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Abstract: This paper presents a brief survey on various feature extraction techniques like Linear Predictive Cepstral Coefficients (LPCC), 
Perceptual Linear Prediction Coefficients (PLPC), and Mel-Frequency Cepstral Coefficients (MFCC) to extract the effective and efficient 

features from speech signal for speaker recognition. We also discuss the problems associated with well-known methods of feature extraction. We 

conclude with the some future areas in which the work can be done in order to extract efficient speech features to increase the accuracy of 

speaker recognition system.  
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I. INTRODUCTION 

The feature extraction is a process of retaining useful 

information from speech signal while discarding unwanted 

signal such as noise. The feature extraction transforms raw 

acoustic signal into compact representation [1]. A sequence 

of feature vectors which represents compact speech signal is 

computed by feature extraction method [2]. Feature vectors 

which are extracted from raw signal in feature extraction 

module emphasize speaker specific properties and suppress 

statistical redundancies. Using feature vectors of the target 

speaker, we train the speaker model. Feature extraction 

involves simplifying the amount of resources required to 

describe a large set of data accurately. When performing 

analysis of complex data one of the major problems stems 

from the number of variables involved. Feature extraction is 

a general term for methods of constructing combinations of 

the variables to get around these problems while still 

describing the data with sufficient accuracy. 

In speaker recognition, accuracy and recognition rate 

degrades because of various aspects like, variability from 

speaker; utterance provided by speaker (may change every 

time because of emotions and illness). Also, variability from 

environment, noise in speech signal (because of 

transmission channel), background noise, and reverberation 

corrupts the input speech signal in testing mode. The time 

function feature is ineffective because it changes 

significantly when same speaker speaks same utterance. The 

features which will provide correct information and is robust 

against noise should to be computed in such cases. The 

features can be classified into short-term spectral features, 

voice source features, spectro-temporal features, prosodic 

features and high-level features [3].Generally, the feature 

extraction schemes for speaker recognition can be 

categorized into Linear Predictive Cepstral Coefficients 

(LPCC), Perceptual Linear Prediction Coefficients (PLPC), 

and Mel-Frequency Cepstral Coefficients (MFCC). 

This paper is organized as follows.In section 2, we discuss 

feature extraction schemesLinear Predictive Cepstral 

Coefficients (LPCC), Perceptual Linear Prediction 

Coefficients (PLPC), and Mel-Frequency Cepstral 

Coefficients (MFCCs). The section 3 discusses the 

comparison of these schemes and problems associated with 

these schemes. We conclude with some future scopes for the 

improvement in accuracy of speaker recognition system. 

II. FEATURE EXTRACTION TECHNIQUES 

 

1.1 Linear Predictive Cepstral Coefficients (LPCC) 

 

LPC is used to calculate spectrum of the signal [4]. It 

approximates speech samples as a linear combination of past 

samples. This schememinimizes the sum of squared 

difference between past samples and linearly predicted 

samples over some finite interval. The unique set of 

predictor coefficients can be determined by minimizing such 

difference.  

The pre-emphasis of speech signal is the first step for 

flattening the spectrum of speech signal. Pre-emphasis 

boosts the higher frequencies in the signal. The next step is 

to frame the signal and multiply it by window function in 

order to reduce spectrum leakage in speech frame.  The 

vocal tract model can be represented by all-pole model.It 

provides the set of auto regression coefficients called Linear 

Prediction Coefficients (LPCs). The vocal tract transfer 

function can be given as,  

𝑉 𝑧 =  
1

1 −   𝑎𝑘𝑧−𝑘
𝑝
𝑘=1

 

In last step, cepstrum is calculated by means of cepstral 

analysis. Cepstral coefficients can also be calculated from 

the LPC via a set of recursive procedure.  

Though LPC features emphasizes on formant structure, it 

ignores details like nasal, piriform fossa which are useful in 

speaker recognition. Another disadvantage of LPC is that it 

does not capture spectral valleys. LPC is not so good 

features for identification of speakers. However, it is good 

for speech recognition.  
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1.2 Perceptual Linear Prediction Coefficients 

(PLPC)  

 

PLP is used to calculate power spectrum of the speech 

signal. It modifies the spectrum of speech signal by several 

transformations. The basic idea is to obtain the auditory 

spectrum and approximate it by all pole model. This scheme 

first computes a power spectrum estimate. The power 

spectrum is integrated using a Bark-scale filter bank, which 

models the critical band frequency selectivity inside the 

human cochlea. The relationship between Bark scale and 

linear frequency is given by, 

𝑓𝑏𝑎𝑟𝑘 = 6 ∗ ln  
𝑓

600
+   

𝑓

600
 

2

+ 1 

0.5

  

