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Abstract-

S

peaker recognition is a process where a person is recognized on the basis of his/ her voice signals. Human
voice is aunique characteristic for any individual.Speaker recognition is being applied in biometric
identification, security related areas, remote access to computers etc.This paper delivers an overview of
different techniques that can be used in application of speaker recognition such as MFCC, LPC, and LPCC for
feature extraction and VQ, SVM, HMM; GMM for feature classification.It also helps in choosing the better technique
based on the comparison done.
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I.
INTRODUCTION
Human always identify speaker while they are talking to one another .The speaker may present in the same place or in
different places. In this way a blind person can identify a speaker based soley on his/her vocal characteristics.Animals
also use these characteristics to identify their familiar one [1].The development of efficient-Speaker Identification system
has been a topic of active research during last two decades because they have a large number of potential applications in
many fields that require accurate user identification such as shopping by telephone, bank transaction,accesses control and
voicemail etc [2].
Speaker recognition is a generic term used for two related problems: Speaker identification and verification. In the
identification task the goal is to recognize the unknown speaker from a set of N known speakers.In verification, an
identity claim (e.g.,a username) is given to the recognizer and the goal is to accept or reject the given identity claim.In
this paper we concentrate on the identification task.
Speaker identification can be further divided into two branches:
1. Open-set speaker identification (Speaker from outside the training set may be examined).
2. Closed-set speaker identification (The speaker is always one of a closed set used for training).
Depending on the algorithm used for the identification, this task can also be divided into text-dependent (The speaker
must utter one of a closed set of words) and text-independent identification (The speaker may utter any type of words).
II.
SPEAKER IDENTIFICATIONSYSTEMS: PHASES
A general speaker identification system consists of an enrollment phase and identification phase.
A. Enrollment Phase
In this phase,speech samples are collected from the speaker to train their models.The collection of enrolled models is also
called a speaker database.

Fig. 1 Enrollment Phase
B. Identification Phase
In this phase,a test sample from unknown speaker is compared against the speaker database.Both phases include the
feature extraction step to extract the speaker dependent characteristics from speech.
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Fig. 2 Identification Phase
III. FEATUREEXTRACTION
The main aim of speaker identification is to determine speaker identity from his/her speech utterances. While speaking of
every speaker have his own characteristics. These characteristics are called speaker features which can be extracted from
speech utterances. A variety of choices can be used for feature extraction i.e..Digital filter bank,Fourier Transform,LPC,
LPCC, MFCC etc.Some commonly used methods for speaker identification are LPC, LPCC and MFCC.
A. Linear Predictive Coding Analysis (LPC)
LPC is one of the good analysis techniques for extracting features and hence encoding the speech at low bit rate .LPC
has capability for speech compression, synthesis and as well as identification .LPC is spectral estimation technique
because it provides an estimate of the poles of the vocal tract transfer function.The LPC algorithm is a Path signal is
stationary within and zero outside,the analysis window.
B. Linear Predictive Cepstral Coefficients (LPCC)
This technique is just an extension to the above mentionedLPC technique.When linear predictive coefficient is
represented in cestrum domain then the obtained coefficients are linear predictive cepstral coefficients.Cestrum is
obtained by taking inverse DFTof logarithm of the magnitude of the DFT of the speech signal.They are more robust and
reliable then LPC.
C. Mel- Frequency Cepstral Coefficients (MFCC’s)
The cepstrum coefficient is the result of a cosine transformation of the real logarithm of the short time energy spectrum
expressed on a Mel-frequency scale.This is a more robust, reliable feature set for speech recognition then the LPC
coefficients.The sensitivity of the low order cepstrum coefficient to overall spectral slope,and the sensitivity of the highorder cepstrum coefficient to noise, has made it a standard technique.It weights the cepstrum coefficient by a tapered
window so as to minimize these sensitivities,frame and these are used as the feature vector.In MFCC’s,the main
advantage is that it uses Mel frequency scaling which is very approximate to the human auditory system.The coefficients
generated by algorithm are fine representation of signal spectra with great data compression.The process of extracting
MFCC’s from continuous speech is illustrated in Fig [3].

