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Abstract— Identification of the people in today’s world is important than ever. We have many bio-metric methods to so this 
like fingerprint, face recognition, retina scan etc. these techniques are capable of identifying only one person at a time. If 
bio-metric information of two or more people is mixed together then these methods fail catastrophically. Also in these methods 
require the user to be in a specific position for a specified time, which can get very tiresome and hectic if large number of 
people are to be identified. In this paper we focus on the identification of people based on speech. Also we deal with the 
problem of multiple people taking a single instant. We base our research of project on text-dependent model and then we even 
try to analysis the text-independent identification. First, speaker signal will go to pre-treatment process, where it will remove 
the background noise if any and required. Then, features from speech signal will be extracted using Cepstrum domain. We get 
very promising results even at moderate noise levels. The resemblance of features used for database and for testing is good. 
 
Index Terms—Bio-metric, Cepstrum, text-dependent model, text-independent model. 
  
I. INTRODUCTION 
 
    Speaker recognition refers to recognizing 
persons from their voice. No two individuals 
sound identical because their vocal tract 
shapes, larynx sizes, and other parts of their 
voice production organs are different. In 
addition to these physical differences, each 
speaker has his or her characteristic manner of 
speaking, including the use of a particular 
accent, rhythm, intonation style, 
pronunciation pattern, choice of vocabulary 
and so on. State-of-the-art speaker 
recognition systems use a number of these 
features in parallel, attempting to cover these 
different aspects and employing them in a 
complementary way to achieve more accurate 
recognition. 

   An important application of speaker 
recognition technology is forensics. Much of 
information is exchanged between two parties 
in telephone conversations, including between 
criminals, and in recent years there has been 
increasing interest to integrate automatic 
speaker recognition to supplement auditory 
and semi-automatic analysis methods. Not 
only forensic analysts but also ordinary 
persons will benefit from speaker recognition 
technology[3]. It has been predicted that 
telephone-based services with integrated 
speech recognition, speaker recognition, and 
language recognition will supplement or even 

replace human-operated telephone services in 
the future. An example is automatic password 
reset over the telephone. The advantages of 
such automatic services are clear – much 
higher capacity compared to human-operated 
services with hundreds or thousands of phone 
calls being processed simultaneously.  

    In fact, the focus of speaker recognition 
research over the years has been tending 
towards such telephony-based applications. In 
addition to telephony speech data, there is a 
continually increasing supply of other spoken 
documents such as TV broadcasts, 
teleconference meetings, and video clips from 
vacations[1]. Extracting metadata like topic 
of discussion or participant names and 
genders from these documents would enable 
automated information searching and 
indexing. Speaker diarization (Tranter and 
Reynolds, 2006), also known as ‘‘who spoke 
when”, attempts to extract speaking turns of 
the different participants from a spoken 
document, and is an extension of the 
‘‘classical” speaker recognition techniques 
applied to recordings with multiple speakers.  
 
II. LITERATURE SURVEY 
 

Speaker identification manifest in different 
environment. There are methods exploring 
environment cues present in almost all most 
probable condition. As commented before, 
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this work concentrates in the mixed speech 
speaker recognition. 

 
       Speaker Identification Using Mel 

Frequency Cepstral Coefficients - The 
authors Md. Rashidul Hasan et al. describe a 
speech-processing based method that 
describes MFCC feature extraction for 
identification. It using the Cepstral domain to 
find these coefficient. A vector quantization 
algorithm is used to compress the features by 
which lossy data compression is achieved. A 
code book is generated and used in testing 
phase of the system. The paper uses different 
type windowing techniques  and compares 
the performance[1]. 

As the dataset in this method goes on 
increasing the accuracy acquired decreases as 
the coefficient converge in. 98.9% accuracy in 
identifying the person is observed in the 
process.   

