arXiv:2309.01164v1 [eessAS] 3 Sep 2023

NOISE ROBUST SPEECH EMOTION RECOGNITION WITH SIGNAL-TO-NOISE RATIO
ADAPTING SPEECH ENHANCEMENT

Yu-Wen Chen*

Julia Hirschberg*

Yu Tsao'

* Department of Computer Science, Columbia University, United States
TResearch Center for Information Technology Innovation, Academia Sinica, Taiwan

ABSTRACT

Speech emotion recognition (SER) often experiences reduced
performance due to background noise. In addition, making a
prediction on signals with only background noise could un-
dermine user trust in the system. In this study, we propose a
Noise Robust Speech Emotion Recognition system, NRSER.
NRSER employs speech enhancement (SE) to effectively re-
duce the noise in input signals. Then, the signal-to-noise-ratio
(SNR)-level detection structure and waveform reconstitution
strategy are introduced to reduce the negative impact of SE
on speech signals with no or little background noise. Our ex-
perimental results show that NRSER can effectively improve
the noise robustness of the SER system, including prevent-
ing the system from making emotion recognition on signals
consisting solely of background noise. Moreover, the pro-
posed SNR-level detection structure can be used individually
for tasks such as data selection.

Index Terms— Signal-to-noise-ratio level detection,
speech emotion recognition, speech enhancement, noise ro-
bustness

1. INTRODUCTION

Speech emotion recognition (SER) has many real-world ap-
plications, such as healthcare, stress monitoring, and market-
ing. However, in many use cases, users might not be speaking
in a quiet environment. Therefore, the input signals are noisy,
and a noisy input often leads to a significant drop in SER per-
formance. Also, incorrect recognition of background noise
may significantly reduce users’ trust in the system; e.g., if a
SER system recognizes different emotions while users change
their environment without speaking, they might consider the
system’s recognition results unreliable. Hence, improving the
noise robustness of SER is an essential research topic.
Previous studies have applied data augmentation to im-
prove the noise robustness of SER. For example, [[1] contam-
inated noises to the speech signals, and [2] used a parametric
generative model to generate the noisy data. In addition, re-
searchers have incorporated several speech enhancement (SE)
techniques, which aims to improve the quality and intelligibil-
ity of speech signals. For example, [3] introduced the spec-

tral subtraction and masking based SE; [4] applied the spec-
tral subtraction, wiener filter, and MMSE; [3] investigated
SE methods in cepstral and log-spectral domains; and [6} [7,
8] trained NN-based SE models. However, even though SE
models can increase SER performance on noisy input speech
signals, it also introduces artifacts and degrades SER perfor-
mance on high signal-to-noise ratio (SNR) speech signals [[7].
Therefore, an automatic SNR-level detector is required to de-
cide the suppression rule of SE [9]. Recently, similar methods
have been applied to SE on Automatic Speech Recognition
(ASR) [10, [11]; however, the automatic SNR-level detector
has not garnered sufficient attention in the integration of the
SE model into SER.

In this study, we first investigate different strategies that
apply SE to multi-task SER. Then, we propose a Noise Robust
Speech Emotion Recognition (NRSER), which integrates the
SE block, SNR-level detection block, and waveform reconsti-
tution strategy. Our experimental results show that the pro-
posed structure improves the system’s performance on noisy
speech signals without degrading its performance on signals
with little or no background noise. Moreover, the proposed
SNR-level detection structure can effectively distinguish be-
tween target noisy speech and signals that solely comprise
background noise, which helps prevent the SER model from
making predictions when the user is not speaking. Lastly,
the SNR-level detection block can be used independently for
other applications, such as data selection.

2. PROPOSED NRSER

The NRSER system contains three NN blocks: SE, SNR-
level detection, and emotion recognition (abbreviated below
as “emotion block.”). Figure[T]depicts our NRSER system.

2.1. SE block

In this study, we use the CMGAN]12] for SE. The CMGAN
was pretrained using Voice Bank+DEMAND dataset and was
fixed during the training of NRSER. Note that the CMGAN
can be replaced with other SE models such as [13} [14]].
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Fig. 1. Proposed NRSER system, where d

2.2. SNR-level detection block

We propose a simply yet effective SNR-level detection struc-
ture that can work with various SE models without requiring
any modifications to the SE models. The idea behind the de-
sign of the SNR-level detection structure is that, for the high
SNR-level signals, the enhanced signal should closely resem-
ble the original signal since there is little to no noise to be
removed. Conversely, for low-SNR signals with prominent
background noise, the enhanced signal will be more different
from the original signal due to the noise. Building on this
idea, the SNR-level block calculates the similarity between
the original and enhanced input signals, and then a dense layer
predicts the SNR-level scores.

2.3. Emotion block

The self-supervised-learning (SSL)-based speech representa-
tion model aims to generate a general representation of the
input signal. Previous studies have demonstrated the compet-
itive generalizability and accessibility of using SSL models
across various speech processing tasks, including SER[15].
We fine-tune and extend a pretrained SSL model into a mul-
titask SER system. Specifically, a SSL model, HuBERT [16],
is finetuned by average-pooling the model’s output embed-
dings and adding dense layers for arousal, valence, domi-
nance, and emotion category recognition. In this study, we
use hubert_base due to the limitation of computing resources.
The hubert_base can be substituted with larger SSL models,
such as hubert-large, to achieve higher performance [15].

