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Abstract:
Speech is the most natural form of communication between
human beings. In the field of Human Computer
Interaction(HCI) speech emotion recognition system is used.
Researchers have been trying to develop a system more like
human , emotion recognizing robots is an example of it. By
using the speech features emotions are recognized from speech
signals. Various speech features are MFCC(Mel Frequency
Cepstral Coefficient), pitch, energy, intensity, speaking rate,
voice quality, etc. Speech has many parameters which have
great weightage in recognizing emotion namely prosodic and
acoustic features. SVM(Support Vector Machine) is used as a
classifier, which is used to classify the different emotions like
happy, angry, sad, fear, neutral, etc. With the help of multiclass
SVM, obtain more than two emotions.

Fig 1: Basic block diagram of emotion recognition system
through speech signal [2]

The main three elements of speech recognition system are same
as pattern recognition system. It comprises of the emotional
speech as an input, classification of the emotions using
classifier and recognized emotion as the output.
By controlled environment, the different emotions are
generated from different speech signals. To detect the nearest
recorded emotion from database, by using mixture of features
like Short Time Energy(STE), start-point and end-point
detection, MFCC(Mel Frequency Cepstral Coefficient).

Keywords: MFCC, pitch, energy, fundamental frequency(f0),
Fisher LDA , SVM classifier.

1.

A. Short Time Energy(STE)

INTRODUCTION

It gives little information about the time-dependent properties
of the speech signal. It is very useful to select the threshold for
start-point and end-point detection. With the help of hamming
window, to get the samples of speech signal, Where width 𝜔
samples and 𝜔 ≪ 𝑛. Within each of this window energy is
calculated from given formula[13]:

Speech is the natural communication between human being.
Speech emotion recognition is a process to identify emotion in
spoken Speech.
The feature extraction like MFCC (Mel Frequency Cepstrum
Coefficient) provide the highest accuracy on all databases
provided using the linear kernel [6] and the spectral coefficients
derived from LPC (Linear Predictive Coding) [7].

𝑤

𝑒 = ∑ 𝑥𝑖2

There are various classifier Technique like ANN, KNN, GMM,
SVM (Support Vector Machine).[2] Though it is not sure that
which classifier is most suitable for emotion recognition. To get
the best accuracy SVM is used as a classify the emotion. Speech
emotion recognition is used in many applications, like car
board system, natural man-machine interaction, in call center
and mobile communication.

Where, e = Energy of a particular window
𝑥𝑖 = Indicating ith sample
B. Start-point and end-point detection

This paper discusses about speech recognition system in section
2, review in detail speech features extraction technique section3, Dimension Reduction Technique in section-4 classifier
technique, section-5 and final conclusion in section-6.

2.

(1)

𝑖=1

By using these points, to remove the background noise and get
the best voice signal better than previous one. This same
process is applied on end-point detection of signal.

3. FEATURES EXTRACTION TECHNIQUE

SPEECH EMOTION RECOGNITION SYSTEM

Feature extraction is a special form of dimensionality
reduction. The main Purpose of feature extraction is to extract
characteristics that are unique to each individual. In other
words, they have represented that the feature extraction is a

In this sections, it describes the block diagram of speech
emotion recognition.[2]
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process of extracting best parametric representation of signals
in order to produce a better performance of recognition
emotion.

𝑤(𝑛) = 0.54 − 0.46𝑐𝑜𝑠 (

2𝜋𝑛
),
𝑁−1

where; 0 ≤ n ≤ N − 1

As survey shows that the MFCC gives good results as compare
to other features for speech based emotion recognition system
[11]. MFCC is the utmost obvious and general technique which
is used as a feature extractor for emotion recognition through
speech. The overall steps of MFCC is given below in fig.[2]

(5)

Step:4 Fast Furiour Transform (FFT)
By using FFT to adapt the signal from time to frequency
domain[11]. The equation is given below:
𝑌(𝑤) = 𝐹𝐹𝑇[ℎ(𝑡) · x(t)] = 𝐻(𝑤) ∗ 𝑋(𝑤)