 
     Speaker overlap detection with prosodic 

features for speaker diarization - The goal of 
this paper is to segment a recording into 
speaker-homogeneous parts and cluster 
together all the segments corresponding to a 
particular speaker, usually without any prior 
knowledge about the speakers. The author M. 
Zelena´ k J. Hernando uses Prosody 
phenomenon that describes the rhythm, 
intonation and stress of speech. It can reflect 
various things about the speaker or the 
utterance, for example, the emotional state of 
speaker. Hidden Markov models (HMM) 
have been defined for The baseline overlap 
detection system considers three acoustic 
classes representing non-speech, 
single-speaker speech and overlapping 
speech.[2] 

The drawback of such system is that 
the selection of optimum HMM is complex 
task. Author have labelled the different 
speaker in signal successfully.[2]      

     Integration of Complementary Acoustic 
Features for Speaker Recognition - This letter 
describes a speaker verification system that 
uses complementary acoustic features derived 
from the vocal source excitation and the vocal 

tract system. A new feature set, named the 
wavelet octave coefficients of residues 
(WOCOR), is proposed to capture the 
spectro-temporal source excitation 
characteristics embedded in the linear 
predictive residual signal. WOCOR is used to 
supplement the conventional vocal 
tract-related features, in this case, the 
Mel-frequency cepstral coefficients (MFCC), 
for speaker verification.  

Author Nengheng, Zheng et al. take 
into account the wavelet based feature 
extraction. This approach gives increased 
latency and complexity in the system. The 
system developed by this method gives an 
increases in accuracy from the purely MFCC 
based methods by 1.63%. [3]   

 
       A Novel Windowing Technique for 

Efficient Computation of MFCC for Speaker 
Recognition - In this letter, we propose a 
novel family of windowing technique to 
compute mel frequency cepstral coefficient 
(MFCC) for automatic speaker recognition 
from speech. The proposed method is based 
on fundamental property of discrete time 
Fourier transform (DTFT) related to 
differentiation in frequency domain. Classical 
windowing scheme such as Hamming 
window is modified to obtain derivatives of 
discrete time Fourier transform 
coefficients[4]. 

The proposed method to find the 
novel window is based on DTFT algorithms. 
38 dimensional MFCC feature vectors has 
been extracted for different types of window 
functions using 20 filters linearly  paced in Mel 
scale from speech frames of size 20 ms (with 
50% overlap).[4] 

     Fuzzy-Clustering-Based Decision Tree 
Approach for Large Population Speaker 
Identification - In this paper, author address 
the problem of large population speaker 
identification under noisy conditions. Major 
techniques for speaker identification is based 
on Mel-Frequency Cepstral Coefficients 
(MFCC), Gaussian Mixture Model (GMM) 
and Universal Background Model (UBM) 
which we call MFCC GMM and MFCC 
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GMM UBM[5]. The approaches are known 
to perform very well for small population 
identification under low-noise conditions. 
Another novelty of this paper is that we use 
pitch and five vocal source features to 
construct a six-level decision tree. 
Experimental results demonstrate that our 
approach outperforms MFCC GMM and 
MFCC GMM UBM with higher accuracy and 
lower complexity for large population 
identification under additive white Gaussian 
noise (AWGN) conditions[5]. 

The authors Yakun Hu, Dapeng Wu, 
Fellow state that if we have six features and 
each feature can achieve a 97% correct 
classification rate, then we can do a simple 
calculation that for the six-level tree, the 
overall accuracy is only 83.3%. The 
degradation of the classification accuracy is 
remarkable when the number of levels 
increases[6]. They found that approaches 
based on MFCC and GMM can achieve 
superior performance for small population 
identification under low-noise conditions. 
However, for large population identification 
under noisy conditions, the performance of 
approaches based on MFCC and GMM 
suffers from severe degradation.[6] 

    Joint Approach for Single-Channel 
Speaker Identification and speech Separation 
- The authors Pejman Mowlaee et al. describe 
a novel system for joint speaker identification 
and speech separation. For speaker 
identification a single-channel speaker 
identification algorithm is proposed which 
provides an estimate of signal-to-signal ratio 
(SSR) as a by-product. For speech separation, 
we propose a sinusoidal model-based 
algorithm. SSR-dependent speaker models 
enables us to find the most probable speakers 
along with the most probable SSR level  found 
by Frame Level Likelihood Score and 
Kullback-Leibler Divergence Score[4]. 

