arXiv:2302.10147v1 [eess.AS] 20 Feb 2023

A DNN BASED NORMALIZED TIME-FREQUENCY WEIGHTED CRITERION FOR ROBUST WIDEBAND DOA ESTIMATION

Kuan-Lin Chen^1, Ching-Hua Lee^1, Bhaskar D. Rao^1, and Harinath Garudadri^2

1Department of Electrical and Computer Engineering, University of California, San Diego 2Qualcomm Institute, University of California, San Diego

ABSTRACT

Deep neural networks (DNNs) have greatly benefited direction of arrival (DoA) estimation methods for speech source localization in noisy environments. However, their localization accuracy is still far from satisfactory due to the vulnerability to nonspeech interference. To improve the robustness against interference, we propose a DNN based normalized time-frequency (T-F) weighted criterion which minimizes the distance between the candidate steering vectors and the filtered snapshots in the T-F domain. Our method requires no eigendecomposition and uses a simple normalization to prevent the optimization objective from being misled by noisy filtered snapshots. We also study different designs of T-F weights guided by a DNN. We find that duplicating the Hadamard product of speech ratio masks is highly effective and better than other techniques such as direct masking and taking the mean in the proposed approach. However, the best-performing design of T-F weights is criterion-dependent in general. Experiments show that the proposed method outperforms popular DNN based DoA estimation methods including widely used subspace methods in noisy and reverberant environments.

Index Terms— Speech source localization, direction of arrival, spatial covariance matrix, deep neural networks, array processing

1. INTRODUCTION

One of the goals in speech source localization for many applications such as hearing aids [1] and augmented hearing systems [2] is to estimate the direction of arrival (DoA) of speech signals using microphone arrays. Building upon the foundation of narrowband DoA estimation, the most widely used wideband methods are based on a coherent combination of spatial spectra [3, 4] or spatial covariance matrices (SCMs) [5, 6] at different frequencies to improve the robustness of DoA estimates against noise. For example, the wideband MUltiple SIgnal Classification (MUSIC) [7] and its variants [8, 9]. However, the performance of these conventional methods degrades rapidly with a lower signal-to-noise ratio (SNR) or signal-to-interference ratio (SIR). Without reducing the noise and interference components from the snapshots (see Section 2), it is difficult to improve the estimation of SCMs of the speech for better performance.

The advent of deep learning has opened up many opportunities for conventional approaches [10]. With DNNs, rich T-F patterns in speech and nonspeech are learned to remove noisy components from microphone measurements [11]. For example, in [12, 13, 14, 15], T- F weights predicted from DNNs are assigned to snapshots to better estimate speech SCMs, resulting in the so-called weighted SCMs (WSCMs). When a snapshot is more noisy, a smaller T-F weight

This work was supported in part by NIH/NIDCD under Grant R01DC015436 and in part by NSF/IIS under Grant 1838897.

(a) SIR = −6 dB. (b) SIR = 0 dB. (c) SIR = 20 dB.

Fig. 1. Normalized spatial pseudo-spectra. ♦ and × represent the speaker and interference, respectively. The proposed method (6) is more robust than the DNN based MUSIC (1) in a wide range of SIRs.

is assigned to de-emphasize its contribution to a speech SCM estimate. Because these WSCMs contain less interference and noise components, they are more accurate speech SCMs achieving superior performance for conventional DoA estimation approaches such as wideband MUSIC and its variants. Many other applications such as acoustic beamforming, speech enhancement, and speech recognition [16, 17, 18, 19, 20, 21, 22] have adopted such a framework to improve the estimation of SCMs for downstream tasks.

While recent progress in the above works has demonstrated better estimation of speech SCMs using DNNs, we also find that most of them are still vulnerable to nonspeech interference, even though it is weaker than the target speech. For example, the two popular subspace approaches including the WSCM based MUSIC [12] and principal vector method [13, 14, 15], where the latter has been widely used in many neural beamforming works. Because these methods use normalized eigenvectors of WSCMs to determine the spatial spectra at different frequencies, they lose the information encoded by eigenvalues that are known to highly correlate with SNR and SIR. Furthermore, these methods rely on the assumption that the power of the target signal component is larger than the noise or interference, which is unlikely to be true for all frequency components even for an interference that is weaker than speech. These robustness issues in the WSCM based subspace methods make them less attractive compared to other DNN based methods such as [23, 24]. On the other hand, a comparative study of the best-performing design of T-F weights for different algorithms still remains largely lacking.