(6)

Step:5 Mel filter bank
Psychonomics studies have shown that human perception of
frequency contents of sound for Speech signals does not allow
the linear scale.[12] Thus, for each tone of actual frequency is
measured in Hz, a subjective pitch is measured on a scale called
a mel scale. The mel frequency scale is linear frequency
spacing below 1000Hz. Therefore, by using this following
approximate formula to compute the mel for a given frequency
in Hz.[12]

Fig 2. Steps involves in MFCC [6]
Step 1: Pre-Emphasis
Pre-emphasis enhancements the high frequency component. In
order to enhance the frequency component and to obtain an
evenly distributed spectrum high pass filter is used, which is
applied on a signal. The equation is given below;
𝑌[𝑛] = 𝑋[𝑛] − 𝑎𝑋[𝑛 − 1]

0.9 ≤ 𝑎 ≤ 1.0

𝐹(𝑚𝑒𝑙) = 2595 log10 (1 +

𝑓
)
700

(7)

(2)

The pre-emphasizer is executed as a fixed amount filter or
adaptive. Conferring to autocorrelation speech values with time
coefficient is adjusted. The purpose of this stage is to
improvement the amount of energy in the high frequencies.
Step:2 Framing

Fig.3 Mel filter bank[10]

In speech processing, it is often to most beneficial to divide
signal into frames by using ADC(Analog to Digital) with 20 to
40msec range of samples of speech. This process is called
framing. By using N samples, vocal sound is divided into
frames and using M(M<N) adjacent frames are divide in speech
signal.

The subjective spectrum spaced uniformly on a mel scale. The
filter bank has a triangular band pass frequency response. Each
filter has a bandwidth, which is used in mel scale and it depends
on number of filters. The bank of filters corresponding to Mel
scale as shown in Fig.3[10]

Step:3 Windowing

This above Fig.3 described a set of triangular filters that are
used to calculate a weighted sum of filter spectral component.
So that the output of this process approches to a Mel scale.[8]

Windowing is the method of segmenting the speech signal. In
this process, hamming window is used. Because hamming
window provides good side lobe attenuation in speech emotion
recognition system[11]. The following formula is for hamming
window function;
w(n), 0 ≤ 𝑛 ≤ N-1,
Where;

In this final step, it is used to convert the log Mel spectrum into
time domain. The result is called the MFCC (Mel Frequency
Cepstrum Coefficient). From the given frame analysis, speech
spectrum delivers a good approximation of the signal.

(3)

N = number of samples per frame
𝑦(𝑛) = 𝑥(𝑛)𝑤(𝑛),

Where;

Step:6 Discrete Cousine Transform(DCT)

0 ≤ 𝑛 ≤N-1

(4)

𝑦(𝑛) = 𝑂𝑢𝑡𝑝𝑢𝑡 𝑠𝑖𝑔𝑛𝑎𝑙

4. DIMENSION REDUCTION TECHNIQUE

𝑥(𝑛) = 𝐼𝑛𝑝𝑢𝑡 𝑠𝑖𝑔𝑛𝑎𝑙

Fisher linear discriminant is used in emotion recognition or
pattern recognition system to get the dimension reduction of

𝑤(𝑛) = 𝐻𝑎𝑚𝑚𝑖𝑛𝑔 𝑤𝑖𝑛𝑑𝑜𝑤 , the of windowing signal is,
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data and classification of two or more objects.[2]

is class 1 and -1 is denoted class 2. Linear form of SVM is,
𝑓(𝑥) = 𝑤 𝑇 𝑥 + 𝑏

For low dimension reduction of data, which removes the noisy
directions fisher LDA(Linear Discriminant Analysis) is
used.[2]

