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Abstract: The Speech Emotion Recognition (SER) algorithm, which aims to analyze the expressed
emotion from a speech, has always been an important topic in speech acoustic tasks. In recent years,
the application of deep-learning methods has made great progress in SER. However, the small scale of
the emotional speech dataset and the lack of effective emotional feature representation still limit the
development of research. In this paper, a novel SER method, combining data augmentation, feature
selection and feature fusion, is proposed. First, aiming at the problem that there are inadequate
samples in the speech emotion dataset and the number of samples in each category is unbalanced, a
speech data augmentation method, Mix-wav, is proposed which is applied to the audio of the same
emotion category. Then, on the one hand, a Multi-Head Attention mechanism-based Convolutional
Recurrent Neural Network (MHA-CRNN) model is proposed to further extract the spectrum vector
from the Log-Mel spectrum. On the other hand, Light Gradient Boosting Machine (LightGBM) is used
for feature set selection and feature dimensionality reduction in four emotion global feature sets, and
more effective emotion statistical features are extracted for feature fusion with the previously extracted
spectrum vector. Experiments are carried out on the public dataset Interactive Emotional Dyadic
Motion Capture (IEMOCAP) and Chinese Hierarchical Speech Emotion Dataset of Broadcasting
(CHSE-DB). The experiments show that the proposed method achieves 66.44% and 93.47% of the
unweighted average test accuracy, respectively. Our research shows that the global feature set after
feature selection can supplement the features extracted by a single deep-learning model through
feature fusion to achieve better classification accuracy.

Keywords: speech emotion recognition; data augmentation; feature selection; multi-head attention;
features fusion

1. Introduction

There may be semantic barriers between different languages, but phonetic emotion is
a common expression of human beings, and we can identify the emotion of the speaker
of a language that we do not understand without relying on semantics. Because of the
great convenience of language communication and the cross-linguistic, cross-cultural and
cross-regional commonality of emotion, phonetic emotion can help to express ourselves.
It is natural to think of realizing this form on a computer [1]. Emotional intelligence is an
important part of robot intelligence. It aims to promote natural interaction with machines
through direct voice interaction [2] and making robots have humanoid intelligence and
emotion is an important factor [3].

The research of SER is inseparable from the high-quality emotion speech dataset.
The quality of the emotion speech dataset directly determines the performance upper
limit of the emotion recognition system trained by it. In recent years, image classification,
speech recognition, natural language processing and other tasks have developed rapidly
because of the huge benchmark dataset. Due to the subjectivity and complexity of speech
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emotion tasks, the collection of speech emotion data is limited. At present, the amount of
dataset data in the field is relatively small [4-6], up to tens of thousands. The number of
dataset samples is not as large as Imagenet [7] and Audioset [8], and is still not completely
unified between performances, affective models and collection methods. In view of the
lack of data, data augmentation is a convenient and feasible method. The commonly
used speech data augmentation methods are speed disturbance [9], pitch adjustment [10],
the addition of noise [11], increasing the amount of data by changing the audio rate,
fundamental frequency, or adding noise to the original voice. In addition, Chatziagapi et al.
applied Generative Adversarial Networks (GANSs) to generate spectrograms, enhanced the
training data of samples, and conducted experiments on IEMOCAP and FEEL-25k emotion
database [12]. Xu et al. used the Vocal Tract Length Perturbation (VILP) method to enhance
the speech emotion classification model [13]. The authors in [14] proposed pre-training
neural networks named Pretrained Audio Neural Networks (PANNSs) for audio scene
classification, using two data enhancement methods, Mixup [15] and SpecAugment [16].
Researchers have constantly explored audio data enhancement methods, from traditional
methods to modern methods such as neural networks. We have also explored and migrated
the methods suitable for speech synthesis, which can improve this problem.

Deep learning accelerates the development of speech emotion. However, as the first
step in speech signal processing—feature extraction, various manually designed low-level
features are still widely used in SER [17-19]. The discovery of a speech acoustic feature that
can effectively carry speech emotion information has become the key to the improvement
of SER. At present, Mel Frequency Cepstral Coefficient (MFCC) and Log-Mel spectro-
grams are widely used in SER research [20-22] because that they can better describe the
time—frequency correlation of emotional details [23].

At present, Convolution Neural Network (CNN) [24], Long Short-Term Memory
(LSTM) [25], attention mechanism and other methods are mainly used for depth feature
extraction in audio classification tasks and speech emotion recognition [20-23,26-28], which
has achieved great improvement compared with the traditional model. However, on the
one hand, existing models do not fully consider how to establish effective connections
between speech; on the other, models are often based on a single-input feature classification,
the accuracy of model is often unsatisfactory, and the ability of the model needs to be further
improved [29].

