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ABSTRACT

Recently, speech enhancement technologies that are based on deep learning have received considerable
research attention. If the spatial information in microphone signals is exploited, microphone arrays can be
advantageous under some adverse acoustic conditions compared with single-microphone systems. However,
multichannel speech enhancement is often performed in the short-time Fourier transform (STFT) domain,
which renders the enhancement approach computationally expensive. To remedy this problem, we propose a
novel equivalent rectangular bandwidth (ERB)-scaled spatial coherence feature that is dependent on the target
speaker activity between two ERB bands. Experiments conducted using a four-microphone array in a
reverberant environment, which involved speech interference, demonstrated the efficacy of the proposed
system. This study also demonstrated that a network that was trained with the ERB-scaled spatial feature was
robust against variations in the geometry and number of the microphones in the array.
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1. INTRODUCTION

Recently, monaural speech enhancement technologies that are based on deep learning have
demonstrated promising results compared with traditional signal processing methods. Most advanced
approaches operate in the short-time Fourier transform (STFT) domain, and they estimate real-valued
masks [1, 2] or complex masks [3] using a deep neural network. However, time—frequency-masking-
based approaches are ineffective in canceling out noise between speech harmonics, and they consume
considerable computational resource. To solve these problems, PercepNet [4] uses a triangular
equivalent rectangular bandwidth (ERB) filter band, and it applies a comb filter for the finer
enhancement of periodic components of speech. DeepFilterNet [5], which is a two-stage speech
enhancement framework, uses ERB-scaled gains to enhance the speech envelope, and it employs deep
filtering to enhance periodic components. Moreover, target speech enhancement methods [6—8] that
utilize auxiliary speaker information to address privacy issues and handle overlapped speech
conditions are increasingly being developed. The auxiliary information can be obtained from pre-
enrolled utterances of the target speaker [9-11], video imagery of the target speaker [12],
electroencephalogram signals [13], and speech activities of the target speaker [14].

Although the aforementioned monaural approaches are effective in extracting close-talking speech,
the signal received at the microphone is heavily distorted in far-field applications such as hands-free
teleconferencing and smart speakers. Speech enhancement performance can be improved by the use
of additional spatial information, which can be provided by a microphone array. For instance, the
direction-aware SpeakerBeam presented in [15] combines an attention mechanism with beamforming.
The neural spatial filter proposed in [16] uses directional information while extracting the target
speech. The time-domain SpeakerBeam (TD-SpeakerBeam) presented in [17] employs interchannel
phase differences as additional input features to increase the speaker separation capability. Instead of
ad hoc spatial features [18, 19], suitable spatial feature estimates can be obtained from multichannel
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microphone signals by using a trainable spatial encoder. Although these methods can utilize spatial
information, the training models can be used only for a microphone array that is identical to the
training set. Therefore, a previous study introduced an array-geometry-agnostic personal speech
enhancement model [20] that works regardless of the number of microphones that are used or the type
of array configuration that is applied. Moreover, we recently proposed a target speech sifting network
[21] that is based on a long-short-term spatial coherence (LSTSC) feature; target speaker enrollment
data were used to demonstrated the effectiveness of the network in speech enhancement, and it remains
robust when changes are made to the array geometry and number of microphones used. However, to
the best of our knowledge, no study has investigated ERB-scaled spatial information.

To address the aforementioned research gap, the present study developed a geometry-agnostic
multichannel target speech enhancement system, which utilizes spatial features and pre-enrolled
utterances as inputs, based on DeepFilterNet [5]. In this system, a novel ERB-scaled LSTSC feature
is computed as a spatial feature in relation to the speaker activity pertaining to each ERB band, which
is derived from our previous work [21]. Spatially varying source signals are extracted by the ERB
encoder layers, and speaker-dependent information is used to further extract the target speaker signals
from the mixture. To assess the effectiveness of the proposed system, we explored its robustness
against unseen array geometries and determined the influence of the number of microphones,
including a single-microphone setup with no spatial information, on its performance. Short-time
objective intelligibility (STOI) [22] and perceptual evaluation of speech quality (PESQ) [23] were
employed as performance metrics in the experiments.

