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Abstract – Transformation of sound by using statistical
techniques is significant method for a new range of digital
audio effect applications. This paper talks about the data
driven voice transformation algorithm, which is used to alter
the timbre of a Neutral (non-emotional) voice in order to
reproduce a particular emotional vocal timbre i.e. (Angry
emotion). Perception based mel log spectral approximation
filters are used to represent the speech timbre in the form of
Mel Frequency Cepstral Coefficients (MFCC). The
transformation function adopts a GMM (Gaussian Mixture
Model) based parameterization in order to model the
spectral envelope. Expectation maximization algorithm is
used to find the parameters of the Gaussian mixture model.
Finally a polynomial transformation function is developed
for emotion transformation of the speech signal. Objective
evaluation is performed by calculating Mel Cepstral distance,
Prediction error and Normalized Prediction error. Mel
cepstral distance between Angry and transformed Angry is
found to be much lesser than mel cepstral distance between
Neutral and Angry emotion. The plot of the mel cepstral
distance between neutral and angry and between neutral and
transformed angry also overlaps at several locations.

Keywords – Cepstrum, MFCC, DCT, GMM, DTW,
Transformation Function.

I. INTRODUCTION

Human voice is capable of producing different tones
depending on many factors like personal attitudes, context
and also depends upon the emotional state of a speaker.
Emotional speech has correlation between the type of
emotion and the acoustic features like intonation, loudness,
rhythm and voice quality [1] [6]. In this paper we have
explained an algorithm for transforming one form of
emotion into another by using a transformation function.
Among the applications of spectral transformation are text
to speech systems (TTS) which have reached good levels
of quality and intelligibility but have very limited
emotional features [3]. Two emotional speaking styles,
that is neutral (non-emotional) and angry (emotional) are
considered. The speech data was recorded in a studio. We
recorded 10 sentences of 5 speakers to create a rich
database with both neutral and angry emotions.

II. FEATURE EXTRACTION

A microphone was used to convert the acoustic wave
into an analog signal which was further sampled and
quantized and converted in a “.wav” file. A “.wav” file is a
PCM (Pulse Code Modulated) audio file format for storing
an audio bit stream on computers. It is a raw audio file
format often used as a source for encoding other formats.

These files are lossless files and do not lose its quality
when it is stored. These files are easy to edit and to
process.
A. Pre Processing

The first step before feature extraction is Framing and
Windowing. The speech signal is made to pass through a
Hamming window and it is also converted into a suitable
frame size of 20 msec [1]. Since the performance of voice
conversion method is significantly degraded by mismatch
between the source and target frame pairs, frame
alignment also needs to be done. Figure1. shows the
speech signal of a person during Angry and Neutral
conditions.

Fig.1. Speech signal of the same speaker, with ‘Neutral’
and ‘Angry’ emotion.

B. DTW (Dynamic Time Warping)
Dynamic Time warping aligns the source speech

sequence according to target speech sequence in order to
compare features in corresponding frames to measure
voice similarity. DTW returns an alignment path which is
also known as best path between sequences [5]. DTW is a
method that allows a program to find an optimal match
between two given sequences with certain restrictions. The
sequences are "warped" non-linearly in the time dimension
to determine a measure of similarity between the two
signals, independent of certain non-linear variations in the
time dimensions of the two signals. Here DTW path is
calculated between the source voice and the target voice.
Figure 2. shows warped Angry and Neutral speech of a
speaker.
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Figure 2. Speech signals after applying DTW.

C. MFCC (Mel Frequency Cepstral Coefficient)
It is a representation of the short-term power spectrum

of a sound which is used as a feature vector. It is based on
a linear cosine transform of a log power spectrum on a
nonlinear Mel scale frequency [4]. It is obtained by taking
the FFT of the signal and passing it through Mel filter
bank and then taking its log power. Further these
coefficients are applied to DCT (Discrete Cosine
transform). This is a process of converting the log Mel
spectrum into time domain using Discrete Cosine
Transform. The result of the conversion is called Mel
Frequency Cepstral Coefficients. The set of coefficients
are called acoustic vectors. In this way, each input
utterance is transformed into a sequence of acoustic
vectors[14]. To minimize the spectral distortion,
windowing is used and the signal is tapered to zero at the
beginning and end of each frame. The window is defined
as

10),(  Nnnw ,

where N is the number of samples in each frame. The
resultant is the windowed signal. Typically the Hamming
window is used, which is represented as
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Fig.3. MFCC coefficients for the emotions ‘Angry’ and
‘Neutral’ speech for different frames.

13 MFCC coefficients per frame have been considered for
the analysis. Figure 3. shows MFCC coefficients for
Angry and Neutral speech.