Therefore, aiming at the SER classification task of discrete models, this paper proposes
an emotional speech data augmentation method, using the machine-learning method to
select from several global feature sets of speech emotion to reduce the dimensionality of the
selected feature set, and conducts the feature fusion combined with the features extracted
from the deep-learning model MHA-CRNN. In this paper, our main contributions are
as follows:

(1) We propose an emotional speech data augmentation method, Mix-wav, migrated from
the data augmentation method Mixup in the image recognition task. Experiments on
two datasets, [IEMOCAP and CHSE-DB, show that the proposed method improves
the recognition accuracy of the model.

(2) We propose a novel speech emotion feature-extraction model MHA-CRNN based
on multi-head attention mechanism. Combining the advantages of CNN and LSTM
effectively extracts the spectral features of speech and uses the multi-head attention
mechanism to further pay attention to the emotion-related information in the time
and frequency domain.

(8) We use four global feature sets to conduct emotion classification experiment on
IEMOCAP, chose the feature set with the best performance, and use two methods to
conduct feature dimension reduction experiments to find out the feature subset with
the best performance.

(4) We use the selected global statistical features with the features extracted by the MHA-
CRNN model to perform feature fusion. We tested our suggested SER model on
benchmark IEMOCAP and self-built dataset CHSE-DB. It achieved 66.44% and 93.47%
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(Unweighted Average Accuracy, WAA), respectively. In the comparative analysis, our
system showed our performed recognition results.

The rest of this paper is structured as follows. The second section describes some
related work in the field of SER. Section 3 describes our proposed data augmentation
method. Section 4 describes the method and model architecture proposed in our paper.
Section 5 describes the experimental setup, results and related analyses. Section 6 describes
the conclusions of our paper and future work.

2. Related Work

After decades of research, speech emotion recognition research has formed a relatively
mature process framework and a certain research scale. Before the development of deep-
learning methods, the more widely used classic machine-learning models in the field
of speech emotion recognition include Naive Bayes classifier, Gaussian Mixture Model
(GMM) [30], Hidden Markov Model (HMM) [31], Support Vector Machines (SVM) [32], etc.
In recent years, with the development of deep-learning methods, these have been widely
used in the field of SER. At present, there is no unified standard for the establishment of
the speech emotion database, and the database is often prone to problems such as small
data volume and unbalanced data with different labels, which makes the model prone to
overfitting. The effective improvement of the impact of data problems on the model is part
of our work.

Data augmentation is an effective way to prevent overfitting. Mixup is an effective
supervised learning method for image data augmentation. It trains the model with a
combination of a pair of sample inputs and their targets, making the model more robust
to adversarial samples [15]. Mixup can be easily applied to image classification tasks
where the target is a single label. The authors in [14] used the Mixup method on the audio
scene classification task, and its input was the Log-Mel spectrogram, which improved
the Area Under the Curve (AUC) index by 3% compared with the non-Mixup method.
MixSpeech [33] improved Mixup and applied it to automatic speech recognition tasks.
The input was the Log-Mel spectrogram and MFCC, and the label was a text sequence.
It obtained a good Word Error Rate (WER) of 4.7% on the “Wall Street Journal” dataset,
which is 10.6% higher than the statement error rate of the data augmentation method
SpecAugment. It can be seen that the improved Mixup method has achieved good results in
enhancing the characteristic data of the two-dimensional audio spectrum, but its application
and effectiveness in the original one-dimensional audio data have not been verified. We try
to improve the Mixup method and apply it to the original one-dimensional audio to realize
data enhancement.

Feature extraction is the key to emotion recognition, and the quality of features has a
great impact on the performance of SER algorithms [34]. The selection of a dataset with
strong emotional representation ability and more robustness from various feature sets is a
requirement for researchers before solving the learning model.

Deep Neural Networks (DNNs) have shown promising performance in extracting
high-level features of SER recent years. Tzirakis [35] experimented with audio waveforms
as input, first using CNN to extract representations, and then putting them into LSTM for
emotion recognition. Lee et al. [36] applied a Recurrent Neural Network (RNN) to learn the
long-term temporal relationship of SER. Since the attention mechanism greatly improves
the accuracy of machine translation [37], its application in speech emotion recognition is
also widely used. Chen et al. [21] took the Log-Mel spectrogram and its first and second-
order difference coefficients as input, and proposed a three-dimensional Convolutional
Recurrent Neural Network model (ACRNN) with hierarchical attention for speech emotion
classification. Nediyanchath et al. [38] proposed a multi-head attention deep-learning
speech emotion recognition network based on Logarithmic Mel Filter Bank Energy (LMFBE)
spectral features. The design of a model with better recognition performance is also
our aim.
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Mix-wav

Another problem with input features is that most studies tend to use only a single
spectral feature as input. Only the local feature extraction of emotion in speech is considered,
but the coherence of speech as a whole is not considered. Compared with low-level
spectral features, there is another type of acoustic feature for speech signal processing
called global features, also known as high-level statistical features. Generally, a feature
set is formed by applying a global statistical function to the acoustic features of each
frame in a speech segment to obtain the statistical values of all frame-level features in the
speech segment. Common global feature sets used in speech emotion recognition tasks
include the IS09_emotion [39], IS10_paraling [40], IS13_ ComParE [41] feature sets, etc.
We find a relatively suitable global feature to integrate into the recognition part through
experimental tests.

