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1. INTRODUCTION

Speech process is one in every of most significant branches in digital signal process. Speech signals
are often used for speech recognition, speaker recognition or voice command recognition systems. The task
of recognition is to see the identity of a speaker. To acknowledge voice, the voices should be acquainted just
in case of personalities still as machines. The second element of recognition is testing, particularly the task of
scrutiny AN unidentified auditory communication to the coaching knowledge and creating the identification.

Depending upon the appliance the realm of speaker recognition is split into 2 components. One is
identification and different is verification. In recognition there are a unit 2 sorts, one is text dependent and
another is text freelance. Recognition is split into 2 components: feature extraction and have classification. In
recognition the speaker are often known by his voice, wherever just in case of speaker verification the
speaker is verified mistreatment info.

The main purpose to grasp concerning speech is that the sounds generated by a person's area unit
filtered by the form of the vocal tract together with tongue, teeth etc. This form determines what sound comes
out. If we will confirm the form accurately, this could provide North American nation a correct illustration of
the sound being created. The form of the vocal tract manifests itself within the envelope of the short time
power spectrum, and therefore the job of MFCCs is to accurately represent this envelope.
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Figure 1. Basic Block Diagram of a Biometric System

2. IDENTIFICATION VS VERIFICATION
This class of classification is that the most significant among the heap. Automatic recognition and

verification area unit usually thought-about to be the most natural and economical strategies for avoiding
unauthorized access to physical locations or pc systems.
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(a) Speaker identification (b) Speaker Verification

Our paper is on recognition. Each the figures represent the ASI (automatic speaker recognition)
systems. The on top of 2 area unit the block diagrams of each the processes whereas figure a pair of represent
the sensible implementation of the systems.

2.1. Practical Examples of Indentification and Verification System
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Figure 2. Practical examples of identification and verification systems
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2.2. MODULES
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Figure 3. Module MFCC and VQLBG

We are using MFCC and VQLBG for feature extraction and feature matching purpose.

3. SPEAKER IDENTIFICATION

The main aim of this project is recognition that consists of scrutiny a speech signal from AN
unknown speaker to an info of notable speaker. The system will acknowledge the speaker that has been
trained with variety of speakers. Figure half dozen shows the elemental formation of recognition and
verification systems. Wherever the recognition is that the method of crucial that registered speaker provides a
given speech. On the opposite hand, speaker verification is that the method of rejecting or acceptive the
identity claim of speaker. In many applications, voice is used because the key to substantiate the identities of

a speaker area unit classified as speaker verification.

3.1. MFCC (Mel Frequency Cepstral Coefficients)
Frame the signal into short frames.

. For each frame calculate the period gram estimate of the power spectrum.
. Apply the Mel filter bank to the power spectrum and sum the energy in each filter.

. Take the DCT of the log filter bank energies.

1.
2
3
4. Take the logarithm of all filter bank energies.
5
6. Keep DCT coefficients 2-13, discard the rest.
B

ut notice that only 12 of the 26 DCT coefficients are kept. This is because higher DCT coefficients
represent fast changes in the filter bank energies and it turns out these fast changes actually degrade ASR

performance. So we get a small improvement by degrading them.
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The Mel-frequency Cepstrum constant (MFCC) technique is usually accustomed produce the
fingerprint of the sound files. The MFCC square measure supported the well-known variation of the human
ear’s vital information measure frequencies with filters spaced linearly at low frequencies and logarithmically
at high frequencies accustomed capture the necessary characteristics of speech. Studies have shown that
human perception of the frequency contents of sounds for speech signals doesn't follow a linear scale. So for
every tone with AN actual frequency, f, measured in cps, a subjective pitch is measured on a scale referred to
as the Mel scale. The Mel-frequency scale is linear frequency spacing below a thousand cps and a power
spacing higher than a thousand cps. As a point of reference, the pitch of a one kilohertz tone, forty decibel
higher than the sensory activity hearing threshold, is outlined as a thousand Mel’s.

The following formula is employed to calculate the Mel’s for a specific frequency: Mel (f) =
2595*log10 (1+ f/ 700). A diagram of the MFCC processes is shown in Figure 4.

