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Abstract: Generative adversarial networks (GANs) are paid more attention to
dealing with the end-to-end speech enhancement in recent years. Various GAN-
based enhancement methods are presented to improve the quality of reconstructed
speech. However, the performance of these GAN-based methods is worse than
those of masking-based methods. To tackle this problem, we propose speech
enhancement method with a residual dense generative adversarial network
(RDGAN) contributing to map the log-power spectrum (LPS) of degraded speech
to the clean one. In detail, a residual dense block (RDB) architecture is designed
to better estimate the LPS of clean speech, which can extract rich local features of
LPS through densely connected convolution layers. Meanwhile, sequential RDB
connections are incorporated on various scales of LPS. It significantly increases
the feature learning flexibility and robustness in the time-frequency domain.
Simulations show that the proposed method achieves attractive speech enhance-
ment performance in various acoustic environments. Specifically, in the untrained
acoustic test with limited priors, e.g., unmatched signal-to-noise ratio (SNR) and
unmatched noise category, RDGAN can still outperform the existing GAN-based
methods and masking-based method in the measures of PESQ and other evaluation
indexes. It indicates that our method is more generalized in untrained conditions.

Keywords: Generative adversarial networks; neural networks; residual dense
block; speech enhancement

1 Introduction

Speech enhancement is widely used in various scenarios, e.g., mobile phones, intelligent vehicles and
wearable devices [ 1]. It is performed as a front-end signal procedure for automatic speech recognition (ASR)
[2], speaker identification [3], hearing aid and cochlear implant [4], which aim to improve the intelligibility
and quality of target speech in noisy environments [5]. In the early days, speech enhancement was treated as a
classical signal processing problem. But now it is formulated as a supervised learning problem from the view
of deep learning (DL). Masking-based targets and mapping-based targets are the two groups of training
targets for supervised speech enhancement.
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The masking-based method focuses on separating clean speech from background interference by
measuring speech’s binary mask labels in a time-frequency domain. As a result, the mask difference
between degraded and clean speeches is adopted as a loss function in the DL training stage. To our
knowledge, various mask definitions have been employed in the DL-based speech enhancement, which
combine with numerous learning networks. For example, an ideal binary mask (IBM) approach is firstly
adopted in the DL-based speech separation [6]. In this work, a pre-trained deep neural network (DNN) is
used to estimate the IBM labels on each sub-band. Inspired by IBM, an ideal ratio mask (IRM) method is
presented to adaptively fit its mask threshold [7]. Once it is fed to the DNN, speech enhancement
performance is significantly improved. Moreover, a long short-term memory (LSTM) network is also
tried with IRM. By the temporal dynamics learning of IRM labels, an attractive enhancement result is
achieved for binaural speech separation [8]. Besides, the difference on complex ideal ratio mask (cIRM)
[9] is another effective loss function for speech enhancement, where cIRM labels provides the real and
imaginary components of ideal ratio mask to better confirm the information of clean speech.

The mapping-based method contributes to learning the spectral or temporal representation of clean
speech. Existing reports show the mapping-based method has superiority to the masking-based one at a
low signal-noise ratio (SNR) [10]. For its training stage, the loss function is directly built by the high-
level features learned from degrade and clean speeches. It naturally solves the measure selection problem
in the mask-based method. A deep autoencoder (DAE) is firstly proposed to map the Mel-power
spectrum between degraded speech and its clean one [11]. Sequentially, the features on log spectral
magnitude and log Mel-spectrum are used in DL-based speech separation. [12,13]. As for DNN, it is
exploited in the log-power spectrum (LPS) mapping [14]. A similar DNN is carried out to achieve a
smaller distortion on various speech levels [15]. A fully convolutional network (FCN) [16] is also
introduced to recover clean waveforms of speech. Moreover, convolutional neural networks (CNNs) have
already been well adopted into speech signal processing such as binaural sound source localization [17].
Compared with DNN-based methods, the network scale of CNN is greatly reduced.