Hence, 𝑓(𝑥) is a real valued function𝑓: 𝑋 ⊆ 𝑅𝑛 → 𝑅. 𝑤 =
[𝑤1 𝑤2 … 𝑤𝑛 ]𝑇 𝜖 𝑅𝑛 is known as weight vector and 𝑏 ∈ 𝑅𝑛 is
called as bias value. In principal, Support Vector Machine finds
a hyperplane,

𝑐

1
𝑇
𝑠𝑤 = ∑ ∑ (𝑚𝑗 − 𝑚)(𝑚𝑗 − 𝑚) (8)
𝑛
𝑗=1 𝑥𝑖𝑗 ∈ 𝑥𝑗

𝑠𝑏 =

1

∑𝑐 𝑛
𝑛 𝑗=1 𝑗

(11)

𝑤𝑇𝑥 + 𝑏 = 0
(𝑚𝑗 − 𝑚)(𝑚𝑗 − 𝑚)

Where; sw

=

within the class

sb

=

between the class

𝑇

(9)

(12)

The plane is called the separation hyperplane. The problem of
finding the optimal separation hyperplane becomes an optimal
problem as follows:
𝑝

𝑚𝑎𝑥𝑖𝑚𝑖𝑧𝑒 𝐿(𝜆) = ∑𝑖=1 𝜆𝑖 1 𝑝
∑𝑖,𝑗=1 𝜆𝑖 𝜆𝑗 𝑦𝑖 𝑦𝑗 𝑥𝑖 𝑇 𝑥𝑗

(13)

2

𝑝
𝑠𝑢𝑏𝑗𝑒𝑐𝑡 𝑡𝑜 ∑𝑖=1 𝜆𝑖 =0

5.

CLASSIFICATION TECHNIQUE

I.

Support Vector Machine (SVM)

0≤𝜆𝑖 ≤ 𝐶; 𝑖 = 1, … , 𝑝
In SVM use of kernel function, denoted by k:

Support Vector Machine are used as a binary classifier to
classify the emotions from speech using kernel function. [2]

K(xi , xj ) = Φ𝑇
(𝑥𝑖 )Φ(𝑥𝑗 )

(14)

Commonly used kernels include:
𝑃𝑜𝑙𝑦𝑛𝑜𝑚𝑖𝑎𝑙 𝑜𝑓 𝑑𝑒𝑔𝑟𝑒𝑒𝐾(𝑥𝑖 , 𝑥𝑗 ) = (𝑥𝑖 𝑇 𝑥𝑗 + 1)
𝐺𝑎𝑢𝑠𝑠𝑖𝑎𝑛 𝑅𝐵𝐹: 𝐾(𝑥𝑖 , 𝑥𝑗 ) = 𝑒𝑥𝑝 (−

1

2𝜎

𝑑
2

‖𝑥𝑖 − 𝑥𝑗 ‖ )

Where; RBF= Radial Basis Function.
There are mainly two types of SVM classifiers. One is single
SVM or binary SVM and another is multiclass svm. Multiclass
SVMs by combining multiple two-class SVM classifier;
(i) OAO (One Against One), by using SVM one class to
discriminate from all other classes.

Fig.4. Maximum–margin hyperplane [2]

(ii) OAA (One Against All), which concepts one SVM to
discriminate each pair of classes. This one vs other approach
provides better accuracy.

Support Vector Machine (SVM) classifiers are used for the
problem of emotion recognition using speech. Basically the
idea of a support vector machine depends on two mathematical
operations:[4]

II. Emotion classification approach using OAA SVM with
Thresholding fusion.

(i) Nonlinear mapping of input patterns into high- dimensional
feature space.
(ii) Construction of optimal hyperplane for linearly separating
the features discovered in step (i).
The region delimited by these two hyperplanes is called the
"margin", and the maximum-margin hyperplane is the
hyperplane that is halfway between them. SVM starts with the
easiest classification problem: binary classification of linearly
separable data. The following equation of training dataset of n
points as;
⃗⃗⃗⃗1, 𝑦1 ), … … … , (𝑥
⃗⃗⃗⃗⃗𝑛, 𝑦𝑛 )
(𝑥

