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I. INTRODUCTION

The main task in speaker verilication is to accept or reject the claimed identity oi a tested speaker. Its
successlul solution can have many practical applications. For instance it can be used to provide an
additional level oi semrity ior privileged access. based on the unique biometric leatures or the
speaker. The speaker verification problem has been under consideration in many major speech
laboratories. it is ditiicuil to compare the reported results because they depend strongly on the size
and type or the test population and the ezperimental conditions. There is still a need Ior research
work aimed at the design and development oi a real time speaker verification system reliable enough
to be included in security applications.

Traditionally there is a general tendency to use techniques that have proven to be successful Ior
speech recognition such as Dynamic Time Warping (DTW), Vector Ouantisation (V0) and Hidden
Markov Modelling (HMM) to solve the speaker verification task. When adopting this approach the
benefits introduced lor the speech recognition task. such astime nonnafisation when using BTW. the
data compression provided by'vo. or the compersation tor time and trequency variability as a result
of HMM, have to be disabled by the use of extra processing cepslral weighting tor the V0 technique
[4], or segmemation and labeling tor the HMM approach, in order to reliect the specific verification
problem. It is more logical to use a technique that Is initially designed to emphasize the ditterence in
the vocal tract parameters and thus separate dillerent speakers. Such a method was proposed in [1]
and dillerem versions of it were investigated in [2.3]. it Is based on the idea that a linear
transiormation oi the linear prediction parameters using the eigenvectors and values oi the
covariance matrix can provide a high speaker discrimination potential. The reported results were
encouraging despite the lack oi a time normalisation procedure. An extended version ol this method
combined with cepstral analysis and its prototype Implementation are discussed in this paper.

The objectives oi this research are to explore the possibility ot implementation oi an orthogonal linear
predictive cepstral analysis and an extended Mahalanobis distance measure, including variance
iniormaiion, in a real-time prototype speaker verification system based on a standard PC
configuration with a DSP processing board.

2. ORTHOGONAL LINEAR PREDICTION CEPSTRAL ANALYSIS

Identitying speech characteristics that are ellective lor automatic speaker verilication has been the
subiect cl a great deal at research. An ellective speaker verification leature should measure some
aspect of the acoustic signal that tellects the unique propenies oi the speaker vocal apparatus, and
should contain little or no inlonnation about the linguistic content ol the speech. it the selected

1 The work reported here was carried out while the author was employed at Centre Ior Speech
Technology Research. Ecfinburgh University.
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teature ls Indicative at not only the speaker but also 01 what is being said. then the toll speaker
discrimination potential at the teature can only be realized when the recognition process is confined
to a comparison at speech samples with exactly the same speech cement. The non-trivial and non -

enor tree operations ol segmentation and time nonnaiisation are usually required to warantee the
sucoes ot systems that depend on such teatures.

The most attractive leatures which have been reported tor application In automatic speaker
verification systems are pitch. gain and the linear prediction parameters at the speech wavetorm. The

pitch and gain parameters are related to the properties oi the speakers glottal source and the linear

predation ooettlclents are indicative ot the speaker’s vocal tract. Since these three teatures are by
thenselves sutfiolent to practice a high quality synthesis. they must necessarily contain a high degree
ot lntonnalion about the speakers Identity. Untonunately these parameters are also quite obviously
influenced by the exact linguistic content at the speech signal and can. therelore. not be regarded as
'ideal' recognition measurements.

In the field at speech processing. the term linear prediction reters to a highly successtul
representation ot the speech signal as the output ol an all-pole filter that Is exc'ted by a sequence at
pulses separated by the pitch period tor voiced sounds. or pseudo~random noise tcr unvoiced

sounds. The technique at orthogonal linear prediction was introduced to exploit the experimental
observation that the linear preddion parameters exhibit significant redundanq tor speaker
veritlcation purposes. This redundancy implies that a conventional elgenvector analysis can be used
to reduce the dimensionafity ot the linear prediction space. The eigenvector analysis Involves the
generation ot a set oi statistically uncorrelated parameters that are termed by a linear combination oi

the given linear prerficticn parameters. The redundancy in the linear prediction parameters Is reflected
In the lad that only a 'srnall subset ot the orthogonal parameters will demonstrate any significant
variation across a speech utterance. The remaining orthogonal parameters can be ellectlvely

considered constant and only a knowledge at their specilic mean values Is required. The method 01

orthogonal parameters uses the eigenvalues and elgenvectors ot the covariance matrix of

measurements made on a set ot utterances lrorn art enrolled speaker to transtorrn the measurements

made on an utterance lrom a speaker ctairning to be that authorised speaker.