Among these networks, we notice that generative adversarial networks (GANs) [18-20] are powerful to
learn data features with its generative adversarial (GA) loss. As for speech enhancement, an end-to-end GAN
model, called as speech enhancement GAN (SEGAN), is suggested [21]. In this model, the input and output
data are the waveforms of degraded speech and its estimated clean speech. It shows the waveform-level
(temporal) mapping is more concise than the mapping operation in the time-frequency (T-F) domain.
Unfortunately, under an unknown (or untrained) noisy condition, the enhancement performance of SEGAN
is unsatisfactory. In some cases, it is even worse than that of the masking-based method. To further improve
the performance of SEGAN, we present a residual dense GAN (RDGAN). It adopts LPS as the input data
instead of the waveform since LPS is perceptually relevant [22,23]. The proposed network consists of two
adversarial parts, i.e., generator and discriminator. The main task of generator is to map the degraded LPS
to the clean one. To achieve the accurate mapping, we utilize a residual dense block (RDBs) [24] as a
component of generator such that it can extract the local features of LPS. Moreover, sequential RDB
connections are incorporated on various scales of LPS. It significantly increases the feature learning
flexibility and robustness in the time-frequency domain. As for the discriminator, we treat it as a
convolutional encoder that outputs the probability of input data similarity. Since the generator tries to fool
the discriminator and the discriminator does its best to differentiate, the training procedure of GAN
gradually minimizes the GA loss. By combining GAN with T-F representation processed by RDBs, we
hope this mapping-based GAN outperforms the masking-based method.

The outline of the paper is organized as follows. In Section 2, the architecture and the implementation of
the proposed method are described in detail. Simulation results and analysis are presented in Section 3.
Finally, conclusions are drawn in Section 4.
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2 Method

In this work, the signal is modeled to be an additive mixture of clean speech signal and noise:
y(n) = x(n) +d(n) (M

where y(n), x(n), and d(n) denote noisy speech, clean speech, and noise respectively. n represents the time
index.

After framing and windowing, the short-time Fourier transform (STFT) of y(n) can be written as:
Y(f k) = |Y(f Kl @

where |Y(f, k)| and 0(f, k) are the magnitude and phase of Y(f, k) respectively. The imaginary unit is denoted
by i. fand k denote the frequency bin index and the time frame index. With the magnitude, the LPS of the
speech signal can be defined as:

Ys(f,k) = 10log,o[[¥ (£, k)P 3)

In the proposed method, the generator is designed to map Ys(f, k) (the noisy LPS) to X s(f, k) (the
denoised LPS). Then, to evaluate the quality of the mapping, Xs(/, k) (the clean LPS), Ys(f, k) and X (f; k)
will be provided to the discriminator, and the output of the discriminator indicates the extent of
approximation of Xg(f k), Y«(f, k) pair and Xg(f. k), Ys(f, k) pair. During the training, the generator and
the discriminator are alternately updated and gradually strengthened because of the gaming between them
and the gaming will reach the Nash equilibrium eventually [18]. After that, the well-trained generator can
be used to estimate clean LPS from the noisy speech and the obtained mapped LPS together with the
original phase can be used to reconstruct the desired enhanced speech.

2.1 ¢cGAN and LSGAN

After GAN [18], a batch of derived or modified GANs has been proposed. GANs are generative models
learning by adversarial training. Based on GAN, cGAN [19] is a conditioned version of GAN which is
offered extra information, in our case, namely the LPS of noisy speech Y(f, k). It leads the generator to
perform mapping under specified conditions. Furthermore, to solve the vanishing gradient problem
caused by sigmoid cross-entropy loss and to guarantee a stable training, LSGAN was proposed [20]. It
replaces the cross-entropy loss by the least-squares function. As mentioned in Donahue et al. [25],
because the noise variables p.(z) in the generator tended to be ignored, we decided to discard the latent
vector in the generator. Hence, in our case, the objective function can be formulated as Eqs. (4) and (5),
where D(-) denotes the probability that the discriminator predicts, and G(-) denotes the output of the
generator. E[-] refers to calculating the mean value while P, (Ys, X5 ) means the joint distribution of Yy
and Xs in Eq. (4) and P,.(Ys ) means the data distribution of Yg in Eq. (5).

