonics feature in low and middle
frequency range more discriminative, as shown in Figure 2, which facilitates more effective
attenuation of noise. Comparing two SCM-DPCRN networks, we can see that the one trained with
High Learn strategy achieves better results. We present the learnt SCM parameters of both in Figure
3, from which we can see that the learnt SCM parameters of model SCM-DPCRN-1 will map the high-
frequency information to the low-frequency range, resulting in additional distortion to major speech
components. While SCM-DPCRN-2 keeps the spectrum below 5 kHz completely intact and only
higher frequency bands are adjusted. The proposed two-stage MHA-DPCRN models show significant
improvements over baselines. It can be seen from Figure 4 that a prior estimated SMM can effectively
reduce major noise components and a subsequent network refines the spectrogram details.
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Figure 2 — Outputs comparison of DPCRN and SCM-DPCRN

(a) Learnt SCM of SCM-DPCRN-1  (b) Learnt SCM of SCM-DPCRN-2
Figure 3 —Comparison of the learnt SCMs
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Figure 4 — [llustrating spectrograms of the enhancement process

Results on VCTK- DEMAND test set is shown in Table 2, and the proposed method achieves higher
scores in terms of both metrics compared with other SOTA full-band models. On average, no less than
0.05 increase in PESQ is achieved. Compared with RNNosie and PercepNet, MHA-DPCRN yields
significant improvement in PESQ and STOI, indicating that the proposed SCM/iSCM structure better
improves speech quality and intelligibility by keeping the resolution of low frequency bands
unchanged.

Table 2 — Results on VCTK-DEMAND test set

Models year Para.(M) PESQ STOI(%)

Noisy - 1.97 92.1

RNNoise 2020 0.06 2.34 92.2
PercepNet 2020 8.00 2.73 -

DCCRN 2020 3.70 2.54 93.8
DCCRN+ 2021 3.30 2.84 -
DeepFilterNet 2021 1.80 2.81 -

S-DCCRN 2022 2.34 2.84 94.0

DMF-Net 2022 7.84 2.97 94.4

MHA-DPCRN(Pro.) 2022 5.00 3.02 94.4

The P.835 based subjective MOS on the DNS challenge blind test set is shown in Table 3,
including subjective speech (SIG), background noise (BAK), overall MOS (OVRL) scores. It
shows that our model still achieves remarkable performance in real acoustic scenarios.

Table 3 — Results on DNS4 challenge blind test set

Models BAK SIG OVLR
Noisy 2.15 4.29 2.63
NSNet2 3.93 3.62 3.26
MHA-DPCRN(Pro.) 4.42 3.97 3.72

4. Conclusions

We design a compression structure in spectrum called SCM for full-band SE task, which has the
benefit of efficiently compressing the high frequency components while guaranteeing the effective
modeling capacity in low and middle frequency range where the majority of speech power
concentrates. We propose a two-stage full band speech enhancement model with SCM in the T-F
domain, named MHA-DPCRN. It suppresses major disturbances with an SMM estimated by MHAN
and further clear residual noise by DPCRN. With 5.0M parameters, our model achieves competitive
results on various datasets.

REFERENCES

1. Wang D, Chen J. Supervised Speech Separation Based on Deep Learning: An Overview. [IEEE/ACM
Trans Audio Speech Lang Process. 2018;26(10):1702-26.
2. Williamson DS, Wang Y, Wang D. Complex ratio masking for monaural speech separation. IEEE/ACM



Trans Audio, Speech and Lang Proc. 2016;24(3):483-92.

3. Hummersone C, Stokes T, Brookes T. On the Ideal Ratio Mask as the Goal of Computational Auditory
Scene Analysis. In: Naik GR, Wang W, editors. Blind Source Separation: Advances in Theory, Algorithms
and Applications. Berlin, Heidelberg: Springer Berlin Heidelberg; 2014. p. 349-68.

4. Tan K, Wang DL, editors. A Convolutional Recurrent Neural Network for Real-Time Speech
Enhancement. INTERSPEECH; 2018.

5. Li A, Liu W, Luo X, Yu G, Zheng C, Li X, editors. A Simultaneous Denoising and Dereverberation
Framework with Target Decoupling. Interspeech; 2021.