In our work, we propose an emotional speech data augmentation method, Mix-wav,
for a classification task based on the discrete emotion model, which enhances and balances
the dataset samples, and then propose MHA-CRNN using CNN combined with a multi-
head attention mechanism. Using LSTM from the Log-Mel spectrum extracts discriminative
emotional features and explores the parameters of multi-head attention. Then, the optimal
emotion-related global features are selected from the four global features, and are fused
with the features extracted by the above model. The experimental results show that our
proposed method can improve the performance of the system effectively.

3. Proposed Methods

The methods proposed in this paper include audio data augmentation Mix-wav,
LightGBM-based global fusion feature selection method, speech emotion feature model
MHA-CRNN, and its feature fusion model. This paper first proposes a time-domain
emotional speech data enhancement method to solve the problem that emotional datasets
are often small in scale. In addition, a deep-learning model, MHA-CRNN, is proposed to
further extract the emotional information in the time—frequency domain from the spectral
features, and the LightGBM method is used to screen and reduce the dimensionality of the
HSF, select the most effective features, and compare the frame-level acoustic features with
the obtained high-level statistical features, which are combined to obtain a fused sentiment
feature vector.

The following subsections explain the proposed method in detail. Figure 1 presents
the suggested method.

MHA-CRNN  Spectrum Vector oo 4 BN

Logmel Spectrogram P
MaxPooling . FC
] T ® [
bi-LSTM . . o
®_0_%
») openSMILE LightGBM ® o
1S09_emotion IS10_paraling Classfication Feature (] L
Result = Importance || _ | e L
emobase IS13_ComParE ~ 4 ( .
IS10_paraling Selected IS10 (]
High-level Statistic Features = =
Features Selection HSF Vector

Figure 1. Proposed method. Includes data enhancement, feature extraction, global feature selection,
feature fusion and classification.

3.1. Mix-Wav

The Mixup can be demonstrated as:

Xmix = 7\X1+(1 — ?\)X] (1)
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Ymix = AYi+(1 —A)Y; ()
The meaning of each variable is as follows:

Xj and Y;j are the ith input and label of the data sample;

Xmix and Ypix represent the mixed data composed of a pair of original data samples;
A ~Beta («, B), x, f € (0, o0),Aand 1 — A are a set of correlation weights used in
Figure 2.
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Figure 2. Two categories of emotional speech and Mix-wav-enhanced speech. (a,b) are the emotional
speech waveforms of two neutral categories, (c) is the audio waveform enhanced with Mix-wav,
where A is 0.9660, so the generated speech (c) comes from (a) has more ingredients. (d—f) are the
emotional speech of the sad category, using the same weight.

We control the contribution of the two samples to the enhanced sample’s weight,
typically o = f3; the hyperparameter o controls the strength of the interpolation between
sample-enhanced samples.

Mixup has proved its effectiveness in many tasks of speech data augmentation tasks,
but its objects are all two-dimensional spectral image features, based on which data augmen-
tation is performed. No work has yet demonstrated the effectiveness of data augmentation
on raw audio or one-dimensional sequence data. In many scenarios, we need to enhance the
original data. For example, the input of the audio feature processing tool openSMILE [42]
is a wav file, which requires the Mixup method to be applied to one-dimensional audio
sequence data for data augmentation.

In response to the above problems, this paper proposes a data augmentation method
Mix-wav applied to emotional speech tasks: it inherits the calculation method of Mixup
mixed data, and after identifying the mixing between different emotional classes from the
sense of hearing, it will cause the problem of inaccurate emotional expression of sound
samples. Here it is applied to two audio samples with the same emotional label for
calculation, which means Y; = Y;. Only use formula (1) to mix the data of the audio sample.
Two audio input samples are weighted and output using weighting coefficients A and 1 — A
obeying beta distribution, where X; and X; are audio data of the same emotion category.
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3.2. Structure of MHA-CRNN

This model is inspired by the CRNN model often used in SER research. The gen-
eral practice is to use convolutional neural networks to extract high-level features in the
spectrogram. The MHA-CRNN model here adds a multi-head attention mechanism to
further extract the time domain. The salient emotional information in the frequency domain
features then uses Bidirectional LSTM (Bi-LSTM) to process the time-series data and finally
use several fully connected layers to complete the classification.