Fig.3Flow Chart for MFCC Technique [2].
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TABLE I COMPARISON OF DIFFERENT FEATURE EXTRACTION TECHNIQUES [10]
S.No.
Technique
Principle
Merits and De-merits
I

Linear Predictive Coding

Modeled by all
pole model

II

Cepstral Coefficients

FFT based

III

Linear Predictive Cepstral
Coefficient

Modeled by all
pole model

IV

Mel-Frequency
Coefficient

Filter
bank
coefficients

Cepstral

(a)Based on basic principle of sound
production.
(b)Performance degradation in presence
of noise.
Not much consistent with human hearing
due to representation by linearly spaced
filters.
(a) Gives smoother spectral envelope and
stable representation as compared to
LPC.
(b) Drawback due to linearly spaced
frequency bands.
More
information
about
lower
frequencies than higher frequencies due
to Mel spaced filter banks hence behaves
more like a human ear as compared to
other techniques.

IV. FEATURECLASSIFICATIONS
Using feature extraction, a speaker voice can be represented with feature vectors.To recognize these feature vectors
various classifier can be used.The classifier consists of the various speaker models and the decision logic.Its operation
constitutes two important steps:
1. In the training phase,feature vectors are used to obtain M speaker models.For each speaker,a different model is
obtained from his/her speech.
2. In the testing phase,feature vectors from unknown speaker are first computed.For speaker identification,the features
vectors are compared with each of M speaker models to get the scores Score (1) to Score (M).These scores are used to
render a decision.The different classifiers are discussed and compared here:
A. Support Vector Machines (SVM)
Support Vector Machine is a supervised learning algorithm.It needs training of the tool before classification procedure
gets started.This is best tool for binary classification of the data.The basic SVM takes a set of input data and predicts, for
each given input, which of two possible classes form the input. The hyper plane is constructed defined by set of weights
W, data points X and a bias or offset b, such that:
W.X + b = 0
[10]
Where W.X denotes the dot product of the data and the normal vector to the hyper plane.The parameter b determines the
offset of the hyper plane from the origin along the normal vector [10].
B. Hidden Markov Models (HMM)
HMM is popular statistical tool for modeling a huge range of the time series data.In the context of natural language
processing (NLP),HMMs are usually applied with great success to problems such as part-of-speech tagging and nounphrase chunking.This powerful statistical tool is also used for modeling generative sequences.
C. Vector quantization (VQ)
VQ is a classical quantization technique of signal processing which permits the modeling of probability density functions
by the dividing of prototype vectors.The process starts by splitting a large set of points into clusters or groups having
approximately the same number of points nearest to them. Centroid point represents each group.The density matching
property of this quantization technique is very powerful,mainly in the density of large and high dimensional data
identification.Data points are shown by their closest Centroid indexing,frequently occurring data have low error,rare data
high error.Hence,this method is also appropriate for lossy data compression.
D. Gaussian mixture model (GMM)
The GMM is a density estimator. The distribution of the feature vector x is modeled clearly using a mixture of M
Gaussians.Expectation maximization algorithm is used to estimate mean,covariance parameters.During recognition, a
sequence of features is extracted from the input signal. Then the distance of the given sequence from the model is
obtained by computing the log likelihood of given sequence. The model that provides the highest likelihood score is
verified as the identity of the speaker.
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TABLE II COMPARISONS OF DIFFERENTCLASSIFIERS [10]
Classifier
Type of
Merits and De-merits
algorithm
Support Vector Machines
Supervised
(a)Beneficial
in
case
of
binary
classification.
(b)Poor performance in speaker recognition
due to its restriction to work with fixed
length vectors.
Hidden Markov Model
Unsupervised
(a)Computationally more complex and
needs more storage space.
(b)Needs more training data to deal with
intersession issue.
Vector Quantization
Unsupervised
(a)Memory requirement is feasible for realtime application.
(b) Computationally less complex.
Gaussian Mixture Model
Unsupervised
(a) Needs less training and test data.
(b)Compromise between DTW and HMM.

V.
CONCLUSIONS
This paper has reviewed the research done in the area ofspeaker recognition.The different methods used for feature
extraction and feature classification have been discussed.Some techniques preferred over others such as MFCC for
feature extraction has better performance rather than LPC or LPCC, because MFCC is more consistent with human
hearing due to Mel scale representation.Otherwise choice can be made depending upon certain parameters such as
number of system users,storage space,classification time etc.For feature extraction, GMM performs better as it requires
fewer amounts of data to train the classifier hence memory usage also decreases for the system.
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