2. MULTI-CHANNEL TARGET SPEECH ENHANCEMENT SYSTEM

2.1 LSTSC feature

Consider one static interference source and one target speaker in a reverberant room. The signals are
received by a microphone array containing M elements and are analyzed in the STFT domain. Assume
that the target speaker and a spatially stationary interference source coexist in a room. The problem
can be formulated in the STFT domain, with / denoting the time index and f denoting the frequency
index. The signal captured by the mth microphone can be expressed as

Ym(l,f)=ZJ:A;“(f)Sj(I,f)+Vm(I,f), (1)

where me{l..,M} denotes a given microphone, le{l...T} denotes the time frame, fe{l.. F}

denotes the frequency bin, y"(,f)=A"(f)s,(,f) denotes the signal of the jth source measured by the
mth microphone, A"(f) denotes the acoustic transfer function relating the jth source and the mth
microphone, §,(I,f) denotes the signal of the jth source, and V"(l,f) denotes the nondirectional noise

measured by the mth microphone.
For each TF bin, the short-term relative transfer function (RTF) between the mth microphone and
reference microphone 1 can be estimated by averaging (R + 1) frames:
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where * denotes the complex conjugate operation, (Dymyi denotes the short-time cross-spectral density

estimate between channels m and 1, and CI)y1 ; denotes the short-time autospectral density of the

reference microphone. A “whitened” feature vector r(l, f)eR"* pertaining to each TF bin can be
calculated as follows:
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where |°| is the complex modulus.

For a spatially stationary interference source, the following long-term RTF (which is computed
through recursive averaging) can be used to approximate the expectation of time-average of the feature
vector:

(L f)=AF"( -1 f)+@-A)r"(l, f), m=2,...,M, (4)

where 1 is the forgetting factor that facilitates the tuning between the global view (large A) and the
local view (small 1) of time frames. The feature vector T(l, f)is also whitened after each recursive

step:
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To fully exploit the temporal—spatial information conveyed by the whitened RTF, [21] we can
calculate the LSTSC, 7 (|, f) , between the short-term whitened feature vector r(l, f) and the long-

term whitened feature vector F(l,f) as follows:
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where Re{-} denotes the real-part operator. The Euclidean angle [24] is adopted in the LSTSC
definition to ensure sign sensitivity. The LSTSC is an indicator of the spatial correlation between the
short-term RTF and long-term RTF, which are associated with the spatially stationary interference.
LSTSC values with a large A (global LSTSC) are used to sift out TF bins that either correspond to the
active target or correspond to both the target and the interference, which are rendered inactive. By
contrast, LSTSC values with a small A (local LSTSC) are used to identify TF bins that correspond to
the directional sources.

2.2 ERB-scaled LSTSC

In this section, we present the novel ERB-scaled LSTSC feature derived from the aforementioned
LSTSC feature. On the basis of the equivalent rectangular bandwidth (ERB) for human hearing [25],
the dimensions of a noisy signal can be reduced to 16 bands:

YERB(I,b)zin(f)\Y(I,f)z, b €[0,16], (7)

where w, (f) is the weight of the frequency bins for band b and F, is the number of frequency

bins for band b. Therefore, the dimensions of the LSTSC feature can also be reduced to 16 bands of
an ERB-scaled spatial coherence feature:

R
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where 7, denotes a weight normalization and is expressed as
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2.3 Speaker encoder

The speaker encoder generates a speaker embedding vector from pre-enrolled utterances of the target
speaker. A speaker embedding can be extracted using a speaker encoder that is trained using the target
speech model or a pretrained model for the extraction of speaker information such as the i-vector [26],
x-vector [27], or d-vector [28]. In this study, we used the d-vector, which has been successfully used
in various applications such as speaker diarization, speech synthesis, personal voice activity detection,



and source separation. The proposed model, containing a three-layer long—short-term memory
network followed by a projection layer, was trained using a generalized end-to-end loss function [28],
and the speaker encoder was trained using the VoxCeleb2 data set [29]. The model yields embeddings
in sliding windows. The resulting aggregated embedding, which is known as the d-vector, encodes the
target speaker’s voice characteristics.

2.4 ERB-based multi-channel target speech sifting network

DeepFilterNet [5] is a two-stage deep filtering approach that uses a complex filtering instead of a
point-wise multiplication with a mask. In this study, DeepFilterNet was extended yield to multichannel
personalized DeepFilterNet. As illustrated in Fig. 1, this network has four inputs: the real and
imaginary parts of complex spectrogram features, ERB-scaled spectral feature computed for the
reference microphone, d-vector of the target speaker generated by the speaker encoder, and ERB-
scaled spatial coherence calculated from the array signal. In this network, an ERB encoder/decoder
architecture is used to predict ERB-scaled gains, which can suppress the spatially stationary persistent
interference. The d-vector is concatenated to the middle layer to sift the latent features pertaining to
the target speaker. To further enhance the periodic components, DeepFilterNet predicts per-bin filter
coefficients.
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Figure 1 — ERB-based multi-channel target speech sifting architecture