6. Pandey A, Wang DL, editors. TCNN: Temporal Convolutional Neural Network for Real-time Speech
Enhancement in the Time Domain. ICASSP 2019 - 2019 IEEE International Conference on Acoustics,
Speech and Signal Processing (ICASSP); 2019.

7. Tan K, Wang DL, editors. Complex Spectral Mapping with a Convolutional Recurrent Network for
Monaural Speech Enhancement. IEEE International Conference on Acoustics, Speech and Signal
Processing (ICASSP); 2019.

8. Luo Y, Chen Z, Yoshioka T. Dual-Path RNN: Efficient Long Sequence Modeling for Time-Domain
Single-Channel Speech Separation. ICASSP 2020 - 2020 IEEE International Conference on Acoustics,
Speech and Signal Processing (ICASSP). 2020:46-50.

9. Le X, Chen H, Chen K-J, Lu J, editors. DPCRN: Dual-Path Convolution Recurrent Network for Single
Channel Speech Enhancement. Interspeech; 2021.

10. Vaswani A, Shazeer N, Parmar N, Uszkoreit J, Jones L, Gomez AN, et al. Attention is all you need.
Proceedings of the 31st International Conference on Neural Information Processing Systems; Long Beach,
California, USA: Curran Associates Inc.; 2017. p. 6000-10.

11.Pandey A, Wang D. Dense CNN with self-attention for time-domain speech enhancement. IEEE/ACM
transactions on audio, speech, and language processing. 2021;29:1270-9.

12.Nicolson A, Paliwal KK. Masked multi-head self-attention for causal speech enhancement. Speech
Communication. 2020;125:80-96.

13.Subakan C, Ravanelli M, Cornell S, Bronzi M, Zhong J, editors. Attention is all you need in speech
separation. ICASSP 2021-2021 IEEE International Conference on Acoustics, Speech and Signal
Processing (ICASSP); 2021: IEEE.

14.Koizumi Y, Yatabe K, Delcroix M, Masuyama Y, Takeuchi D, editors. Speech enhancement using self-
adaptation and multi-head self-attention. ICASSP 2020-2020 IEEE International Conference on Acoustics,
Speech and Signal Processing (ICASSP); 2020: IEEE.

15. Valin J-M, Isik U, Phansalkar N, Giri R, Helwani K, Krishnaswamy A. A perceptually-motivated approach
for low-complexity, real-time enhancement of fullband speech. arXiv preprint arXiv:200804259. 2020.

16. Wang Y, Narayanan A, Wang D. On training targets for supervised speech separation. IEEE/ACM Trans
Audio, Speech and Lang Proc. 2014;22(12):1849-58.

17.Yang H-w, Liu Y-l, Huang D-z, editors. Speaker recognition based on weighted mel-cepstrum. 2009
Fourth International Conference on Computer Sciences and Convergence Information Technology; 2009:
IEEE.

18.Fayek H. Speech processing for machine learning: Filter banks, mel-frequency cepstral coefficients
(mfccs) and what’s in-between. URL: https:/haythamfayek com/2016/04/21/speech-processingfor-
machine-learning html. 2016.

19.He K, Zhang X, Ren S, Sun J, editors. Deep residual learning for image recognition. Proceedings of the
IEEE conference on computer vision and pattern recognition; 2016.

20.Li A, Zheng C, Peng R, Li X. On the importance of power compression and phase estimation in monaural
speech dereverberation. JASA Express Letters. 2021;1(1):014802.

21.Yamagishi J, Veaux C, MacDonald K. Cstr vctk corpus: English multi-speaker corpus for cstr voice
cloning toolkit (version 0.92). 2019.

22.Garner P, Honnet PE, Lazaridis A, Yamagishi J. The SIWIS French Speech Synthesis Database. 2017.

23.Thiemann J, Ito N, Vincent E, editors. The Diverse Environments Multi-channel Acoustic Noise Database
(DEMAND): A database of multichannel environmental noise recordings. Proceedings of Meetings on
Acoustics ICA2013; 2013: Acoustical Society of America.

24.Dean D, Sridharan S, Vogt R, Mason M, editors. The QUT-NOISE-TIMIT corpus for the evaluation of
voice activity detection algorithms. Interspeech, Conference of the International Speech Communication
Association, Makuhari, Chiba, Japan, September; 2010.