In this paper, we propose a normalized T-F weighted criterion and study different designs of the T-F weights guided by a DNN for robust wideband DoA estimation. Our criterion exploits all T- F weights and is more robust to noise and interference with less computational complexity as compared to existing WSCM based approaches that rely on subspaces and eigendecomposition. The proposed method can be applied to arbitrary array geometries, and the DNN used to guide T-F weights is independent of the microphone array used. The training data in our methods are easy to obtain because only single-channel speech and nonspeech corpora are required for training. Experiments show that the proposed normalized T-F weighted method outperforms the DNN based subspace approaches including the popular MUSIC and principal vector method, and a DNN based non-subspace method using the steered response power (SRP), under different types and levels of interference in noisy and reverberant environments.

2. THE SIGNAL MODEL

Let the received signal at the M-element microphone array in the short-time Fourier transform (STFT) domain be y(t, f) = [ y1(t, f) y2(t, f) · · · yM (t, f) ]_T

∈ C^M for all (t, f) with the frequency bin index f ∈ {1, 2, · · · , F } and time frame index t ∈ {1, 2, · · · , T } where ym(t, f) = ∑_I i=1 rm,s_i (f)si(t, f) + ∑_K k=1 r_{m,hk} (f)h_k (t, f) + nm(t, f) for m = 1, 2, · · · , M. We have used si(t, f) ∈ C to denote the STFT of the time-domain target speech signal si(τ ), h_k(t, f) ∈ C to denote the STFT of the timedomain nonspeech interference h_k (τ ), and nm(t, f) ∈ C to denote the STFT of the time-domain additive noise on the m-th microphone. I and K are nonnegative integers representing the number of speech sources and interference sources, respectively. rm,s_i (f) ∈ C denotes the acoustic transfer function (ATF) between the location of the i-th target and microphone m. r_{m,hk} (f) ∈ C denotes the ATF between the location of the k-th interference and microphone m. The vector y(t, f) is referred to as the snapshot in the literature. ⊙ denotes the Hadamard product. Let [M] = {1, 2, · · · , M}.

3. OPTIMIZATION CRITERIA IN PRIOR WORK

In this section, we review two popular wideband DoA estimation approaches and point out their issues. Define w(t, f) = [ w1(t, f) w2(t, f) · · · wM (t, f) ]_T

where wm(t, f) is an estimate of the ideal ratio mask (IRM) for the m-th microphone. Under the noise subspace assumption, the popular DNN based MUSIC [12] finds the DoA by solving the following optimization problem

max_θ ∑ f 1 v^H(θ, f)N(f)N^H(f)v(θ, f) (1) where N(f) represents the noise subspace formed by the eigenvectors corresponding to the M − 1 smallest eigenvalues of the WSCM

Φ(f) = ∑ t [ w(t, f) ⊙ y(t, f) ] [ w(t, f) ⊙ y(t, f) ]_H . (2)

The DNN-guided T-F weights w(t, f) are introduced to filter the snapshot at every T-F bin. The weights wm(t, f) are predicted by a DNN model followed by a post-processing technique before solving the optimization problem for θ. We describe the prediction and learning of these T-F weights in Section 4.2. We have used v(θ, f) ∈ C^M to denote the array manifold (or steering vector) at DoA θ and frequency corresponding to the bin index f under the plane wave assumption [8]. Another popular approach [13, 14, 15] is the principal vector method relying on the signal subspace, which finds the DoA by solving the following optimization problem

max_θ ∑ f v^H(θ, f)p(f)p^H(f)v(θ, f) (3)

where p(f) is the principal eigenvector of the WSCM Φ(f). (1) and (3) are common subspace approaches. Remark 1 and 2 point out their weaknesses. In terms of computational complexity, computing the signal or noise subspace requires performing eigenvalue decomposition which is computationally expensive when M is large.