For the separation part, author 
proposed a double-talk/single-talk detector 
followed by a minimum mean square error 
mixture estimator for mixture magnitude 
spectrum operating in the sinusoidal domain. 
Importantly, the proposed method does not 

require pitch estimates and is based on 
sinusoidal parameters[4]. Author relaxed the 
a priori knowledge of speaker identities and 
the underlying signal-to-signal ratio (SSR) 
levels in the mixture by proposing a novel 
speaker identification and SSR estimation 
method. 
        Speaker and Noise Factorization for 
Robust Speech Recognition - This paper 
examines techniques to handle both speaker 
and background noise differences. An 
acoustic factorization approach is adopted. 
Here, separate transforms are assigned to 
represent the speaker [maximum-likelihood 
linear regression (MLLR)], and noise and 
channel [model-based vector Taylor series 
(VTS)] factors, which is a highly flexible 
framework compared to the standard 
approaches of modeling the combined impact 
of both speaker and noise factors.  

Model-based approaches to robust 
(in the general sense) speech recognition have 
been intensively studied and extended in the 
last decade. In this framework, intrinsic and 
extrinsic variability are represented by a 
canonical model and a set of transforms. A 
new adaptation scheme, “Joint,” is proposed, 
where the clean acoustic model is first 
adapted to the target speaker via an MLLR 
transform, and then compensated for the 
effect of noise via VTS-based model 
compensation. Adapting the underlying clean 
speech model, rather than the noise 
compensated model, enables the speaker 
transform and the noise compensation to be 
kept distinct from one another. 
 
Hard-Mask Missing Feature Theory for 
Robust Speaker Recognition - The author 
Shin-Cheol Lim et al. Compared with 
conventional full-band speaker recognition 
systems, Advanced Missing Feature Theory 
(AMFT) aproduces a much lower error rate, 
but requires increased computational 
complexity. We propose a weighting function 
for the score calculation algorithm in 
AMFT[3][5]. authors used 8 and 2 sentences 
of each speaker for training and evaluation, 
respectively. The 32-mixture GMM for each 
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speaker was estimated using an expectation 
maximization algorithm. 

For the robustness of the speaker 
recognition system under background noise 
conditions, we proposed a hard-mask based 
missing feature theory (HMFT). It determines 
the optimal number of reliable components for 
the score calculation algorithm. Compared 
with the conventional AMFT where all the 
possible combinations are used to calculate 
the maximum likelihood score, HMFT-8 
selects only 8 elements out of 10 spectral 
elements in a DFB feature vector. 
 
III. PROPOSED PROCEDURE  
 

Figure 1: Block Diagram of proposed 
method 

A.  General Structure 
 
In this section, we consider the 

general flow of the various steps that are 
being performed in order to achieve the 
desired result. The basic procedure of the 
proposed speech feature detection algorithm 
consists of following four main steps. First, 
the speech signal of person are acquired using 
a microphone. Then the speech processing 
techniques are applied to the acquired speech 
to make them suitable for further processing. 
The third step is to extract the useful features 
of the signal that are necessary for further 
analysis. These image features are used for 

identifying the person speaking using a 
suitable classifier. 

 
These steps include – 
1. Database generation 
2. Speech pre-processing 
3. Speech framing 
4. Feature extraction 
5. Speaker feature vector 
6. Speaker identification 

 
B. Database generation 

The first step is to capture the speech 
signal of persons using microphone. The 
speech acquisition is done under controlled 
environment using fixed format. These speech 
signal are used as database which includes all 
signals that would be used for training and 
testing. The database itself is responsible for 
the better efficiency of the classifier as it is 
that which decides the robustness of the 
algorithm. 

 
C. Speech Pre-processing 

 Speech pre-processing is the name for 
operations on speech signal at the lowest level 
of abstraction whose aim is an improvement 
of the data that suppress undesired distortions 
or enhances some image features important 
for further processing and analysis task. 
Speech pre-processing involves steps such as 
scaling, filtering, background subtraction etc. 
Speech pre-processing are the operations on 
the image at the lowest level. 
 
 Background subtraction is one of the 
pre-processing techniques which are used to 
remove the unwanted background noise and 
clear the signal. It is a technique wherein an 
speech foreground is extracted for further 
processing. Generally this is done if we have 
constant noise in background like humming of 
tube, fan etc. The initial goal is to make the 
speech signal suitable for further processing 
and obtaining the proper feature without 
error. 
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D.  Framing  
 It is a process of manipulating speech so 
that the result is more suitable than the 
original for extraction of features. Speech 
signal is random in nature and the features 
vary throughout the signal. So as to get a 
stationary signal we make smaller parts of the 
speech signal to get constant features across 
it. The principle objective of framing is to 
process an speech signal so that the result is 
more suitable than the original image for a 
specific feature. 
 

