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Introduction

In a society where electronic communication andeillance equipment are commonly
used, both in criminal activity and for investigatal purposes, analysis of recorded
evidence has become an important part of foremseénse. In forensic audio, which is the
common name of these analyses, the sciences ddtacielectronics and linguistics are
combined in order to perform procedures such asé¢apancements and authentications,
transcription and interpretation of conversatiorgynshot acoustics and voice
identification. Forensic voice identification, whigs the subject of this paper, becomes
an issue during investigation or litigation wherrhexists a recording in connection to a
crime where the identity of the speakers are insgae. These can include situations
such as drug deals where conversations are recoxttédthe aid of a body wire,
telephone threats that have been recorded by theieat, robberies which have been
taped by security cameras or any other crime wileeee exists recorded evidence
containing unknown human voices.

This paper is divided into three parts, where tre# part is an introduction to acoustics
and speech production. This is included in ordeged a good understanding of the
underlying scientific principles of voice identifiton and the methods by which it is
performed. In speech sounds, the markers usedrémge analysis will be acoustical
events, which are the result of the mechanisms imssegdeech production. Ideally these
markers ought to satisfy the demands of being:Ifidiscriminating, consistent with the
speaker, consistent through time, easy measuraidéfected by the speakers health and
unaffected by environmental noise. As will be showone of the markers identified to
date satisfy all of these demands, and the quafithe markers are highly dependent
upon what mechanisms are involved in their proaunctin transcribing speech sound itis
common to use phonemes from the universal phoaktiabet. Depending upon dialect
there are differences in how English words arestabed. In this paper the phonemes
and transcription of standard English have beed ss& a complete table with examples
of these are enclosed in appendix A.

The second part of the paper is a review of thdittcanal method of voice identification
performed in forensic science. This involves a carigon between the unknown voice
and reference samples of a known voice by bothlaand graphical means. The
graphical plots used in these comparisons are odtienred to as voiceprints, which is a
name given because of the alleged similarity tgdnprints. The voiceprints are, in this
paper, referred to by their original name: spectaiots. This because the term voiceprint
is misleading with regards to accuracy, as sperpigc voice identification is by no
means as conclusive as fingerprinting. Some ofptteeedures that are often part of a
spectrographic voice comparison are not discussetail in this paper. These include
tape enhancements, quality and authentication sisaljhese are excluded because they
do not have any direct influence on the issue ldbdity. In addressing the unsettled
issue of admissibility of spectrographic evidencetie court of law, there will be no
description of specific cases where this issuddleas raised. However, some of the most



frequently encountered arguments both for and agaithmissibility, and the ways these
have been handled by different courts, will be dssed.

The third part of the paper contains a descriptitsome of the techniques developed for
automatic speaker recognition and how these coailapiplied in a forensic context. This
is an area of speech science that has receivetimole attention from the scientific
community than spectrographic voice identificatitins also anticipated that this will
continue into the future as part of an attempt takenit possible for humans to
communicate with computers by voice. Although saifthe developed technigues have
been used as the basis for expert evidence on véctification, there has been no
attempt of involving these in a standardised foi@psocedure. In the third part of the
paper there is an outlined of a proposed new metimdalow the different techniques on
automatic speaker recognition could be combined farensic context. This involves
dynamic analysis with statistical evaluations of #wvidence for each case, which can
result in either estimated error rate or Bayesikelihood ratio. This approach has the
potential of overcoming some of the most import@mtcerns regarding spectrographic
voice identification on the issue of admissibilityhe outlined approach is based upon
some assumptions that have to be tested and esdlttabugh further studies.



Part 1:
The Vocal Organs

The speech chain starts with activity in the nes/gystem, which sends signals to the
different organs in the vocal tract involved in thleysical production of speech. Air is
pressed up from the lungs trough the larynx, witegets converted into sound waves by
the vocal folds. It then passes through the pharyrecoral and nasal cavities, where the
waves develop their final form, before they leasepeech through the lips and the nose.
A common characteristic of the organs involvedest they have other primary functions
than production of speech. As these are not irsttope of this essay | will not discuss
them in detail. | will also only concentrate on thegans in the vocal tract, as these are
the sole ones relevant for voice identificationgmses.