The advantages ot the proposed theoretical approach are derived lrorn the tact that elgenvector
analysis can be used to provide a reiable estimation ot speaker specific vocal tract teatures.
according to the verification results presented In the fiterature [1.2]. The method can be used in both

text-dependent or text independent mode and is language Independent. in temts ct engineering
realisation the orthogonal linear predaion algorithm, has a structure which Is well suitable to real time

Implementation on a DSP processing board. in adLfition the stored reterences tor each user at the
system are oompam.

3. THE SPEAKER VERIFICATION SYSTEM

The developed speaker verification system is a real-time prototype system based on a standard PC
configuration with a DSP processing board. The tront and processing algorithm includes standard
LPC - cepstral analysis soilware. which was already developed at CSTFl (Edinburgh University). as a

pad 01 a speech recognition project. Some modifications and adaptations have been added

aocortfing to the requirements at the speaker verification task. The translormation ol the speech
wavetorrn includes a standard set at speech processing techniques and results in a compressed

description as a sequence ot cepstral parameters. The real-time realisation is achieved by making

 i
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maximal use at the osmzc processing card Internal architecture at assembler level. The resulting
description ot the speech signal is translerred and stored on the PC. It Is tunher processed by a
principal oortponents analysis procedure to term reierence patterns tor each user In training mode.
Finely. at the verifimtion stage. a Mahalanobis distance measure extended to Include varia
Intormatlon ls calculated. v

The system operates In three Independent modes:
1. Data Collection:
2. Traire'ng;
3. Verification.

A new user can be included at any time and tested as an Impostor against any ol the stored
reierences oi previous users or verified using his own characteristics. He Is introduced and verified
by a 7 character Identification name. In the testing experiments the speakers preferred to use their
e-mail name.

DATA COLLECTION MODE - For speaker verification It Is Irnpoitant to. record users' vocal tract
characteristics through dittorent time Intervals. The Data Collection mode organizes and maintains a
tile stmcture with the training data tor each user. keeping track oi the date oi the recording. the text
and the training parameters. A list at phonetically balanced sentences is displayed and the user has
the choice to combine them when collecting data tor text independent experiments. The chosen
sentence ls displayed together with lrstruaions on how to operate lor the recording. The processing
time tor each sentence In about 30 seconds depending on its length.

  
   

   
   
  
  

    

  
  

   
    

   

TRAINING MODE - The speaker verification system requires training tor each user. it is done using
the material Irom the user's data file. Just one or up to ten sentences can be used tor training. in this
mode a tile containing the relerence parameters tor each user is created and updated every time a
new user Ie Introduced to the system. The stored lntormation tor each user within the file is 686
bytes. The training time depends on the nun-oer ot sentences and is about 20 seconds per sentence.

VERIFICA‘HON MODE - A list with the identification names at all the users the system is trained
with is displayed. The speaker can claim an identity by choosing one at them. He is invited to say a
test sentence and is verified against the chosen person. His verification score ls primed. There Is an
option to store all results in a history file torlater statistical analysis.

4. PROCESSING ALGORITHM

he tlow charts oi the processing algorithm tor the three modes oi the verification system are
shown in figures 1. 2 and 3. Details about its implementation are as ioliows:

- Microphone Input ol the speech signal with sampling rate 10 KHI: maximal duration 01 the input
utterance 6 see; no end point detection Implemented. The processed part at the signal included
portions with badtground noise beiore and after the utterance.

- Standard segment duration 256 rnsec: overlap between segments 10 msec. Each segment is
processed by standard LPC analysis oi order p=12 and includes the toilowlng procedures:

- Preemphasis filtering:
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S'tn) - S(n) - 0.9375 S(n-1) where S(n) Is the input signal:

.VHamm‘nywindowlngwltn w(n) - 0.54 - 0.4Goos(2:uIIN). ‘ as n s M. N=256;

’s'ln) — S‘ln) win) :

- Autooorrelation analysis:

n+1
r(i) - 2 S(n) sum) . l- 0.....p;

n=0

0 uneav Predictlve analysis:

Using the Durbin—Levinson remrsive procedure the LPC coellldenls are computed
recursively lrom the following mlatlons: _

“(0) = r(l3):

ki - (r(i) u‘(l'1)r(I-1)+...+aHa")r(1))/H(I-1);

alfl) , kl ._

3‘“) .- alu'” + kiaHu'” , l— 1..4.,|-1:

. H(i) -( 1 - kfwgi-I);

The ooall'la‘ems a1") . i=1 are the LPC coelficienls oi an I-m order model.