The speech wave form is cropped to get rid of silence or acoustic interference which will be gift
within the starting or finish of the sound file. The windowing block minimizes the discontinuities of the
signal by tapering the start and finish of every frame to zero. The FFT block converts every frame from the
time domain to the frequency domain. Within the Mel-frequency wrapping block, the signal is planned
against the Mel spectrum to mimic human hearing. Within the final step, the Cepstrum, the Mel-spectrum
scale is regenerate back to straightforward frequency scale. This spectrum provides a decent illustration of
the spectral properties of the signal that is vital for representing and recognizing characteristics of the
speaker.

After the fingerprint is formed, we are going to additionally stated as AN acoustic vector. This
vector are keep as a reference within the information. once AN unknown sound file is foreign into Mat
research lab, a fingerprint are created of it additionally and its resultant vector are compared against those
within the information, once more mistreatment the geometrician distance technique, and an acceptable
match are determined. This method is as stated as feature matching.

3.2. Vector Quantization

A speaker recognition system should able to estimate chance distributions of the computed feature
vectors. Storing each single vector that generate from the coaching mode is not possible, since these
distributions square measure outlined over a high-dimensional area. It’s usually easier to begin by quantizing
every feature vector to at least one of a comparatively tiny variety of model vectors, with a method referred
to as vector quantization. VQ may be a method of taking an oversized set of feature vectors and
manufacturing a smaller set of live vectors that represents the centroids of the distribution.

The technique of VQ consists of extracting little variety of representative feature vectors as AN
economical means that of characterizing the speaker specific options. By means that of VQ, storing each
single vector that we have a tendency to generate from the coaching is not possible.

By mistreatment these coaching knowledge options square measure clustered to create a codebook
for every speaker. Within the recognition stage, the info from the tested speaker is compared to the codebook
of every speaker and live the distinction. These variations square measure then use to form the popularity
call.

3.3. K-Means Algorithm

The K-means formula may be a thanks to cluster the coaching vectors to urge feature vectors.
During this formula clustered the vectors supported attributes into k partitions. It use the k means that of
knowledge generated from mathematician distributions to cluster the vectors. The target of the k-means is to
attenuate total intra-cluster variance, V.

The process of k-means formula used least-squares partitioning methodology to divide the input
vectors into k initial sets. It then calculates the mean purpose, or center of mass, of every set. It constructs a
brand new partition by associating every purpose with the highest center of mass. Then the centroids square
measure recalculated for the new clusters, and formula recurrent till once the vectors now not switch clusters
or instead centroids aren't any longer modified.

3.4. Euclidean Distance

In the speaker recognition section, AN unknown speaker’s voice is diagrammatic by a sequence of
feature vector then it's compared with the codebooks from the information. So as to spot the unknown
speaker, this could be done by activity the distortion distance of 2 vector sets supported minimizing the
Euclidean distance.

The Euclidean distance is that the "ordinary" distance between the 2 points that one would live with
a ruler, which may be established by recurrent application of the philosophe.

The speaker with the lowest distortion distance is chosen to be identified as the unknown person.
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4. EXPERIMENTAL RESULTS
To implement projected speaker recognition system, a system with some voice commands like
'Hello' is taken into account.
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Training part is completed in 2 forms. Initial system was trained with one repetition every for every}
command and once in each testing sessions.
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Figure 10. Fast Fourier Transform

Figure 11. Code vectors

With this sort of coaching error rate is regarding thirteen. In second kind, speaker perennial the
words four times in an exceedingly single coaching session, and so doubly in every testing session. By doing
this negligible error rate in recognition of commands is achieved.

5. CONCLUSION

The goal of this project was to make a speaker recognition system, associate degreed apply it to a
speech of an unknown speaker. By investigation the extracted options of the unknown speech and so
compare them to the hold on extracted options for every totally different speaker so as to spot the unknown
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speaker. The feature extraction is completed by victimization MFCC (Mel Frequency Coefficients). The
operate ‘melcepst’ is employed to calculate the Mel cepstrum of a sign. The speaker was modelled
victimization Vector quantization (VQ). A VQ codebook is generated by clump the coaching feature vectors
of every speaker and so hold on within the speaker information. During this technique, the K means that
formula is employed to try to to the clump. Within the Recognition stage, a distortion live that supported the
minimizing the geometrician distance was used once matching associate degree unknown speaker with the
speaker information.
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