Remark 1. The power of the speech signal is assumed to be larger than the power of undesired signals. When the interference and noise are stronger than the speech signal at some frequencies, such an assumption can create misleading spatial spectra at those frequencies.

Remark 2. Because w(t, f) suppresses the interference and noise, the principal eigenvalue of an SCM at a noisy frequency is reduced. Taking normalized eigenvectors of every WSCM from different frequencies and combining them uniformly in (1) or (3) weight every frequency equally, losing the ability to de-emphasize the interference and noise components according to the eigenvalues in the objective.

4. PROPOSED METHODS

To overcome the limitations revealed by Remarks 1 and 2, one can use a non-subspace method. The most intuitive approach is a DNN based SRP method solving the following optimization problem

max_θ ∑ f v^H(θ, f)Φ(f)v(θ, f) (4)

in which it uses the whole covariance matrix Φ(f). Such an approach is free from the power assumption and picking eigenvectors as a signal or noise subspace. However, it heavily relies on the estimation quality of T-F weights w(t, f). Since (4) is not robust to imperfect w(t, f), it is still vulnerable to interference and noise.

4.1. A Robust DNN based Normalized T-F Weighted Criterion

When the magnitude of the measurement y(t, f) is large with the corresponding wm(t, f) being not sufficiently small for some m, a normalization of the magnitude of y(t, f) can prevent the objective function from relying on a single low SNR or SIR snapshot (outlier) to a certain degree. Based on such a rationale, we first normalize the filtered snapshot at every T-F bin and then directly match a candidate steering vector to the normalized filtered snapshot, giving the following DNN based normalized T-F weighted criterion

min_{θ,S} ∑ f ∑ t ‖ ‖ ‖ w(t, f) ⊙ y(t, f) ‖y(t, f)‖2 − s(t, f)v(θ, f) ‖ ‖ ‖^2 2 (5) where the optimization variable matrix S ∈ C^{T ×F} is the STFT of the unknown target speech signal whose (t, f) element is s(t, f). Note that it is reasonable to assume ‖y(t, f)‖2 > 0 but we have made a strong assumption that I = 1. Although θ and S are two different unknowns, we are only interested in θ, which can be found by peak detection without knowing S by Theorem 1.

Theorem 1. Let (θ^∗, S^∗) be any local minimizer of (5) and ỹ(t, f) = w(t, f) ⊙ y(t, f). Then, θ^∗ is a local maximizer of

max_θ ∑ f v^H(θ, f) ∑ t ỹ(t, f)ỹ^H(t, f) ‖y(t, f)‖^2 v(θ, f). (6) Also, any local maximizer of (6) is a θ^∗.

Proof. θ^∗ is equivalent to a local maximizer of the objective ∑ f ∑ t‖v(θ, f)v^†(θ, f)^{w(t,f )⊙y(t,f )} ‖y(t,f )‖2 ‖ 2 2 where v^†(θ, f) is the pseudoinverse of v(θ, f). The spatial pseudo-spectrum at f is

given by tr ( A^H(θ, f)A(θ, f) ∑ t ỹ(t,f )ỹH(t,f ) ‖y(t,f )‖2 ) where A(θ, f) =

v(θ, f)v^†(θ, f), giving (6) with the cyclic property of the trace.