- Cepstral analysis:
It-I

era-31. ckaan-EclaH. tsksp; r

I=1

- calwlalion oi the covariance matrix E at the CEP coefficients across the Input utterance:

J

em: (1/(J-1)) 2 (cu- Elucki- Ek). Ell-1.2.“

I=1
wheretJ is the total numbercl segments in the utterance.

all is the Mt: CEP coetliclent in the Hit segment.
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J

E. - (114) 2c".
i=1

For each user a separate file with tralm'ng data ts created. It contains the CEP coelficients and their
covariance matrices tor each utterance ol the training set (Figure 1).
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In the Irainlng mode (Figure 2) the reterence covariance matrix tor the mth talker is defined as the

weighted average at the calculated covariance matrices of the selected utterances horn the training

set.
L

n- (112%) 21,; ;

1.1 lat
where: L is the number at the training utterances:
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Jl Is the number at segmeMS In the Mn utterance

Princlpal components analysis Is pencnned to obtain the elgenvalues (the statistical variances) and

their corresponding mutually orthogonal eigenvectors.

In.“ | a o;
Z‘bI-Flb: I-1.2.....p;
where: I is the Identity matrix;

11 Is the I-th eigenvalue:

hi Is an eigenvectcr with p elements.

The orthogonal CEP coelt'rcients are calculated by:

p

Q“ a z ; In 12.....92

k=1 In 1.2. .J.

The average value at the Mn orthogonal CEP coefficient tor the mth speaker is:

L L J |

a. ,(1/ 2:4,) 22%;
M in 3:1

The eigenvectors. the eigenvalues and the mean enhogonal CEP coetfra‘ents term the reterence

parameters tor each user. They are stored In a common tile.

In verification mode the tested speaker claims an Identity v trom the relerence set and speaks an

input utterance r Itig.al. The spoken utterance r is processed in real time by the DSP lrcnt end

processing module. The resulting CEP coellicients are cthcgonalised by the eigenvectcrs oi the

claimed Identity v and their mean values a" are calculated.

The dissimilarity between the tested speaker I and the verified Identity V is calculated by:

Dm=ct1+t12 ;

p

at '3V2((;w ‘ F’rr)/‘”‘iv )2?
i=1

where : Aivis the reterence eigenvalue tor the i—th orthogonal paramter tor the v speaker;

JV the average numberot segments in the utIerances ot the vspeaker's training set

The second pan at the distance measure is an extension Including variance Intcrrnatlon ol the term:
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P

«2-; smut-w m2:
2 {-1

where :v" is the measured variance of the i-th orthogonal parameter at the tes1ed speaker ,
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5. EXPERIMENTAL RESULTS

Text—dependent and text-Independent experiments were carried out us‘ng a set at phonetically

balanced sentences (each one shorter than 5 see). The accuracy obtained is 99.7% tor text

dependent mode. tested over 32 speakers (training and testing done with the same sentence during

dilterent sessions). and 95.1% for ten Independent mode (ualnlng tor each speaker done with 5

tfiflerent sentences recorded at diflerent times within 3 weeks, and testing with 5 utterances at a

sentence not Included in the training set). The verification trials were done on-Iine: the speakers knew

each others way at speakan and in most cases were trying to Imitate It. The results presemed were

obtained In conditions close to real me situations and prove that the approach terms a good basis

tor a reliable real time speaker verification system.
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6. CONCLUSION

One original contribution ol this work is the real time implementation at the orthogonal linear ‘
prediction technique in a prototype speaker verification system. The basic approach is enhanced by
the use of a new leature set at linear predictive cepstral coelfio'ents and by awng speaker adaptive
threshold evaluation. The cn«line experiments provide a more severe test tor the system. in summary.
the positive aspects ol the presented work are:

1. The proposed approach is computationally cheap and suitable lor real time implementation on a
DSP board. as the main pan oi the processing algorithm consists or matrix multiplications. The i
stored reierences tor each user are compact (680 bytes) and do not impose any significant imitation

on the nurnberol the users.

2. The method operates on the long-term statistics of the cepstra hence It can be used In totally text-
indepehdent mode with no linguistic constraints on the testing text. Alter the system is trained. any
suliila'ently long sensible utterance (approximately 6 sec) can be used lor testing. This leature
provides an additional flexibility compared to the commonly used approaches. where training ls done
on strings ol digits and another digit combination Is used tor testing. which Is not a totally text-
irldepehdent mode [4.5].

3. The accuracy obtained is in the same range as the results presented by other authors [4.5.7]. is
better tor text-independent mode. and Is also achieved in real time with less training rnatertal (l to 5
utterances) and computational eltort.
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