25.Ko T, Peddinti V, Povey D, Seltzer ML, Khudanpur S, editors. A study on data augmentation of
reverberant speech for robust speech recognition. 2017 IEEE International Conference on Acoustics,



https://haythamfayek/

Speech and Signal Processing (ICASSP); 2017: IEEE.

26.Mysore, Gautham J. Can we Automatically Transform Speech Recorded on Common Consumer Devices
in Real-World Environments into Professional Production Quality Speech?-A Dataset, Insights, and
Challenges. IEEE signal processing letters. 2015.

27.Saki F, Sehgal A, Panahi I, Kehtarnavaz N, editors. Smartphone-based real-time classification of noise
signals using subband features and random forest classifier. 2016 IEEE international conference on
acoustics, speech and signal processing (ICASSP); 2016: IEEE.

28.Saki F, Kehtarnavaz N, editors. Automatic switching between noise classification and speech
enhancement for hearing aid devices. 2016 38th Annual International Conference of the IEEE
Engineering in Medicine and Biology Society (EMBC); 2016: IEEE.

29.Dubey H, Gopal V, Cutler R, Aazami A, Matusevych S, Braun S, et al. ICASSP 2022 Deep Noise
Suppression  Challenge2022  February 01, 2022:[arXiv:2202.13288 p.]. Available from:
https://ui.adsabs.harvard.edu/abs/2022arXiv220213288D.

30. Valentini-Botinhao C, Wang X, Takaki S, Yamagishi J, editors. Investigating RNN-based speech
enhancement methods for noise-robust Text-to-Speech. SSW; 2016.

31.Xia Y, Braun S, Reddy CK, Dubey H, Cutler R, Tashev I, editors. Weighted speech distortion losses for
neural-network-based real-time speech enhancement. [ICASSP 2020-2020 IEEE International Conference
on Acoustics, Speech and Signal Processing (ICASSP); 2020: IEEE.

32.Valin J-M, editor A hybrid DSP/deep learning approach to real-time full-band speech enhancement. 2018
IEEE 20th international workshop on multimedia signal processing (MMSP); 2018: IEEE.

33.HuY, Liu Y, Lv S, Xing M, Zhang S, Fu Y, et al. DCCRN: Deep complex convolution recurrent network
for phase-aware speech enhancement. arXiv preprint arXiv:200800264. 2020.

34.Lv S, Hu Y, Zhang S, Xie L. Dccrn+: Channel-wise subband dcern with snr estimation for speech
enhancement. arXiv preprint arXiv:210608672. 2021.

35.Schroter H, Rosenkranz T, Maier A. DeepFilterNet: A Low Complexity Speech Enhancement Framework
for Full-Band Audio based on Deep Filtering. arXiv preprint arXiv:211005588. 2021.

36.Lv S, Fu 'Y, Xing M, Sun J, Xie L, Huang J, et al. S-DCCRN: Super Wide Band DCCRN with learnable
complex feature for speech enhancement. arXiv preprint arXiv:211108387. 2021.

37.Yu G, Guan Y, Meng W, Zheng C, Wang H. DMF-Net: A decoupling-style multi-band fusion model for
real-time full-band speech enhancement. arXiv preprint arXiv:220300472. 2022.

38.Reddy CK, Gopal V, Cutler R. DNSMOS P. 835: A non-intrusive perceptual objective speech quality
metric to evaluate noise suppressors. arXiv preprint arXiv:211001763. 2021.

39.Vincent E, Gribonval R, Févotte C. Performance measurement in blind audio source separation. IEEE
transactions on audio, speech, and language processing. 2006;14(4):1462-9.

40.Rix AW, Beerends JG, Hollier MP, Hekstra AP, editors. Perceptual evaluation of speech quality (PESQ)-
a new method for speech quality assessment of telephone networks and codecs. 2001 IEEE international
conference on acoustics, speech, and signal processing Proceedings (Cat No 01CH37221); 2001: IEEE.

41.Taal CH, Hendriks RC, Heusdens R, Jensen J, editors. A short-time objective intelligibility measure for
time-frequency weighted noisy speech. 2010 IEEE international conference on acoustics, speech and
signal processing; 2010: IEEE.

42.Naderi B, Cutler R. A crowdsourcing extension of the itu-t recommendation p. 835 with validation. arXiv
e-prints. 2020:arXiv: 2010.13200.



https://ui.adsabs.harvard.edu/abs/2022arXiv220213288D