In our method, the original corpus is divided and filled into 3 s segments as input, Log-
Mel spectrogram features are extracted, and then modified VGGish [43] is used to extract
deep feature extraction from Log-Mel spectrograms. VGGish is a pre-training model on the
large-scale audio classification task set Audioset [8] released by Google in 2018. The audio
features obtained as a feature extractor have been proven to perform better than artificially
designed features on a variety of audio tasks. To adapt to the SER task, a longer time audio
input is used to retain more emotional information. In addition, the dataset samples used
for speech emotion are usually small, which makes it easy to produce overfitting problems,
Moreover, the output of the VGGish convolution module is maximized, and the extracted
features are not compressed. In this paper, a dropout layer is added to the VGGish model
to avoid overfitting. The flatten layer and the full connection layer after the last pooling
layer of the model is removed.

After that, a multi-head attention layer is added to project the high-level features
extracted by CNN to the attention subspace vectors of different attention heads, learn the
salient emotional representation between features from the temporal and spatial dimen-
sions, and jointly output each attention head for further extracted features.

Finally, the salient emotional features extracted by the attention layer are input into
two Bi-LSTM with a length of 128 cells to process the timing information and output the
hidden state of the last time step. After that, it is connected to a fully connected layer with
256 nodes, and finally the output is classified using a SoftMax layer. Figure 3 is a schematic
diagram of the proposed sentiment classification model MHA-CRNN framework.

________ 1 |_ o e v’ e e
| ' | |
| 1S09_emotion | |
| | | feature subset
) | . | selected | selection l
Input wav | IS10_paraling | feature set Feature I feature subset
| | | importance Performance |
| emobase | | selection evaluation |
: | : classification |
| IS13_ComParE | | alposithm :
L J e — J

Figure 3. Emotion recognition model MHA-CRNN framework. Contains three large convolu-
tional pooling blocks, two dropout layers, a multi-head attention layer, a Bi-LSTM, and a fully
connected layer.

3.3. Fusion Global Feature Selection

In this part, we choose to use LightGBM, which is a framework for implementing
the Gradient Boosting Decision Tree (GBDT) algorithm. Before LightGBM was put for-
ward, the most famous GBDT tool was XGBoost, which is a decision tree algorithm based
on the pre-sorting method. However, it costs a lot in time and space. LightGBM sup-
ports efficient parallel training, and has the advantages of faster training speed, lower
memory consumption, better accuracy, distributed support and the rapid processing of
massive data.

First, the IS09_emotion, IS10_paraling, IS13_ComParE, and emobase feature sets of
IEMOCAP are extracted using openSMILE, and the configuration file is modified to make
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the frame length 25 ms and the frame shift 10 ms, which is consistent with the division of
the Log-Mel feature.

Then, the classification experiment is carried out on the extracted four global feature
sets using the LightGBM [44] classification algorithm, and the feature set with the best
classification performance and lower dimensionality is selected by comparison. Then,
the selected feature set is used for the five-fold cross-validation classification experiment.
The two feature importance indexes—*“split” of splitting times and “gain” of splitting
information gain on the nodes in each experiment—are accumulated as the feature selection
criteria, and the feature selection experiment is carried out.

Then, we use the selected IEMOCAP feature set data and LightGBM to conduct a
50% cross-emotion classification experiment. We accumulate the feature importance scores
obtained each time according to the above two feature importance indexes, and finally
obtain the feature importance score ranking of each feature. We select the N features with
the largest score as the subset after feature selection, and then train a LightGBM classifier for
experiments to compare the performance of each feature subset after selection. According
to the feature set performance and feature dimension, we select the feature set subset
that can effectively reduce feature redundancy. Table 1 shows the overall experimental
framework.

Table 1. Phase feature selection method based on LightGBM.

Input Log-Mel Spectrogram [Num_Frames, 64]

Conv2D 3 x 3@64 ReLu
MaxPooling2D 2 x 2
Conv2D 3 x 3@128 ReLu
MaxPooling2D 2 x 2
Dropout (0.25)
(Conv2D 3 x 3@256 ReLu)*2
MaxPooling2D 2 x 2
Dropout (0.25)
(Conv2D 3 x 3@512 ReLu)*2
MaxPooling2D 2 x 2
Multi-Head Attention 8 x 512
Bi-LSTM(2 x 128)
Dense 256

3.4. Feature Fusion

In many tasks, fusing features of different scales is an important means to improve the
performance of the model. Relying on a single feature-extraction method, the effect is often
not satisfactory. Due to the particularity of speech signal processing, the methods of feature
extraction are different, and the feature granularity and focus are also different, such as
frequency domain and time-domain features, frame level, global statistical features, and so
on. Because of different feature sources, the focus of feature representation of emotional
information is also different. The network model using a single feature input may bring
the problem of insufficient use of the emotional information of the original speech signal.