Kf 'Il-f / ¢ wOLAL CAVITILS

B AR — — i, - :" . -

WACD T4 COM PN THE Iln’/l;:- - \k' ‘.'I\-.--r/ wstly T SELECT aril
[ L X LIE ¥, T L el
SPLLCH a0 TLSIES il _."’.— - e |- R 3% O LRl %

| ~ Do — bEATA
: s - AL
L& o’ - — CaAL
e - Fs FRGE AL

LOWER

ARTICULATORS — RESPIRATORY TRACT

wSED Ty RaPfy e

USLD To wARY
THL BAEATH S5TRL AR

THE wOCAL CAVITL S
— TRACIILA

——
/‘/— LighIC %
VOCAL CORDS — o AL

WIED TO MO ATE
BRLATH STEL&M

Figure 2: Diagram of the vocal tract.



The Respiratory System

The respiratory system is located in the thoraaiatg and consists of the lungs and their
connection to the digestion system, the trachsauritmary function is to bring oxygen to
the blood and remove the bloods contents of cadimxide, but in speech production it
works as the main source of airflow required inesrtd create sounds. The two lungs are
made up of many small elastic air sacs, calledatlv&@hese opens into small tubes,
which again open into larger and larger tubes leefaro tubes, termed the bronchi,
eventually become united at the base of the tracliba trachea is a single tube
surrounded by cartilage rings. It is typically ab@leven centimetres in length, and
connected to the larynx at the opposite end. Duhegespiratory cycle, muscular forces
are first applied to the thoracic cavity, in ordelincrease its volume. The alveoli then
expand to cause a low air pressure in the lungg)(R®mpared with atmosphere
pressure. To maintain equilibrium, air flows in ttee respiratory system. When the
muscles again retain relaxation, the volume oftttaracic cavity will decrease. Psg is
once again higher than atmospheric pressure, ansl epelled from the lungs. During
speech Psg is relatively consistent, but will vaiyh the speech’s loudness, as an
increase in intensity requires a correspondinggi@se in air pressure.

The Larynx

The larynx is the valve of the respiratory systeaunich closes during eating and drinking
so that food or liquid will not enter the trachda.speech production it acts as a
phonatory mechanism, transforming the airflow frahe respiratory system into
waveforms. The base of the larynx is a ring callezlcricoid cartilage and on top of this
there is a structure called the thyroid cartilabee thyroid is often described as looking
like a snowplough, the front being visible in madasthe Adams apple (it is not visible in
females because of the plough’s larger front andjlég connected to the cricoid by one
joint on each side, which allow mobility. At theareend of the cricoid there are two
pyramid structures, called the arytenoid cartilagé®se also posses mobility in the form
of rotating and sliding motions. Between the argida and the front part of the thyroid,
there are two parallel muscles called the vocaldd¢Vocal cords). These are flexible, and
the combined movement of the arytenoids and theithyan adjust their length, shape
and tension. It is through the space between tloalViolds, the glottis, which the air
from the respiratory system passes and gets cawvénto waveforms during voiced
speech. Normally, tensions in the vocal folds ofipose opening of the glottis, but when
Psg increases they are forced apart. When air paissmigh this narrow opening in the
glottis, its acceleration causes the pressuredp.drhis results in a new closure of the
glottis. As this cycle repeats itself, the vocald® start to vibrate with a frequency
determined by the combined tension, length and wfi$e vocal folds and the increase
in Psg. Speech sounds, which are the puffs obatetl through the glottis, will have a
fundamental frequency (pitch) of the same valughasfrequency of the vocal fold
vibrations. Loudness is also determined by the Mobds, increasing when the glottis is
kept closed for a longer period during each vilbratcycle. When the vocal folds are



forced apart, the glottis will have a wider openiresulting in higher amplitude as more
air is let through.

The Pharynx

The pharynx is the passage for air to the respyaystem and for food and liquid to the
stomach. In speech production it acts as one e&th#sonating chambers that amplifies
the intensity and shapes the waveforms into thferdiit sounds, as they are known in
speech. The pharynx is a tube, typically twelve tioeetres long. For description
purposes it is commonly divided into three partise Tnferior laryngo-pharynx and the
oro-pharynx (middle section), connect the laryn¥he rare end of the oral cavity. These
sections can be altered in volume, as their diars@te dependent on the position of the
tongue and their lengths vary with the up and domovements of the larynx. The
superior naso-pharynx is the extended connectidimetmasal cavity and can be sealed of
from the lower sections by raising the velum.