4.2. Design of T-F Weights: DNN and Post-processing

To make the DNN predicting the T-F weights w(t, f) independent of the array geometry used in the wideband DoA estimation problem, we propose a unified framework consisting of a signal enhancement DNN model and a post-processing technique. Let Wm, Gm, and Ym be T -by-F matrices whose (t, f)-th element are wm(t, f), Gm(t, f), and ym(t, f), respectively. For all m ∈ {1, 2, · · · , M}, the DNN g : R^{2×T ×F} → R^{T ×F} in- dividually predicts a weight matrix Gm by using the raw T-F representation Ym ∈ C^{T ×F} obtained at the m-th microphone. Once all the weight matrices are computed, we feed them to a postprocessing function qm : R^{M×T ×F} → R^{T ×F} to generate the final T-F weights wm(t, f) for the m-th microphone. Mathematically, Wm = qm (G1, G2, · · · , GM ) where Gm is computed independently by g, i.e., Gm = g ( ℜ{Ym}, ℑ{Ym } ) . We have used ℜ and ℑ to extract the real and imaginary parts of a matrix, respectively. We can utilize a different post-processing for qm as shown in Table 1. The above composition of the post-processing and the DNN establishes the design of T-F weights. During training, only single-channel speech and nonspeech data are required and the DNN model is trained to learn the ideal ratio mask (IRM) [11, 14].

Table 1. Examples of the post-processing function qm. Post-processing Expression for all m ∈ [M]

Identity (direct masking) qm = Gm Minimum [qm]_{t,f} = min_{i∈[M]}[Gi]_{t,f} Maximum [qm]_{t,f} = max_{i∈[M]}[Gi ]_{t,f} Arithmetic mean qm =^1_M ∑_M i=1 Gi Arithmetic median [qm]_{t,f} = median({[Gi ]_{t,f} }^M_{i=1}) Hadamard product qm = G1 ⊙ G2 ⊙ · · · ⊙ GM

Geometric mean [qm]_{t,f} =^M √∏_M i=1[Gi]_{t,f} )

Binary thresholding (BT) [q^m]^{t,f} = 1, if [G^m ]^{t,f} > β [qm]_{t,f} = 0, otherwise

5. EXPERIMENTS

The experiments are conducted at 16 kHz with the target speech from the TIMIT dataset [25], interference from the PNL 100 nonspeech sounds [26] (machine, water, wind, etc), and white Gaussian noise. We randomly divide the 100 nonspeech sounds into 80 for training and 20 for testing. Code is available at https://github.com/kjason/DnnNormTimeFreq4DoA. The DNN: We use a U-Net [27] (0.67M parameters) to predict the IRM. The logistic sigmoid function is applied to the last layer of the U-Net. The loss function is an absolute error loss. The batch size is 16. All networks are trained for 200 epochs. SGD with Nesterov momentum is used. The momentum is set to 0.9. The weight decay is 0.0005. The learning rate is initially set to 0.1 and decreased by a factor of 5 after training 60, 120, and 160 epochs. The speech and interference are created by mixing P clean speech files and P interference files, respectively. P ∈ {1, 2, 3} is uniformly sampled in each example and each file is uniformly sampled from the training set. The SNR and SIR are uniformly sampled in the range of [0, 20] and [−10, 20], respectively. We use PyTorch [28] to train the DNN. Room acoustics and other settings: A 3D room with 9.0m (xaxis), 7.0m (y-axis), and 3.5m (z-axis) is used. A 9-element rectangular microphone array paralleled to the xy-plane with an

(a) BT with different β. (b) Overall comparison.

Fig. 2. MAE in degrees vs. SIR (the same setting as Fig. 3). Different post-processing functions are evaluated for the DNN based MU- SIC (1). “Constant” means wm(t, f) = 1, ∀(m, t, f), leading to original sample SCMs (the signal enhancement model is not used).

equal spacing 0.02m along the x-axis and y-axis is used. The center of the microphone array is placed at the center of the room (4.50m, 3.50m, 1.75m). The speed of sound is 343 m/s. For every simulation using specified RT60, SNR, SIR, T , I, and K, we run C = 200 trials to compute the mean absolute error (MAE) or accuracy. The accuracy is given by the number of successes divided by C. A trial is rated as a success if |θ̂ − θgt| < θthreshold = 3^∘. In each trial, we uniformly place target speakers and nonspeech interference sources at random in the room simulating a dining environment. The distance r between a source (target or interference) and the center of the microphone array on the xy-plane is uniformly sampled in the range of 1.0m to 3.0m. The height z of the source is uniformly sampled between 1.0m and 1.8m. The azimuthal angle θgt (the ground truth DoA) is uniformly sampled between 0^∘ and 360^∘. The angle between any two sources is at least θmin = 10^∘ apart. For every trial, we uniformly sample I clean speech files and K interference files from the test sets. Pyroomacoustics [29] is used to generate the RIRs based on the image source model [30] and detect peaks. The resolution in the 1D grid search is 0.5^∘. We assume only 1 speaker in the room, i.e., I = 1, but allow multiple interference sources, i.e., K ≥ 1. T = 50 if not explicitly specified. 1024-point FFT is used. Frequency bins corresponding to 50 Hz to 7 kHz are used because this is the frequency band of wideband speech coders [31]. Baseline methods: The baselines are the DNN based MUSIC (1), principal vector method (3), and SRP (4). We use the same DNN and their best-performing post-processing techniques for comparison. Post-processing methods: We consider every example in Table 1.