To solve the above problems, this section integrates the emotion classification model
based on the Multi-Head Attention (MHA-CRNN) mechanism proposed above with the
global statistical features extracted by the stage feature selection method of the popular
machine-learning method LightGBM, to improve the speech emotion recognition effect of
the overall model, as shown in Figure 1.

The purpose of the feature fusion model is to combine the advantages of different
features to complement each other. In this paper, two-dimensional Log-Mel spectrum
and one-dimensional global statistical features are used. The two-dimensional Log-Mel
spectrum takes continuous frames as units, extracts the spectrum characteristics of each
frame of audio, and represents the spectrum space information of a whole sentence. One-
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dimensional global statistical features, which are the prosodic features and sound quality
features of each frame of audio in a sentence, complement each other.

One of the most commonly used methods of feature fusion is splicing or addition. For
example, in ResNet and FPN, the method of adding elements is used for feature fusion,
while in DenseNet, the method of splicing is used for feature fusion [45]. Aiming at the
characteristics that the two features complement each other, this paper adopts the method
of splicing the global statistical features through linear layer mapping and the output of
MHA-CRNN, a deep-learning model based on multi-head attention mechanism. To make
the input fusion features have the same contribution to the final classification as the output
of MHA-CRNN in this step, the number of linear layer units after fusion features is 256,
which is the same as the dimensions of the Bi-LSTM output vector.

4. Experiment Setup
4.1. Environmental Dependence

The experiment runs on Keras v.2.3.1 which using TensorFlow v.1.13.1 as backend,
NVIDIA RTX 2060 and the machine toolkit is LightGBM.

4.2. Dataset Augmentation

Mix-wav has an important parameter controlling the mixing strength of samples «, the
range of « is [0, co]. Here, the authors in [15] proved « = 0.2 can bring better performance
than other values, and two papers [15,30] applying Mixup method have used it « = 0.2,
which is considered to be the optimal o parameter.

In the specific data augmentation method, a generation multiple is used to control
the number of samples generated by mixing. Two samples are randomly selected from the
same category of audio each time, and Mix-wav is used to generate an enhanced emotional
speech data of the same category. In addition to data augmentation, Mix-wav is also used
for training sample category balance. For the emotion class with few samples in the training
data, the generation multiple greater than that of other classes is used, so that each type of
sample in the final augmentative dataset basically achieves balance. on IEMOCAP, there
are relatively few samples of sadness and anger categories. We set a larger generation
multiple for these two types of samples, so that the total amount of training data after
the initial training data of each emotion category plus Mix-wav enhancement is roughly
the same.

Among them, there are 5531 x 0.8 = 4424 training samples of IEMOCAP, and
6400 x 0.8 = 5120 samples for CHSE-DB. When setting the number generated by Mix-
wav, we use a value roughly equivalent to the total number of samples in the training
set. Below is one of the experiments of the five-fold cross-validation, with the number of
samples of each type in the training set before and after applying Mix-wav augmentation,
as shown in Table 2. After the slash is our result after data enhancement by the Mix-wav.

Table 2. Comparison of data quantity before and after use Mix-wav.

Neutral Happy Sad Angry Total

IEMOCAP 1375/2750 1303 /2606 853/2559 893/2679 4424/10,594
CHSE-DB 1627/3254 1572/3144 1605/3210 1596/3192 6400/12,800

4.3. Evaluation Metrics

In the SER task, as with other multi-classification problems, the accuracy and confusion
matrix are also used to evaluate the quality of the model.

IEMOCAP dataset is an unbalanced label dataset, but we use the data augmentation
method to make the number of samples close to each other. Unweighted Average Accuracy
(UAA) and Weighted Average Accuracy (WAA) are mainly used for evaluation. WAA is the
weighted average of the accuracy of different emotion categories, and its weight is directly
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proportional to the number of samples in each category [46] The UAA is the average of the
accuracy of different emotion categories, and the weight of each category is equal.

Y1 Nj X Accuracy

5N

WAA =

®)

1 C
UAA = C » Accuracy]- 4)

J
The meaning of variables in the formula is as follows:

C represents the total number of emotion categories in the experiment;
Nj represents the total number of samples of the JTH emotion category;

e Accuracy, represents the prediction accuracy of the JTH emotion category, which
can be obtained by dividing the number of correct predictions by the total number
of samples.

4.4. Parameter Setup

The experimental data processing method is as follows: speech greater than 3 s is
randomly segmented into a segment of 3 s, samples less than 3 s are zero filled, the frame
length is 25 ms, the frame shift is 10 ms, the number of Mel filter banks is 64, and the offset
of 0.01 is added to make the extracted features of the filled part not 0, so as to obtain the Log-
Mel spectrum with the input of [64,298] dimensions. The experiments use the stochastic
gradient descent (SGD) optimizer with a learning rate of 0.001, learning rate decay (decay)
of 10-6, momentum of 0.9, batch size of 32, the maximum number of training rounds
(num_epochs) of 150, and the model with the highest UAA is saved during training. Each
set of experiments was subjected to a five-fold cross-validation with a training, validation,
and test set sample ratio of 7:1:2, and the UAA and WAA with confusion matrix were
reported as the results for comparison and analysis.