The bark scale filters are trapezoidal in shape [5]. The pre-

emphasis of the signal is done using equal loudness curve 

after frequency integration [1]. Next, cube root of power 

spectrum is taken as the perceived loudness is 

approximately the cube root of intensity. The power 

spectrum is compressed in this step. [5]. After this step, 

inverse Fourier transform is applied to the filter outputs to 

obtain autocorrelation sequence and Linear Predictive 

analysis is performed to smooth the spectrum. The final 

features are also obtained using cepstral recursion from the 

LP coefficients [1]. PLP model is identical to LPC model 

except that in PLP spectral characteristics are transformed to 

match characteristics of human auditory system. DFT and 

LP techniques are merged in PLP scheme.   

 

1.3 Mel- Frequency Cepstral Coefficients (MFCC) 

 

MFCCs are popular in speaker recognition [1] [6] [7]. This 

scheme models human auditory system in which mel-filters 

are spaced linearly at low frequencies and logarithmically at 

high frequencies to capture the phonetically important 

characteristics of speech. The higher frequencies of the 

spectrum are enhanced by using following FIR filter which 

is applied to the input speech signal. [8] [9]. The process of 

pre-emphasis flattens the signal making it less susceptible to 

finite precision.  

y(n) = x(n)  - αx(n-1) 

where x(n) is the input speech signal and 0.9 ≤ α ≤ 1 

The speech quasi-periodic signal is divided into number of 

frames of duration 20-30 msec. over which speech signal 

assumed to be stationary with 50% overlap between two 

successive frames in order to avoid any loss of 

information[8]. After this step, hamming window is 

generally applied to each frame to minimize the 

discontinuities in the signal. The following hamming 

window is multiplied with each frame.  

xₐ = yₐ(n) . w(n)                        a = 1,2,3,......,T 

wherew(n) = 0.54 -0.46 cos 
2𝜋𝑛

𝑀−1
  

The Fast Fourier transform of each frame is computed in the 

next step which converts the each frame to frequency 

domain representation. The magnitude of windowed signal 

is computed to obtain the power spectrum.  In next step, 

windowed signal is multiplied with non-linear 

frequencyscale called mel-scale which is roughly linear 

below 1 kHz and logarithmic above 1 kHz.  The relationship 

between linear frequency and mel scale is given by 

following formula, 

mel (f) = 2595*log10(1 +
𝑓

700
) 

The mel-filter bank is triangular in shape [5]. For each 

energy, logarithm operation is performed and in the last 

step, cepstrum is calculated using discrete cosine transform 

(DCT) to decorrelate the log energies [10]or inverse Fourier 

transform to obtain MFCCs [1] [7] [11] [12]. The DCT 

compresses the signal.  

III. DISCUSSION 

In the feature extraction techniques discussed above, LPC is 

good for speech recognition but it is not so good for speaker 

recognition. This scheme does not capture speaker specific 

information as it is not suitable for modelling anti-resonance 

generated by piriform fossa. However, the fundamental 

frequencies called formants can be effectively deduced from 

LPC [4].The PLP and MFCC schemes are somewhat 

relatedto each other. Both PLP and MFCC techniques 

models human auditory system with non-linear scale. The 

non-linear scale used in PLP technique is Bark-scale and in 

MFCC, it is Mel-scale.It has been viewed over as, among 

these techniques MFCC comparatively performs 

better.However, the performance of MFCC is proportional 

to noise. Its accuracy degrades in the presence of noise and 

channel mismatch problems [6] [13]. In literature, many 

researchers have performed modifications in MFCC to 

improve its accuracy. Such efforts are discussed in [6]-[15]. 

The speaker recognition accuracy can be increased by 

modelling the nasal cavity. The robust features can be 

computed from combination existing techniques with new 

information such as high-level features, complementary 

information. 

IV. CONCLUSION 

We have reviewed feature extraction techniques and found 

that Mel-Frequency Cepstral Coefficients (MFCC) is most 

widely used technique for in speaker recognition. The 

factors channel mismatch, background noise affects the 

performance of MFCC technique. Many other sources of 

information from speech signal such as high-level 

information, complementary information can be used to 

improve accuracy of speaker recognition technique. Also, 

LPC technique can be a good scheme for speech 

recognition. The schemes PLP and MFCC are based on non-

linear behaviour of human auditory system whereas LPC is 

linear in nature. The extraction of effective speech features 

is necessary to increase the accuracy of speaker recognition. 

The efforts can be made in a way to combine low-level 

features and high-level features.  
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