The Nasal Cavity

The nasal cavity is another resonation chamberghviegaches from the pharynx to the
nostrils. It is typically about ten centimetres dorand has a complex cross sectional
shape with a large surface area used to warm amadify air during respiration. There
are no muscular structures in the nasal cavity¢hatbe used to alter its shape or size.
This means that its resonating characteristicéyerd and cannot be deliberately altered,
though external factors, such as flu infections lsamfluential. The velum is a muscular
structure located at the opening between the pkaayrd the nasal cavity (the velo-
pharyngeal port) and its tip is often referred ®the uvula. As already mentioned,
raising the velum can completely or partially sefathe nasal cavity from the rest of the
vocal tract, creating accordingly nasal and nasdlsounds.

The Oral Cavity

The oral cavity is the third resonating chamber #redsingle most important part of the

vocal tract in production of the phonetic contantspeech. It is defined as reaching from
the top of the oro-pharynx to the lips. It is segped from the nasal cavity by the roof of
the mouth, which consists of the alveolar ridgeadhaalate and velum. The phonetic
importance of the oral cavity relies on our abitilymodify its volume and shape with

movement of the different articulators. The mogpamant of these is the tongue, which
is involved in the production of most of the di#et sounds. It is made up of multiple

muscles, and has the ability to perform complegrattons in shape, position and size.
Other important articulators are the lips, teetlealar ridge, hard palate, velum and
uvula. The lips and the velum can be used in ci@eiter the shape and size of the oral
cavity. The function of the articulator in the pumtiion of speech sounds will be

discussed in detail later.



Phonation

Phonation refers to the function of the larynx ahe different uses of vocal fold
vibrations in speech production. It is common twidk the vocal fold settings into
different modes, and combinations of these, in otdedescribe the way we use the
voice. Differentiation between these is also imaotin speech analysis, as the different
modes have different acoustical properties. In mbfEmglish speech only two of these
modes are applied: voiced and unvoiced sounds.r@tbdes can be used as an attempt
of voice disguise or be the result of a speechrdeso

False wocal
fold

Thyroid
cartilage

Conus elastcus

w8 WOCa
fedd
Cricoid LA Conus
[{m ]| i -
cartilage 7 ﬁ Elestinus Arylenaid Cricoid
Traches cartilage cartilage

Figure 3: The larynx seen from a) the back b) above.

Voiced Sounds

A normal voiced sound occurs when the arytenoicgpkbe glottis is closed, in order to
create vocal fold vibrations. These vibrations acalong most of the length of the
glottis, and their frequency is determined by tesion in the vocal folds. We have the
ability to control this tension; something we domer to alter the pitch during phonetic
intonation and singing. Males usually have a fremyerange of eighty to three hundred
Hertz (cycles pr second), while females can reaeh liundred Hertz. Voiced English
speech sounds include the consonaltsl,[g, d3, m, n, n, v, 8, z, 3, |, r, w, j] together
with all the vowels and diphthongs.

Unvoiced Sounds

An unvoiced sound is characteristic of its abseat@honation. Movements of the
arytenoids separate the vocal folds and the glatésheld open at all times during these
types of sounds. The opening, which is betweery sirtd ninety-five percent, lets the
airflow pass through without creating any vibragphut still accelerates the air by being
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narrower than the trachea. The absence of vocdlvitlrations means that unvoiced
sounds will not have a fundamental frequency arad te are unable to control their

pitch. In English, unvoiced sounds include the psind fricative consonants,|[t, k, 4,
f, ©,s, ], h].

Alternative modes

There are other phonation modes that should beiom=d, because they, although not
component of normal English speech, can be useuditificially attempting to disguise
the identity of the speaker: Whisper are createkégping an opening between the
arytenoids while the vocal folds are kept togetfidis changes the properties of voiced
sounds, but leaves the unvoiced sounds unaffeCiedking, with its characteristically
low frequencies, is produced with the glottis ckhskbut also has settings in the vocal
folds that only allow a short fragment of them ibrate. Falsetto is similar to voiced
sounds in that vibrations occur along the wholeyterof the vocal folds, but gets it
characteristically high frequencies by shapingwbeal folds so that they get a thin edge.
Murmur is combination of voiced sounds without falbsure of the glottis. Its breathy
characteristic is caused by the constant airflolavwadd through. Combinations of the
different modes are also possible.

(L
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Craak Whisper

Figure 4: Vocal fold settings in some common modes.
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Articulation

Articulation refers to the ways we use the numerorgans in the upper vocal tract to
create the different sounds that form speech, amdciudes both the formation and
degree of constriction. The two main groups ofcafdted sounds, consonants and
vowels, are defined accordingly to the presencealosence of constriction. The
consonants are again divided into subgroups reggrdne manner in which the
constriction is created. Each of the groups andysaups represents different auditory
events and will accordingly be described separatEhere are more sub groups of
consonants than the ones mentioned below (e.®. dlag trills), but as these are not used
in normal English speech they are excluded froih&mrdescription in this paper.