2.4. NRSER structure

First, an input waveform W, is fed to the SE block. Since the
SE model we used is spectrogram-based, W;,, is converted to
a spectrogram using the short-time Fourier transform (STFT).
The output of the SE model is an enhanced spectrogram,
which is used for the SNR-level detection and waveform re-
constitution. The SNR-level detection block calculates the
cosine similarity between the original and enhanced spectro-

in dense layers refers to the output dimension.

grams in the time dimension. Then, a dense layer gives the
SNR-level score S. The input waveform of the emotion block
W is reconstituted using the following equations:

S" = min(maz(0, S),1) (1)

Wye = Win x S+ Wep, x (1= 8"), 2)

where W;,, is the original input waveform, W.,, is the cor-
responding enhanced waveform, and S’ is the clamped SNR-
level score. In the ideal condition, the S’ of a clean speech
signal is 1, and the input of the emotion block W, is equal to
the original input W;,,. W, is used for emotion recognition
without preprocessing since it does not contain background
noise. In contrast, S’ of a noise signal is 0, and the input of
emotion block W,.. is equal to the enhanced waveform W,,.
Wy, is discarded because it only contains noise information
that might mislead the emotion recognition.

2.5. NRSER training phases

The training of the NRSER system includes three phases.
First, we train the SNR-level detection block. The training
data contains clean speech and background noise signals,
where the objective of speech and noise signals is set to 1
and 0, respectively. Then, we train the emotion block with
speech signals processed by the SE block. Finally, we simul-
taneously fine-tune the emotion block with the reconstituted
waveforms and the SNR-level detection block with the same
data as the previous phase.

3. EXPERIMENTAL SETUP

3.1. Data

For emotion recognition, we adhere to the partitions defined
in the MSP-PODCAST v1.10 dataset [[17] on the training, val-
idation, and testing sets. The MSP-train, MSP-val, and MSP-
test represent the train, development, and collection of testl



and test2 sets. The number of segments for MSP-train, MSP-
val, and MSP-test is 63,076, 10,999, and 16,903+13,289, re-
spectively. The noisy utterances for training and validation
were created by contaminating utterances in MSP-train and
MSP-val (signals) with one random sample from the balanced
training set of AudioSet (noise) dataset [[18] at three SNR lev-
els (6 dB, 10 dB, and 14 dB). In total, the training and valida-
tion noises contain 15,651 and 3913 segments, respectively.
Finally, the utterances in MSP-test (signals) were contami-
nated with one random sample from the validation set of Au-
dioSet (noise) dataset at 8 dB and 12 dB. In total, validation
set of AudioSet dataset (denoted as AudioSet-val) includes
17,903 noise segments. For the training and validation of the
SNR-level detection block, we use MSP-train and MSP-val as
clean speech and balanced training set of AudioSet (denoted
as AudioSet-train) as noise.

3.2. Training and system hyperparameter

The sampling rate of all signals were set to 16kHz. The
parameter setup of the STFT was a Hanning window with a
window length of 400 and the hop length of 100. For the SE
block, we used the open-sourced pretrained CMGAN]12].
The weight of the SE block was fixed during the training
and the inference steps. The SNR-level detection block was
trained using a batch size of 32, an SGD optimizer with a
learning rate of 0.0001 and a momentum of 0.9, and the mean
square error (MSE) loss criterion. The emotion block was
trained using a batch size of 8, an SGD optimizer with a
learning rate of 0.0001 and a momentum of 0.9. The training
loss of emotion block is a combination of the cross-entropy
loss for the emotion category recognition and the concor-
dance correlation coefficient (CCC) loss [19] for arousal,
valence, and dominance recognition. The emotion category
consists of ten primary emotions categories as defined in
MSP-PODCAST [17]. All models were trained using early
stopping, with a patience of 2. The weights corresponding
to the best validation scores during training were saved. The
experimental results were the average of the same model and
data retrained with different random seeds three times.

4. RESULTS

4.1. Performance on speech emotion recognition

We compared NRSER performance with four representative
configurations of the SER system (S-clean, S-noisy, S-en, and
S-en’.) S-clean is the baseline system that only contains the
emotion block and is trained with the MSP. S-noisy system
is the S-clean system trained with additional MSP+AudioSet
training data. S-en, S-en’, and NRSER all incorporate SE
into SER. S-en is S-clean using the SE as preprocessing in
inference. Compared with S-en, the S-en’ system uses the
SE in both training and testing time. Table[I] summarized the
configurations of SER systems.