5.1. Different Post-processing Techniques for T-F Weights

Fig. 2(a) shows that a larger β in the BT post-progressing gives a smaller MAE in MUSIC, indicating that the performance of DoA estimation can be improved by preserving only very high-quality snapshots. However, a higher β reduces the number of rank-one matrices in the WSCM, potentially resulting in a singular WSCM. β = 0.9 and β = 0.95 give similar performance and we chose β = 0.9 as the best parameter for BT. Fig. 2(b) shows the overall comparison of different post-processing techniques. The BT gives noticeable improvements over all the other post-processing techniques for MU- SIC. For the proposed normalized T-F weighted method, Fig. 3(a) shows that the Hadamard product is slightly better than the BT and gives the best performance. Fig. 3(b) and 3(c) show that the BT and the Hadamard product are the best-performing post-processing for the principal vector method and the SRP method, respectively. Notice that these results imply that the best post-processing of T-F weights depends on the DoA algorithm. We use the best-performing post-processing for each method in the following investigation.

(a) The proposed method (6). (b) The principal vector method (3). (c) The SRP method (4).

Fig. 3. MAE in degrees vs. SIR (K = 1, RT60 = 0.3s, and SNR = 20 dB). Different post-processing functions are evaluated for different DNN based methods. Note that the ranking of these post-processing methods depends on the DoA estimation algorithm (also see Fig. 2).

(a) −6 dB SIR. (b) 0 dB SIR. (c) +6 dB SIR.

Fig. 4. Accuracy vs. number of snapshots T (K = 1, RT60 = 0.3s, and SNR = 20 dB). The proposed method outperforms all baselines.

Table 2. DoA estimation accuracy. K = 2. SNR = 20 dB. RT60 (seconds) 0.3 0.9 SIR (dB) −6 0 +6 −6 0 +6

MUSIC (eq. 1) 40% 52% 59% 30% 30% 33% Principal (eq. 3) 43% 77% 89% 51% 70% 79%

SRP (eq. 4) 33% 59% 75% 28% 37% 40% Proposed (eq. 6) 54% 81% 91% 59% 76% 88%

5.2. Robustness against a Wide Range of SIRs

Fig. 1 compares MUSIC and the proposed normalized T-F weighted method under RT60 = 0.9s and SNR = 20 dB. It shows that MUSIC can be easily misled by the interference and our proposed method is able to accurately localize the speaker in a wide range of SIRs. Table 2 shows the accuracy for all the candidate methods under different RT60 and SIRs in an environment that has two interference sources. The proposed method strongly outperforms the other methods in all cases. When the environment is more reverberant, the performance degradation of the proposed method is less than the others.

5.3. Number of Snapshots

In contrast to the proposed method, Fig. 4 shows that the accuracy of MUSIC is barely improved with more snapshots, which implies that the noise subspace is hardly improved with more snapshots. On the other hand, the principal vector method performs much better, implying that the signal subspace is a better choice here. The SRP method is better than MUSIC but underperforms the principal vector method. Lastly, Fig. 4 shows that the proposed method outperforms all baselines. These results hold for a wide range of numbers of snapshots T and different SIRs, demonstrating consistency.