. 1 1

min Vzsan (D) = 5 E ¥ XoPana(15,5) [(D(Xs, Ys) — 1)°] + 2 E¥onPuaa(75) [(D(G(Ys), Ys))?] 4)
. 1

min Vzs6an (G) = EE¥9~Pda,a(xs)[(D(G(Ys)> Ys) — 1)°] &)

2.2 Residual Dense Block

Here, we firstly depict the LPS of clean and noisy speech of consecutive frames in Fig. 1. As we can see,
a spectrum can be treated as a feature map with abundant texture. Once noise added, the texture of the speech
spectrum will be blurred. Computer vision has achieved great success, employing GANs or other deep
learning methods [26,27]. So we tried to make a technology migration. RDB [24] is a network block that



282 CSSE, 2021, vol.38, no.3

can not only obtain the state from the preceding RDB via a contiguous memory (CM) mechanism but also
fully utilize all the layers via local dense connections. It contains densely connected layers, local feature
fusion (LFF) and local residual learning, together to lead to the CM mechanism. The architecture of one
RDB is presented in Fig. 2. Given the input of RDB, Fj,,., the output of the c-th convolutional (Conv)
layer of RDB, F, can be formulated as

(b)

F,

output

S ) ‘
F, input "1 -q‘,
e F i

Figure 2: Residual dense block (RDB) architecture

FC:G(WC[Finpthla”'FCfl]) (6)

where ¢ denotes ReLU [28] activation function and W, denotes the weights of the c-th Conv layer with bias
omitted. Here, all the Conv layers should contain the same number of feature maps. [-] refers to the
concatenation of the feature maps.

Then the operation named local feature fusion (LFF) is formulated as
Frr = Hpr ([Finpus, Fr -+ Fey -+ Fcl) (7)

where H; r denotes the function of the 1x1 Conv layer and the big C denotes the number of the Conv layers.
Eventually, the output of RDB can be obtained by

Foutput = Finput +Fir (8)

2.3 Proposed Approach: RDGAN

Fig. 3 shows the generator architecture of the proposed approach. We adopted the well-known U-net
[29] structure for the generator, which contains an encoder, a decoder and skip connections. First, the
encoder extracts the local and structural features. It halves the size of the feature maps by the
convolutional kernel whose stride is 2 instead of by pooling. Each Conv layer is sequentially followed by
one ReLU and one instance normalization (IN) layer [30], which significantly reduces the computation
load. Also, this process will increase the receptive field of the network, which improves the model
robustness. Then the decoder restores the abstract feature and implements dilatation with the Conv layer
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of which the stride is 1/2. Usually, skip connections play the role of providing the localization information for
reconstruction and also allow the combination of local and global feature maps. We integrate the RDBs into
skip connections to provide much more details, which exactly suits fine-grained pictures like LPSs. In this
way, the encoding and the decoding will not be disturbed and the shortcut of skip connections can remain and
provide location information. Hence, the proposed method is named residual dense generative adversarial
network (RDGAN).

HxW 32xHxW 64xH/2xW/2 128xH/4xW/4 128xH/axW/4 64xH/2xW/2 32xHxW HxW
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Figure 3: The generator architecture of RDGAN

As for the discriminator, it is similar to the encoding stage of the generator but is a patched version
[19,31] to restrict the attention of the structure to local image patches. So, the input of the discriminator
will be random patches of the LPS pairs. It must be noted that, instead of ReLU, we use Leaky ReLU
[32] following the Conv layers in the discriminator. After the down-sampling of all Conv layers, feature
maps will go through a fully connected layer and output a confidence value representing the similarity
between input LPS pairs.