5. Experiment Results
5.1. Corpus Data
5.1.1. IEMOCAP

IEMOCAP is a multimodal English speech emotion database recorded by the Univer-
sity of Southern California. It has emotion data in video and audio formats [5]. It contains
five sessions. Each session is recorded by a pair of speakers (one male and one female) in
scripted and improvised performance. At the same time, two emotion models are used
for labeling: two-dimensional activation valence emotion model and discrete emotion
model. The discrete emotion categories include anger, happiness, excitement, sadness,
disappointment, fear, surprise, neutral and other nine categories, including 10,039 audio
samples, with an average duration of 4.5 s and a sampling rate of 16 KHz.

In this paper, the improvisation and performance part of the IEMOCAP dataset is
used. The emotional categories total 5531 sentences of neutral, excited, sad and angry.

5.1.2. CHSE-DB

CHSE-DB [47] is a speech emotion dataset recorded by the State Key Laboratory of
Media Integration and Communication of Communication University of China. Four
postgraduates (two men and two women) majoring in broadcasting and anchoring of
Communication University of China, according to 500 different content texts, express seven
levels of emotions: neutral, happy, very happy, sad, very sad, angry and very angry in the
way of broadcasting performance. There are 2000 audio in each category, and 14,000 clips
in total.
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5.2. Mix-Wav

In this section, the training data are processed with Mix-wav and without Mix-wav,
respectively. The proposed MHA-CRNN model is used to classify the four emotions and
conduct five-fold cross-validation. Figures 4 and 5 show the test UAA of IEMOCAP and
CHSE-DB.

75
—@— not use Mix-wav

use Mix-wav
70

65 .»/\

60

UAA %

1 2 3 4 5
validation times

Figure 4. Comparison of tests before and after using Mix-wav on IEMOCAP.

not use Mix-wav

94 use Mix-wav

90.5
90
1 2 3 4 5

validation times

Figure 5. Comparison of tests before and after using Mix-wav on CHSE-DB.

As can be seen from Figure 4, in the two-fold cross-validation, there is a set of abnormal
data, and the training without data augmentation achieved 66.35% accuracy in the test,
which is different from the results of the other four experiments. The possible reason for
this is that the total sample of the dataset is small, and when the data are divided, they
deviate from the overall sample distribution, and the internal variance of the training set is
larger than that of the validation set, resulting in a larger error. Therefore, in the calculation,
we counted the unweighted test accuracies the remaining four times. The average correct
rates of the tests with and without Mix-wav on the IEMOCAP training set were obtained as
65.77% and 63.21%, respectively, an improvement of 2.56%, and the classification confusion
matrix for one of the sets of experiments is reported as a comparison, as shown in Figure 5.

Furthermore, it can be seen from Figure 5 that the test results after data enhancement
with Mix-wav are better than those without Mix-wav. The average accuracy of the five
tests on CHSE-DB with and without Mix-wav was 92.65% and 91.68%, respectively, with
an average improvement of nearly 1%.

Tests on two datasets, IMEMOCAP and CHSE-DB, show that the Mixup method can
be well migrated to audio data enhancement, and the improved Mix-wav shows better
recognition performance in both databases.



Appl. Sci. 2023,13, 4124

110f18

5.3. Fusion Feature Selection

In the first stage, we first extracted the IS09_emotion, IS10_paraling, IS13_ ComParE
and emobase four global feature sets, and the LightGBM algorithm with the same config-
uration is used to conduct a five-fold cross-validation emotion classification experiment
on each feature set. According to the average test accuracy of the five-fold classification
experiments, the feature set with the best classification result is selected, and the results are
shown in Figure 6.

64 full sample

segment sample

emobase 1S09 1S10 1S13
feature set names

Figure 6. Comparison of four global feature set classification results.

The IS13_ComParE feature set achieves the highest recognition accuracy when two
different data are used as input, and the IS10_paraling feature set comes second, but the
difference between its recognition ability and that of IS13_ComParE feature set is not much,
within 1% in both cases. Considering that the feature dimensionality of IS13_ComParE is
much larger than that of IS10_paraling, the relative performance improvement is not much,
and IS10_paraling is finally selected as the fused global feature set here.