(10)

Where 𝑥𝑖 = [𝑥𝑖1 𝑥𝑖2 … 𝑥𝑖𝑛 ]𝑇 is an n- dimensional input
vector for the ith example a actual valued space 𝑋 ⊆ 𝑅𝑛 ; yi is
a class label of ith sample, and yi is either +1 or -1 , +1 denoted

Fig. 5 OAA SVM with Thresholding Fusion [3]
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Thresholding fusion mechanism fundamentally avoids
classifying difﬁcult samples with the objective of attain high
accuracy in samples which is classified.

DL-recall Emotion i = Dtpi /Dtpi+Dfni

(16)

The Classiﬁer-Level (CL) accuracy is used to estimate the
performance for each individual OAA classiﬁer.

For each separate OAA SVM model xi, where i=1,2,…m,
extracted speech features and labels of emotions for speech
utterance are used to train in learning stage. where; m is the
number of emotion classes.[3]

The ‘CL-accuracy’ for classiﬁer Xi , i.e., for the classiﬁcation
of an instance as ‘Emotion i or Not’ is deﬁned as this following
formula;
CL-accuracy xi = Ctpi + Ctni/N

(17)

In the testing stage, speech features of the testing utterance j are
extracted and then sent it to each trained model Xi, and the
conﬁdence value Cxi(j) where, j=1,2,…,n. and n implies the
number of testing utterances.[3]

Where; Ctpi means the number of classiﬁer-level true positive
and Ctni means true negative utterances for emotion i and N
signifies the total number of utterances.

For all classified emotions we used to measure the average
classification after fusion, we deﬁne the metric ‘Decision
Level(DL) correct classiﬁcation rate’ as:

CONCLUSION

DL-%correct=∑𝑚
𝑖=1 𝐷𝑡𝑝𝑖 /𝑁

In this paper, Speech emotion recognition systems based on the
several speech feature and classifiers are illustrated. By using
MFCC as a feature extractor to get the best result in terms of
spectrum factor for speech recognition system, which delivers
a high level of perception of voice of human and achieving high
recognition accuracy. By using SVM classifier, to increase the
accuracy upto 89.80% which is better than other classifiers
results in terms of accuracy.

(15)

Where; Dtpi denotes the number of decision-level true positive
utterances for emotion i, m denotes the number of emotion
classes and N signifies the total number of utterances.
For each emotion Decision-Level recall(DL) for emotion i,
which is used to classify the emotions, and it is deﬁned as:

Table 1: Summary of literature based on Emotional Database
Publish
(Year)
Elsevier
(2011)
[1]

Types
of
database
Berlin
Emotional
database

Emotion

Features

Classifier

Result

Happy,
Anger,
Neutral, Sadness
Surprised, Fearful

GMM,SVM
ANN,HMM

Accuracy: 74.83-81.94%
Average training time is smallest

Elsevier
(2015)
[2]

Berlin
Emotional
database

Happy,
Anger,
Neutral, Sadness
Surprised, Fearful

GMM,
K-NN

IEEE
(2013)
[7]

Berlin,
Japanese, Thai

Happy,
Anger,
Neutral, Sadness,
Fearful, Disgust

Continuous,
Qualitative,
Spectral,
TEO-Based
MFCC,
Wavelet
feature, Pitch
features
of
speech
MFCC, LPC,
Pitch,
Energy, ZCR

-GMM technique detect the ‘Angry’
emotion recognize with rate of 92% rate.
-K-NN technique detect the ‘Happy’
emotion recognize with 90% rate.
-GMM is best result.
- Accuracy for Berlin database 89.80%,
Japanese database 93.57% and Thai
database 98.00%

SVM

“Speech emotion recognition: Features and
classification models”, Digital Signal Processing 22
(2012) 1154–1160, Elsevier.
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