1 Labia

4 Danla

3 Adweolar

4 Postalvesar
5 Palata

& Welar

7T Uvular

8 Pharynoeal

Welo-phary ngea
ey

Daorsum of
R 1ongus

Figure 5: The vocal cavities and sights of articulation.

Vowels

Vowels are voiced sounds formed with an open vuoeal, and their phonetic contents
depend on the size and shape of the resonatiniesa\All the vowels in English speech
are oral (formed in the oral cavity with the veluansed) but nasalized vowels are also
possible and are used in other languages sucteastrin describing vowels we define
them according to the positioning of the tongue enredshape of the lips. In the cardinal
system, sixteen reference vowels are defined a®otier limits of sound possible to
create without any constriction in the vocal tradtese are divided into two sets. The
eight primary ones are related to the positioroafue in a two dimensional space, with
axes describing horizontal and vertical placinghi@ oral cavity. The secondary set has
the same tongue positions as the primary set,ifatglin the shape of the lips. Although
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the lips can be shaped in many different wayshe dardinal system it is common to
only differentiate between two settings: spread aadtral/round, as these are directly
relevant to the length of the oral cavity. Everpmounceable vowel can be placed
somewhere in between these reference vowels. Sineecardinal system has a
continuous spectrum of tongue positions, therebgreefinition an infinite number of
possible vowels. Small changes in the shape ofttingue will alter the acoustic
properties of the sound, but not its phonetic cotsteSince there are no defined borders
between the different vowels, there exist somens@iency in phonetic notation. In
standard English speech there are twelve vovielsd, @, a, v, 5, U, u, A, 3, 3], which
have approximated places in the cardinal diagram.

Diphthongs

Every vowel can have glide, which is caused by ioatdmovements when used in
connection with other sounds. In-glide describesdituation when the tongue and lips
are moving towards their stationary settings frdra settings in the previous sound,
while off-glide is when they are moving towards tkettings in the next sound.
Diphthongs occur when a vowel is followed by anotimvel and there is a distinct glide
between them. Both glides and diphthongs are markethe cardinal diagram by
pointing the position of the vowels together with @row showing both direction and
length of the glide. In English speech there aghtdifferent diphthongsf, sv, a1, au,

J1, 19, €3, Ud).

Front Central Back
High {closel 1. 98 . B.16
I u
I
(40
Mid-high 210 715
[hall-close] 3

Mid-lowe 3,11 &, 14
(half.open)
\\ ﬁ\<
Low @ 4. 1ze 9 51

o pam)

Figure 5:The cardinal vowel diagram with positions of the standard English vowels.
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Consonants

Consonants are sounds created with a constriaticdhe vocal tract, and their phonetic
contents are dependent on the place and mannehichwhe articulation is created,

combined with the phonation mode applied. The fsgositions of articulation range
from the lips in front, to the glottis at the baokthe vocal tract. Although this is a
continuous scale, it is common to divide it int@ions related to the articulators
involved. These are bilabial (lips), labio-dentgg to teeth), dental (tongue to teeth),
alveolar (tongue to top of alveolar ridge), posteallar (tongue to back of alveolar ridge),
palatal (tongue to hard palate), velar (tongue étuw), uvular (tongue to uvula),

pharyngeal (pharynx) and glottal (vocal folds). n@oned with the manner of

articulation, which involves the level of constiiect and movements of the articulators,
this leads to a set of sounds that can be bothedoand unvoiced. Not all of these
potential consonants are possible to pronounce yeiged glottal) and only a few are
used in English speech.

Plosives

Plosives are sounds created by the formation aledse of a full closure in the vocal
tract. During the closure, which is heard as atsperiod of silence, pressure is built up
behind the articulators. When the closure is re&ldaby separating the articulators,
equalization of the pressure differences resultha short sound characteristic of
plosives. The duration of both the closure and rflease will be dependent on the
phonetic contents of the sound and the conneatiavhich it is used, but will otherwise
be relatively consistent, as it is impossible ttead them without making a full stop in
the word. Plosives in English speech can be boitedoand unvoiced, and the ones used
are p, b, t, d, k, g].