In the second stage, we extracted the IS10_paraling feature set on the IEMOCAP
dataset and used the following two statistical values as the method for feature importance
selection while performing classification experiments on the LightGBM model: (1) “split”:
follow the split node when using a feature as a number of split attributes. (2) “gain”: the
total information gain that the feature brings to the split. A five-fold cross-validation was
performed to accumulate the importance of the features obtained in the above two ways for
each classification experiment. Here, 1500, 1200, and 800 features with the largest values
were selected as the feature subset dimension for feature selection, and the five-times
feature importance accumulation values were sorted from largest to smallest. The feature
subsets were selected using feature subscripts of the first 1500, 1200, and 800 statistical
values obtained, the three feature subsets obtained from feature selection were used again
for classification experiments, and the experimental results are shown in Figure 7.

The original IS10_paraling feature set of 1582-dimensional features is known to achieve
an average recognition accuracy of 58.26% on IEMOCAP. It can be seen that after two
methods of feature selection, the recognition accuracy of the original feature set is basically
maintained using its 1500-dimensional and 1200-dimensional feature subsets. In addition,
the 1200-dimensional feature subset obtained using the “split” filtering method achieves
59.3% recognition accuracy, which is 1% higher than the average accuracy of the original
feature set. The 1200-dimensional feature subset obtained by the above method is used as
the result of the feature selection experiment.



Appl. Sci. 2023,13, 4124

12 0f 18

65
gain
60 split
X
< 55
<
=)
50
45
1500 1200 800

the number of filtered features
Figure 7. Classification performance of feature subsets obtained using two feature selection methods.

We compare and select the global features, and determine the features with better
relative performance and lower dimensions, which is beneficial to the subsequent feature
fusion step and can improve the model recognition performance. This will be shown in
detail later.

5.4. MHA-CRNN and Feature Fusion Model

(1) A key parameter of the multi-head attention mechanism is the number of atten-
tion heads, which determines how many linear transformations and self-attention
operations are performed on the input, and the core the determination of the best
num_ heads. To verify the effect of num_heads on model performance, four values of
1,4, 8, and 16 are selected for the experiments, and the size of each head is 128, 256, 512
and 1024, to be consistent with the input vector dimension before transformation. We
use the IEMOCAP on four types of samples—neutral, happy, sad, and angry—with a
total of 5531 data, and the training set, validation set, and test set in the ratio of 7:1:2.
We conducted a five-fold crossover experiment, and reported the UAA for the five
experiments. A comparison of the experimental results is shown in Figure 8.

o))
[e]

UAA

[@)]
~N

WAA

Accuracy %
D [e)} (o)} [e)} [e)} [e)} D
o = N w N w ()]

1 4 8 16
number of attention heads

Figure 8. Comparison of the number of different attention heads in the MHA-CRNN structure.
The model achieves the highest recognition rate when the number of attention heads

is 8, and the lowest when the number of attention heads is 1. When the number of multiple
attention heads is 1, it is equivalent to the original self-attention model. It can be seen
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that the multi-head attention mechanism has achieved better results than the single head
self-attention mechanism. When the number of heads is 8, the highest recognition accuracy
is 65.5%, and when the number of heads is 16, the lowest is 63.02%, but both are higher
than the recognition accuracy of 62.54% obtained by single head self-attention mechanism.

Moreover, increasing the number of attention heads does not always lead to per-
formance improvement. As the number of attention heads increases from 4 to 16, the
experimental results show an increasing and then decreasing trend, and the performance is
optimal at eight heads. This indicates that more heads are not better, and that there is a
saturation value for dividing the attention subspace (number of heads), and that too many
or too few heads can affect performance. The number of attention heads determines the
number of spatial vectors for linear transformations of the input. The larger the number,
the more attention analysis can be performed on the input from more scales, but too many
spatial transformations will affect the retention of the original feature information of the
input, so choosing the appropriate number of attention heads is an important step in
adjusting the attention parameters.

(2) Based on the above experiments, after determining that the optimal number of at-
tention heads is equal to 8, the influence of the size of attention head (head_size)
on the performance of the model is further explored. Four attention head sizes are
selected for the experiment. The attention head size determines the length of the
linear mapping of the input vector in the multi-head attention mechanism. Finally,
the length of the output of the multi-head attention mechanism is equal to the size of
the attention head multiplied by the number of heads. The experimental comparison
of different attention head sizes is shown in Figure 9.

68
WAA

67 UAA
°
(=)
> 66
Q
s
5
3 65
<

64

63

128 256 512 1024

size of attention heads
Figure 9. Comparison of different attentional head sizes in MHA-CRNN structures.