5.4. A Closer Look at the Proposed Method

Fig. 5 focuses on the evaluation of the proposed normalized T-F weighted method in different conditions including RT60 and SNRs. In general, the accuracy improves with a higher SNR or lower RT60. The accuracy can still approximately achieve more than 80% for RT60 = 0.9s when both the SIR and SNR are larger than 10 dB.

Fig. 5. Evaluation of the proposed method. K = 2.

6. CONCLUSION

To improve the robustness of WSCM based DoA estimation, we propose a normalized T-F weighted criterion that normalizes and filters snapshots to prevent the optimization objective from being misled by nonspeech components. Experimental results show that the proposed criterion outperforms MUSIC, the principal vector method, and SRP method in different noisy and reverberant environments that contain nonspeech interference sources. Given that T-F weights are crucial to performance, we also study different post-processing techniques and find that the best design is criterion-dependent.

7. REFERENCES

[1] L. Pisha, J. Warchall, T. Zubatiy, S. Hamilton, C.-H. Lee, G.

Chockalingam, P. P. Mercier, R. Gupta, B. D. Rao, and H. Garudadri, “A wearable, extensible, open-source platform for hearing healthcare research,” IEEE Access, vol. 7, pp. 162083– 162101, 2019.

[2] L. Pisha, S. Hamilton, D. Sengupta, C.-H. Lee, K. C. Vastare, T. Zubatiy, S. Luna, C. Yalcin, A. Grant, R. Gupta, et al., “A wearable platform for research in augmented hearing,” in Asilomar Conference on Signals, Systems, and Computers. IEEE, 2018, pp. 223–227.

[3] S. Mohan, M. L. Kramer, B. C. Wheeler, and D. L. Jones, “Localization of nonstationary sources using a coherence test,” in Workshop on Statistical Signal Processing. IEEE, 2003, pp. 470–473.

[4] S. Mohan, M. E. Lockwood, M. L. Kramer, and D. L. Jones, “Localization of multiple acoustic sources with small arrays using a coherence test,” The Journal of the Acoustical Society of America, vol. 123, no. 4, pp. 2136–2147, 2008.

[5] H. Wang and M. Kaveh, “Coherent signal-subspace processing for the detection and estimation of angles of arrival of multiple wide-band sources,” IEEE Transactions on Acoustics, Speech, and Signal Processing, vol. 33, no. 4, pp. 823–831, 1985.

[6] H. Hung and M. Kaveh, “Focussing matrices for coherent signal-subspace processing,” IEEE Transactions on Acoustics, Speech, and Signal Processing, vol. 36, no. 8, pp. 1272–1281, 1988.

[7] R. Schmidt, “Multiple emitter location and signal parameter estimation,” IEEE transactions on antennas and propagation, vol. 34, no. 3, pp. 276–280, 1986.

[8] H. L. Van Trees, Optimum array processing: Part IV of detection, estimation, and modulation theory, John Wiley & Sons, 2004.

[9] M. R. Azimi-Sadjadi, A. Pezeshki, and N. Roseveare, “Wideband DOA estimation algorithms for multiple moving sources using unattended acoustic sensors,” IEEE Transactions on Aerospace and Electronic Systems, vol. 44, no. 4, pp. 1585– 1599, 2008.

[10] K.-L. Chen, C.-H. Lee, H. Garudadri, and B. D. Rao, “ResNEsts and DenseNEsts: Block-based DNN models with improved representation guarantees,” in NeurIPS, 2021.

[11] D. Wang and J. Chen, “Supervised speech separation based on deep learning: An overview,” IEEE/ACM TASLP, vol. 26, no. 10, pp. 1702–1726, 2018.

[12] C. Xu, X. Xiao, S. Sun, W. Rao, E. S. Chng, and H. Li, “Weighted spatial covariance matrix estimation for MUSIC based TDOA estimation of speech source,” in Interspeech, 2017, pp. 1894–1898.

[13] B. Yang, H. Liu, and C. Pang, “Multiple sound source counting and localization based on spatial principal eigenvector,” in Interspeech, 2017, pp. 1924–1928.