3. EXPERIMENTAL STUDY

3.1 Data preparation

To validate the proposed multichannel target speech enhancement system, we trained our model using
simulated room impulse responses (RIRs) and tested it using measured RIRs. The measured RIRs
were based on the recently proposed Tampere University Rotated Circular Array Dataset [30], which
contains 777 RIRs. The simulated RIRs were generated using the image-source method [31], with
reverberation time (T60) being set to 0.32, 0.48, and 0.60 s. The microphone array was placed at the
center of the room, and the target speaker and interference were randomly positioned around the array
(within 0.5-2.5 m) under the assumption that the target speaker is always close to the array. In the
training and validation sets, a four-element uniform circular array (UCA) of a radius of 4 cm was
chosen. In the test set, three array configurations were employed to evaluate the robustness of the
proposed enhancement system. The array geometry is illustrated in Fig. 2.

We used data from publicly available data sets and convolved them with the measured and
simulated RIRs. Clean utterances that are necessary for training and testing were selected from the
train-clean-360 and dev-clean subsets of the LibriSpeech corpus [32], which contain utterances from
921 and 40 speakers, respectively. We generated noisy training and test data using the VoxConverse
data set [33], from which 74-h human-conversation clips from YouTube were chosen. The audio
contained noise of various types, such as background noise, music, laughter, and applause.

In the training phase, a reference speech signal, which was derived from the utterances of the



target speaker and different from the clean signal, was randomly selected for enrollment. Noisy audio
signals in the form of 8-s clips were prepared by mixing clean target speech signals and interferences
to yield signal-to-noise ratios (SNRs) of =5, 0, 5, and 10 dB. The sampling rate for all utterances was
16 kHz. Furthermore, the sample size of the training, validation, and test sets were 50,000, 5,000, and
5,000, respectively. The STFT settings were a 32-ms window length, a 16-ms hop size, and a 512-
point fast-Fourier transform. The 16-dimensional ERB spectral feature was calculated from the noisy
signal that was captured by the reference microphonem and the proposed ERB-scaled spatial
coherence feature was calculated on the basis of the ERB-scaled LSTSC in Eq. (8). In this experiment,
the forgetting factors were set at A = 0.999 and 0.01 to calculate the global ERB-scaled spatial
coherence (ERB-G-LSTSC) feature and the local ERB-scaled (ERB-L-LSTSC) feature.
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Figure 2 — Array geometries that were utilized in the training and test sets.

3.2 Results and discussions

Figure 3 presents the performance of the proposed model for different array geometries at different
SNRs. We observed a considerable improvement in the performance of the proposed model when array
geometries that were identical to the training set were applied. Furthermore, the proposed model was
effective when array geometries that were not used during training were applied. These results suggest
that the multichannel target speech enhancement system based on the proposed ERB-scaled LSTSC
feature is robust against array geometry variations, which is a desirable property in real-world
applications.
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Figure 3 — PESQ and STOI scores for different array geometries.

To determine the influence of the number of microphones on the proposed system, four different
configurations with one to four elements (Fig. 4) were used to assess the robustness of the system.
For the proposed ERB-scaled spatial coherence feature, a change in the number of microphones
engenders a change in only the feature vector dimensions in Egs. (3) and (5) but not the input
dimension in Eq. (8). As indicated in Table 2, increasing the number of microphones was advantageous
to enhancement performance at the various SNRs. The monaural speech enhancement system
(representing the approach with no spatial information) yielded the lowest performance, especially
for scenarios with low SNRs. This result demonstrates that the proposed ERB-scaled LSTSC feature
can make the model independent of the array configurations. Without the need to change the model
architecture for a specific array configuration, a single model with the proposed ERB-scaled LSTSC
feature can be shared by multiple arrays with different array geometries and numbers of microphones.
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Figure 4 — UCAs with different numbers of microphones.

Table 2 — Comparisons of enhancement performance in terms of PESQ and STOI for different number of

microphones.
Metric PESQ STOI (in %)
SIR (dB) 0 5 10 15 0 5 10 15

Noisy 130 149 170 200 | 6176  72.61 8148  87.30
I-ch 153 181 214 252 | 7348 8178 8774  91.36
2-ch 164 191 222 251 | 7860 8473  89.09  92.00
3-ch 168 198 233 261 | 7883 8551  89.99 9263
4-ch 168 199 235 264 | 7935 8584 9029  92.85

4. CONCLUSIONS

We propose a multichannel target speech enhancement system that is based on ERB-scaled spatial
coherence features along with speaker embedding. Our results demonstrate that the novel ERB-scaled
spatial feature is useful for target speaker speech enhancement as well as for system robustness against
unseen RIRs, unseen array geometries, and changes in the number of microphones used, which is
highly desirable for real-world applications. The use of the ERB-scaled LSTSC feature can effectively
reduce the computational resource of the proposed speech enhancement system, rendering it
compatible with embedded devices.