Besides the adversarial loss used to handle high-frequencies, the reconstruction loss can also be utilized
[24,33,34] to ensure the low-frequency correctness and to minimize the pixel-level difference between the
generated and the ground truth. Thus, applying the L1 distance loss, the loss function is finally updated
as Egs. (9) and (10),

. 1 1

min Vrpgan (D) = EEYMSNP@,,,(YSXS)[(D(Xsa Ys) — 1)°] + EEYS~PM(YS)[(D(G(YS)7 Ys))’] ©)
. 1

min Vrpga (G) = EEYS~Pdam(Ys)[(D(G(YS)a Ys) — 1)’] + \||G(Ys) — Xs], (10)

where ||||; denotes calculating the L1 distance and 4 is the factor controlling the proportion of the two
kinds of loss.

3 Simulation Setup and Result Analysis
3.1 Simulation Setup

To evaluate the proposed method, clean speech signals were taken from the CHAINS corpus [35]. The
dataset consists of recordings of 36 speakers sharing the same accent obtained in two different sessions with a
range of speaking styles and voice modifications. Among the solo reading, four fables told by 9 males and
9 females were used in the training dataset while 33 sentences from the TIMID corpus of 3 males and
3 females were used in the test dataset. The speakers of the training and the test dataset are totally
different. To build the multi-condition training and test dataset, 4 types of noise (babble, factory, pink,
white) from the NOISEX-92 database [36] were added to the mentioned utterances at 4 different SNR,
i.e., —=5dB, 0dB, 5dB and 10dB. For further tests, 3 untrained types of noise (f16, leopard, Volvo) at SNR
—5dB, 0dB, 5dB and 10dB were used to test the robustness of the network. Besides, these noises were
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also added to the test utterances at untrained SNR level of —7.5dB, —2.5dB, 2.5dB, 7.5dB, 12.5dB. In our
simulation, all signals were sampled at 16 kHz.

To obtain the spectrum magnitude, the framing length was 512 with an overlap of 256 samples. After
Hamming windowing, 512 points STFT was performed on the frames. Due to the symmetry of the
Fourier transform of real discrete sequence, there were 257 frequency bins in the spectrum. After turning
magnitude into log-power, we sliced the spectrum every 256 time-frame indexes so the texture could be
extracted in a relatively long duration. We also ignored the highest frequency bin to keep the LPS
symmetrical. Hence, each LPS was a 256 x 256 image representing the log-power values at T-F units.
Based on the RDGAN framework, we utilized 3 down-sample blocks and 3 up-sample blocks in the
encoding and decoding stages in the generator. Correspondingly, there were 2 skip connections and we
set 6 RDBs in each connection with A as 32 and B as 64 in Fig. 3. Regarding the discriminator, the
patch size of the discriminator was set 70 x 70 and 4 down-sample blocks were used with the slope of
Leaky ReLU as 0.2. In the generator, except for the first and last Conv layer, the kernel size of whichwas
7 x 7, all the others were 5 x 5. Adam optimizer [37] was used with momentum decay beta 1 and beta
2 set as 0 and 0.9 respectively. A, the weight of L1, was set to 100. The model was trained for 10 epochs
at a batch size of 5.

To evaluate the quality of the enhanced speech, multiple metrics were selected, including the perceptual
evaluation of speech quality (PESQ) [38] (from —0.5 to 4.5), mean opinion score (MOS) prediction of the
signal distortion attending only to the speech signal (CSIG) (from 1 to 5), MOS prediction of the
intrusiveness of background noise (CBAK) (from 1 to 5) and MOS prediction of the overall effect
(COVL) (from 1 to 5) [39]. It has been confirmed that the composite measures are more related to
subjective evaluation than simple objective measures. The Wiener method based on a priori SNR
estimation [40] was compared with our method in the matched environments, which means the training
dataset and the test dataset have the same SNRs and the same noise types. For unmatched environments
in which the test dataset has untrained SNR and untrained noise, the SEGAN [21] model and the IRM-
based DNN (IRM-DNN) were compared with the proposed method RDGAN to judge the generalization
performance of different methods. We adopted the original setting of SEGAN. For DNN, we used
3 hidden layers of size 2048 to estimate the mask.