[14] Z.-Q. Wang, X. Zhang, and D. Wang, “Robust speaker localization guided by deep learning-based time-frequency masking,” IEEE/ACM TASLP, vol. 27, no. 1, pp. 178–188, 2018.

[15] B. Yang, H. Liu, C. Pang, and X. Li, “Multiple sound source counting and localization based on TF-wise spatial spectrum clustering,” IEEE/ACM TASLP, vol. 27, no. 8, pp. 1241–1255, 2019.

[16] J. Heymann, L. Drude, and R. Haeb-Umbach, “Neural network based spectral mask estimation for acoustic beamforming,” in ICASSP. IEEE, 2016, pp. 196–200.

[17] H. Erdogan, J. R. Hershey, S. Watanabe, M. I. Mandel, and J. Le Roux, “Improved MVDR beamforming using singlechannel mask prediction networks,” in Interspeech, 2016, pp. 1981–1985.

[18] X. Xiao, S. Zhao, D. L. Jones, E. S. Chng, and H. Li, “On time-frequency mask estimation for MVDR beamforming with application in robust speech recognition,” in ICASSP. IEEE, 2017, pp. 3246–3250.

[19] T. Ochiai, S. Watanabe, T. Hori, J. R. Hershey, and X.

Xiao, “Unified architecture for multichannel end-to-end speech recognition with neural beamforming,” IEEE Journal of Selected Topics in Signal Processing, vol. 11, no. 8, pp. 1274–1288, 2017.

[20] Z.-Q. Wang and D. Wang, “All-neural multi-channel speech enhancement,” in Interspeech, 2018, pp. 3234–3238.

[21] Z.-Q. Wang, X. Zhang, and D. Wang, “Robust TDOA estimation based on time-frequency masking and deep neural networks,” in Interspeech, 2018, pp. 322–326.

[22] L. Pfeifenberger, M. Zöhrer, and F. Pernkopf, “Eigenvectorbased speech mask estimation for multi-channel speech enhancement,” IEEE/ACM TASLP, vol. 27, no. 12, pp. 2162– 2172, 2019.

[23] P. Pertilä and E. Cakir, “Robust direction estimation with convolutional neural networks based steered response power,” in ICASSP. IEEE, 2017, pp. 6125–6129.

[24] Z. Wang, J. Li, and Y. Yan, “Target speaker localization based on the complex Watson mixture model and time-frequency selection neural network,” Applied Sciences, vol. 8, no. 11, pp. 2326, 2018.

[25] J. S. Garofolo, L. F. Lamel, W. M. Fisher, J. G. Fiscus, D. S.

Pallett, N. L. Dahlgren, and V. Zue, “TIMIT acoustic-phonetic continuous speech corpus,” Linguistic Data Consortium, 1993.

[26] G. Hu and D. Wang, “A tandem algorithm for pitch estimation and voiced speech segregation,” IEEE TASLP, vol. 18, no. 8, pp. 2067–2079, 2010.

[27] O. Ronneberger, P. Fischer, and T. Brox, “U-Net: Convolutional networks for biomedical image segmentation,” in International Conference on Medical Image Computing and Computer-Assisted Intervention. Springer, 2015, pp. 234–241.

[28] A. Paszke, S. Gross, F. Massa, A. Lerer, J. Bradbury, G.

Chanan, T. Killeen, Z. Lin, N. Gimelshein, L. Antiga, et al., “PyTorch: An imperative style, high-performance deep learning library,” in NeurIPS, 2019.

[29] R. Scheibler, E. Bezzam, and I. Dokmanić, “Pyroomacoustics: A python package for audio room simulation and array processing algorithms,” in ICASSP. IEEE, 2018, pp. 351–355.

[30] J. B. Allen and D. A. Berkley, “Image method for efficiently simulating small-room acoustics,” The Journal of the Acoustical Society of America, vol. 65, no. 4, pp. 943–950, 1979.

[31] R. V. Cox, S. F. D. C. Neto, C. Lamblin, and M. H. Sherif, “ITU-T coders for wideband, superwideband, and fullband speech communication [series editorial],” IEEE Communications Magazine, vol. 47, no. 10, pp. 106–109, 2009.