ACKNOWLEDGEMENTS

This work was supported by the Ministry of Science and Technology (MOST), Taiwan, under the
project number 110-2221-E-007-027-MY 3.

REFERENCES

1. A.Narayanan and D. Wang, “Ideal ratio mask estimation using deep neural networks for robust speech
recognition,” in Proc. IEEE ICASSP, 2013, pp. 7092-7096.

2. K. Tan and D. Wang, “A convolutional recurrent neural network for real-time speech enhancement,” in
Proc. Interspeech, 2018, pp. 3229-3233.

3. Y. Hu, Y. Liu, S. Lv, M. Xing, S. Zhang, Y. Fu, et al., “DCCRN: Deep complex convolution recurrent
network for phase-aware speech enhancement,” in Proc. Interspeech, 2020, pp. 2472-2476.

4, J.-M. Valin, U. Isik, N. Phansalkar, R. Giri, K. Helwani, and A. Krishnaswamy, “A perceptually-
motivated approach for low-complexity, real-time enhancement of fullband speech,” in Proc. Interspeech,
2020, pp. 2482-2486.

5. H. Schroter, A. N. Escalante-B, T. Rosenkranz, and A. Maier, “DeepFilterNet: A low complexity speech
enhancement framework for fullband audio based on deep filtering,” in Proc. IEEE ICASSP, 2022, pp.
7407-7411.

6. J.Du, Y. Tu,Y. Xu, L. Dai, and C.-H. Lee, “Speech separation of a target speaker based on deep neural
networks,” in Proc. 12th Int. Conf. Signal Process., 2014, pp. 473-477.

7. S. E. Eskimez, T. Yoshioka, H. Wang, X. Wang, Z. Chen, and X. Huang, “Personalized speech
enhancement: New models and comprehensive evaluation,” in Proc. IEEE ICASSP, 2022, pp. 356-360.

8. R. Giri, S. Venkataramani, J.-M. Valin, U. Isik, and A. Krishnaswamy, “Personalized percepnet: Real-
time, lowcomplexity target voice separation and enhancement,” in Proc. Interspeech, ISCA, Aug. 2021.

9. K. Zmolikova, M. Delcroix, K. Kinoshita, T. Ochiai, T. Nakatani, L. Burget, and J. Cernocky,



10.

11.

12.

13.

14.

15.

16.

17.

18.

19.

20.

21.

22.

23.

24.
25.
26.
217.
28.
29.

30.

31.

32.

33.

“Speakerbeam: Speaker aware neural network for target speaker extraction in speech mixtures,” /[EEE
Journal of Selected Topics in Signal Processing, vol. 13, no. 4, pp. 800-814, 2019.

Q. Wang, H. Muckenhirn, K. Wilson, P. Sridhar, Z. Wu, J. R. Hershey, R. A. Saurous, R. J. Weiss, Y. Jia,
and I. L. Moreno, “VoiceFilter: Targeted Voice Separation by Speaker-Conditioned Spectrogram
Masking,” in Proc. Interspeech, Graz, Austria, Sep. 2019, pp. 2728-2732.

Z.Zhang, B. He, and Z. Zhang, “X-tasnet: Robust and accurate time-domain speaker extraction network,”
in Proc. Interspeech, Shanghai, Oct. 2020, pp. 1421-1425.

D. Michelsanti, Z.-H. Tan, S.-X. Zhang, Y. Xu, M. Yu, D. Yu, and J. Jensen, “An overview of deep-
learning-based audio-visual speech enhancement and separation,” IEEE/ACM Trans. Audio, Speech,
Lang. Process., vol. 29, pp. 1368-1396, 2021.

E. Ceolini, J. Hjortkjer, D. D. Wong, J. O’Sullivan, V. S. Raghavan, J. Herrero, A. D. Mehta, S.-C. Liu,
and N. Mesgarani, “Brain-informed speech separation (BISS) for enhancement of target speaker in
multitalker speech perception,” Neurolmage, vol. 223, pp. 117282, 2020.

M. Delcroix, K. Zmolikova, T. Ochiai, K. Kinoshita, and T. Nakatani, “Speaker activity driven neural
speech extraction,” in Proc. IEEE ICASSP, 2021, pp. 6099-6103.