E. Feature extraction 
 
 The pitch and formant of the signal is one of 
the most important features for characterizing 
various people. Therefore, it is necessary to 
develop an easy and automatic method that 
can correctly discriminate and recognize pitch 
and formant of different people in an 
environment where two or more person are 
talking simultaneously. 
  
These features are extracted from the 
cepstrum domain. As this domain isolates the 
pitch and formants frequencies in different 
bands of qerfuenices. So, by simple liftering 
processes we can find the pitch and formants 
parts of qerfuenices. High pass liftering for 
formants and low-pass liftering for pitch. This 
liftring and qerfuency are the cepstrum 
counter part of time domain filtering and 
frequency.  

 
Even though these features are 

extremely powerful in recognizing gender and 
in some cases the person through the range 
comparison, it fails when identifying different 
people with similar voice. In such cases we 
should consider extra characteristics such as 
Mel Frequency Cepstrum Coefficient 
(MFCC) and LPC of the signal to make the 
system more reliable and robust. 

           
F. Feature vector and Feature matching  

 
 The extracted features are then used to 
identify the speaker. But, instead of using 

these features separately which will yield less 
accuracy and reliability. We combine these 
features into a single element, which is unique 
for each speaker and has the ability of 
distinguishing between the speakers talking 
simultaneously.  

 
In the feature matching phase, the 

features of the signal are extracted and 
compared with the corresponding feature 
values stored in the feature library. Matching 
can be done using different methods such as 
sequential matching, vector quantization etc  

 
The matching technique used will be 

able to identify the one or more speaker in the 
signal features. This multi-person detection 
can be done by finding the maximum matching 
percentage in database rather that the absolute 
value matching.   
 
IV. EXPERIMENTATION 
 

G.  Database Generation:- 
Database of 120 second year students 

speech samples are to be recoded. The speech 
signal are recorded using microphone. There 
are certain restrictions while capturing the 
speech such as the controlled environment, 
proper system conditions, distance etc.  

 
To recode this signal a VI in LabVIEW 

have been created which not only stores these 
speech samples but also sorts the samples 
according to gender, division roll number etc.  

 
The specifications followed are as follows 

– 
1. Original size of speech : 20-30 

seconds 
2. Words spoken : According to 

database sheet 
H.  Accessing and Framing of signal  

 
In order to make further processing of 

signal easier, the following operations are 
performed – 
Accessing each signal sequentially: Each 
signal is located in the directory and read in 
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the software separately. After reading the 
signal we normalize the signal if needed. Then 
we separate the left and right channel of signal 
and send the separately for further processing 
or in a single averaged form. 

      
   Faming: The signal are now processed to 

find the features but for stationary form of 
signal we take small windowed parts of it. 
Taking 50% over lapping frames the 
distortion in windowing is reduced.  

 
I. Cepstral Analysis:- 

    Features for each fames are found. For 
doing this we take the cpestral domain of the 
signal and then processes the signal in cepstral 
domain as it makes analysis simpler.  

      Pitch Identification: The cepstral 
domain signal is operated by low-pass liftering 
operation. Then the first peak of the result is 
found out for pitch frequency. 
      
   Formant Identification: The cepstral 
domain signal is operated by high-pass 
liftering operation. Then the peaks of the 
result is found out for formants of the signal. 
      
  Voiced and unvoised part detection: The 
pitch for each frame is checked and compared 
to the standard pitch range. If the pitch is 
found in range then the frame is said to be 
voiced or else unvoiced.  
J. Matching of Features:-  

 
The feature comparing algorithm 

used finds the best match of the signal and also 
the close match of the test signal with 
database. Then we decide on the level of how 
many people are speaking in environment and 
there identity is found out. We employ 
thesholding technique to find the best and 
probable match of the test signal with 
database.  
 
V. RESULTS 
 

       Results for the above mentioned 
algorithum is shown below. All the 
experimentation are done on LabVIEW 

evaluation edition software. Separate virtual 
instrument (VI) are made for each of the 
step and then integrated in master VI   
 
K. Matching of Features:-  

 
Figure 2 GUI for acquiring Database 

 
L. Accessing database   

 
Figure 3 GUI for reading files from database 
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M. Finding Pitch 

 
Figure 4 GUI for finding Formants 

 
N. Finding Formants 

 
Figure 5 GUI for finding formants 
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