3.2 Simulation Results and Analysis

Firstly, we evaluated the performance of the proposed method in the matched noisy environment, that is, the
test dataset and the training dataset have the same SNR and same noise type. Tab. 1 shows the comparison of noisy
speech, Wiener method and RDGAN method. Here noisy speech means unprocessed speech. It can be seen that
RDGAN gets the best scores at all the SNR on all the metrics, which means it not only effectively suppresses
distortion and noise but also improves the perceptual quality of enhanced speech. Additionally, the result shows
that the proposed RDGAN can improve more under high SNR conditions than under low SNR conditions.

Table 1: Metrics of noisy and enhanced speech in matched environments for different algorithm

Model Noisy Wiener RDGAN
SNR (dB) PESQ CSIG CBAK COVL PESQ CSIG CBAK COVL PESQ CSIG CBAK COVL
-5 1.03 126 129 1.09 1.03 1.08 130 1.01 1.07 133 1.63 1.13

1.04 146 153 1.19 1.07 130 158 109 1.14 187 188 144
1.09 180 185 138 1.16 1.68 193 131 133 244 220 1.85
10 120 228 225 1.71 134 212 229 165 1.61 293 253 225
average 1.09 1.70 173 134 1.15 154 177 126 129 214 2.06 1.67
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For the unmatched environment, the test dataset has different noise types, compared with the training
dataset. Specifically, the noise types in the test dataset are f16, leopard, Volvo noise, while the noise types
in the training are babble, factory, pink, white noise. In this simulation, the SNR of the test dataset is the
same as that of the training set. As shown in Tab. 2, RDGAN outperforms the Wiener method and
SEGAN for all the SNR levels regarding all the metrics used here. But for CBAK, at high SNR, IRM-
DNN is slightly superior to RDGAN which indicates IRM-DNN did well in eliminating the intrusiveness
of noise. The scores of RDGAN on PESQ and COVL increase more than CSIG and CBAK, which
means the perceptual quality of speech is significantly improved. As indicated in Tab. 2, at the high SNR
(10dB), the quality of enhanced speech from Wiener, SEGAN and IRM-DNN are lower than that of
original noisy speech, which means these models also increased the distortion of the original speech
when removing the noise. Although the noise was reduced, the spectral structure of the original speech
was also distorted, thereby the perceived quality of the enhanced speech was reduced. This may be
because at high SNR the perceptual quality of the original speech is high and the Wiener filtering method
is designed for stationary signals, and for non-stationary speech signals, the estimated speech signal
correlation function is not proper. The SEGAN method and the IRM-DNN method are also lacking
feature extraction. But for RDGAN, with the adversarial loss to handle data distribution, the
reconstruction loss to dominate the translation, the quality of enhanced speech is improved even at high SNR.

Tab. 3 presents the results of different methods on untrained noise and untrained SNR. From Tab. 3, the
proposed system achieves the best results, which demonstrate the robustness and generalization. Though the
CBAK score of IRM-DNN is comparable to RDGAN, RDGAN outperformed IRM-DNN on the whole,
meaning the GAN-based mapping method which needs less post-processing can overtake the masking-
based method. In addition to the performance improvement, it should be noted that the number of
parameters of the RDGAN is about 1/7 of that of SEGAN. As is known to all, a smaller network would
help avoid overfitting and assure the generalization of a model. We can say that RDGAN gave the best
performance with proper network size and computational advantage compared with SEGAN and IRM-DNN.
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4 Conclusions

We introduce a mapping-based speech enhancement method using GAN and LPS of speech. The
proposed RDGAN model integrates residual dense blocks into the encoder-decoder fully-convolutional
generator of GAN. It well restores the grain of the two-dimensional T-F representation of speech. The
simulation results demonstrate the robustness and generalization of the GAN model and prove the
effectiveness of GAN-based mapping approach. However, we seldom consider the noise energy
distribution in RDGAN. Thus, our future work will be carried out with more subjective listening
evaluations and involve differential processing for different frequency bands, exploring to utilize the
phase information and reforming the convolutional networks for efficient mapping of the 2-dimensional
T-F representation of speech.
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