Table 1. SER system configurations

S-clean S-noisy S-en S-en’ NRSER
Emotion block v v v v v
SNR block X X X X v
SE block (Train) X X X v v
SE block (Test) X X v v v

MSP,
. MSP, MSP, .
Training data MSP MSP+AudioSet MPS MSP+AudioSet MSP+Aud10$et
AudioSet

To evaluate the noise robustness of the systems, we
test the systems on data with different noisy levels: MSP-
PODCAST data (MSP), and MSP mixed with AudioSet-
val noise (MSP+AudioSet (SNR:12) and MSP+AudioSet
(SNR:8).) The results are presented in Figure 2] All systems
performed worse with increasing noise levels (i.e., MSP >
MSP+AudioSet (SNR:12) > MSP+AudioSet (SNR:8)). As
the input signals became noisier, the performance of S-clean
and S-en decreased significantly, while S-noisy, S-en’, and
NRSER exhibited greater noise robustness. S-clean gener-
ally performed better than S-en on MSP but worse than S-en
on MSP+AudioSet, revealing that SE degrades SER perfor-
mance on signals with no or little background noise. S-en’
outperformed S-en in most cases since it was trained using
enhanced signals. Because NRSER mitigated the effects of
distortion caused by SE, it achieves better performance than
S-en’. Overall, we observed that NRSER was less effective
in recognizing arousal and dominance. One possible rea-
son is that the SE process reduces the signal intensity while
removing noise, potentially leading to the loss of informa-
tion related to arousal and dominance. However, NRSER
provided more specific information about the emotional ex-
perience, achieving the best performance in terms of F1 score
for emotion category recognition and valence.

4.2. Analysis of the SNR-level detection block

To verify the effectiveness of the SNR-level detection block,
we calculated the average SNR-level score S of signals at
different SNR levels (Figure [3). The red diamonds indicate
the average SNR-level score S of the training data, includ-
ing the AudioSet-train and MSP-train. During training, MSP-
train was labeled as 1, whereas AudioSet-train was labeled
as 0. The blue circles show the average S of unseen data
for the tested SNR-level detection model. The numbers re-
fer to the MSP (signal) to AudioSet (noise) ratio level for
the MSP+AudioSet data. The results reflect that the SNR-
level detection block can recognize the interval levels even
though it was trained using only the upper and lower bounds.
Moreover, we tested the SNR-level detection block on the
LibriSpeech test-clean set [20]], in which the recordings have
higher quality than the training data (MSP-train.) The result
indicates that the SNR-level detection block can recognize
that LibriSpeech signals have a higher SNR level than the
MSP-train. Notably, this outcome was achieved even though
all signals in MSP-train data were assigned the maximum ob-
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Fig. 3. Average SNR-level score S on signals with different
SNR levels.

We also analyzed the SNR-level score in distinguishing
noisy speech (MSP-test mixed with AudioSet-val data) and
background noise signals (AudioSet-val). The experimental
results show that setting threshold of 0.6 achieves more than
90% accuracy in our case. By using the SNR-level score as
an indicator, NRSER can avoid attempting to provide emotion
recognition results from signals with only background noise.
Note that such attempts give users a clear sign of a system
error and might diminish their trust in the system. In addition,
the SNR-level detection block can be used in other speech-
processing tasks. For example, it can aid data selection by
filtering out low-quality data from large crawled datasets.

4.3. Effectiveness of the waveform reconstitution

We visualize the effectiveness of waveform reconstitution
on signals with relatively higher clamped SNR-level score
S’ in Figure E, where W,,.; is an utterance in MSP-test,
and W, is the utterance contaminated with additional noise
(MSP+AudioSet). Because S’ was calculated based on the
similarity between the spectrogram with and without being
processed by the SE block, an input signal receives a higher
S’ if the SE block makes less change to the input signal.
There are two possible cases where an input signal received a
high S’: (1) the input signal does not have background noise,
and thus the SE block does not need to remove the noise; (2)
the SE block could not remove the noise from the input sig-
nal. Figure [3| has already revealed case (1), that signals with
higher SNR levels receive higher S’. Figure El demonstrates
case (2), that W;,, has a high S’ because the SE block fails
to remove the noise. In both cases, the SER system did not
benefit from the SE structure because the SE did not remove
the noise but caused the distortion. However, since the SNR-
level score is high, the reconstituted waveform W,.. preserves
the speech information in the W;,, and reduces the distortion
caused by the SE structure.

Clamped SNR-level score S’=0.96

apmdury

Fig. 4. Visualization of the speech signals. The red circle
highlights the distortion caused by the SE. Note that this fig-
ure shows the segments rather than the entire signals.

5. CONCLUSION

We propose NRSER, a noise-robust SER system. Our experi-
mental results confirm the effectiveness of integrating the SE
block, SNR-level detection block, and waveform reconstitu-
tion strategy in improving the noise robustness of the SER
system. The experimental results also demonstrate that train-
ing the SNR-level block with the upper and lower bounds of
the objectives is sufficient for the model to learn the inter-
val levels and recognize data that falls outside the boundary.
Notably, the SE and emotion blocks can be substituted by al-
ternatives that exhibit superior performance compared to the
ones employed in this study, thereby achieving higher overall
performance. Finally, we hope that our proposed noise-robust
structure is not limited to emotion recognition but can also
be applied to improve the noise robustness of other speech-
processing tasks.
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