G. Li, S. Liang, S. Nie, W. Liu, M. Yu, L. Chen, S. Peng, and C. Li, “Direction-aware speaker beam for
multi-channel speaker extraction,” in Proc. Interspeech, Graz, Austria, Sep. 2019, pp. 2713-2717.

R. Gu, L. Chen, S.-X. Zhang, J. Zheng, Y. Xu, M. Yu, D. Su, Y. Zou, and D. Yu, “Neural spatial filter:
Target speaker speech separation assisted with directional information,” in Proc. Interspeech, Graz,
Austria, Sep. 2019, pp. 4290-4294.

M. Delcroix, T. Ochiai, K. Zmolikova, K. Kinoshita, N. Tawara, T. Nakatani, and S. Araki, “Improving
speaker discrimination of target speech extraction with time-domain speakerbeam,” in Proc. IEEE
ICASSP, Barcelona, 2020, pp. 691-695.

J. Han, W. Rao, Y. Wang, and Y. Long, “Improving channel decorrelation for multi-channel target speech
extraction,” in Proc. IEEE ICASSP, Toronto, 2021, pp. 6094-6098.

C. Zorila, M. Li, and R. Doddipatla, “An investigation into the multi-channel time domain speaker
extraction network,” 2021 IEEE Spoken Language Technology Workshop (SLT), 2021, pp. 793-800.

H. Taherian, S. E. Eskimez, T. Yoshioka, H. Wang, Z. Chen, and X. Huang, “One model to enhance them
all: array geometry agnostic multi-channel personalized speech enhancement,” in Proc. IEEE ICASSP,
2022, pp. 271-275.

Y. Hsu, Y. Lee, and M. R. Bai, “Learning-based personal speech enhancement for teleconferencing by
exploiting spatial-spectral features,” in Proc. IEEE ICASSP, 2022, pp. 8787-8791.

C. H. Taal, R. C. Hendriks, R. Heusdens, and J, Jensen, “An algorithm for intelligibility prediction of
time-frequency weighted noisy speech,” IEEE Trans. Audio, Speech, Lang. Process., vol. 19, no. 7, pp.
2125-2136, 2011.

A. W. Rix, J. G. Beerends, M. P. Hollier, and A. P. Hekstra, “Perceptual evaluation of speech quality
(PESQ)-a new method for speech quality assessment of telephone networks and codecs,” in Proc. IEEE
ICASSP, Salt Lake City, Utah, 2001, pp. 749-752.

K. Scharnhorst, “Angles in complex vector spaces,” Acta Appl. Math., vol. 69, no. 1, pp. 95-103, 2001.
B. C. J. Moore, 4n introduction to the psychology of hearing, Brill, 2012.

N. Dehak, P. J. Kenny, R. Dehak, P. Dumouchel, and P. Ouellet, “Front-end factor analysis for speaker
verification,” IEEE Trans. Audio, Speech, Lang. Process., vol. 19, no. 4, pp. 788-798, 2010.

D. Snyder, D. Garcia-Romero, G. Sell, D. Povey, and S. Khudanpur, “X-vectors: Robust DNN
embeddings for speaker recognition,” in Proc IEEE ICASSP, Calgary, Canada, 2018, pp. 5329-5333.

L. Wan, Q. Wang, A. Papir, and I. L. Moreno, “Generalized end-to-end loss for speaker verification,” in
Proc IEEE ICASSP, Calgary, Canada, 2018, pp. 4879-4883.

J. S. Chung, A. Nagrani, and A. Zisserman, “Voxceleb2: Deep speaker recognition,” in Proc. Interspeech,
2018, pp. 1086-1090.

A. V. Venkatakrishnan, P. Pertild, and M. Parviainen. “Tampere University Rotated Circular Array
Dataset,” 2021 29th European Signal Processing Conference (EUSIPCO), 2021, pp. 201-205.

E. Lehmann and A. Johansson, “Prediction of energy decay in room impulse responses simulated with
an image-source model,” J. Acoust. Soc. Amer., vol. 124, no. 1, pp. 269-277, Jul. 2008.

V. Panayotov, G. Chen, D. Povey, and S. Khudanpur, “Librispeech: an ASR corpus based on public
domain audio books,” in Proc. IEEE ICASSP, South Brisbane, 2015, pp. 5206-5210.

J. S. Chung, J. Huh, A. Nagrani, T. Afouras, and A. Zisserman, “Spot the conversation: speaker
diarisation in the wild,” in Proc. Interspeech, 2020.