Here, the input of the multi-head attention mechanism layer is [19,1024], When the
number of heads is 8, the head size is 128 so that the input and output dimensions of the
multi-head attention mechanism layer are equal. When head size is larger than 128, the
later Bi-LSTM will obtain longer input of time-series sentiment information. As shown
in Figure 9, the classification results obtained when the number of attention heads is 256,
512, and 1024 are all better than the case when the head size is 128. However, the increase
of attention head size does not always lead to performance improvement, and either too
large or too small will lead to performance variation. This proves that choosing the right
attention head size is also an important step in tuning the attention parameters. The size of
the attention head reflects the dimensionality of the attention vector obtained by linearly
mapping the input vector. A small dimensionality of the mapping may result in the loss of



Appl. Sci. 2023,13, 4124

14 0f 18

feature information, while too high a dimensionality will make the representation of the
original emotional input information sparse and make it difficult for the attention head to
focus its attention.

(3) To compare the proposed MHA-CRNN model as well as the fusion model, this section
uses the above two models with the affective speech data enhancement method Mix-
wav and conducts a comparison experiment on the speech emotion benchmark dataset
IEMOCAP. Here, the multi-head attention parameters are num heads equal to 8 and
head size equal to 512. The fusion input in the fusion model is the 1200-dimensional
IS10_paraling global features after feature selection. Figure 10 shows the test UAA of
each of the five-fold cross-validation experiments for both models.

70
69
68
67
66
65
64
63

Fusion Feature

Single Feature

UAA %

1 2 3 4 5
validation times

Figure 10. Comparison of MHA-CRNN and its feature fusion model in IEMOCAP.

(4) After a series of different experimental comparisons and parameter adjustments, we
achieved a result of 66.44% on the common four-classification task on the benchmark
dataset IEMOCAP, which is better than most research methods using similar models.
To compare with more studies in this paper, we report the UAA and WAA methods
of the MHA-CRNN in IEMOCAP database and the feature fusion model based on
MHA-CRNN, as shown in Table 3.

Table 3. The four categories of tasks on the dataset [IEMOCAP are compared with other works.

Method UAA WAA% Year

CRNN + Attention [21] 64.74 / 2018
CNN + LSTM [48] 61.7 / 2018
SPP + LSTM + fusion [49] 64.6 64.5 2019
Blocked-CRNN [50] 62.3 / 2020
Selective MTL [51] 59.47 56.87 2022
MHA-CRNN 65.57 64.45 2022
MHA-CRNN + fusion 66.44 65.17 2022

This shows the confusion matrix of the best one-time classification results on CHSE-DB
and IEMOCAP, as shown in Figure 11. It can be seen that a large amount of data falls on
the diagonal of the confusion matrix, i.e., the model classification is mostly correct. The
darker the color on the diagonal, the better the task prediction for the category. With the
method described in this paper, on the [IEMOCAP dataset, the anger class has achieved the
highest recognition rate, with a rate of 73.1%. It is difficult to distinguish between neutral
and happy emotions, and the probability of mis-classification. One possible reason is the
corpus sample problem, and the other is that the model has not yet extracted discriminative
emotional features, which needs to be further improved. On the CHSE-DB dataset, the
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classification performance is significantly better, probably due to the fact that the vocalists of
the CHSE-DB dataset are professional performers and the quality of the sample recordings
is better than that of IEMOCAP. The performance on both Chinese and English speech
emotion datasets proves the effectiveness of the proposed method.

neu neu
hap hap
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= 2
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: :
1= E
sad sad
ang ang
& & & &
Predicted label Predicted label

Figure 11. Confusion matrix for IEMOCAP and CHSE-DB Dataset.

6. Conclusions

In this paper, an emotion recognition method based on speech data and feature fusion
is proposed. It has been verified on the public IEMOCAP and the self-built CHSE-DB
dataset. First, in view of the small scale of each speech emotion dataset and the uneven
classification of samples, the Mixup method in the field of image recognition is migrated
and applied to one-dimensional audio sequence data. Then, on the one hand, to solve
the problem that the optimal speech emotion feature set is still unclear, and in order to
extract more representative fusion features, the LightGBM method is used to screen several
global feature sets. On the other hand, based on the conventional use of the convolutional
neural network, the multi-head attention mechanism is used to learn the emotional salient
features, and then the long short-term memory network is used to analyze the time series.
The information is analyzed and output. Finally, by fusing the extracted global statistical
feature vector and the time—frequency domain vector, the emotion expression features
from the two granularities are complemented, and the emotion discrimination ability of
the model is effectively improved. The unweighted average test accuracy of 66.44% and
93.47% was obtained on the IEMOCAP and CHSE-DB dataset, respectively. According
to the experimental results, our proposed method has higher accuracy compared with
previous studies in the literature. Our proposed data enhancement method is widely
applicable to multi-label audio databases and can alleviate the problems of insufficient
and unbalanced data. At present, we are still lacking in the optimal set and feature fusion
of emotional acoustic features, which will be the focus of our next work. In the future,
we will also consider improving the network structure to improve the recognition rate
and generalization ability. Considering the important position of emotion recognition in
human-computer interaction, the improvement of the speed of system recognition is also a
problem we need to solve in the future.
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