III. GMM (GAUSSIAN MIXTURE MODEL)

Probabilistic models, such as Gaussian Mixture Model,
Hidden Markov Models [4], Bayesian networks,
sinusoidal modelling [5] are commonly used to model
speech data. GMM model for both, the training and testing
phase has been implemented [2] [12]. The EM
(Expectation Maximization) algorithm enables parameter
estimation in probabilistic models with incomplete data
[3]. EM is an iterative method for finding maximum
likelihood of parameters for fitting a mixture model to a
set of training data where the model depends on
unobserved latent variables. A combination of EM
algorithm and GMM algorithm have been implemented in
this work. GMM serves to represent the distribution of
speech space, which is a weighted sum of M component
Gaussian densities which is represented by the equation,

P(x/λ) = ∑ wi g (x /μi , ∑ i )
where x is a dimensional continuous valued data vector (
features) wi, i = 1, . . . , M, are the mixture weights, and g
(x| µi, Σi), i = 1, . . . , M, are the component Gaussian
densities. CDF (Cumulative Distribution Function) is used
to describe the probability that a real-valued random
variable X with a given probability distribution is to be
found at a value less than or equal to x. Basic advantage of
GMM is its ability to form smooth approximations to
arbitrarily shaped densities. Figure shows the plot of CDE
for GMM for Angry and Neutral speech.

Fig.4. Gaussian CDF for ‘Angry’ and ‘Neutral’ emotions
for different frames.

IV. TRANSFORMATION FUNCTION

Curve fitting is the process of constructing a curve, or a
mathematical function, that calculates the best fit to a
series of data points, possibly with subject to constraints.
In curve fitting either interpolation is performed, where an
exact fit to the data is required, or smoothing is done, in
which a smooth function is constructed that approximately
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fits the data [7]. Curve fitting process fits equations of
approximating curves to the raw field data. Thus, a desired
curve is the one with a minimal deviation from all data
points [8]. This best fit curve can be obtained by the
method of least squares. Here the method of least squares
is implemented which assumes that the best-fit curve of a
given type is the curve that has the minimal sum of the
deviations squared from a given set of data. Neural
network can also be used for developing a transformation
function [13].The transformed speech signal after applying
all the above mentioned steps is shown in figure 5.

Fig.5. Transformed speech signal from ‘Neutral’ to
‘Angry’ emotion.

V. EMOTIONAL DATABASE

An emotional speech database was created by recording
data of the source emotion (Neutral) and target emotion
(Angry). In the studio where the recording took place,
dubbing, audio recording, editing and post production
activities took place. Speech data of 5 female speakers was
recorded in a noise free environment. Each speaker read
out 10 sentences in English in both the emotions i.e.
neutral and angry. The sentences were chosen in such a
way that it could be easily understood after listening,
whether the sentence depicted neutral or angry emotion.

VI. EVALUATION

A good perceptual measure of the distance between two
spectral envelopes xt of the Neutral emotion and envelope
yt of the Angry emotion is the Mel Cepstral Distance
(MCD) [10]. This measure can be computed using the
corresponding mel cepstral coefficients.

MCD = 20/log 10 [ √ ∑ (xt) 2 – (yt) 2 ]
To evaluate the spectral transformation, two coefficients

are used. They are the prediction error and the normalized
prediction error. The prediction error ‘pe’ is the average
Mel-Cepstral Distance between the predicted spectral
envelope and the target envelope.

pe = MCD (yt’
, yt)

where yt and yt’ are the target speech signal and
transformed speech signal. The normalized prediction
error ‘pen’ takes into account the original distance

between different source-target sets, measuring the
improvement compared to the initial situation.

pen = { MCD(xt , yt) – MCD(xt , yt’)}

Fig.6. Red line indicates MCD of ‘Neutral’ speech to
‘Angry’ speech. Blue line indicates MCD of ‘Angry’

speech to ‘Transformed Angry’ speech.

VII. RESULT

For different signals like recorded Neutral signal,
recorded Angry signal, Transformed Neutral to Angry
signal the values Mel Cepstral distance (MCD), Prediction
error (PE) and Normalized Prediction Error (NPE) were
calculated. The transformation has been checked for two
cases: a) Same sentence of different speakers and b)
Different sentences of the same speaker for both the
emotions. MCD, PE and NPE were calculated for both the
cases.

VIII. CONCLUSION

The transformation of Neutral emotion to Angry
emotion shows better results, when the same sentence of
different speakers is used for transformation, rather than
using different sentences of the same speaker. The match
between the transformed speech and the original speech is
lower in precision because of DTW process which was
implemented to make the samples of both the emotions
same. The best curve fit, used as a transformation
function, is obtained by the method of least squares with
polynomial of degree 4. The results were tried for
polynomial with degree 2, 4 and 8. The result shows MCD
=10.9, pe = 2.1 and pen = -0.32. From these results we can
conclude that the mel cepstral distance between Angry and
transformed Angry is found to be much lesser than mel
cepstral distance between Neutral and Angry emotion.
This clearly indicates the similarity between the original
Angry speech and the transformed Angry speech. The plot
of the mel cepstral distance between neutral and angry and
the plot of mel cepstral distance between neutral and
transformed angry also overlaps at several locations.
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