Nasals

Nasal consonants have a continuous full closusmate point in the oral cavity. Since
the velum is set in the low position (opening thredopharyngeal port) air is let out
through the nasal cavity. There are normally nostactions of the airflow inside the
nasal cavity, and since it is impossible to alter@sonating characteristics, the phonetic
contents of nasals are entirely determined by itteeand shape of the oral cavity behind
the closure. The nasal consonants used in Enghiskch fn, n, n] are all voiced, but
unvoiced nasals can be produced, although raraibea# their low intensity.

Fricatives

Fricative consonants are created by articulatidtinggs that have a constriction in the
vocal tract, narrow enough to make turbulence m dirflow. It is common to divide
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these sounds into sub groups as some of them Halans(hissing) characteristics, [z,

[, 3] from the noise components of the turbulence. Mwoaets in the articulators must
also be considered in order to differentiate betwsaunds that are created at the same

location. The ones that have movements are cdffiecbies ff, d3], and can be described
as “plosives released into fricatives”. Fricativas be both voiced and unvoiced, and the

ones used in English speech d&e,[6, 9, s, z, [, 3, tf, d3, h].

Approximants

Approximants are consonants created with a gréatel of constriction than vowels, but
not enough to create turbulence in the airflows lalso common to divide these into
subgroups related to the level and shape of thetgotion. The ones with the least

constriction are often referred to as semi-vowglsv], because of their similarity to

vowels in articulation setting. Centra] fnd laterall] approximants refer to the shape of
the tongue, where the latter has an opening foaitilew on each side. Approximants

are normally voiced sounds, and the ones used ghidbnspeech aré, [, j, w].

Bilabial Labio-Dental Dental Alveolar Post-Alveolat
Plosives b b t d
Nasals m n
Fricatives fv 00 sz (34 s
Approximants | r
Palatal Velar Uvular Pharyngeal Glottal
Plosives k g
Nasals n
Fricatives h
Approximants j W

Table 1: Articulation sights of standard English consonants.
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The Nature of Sounds

In analysing speech sounds it is the propertieth®fsound, and not the sound source
itself, that is the subject of study. In understagdoth the transit from phonation and
articulation to sound and the way sounds are aed]ysome basic knowledge about its
properties are of importance. Acoustics is thergdie name for the behaviour of sounds
waves, which closely relates to standard wave thasrit is described and applied in
physics. | will in this section give a brief introction to the concept of complex
waveforms, frequency, amplitude, filters and re smea

Frequency and Waveforms

Sounds are pressure waves transmitted through aumedlthough sound can travel
through many different mediums, with speech souhisis normally air. In its simplest
form, sounds can be described as sinusoidal wawsfpiotted on a graph with pressure
and time as accordingly the vertical and horizoatdk. One cycle of this waveform
completes itself when its displacement (pressuas) fleturned to its original position.
Frequency of the wave is defined as the numbeyaés completed over a certain period
of time. The standard way of expressing frequenay Hertz (Hz), which has the unit of
period’s pr second. Each sinusoidal waveform represone single frequency. When
several frequencies are represented in one wavetbeir sinusoidal components are
added together to produce what is called a complaxeform. A periodic complex
waveform has a fundamental frequency, which wegyeecas the pitch, together with its
harmonic components. The harmonic frequencies dwaya multiples of the
fundamental frequency, so a periodic waveform ddHD will have its first harmonic
frequency at 200Hz, the second at 300Hz and thid #1i400Hz etc. When a complex
waveform has a random distribution of the frequetmyponents, the result is a rapidly
changing waveform without any general pattern. Tikigalled an aperiodic complex
waveform, and is what we commonly perceive as nofdethe other extreme in
complexity from sinusoidal waveforms, we have wisatalled white noise. This is a
waveform where every possible frequency is rand@rdgent.

Amplitude and Intensity

The amplitude of a sinusoidal waveform is the eaftdistance from zero to maximum
(peak) displacement. In sound waves this is reladeghat we perceive as volume, and
its equivalent is the magnitude of pressure. In glemwaveforms it is common for the
different sinusoidal frequency components to hawerdnt amplitudes, and harmonic
frequencies are often characteristic of having el@sing amplitude as their frequencies
increase. In describing the volume of a soundabisvenient to utilise the term intensity,
which refers to the energy of the waveform. Thisdsiivalent to the waveforms average
degree of displacement, and can be derived fronatig@itudes as the root mean square
(RMS) value (70.7 percent of the peak value in sndial waveforms). The advantage of
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this approach is that it can express both the sitgwof single frequencies as well as the
overall loudness of a complex waveform. To discniaté between the two variables it is
normal to refer to the amplitude, implicitly meagits RMS value, when it comes to the
intensity of a specific frequency, while referritmjloudness as the overall intensity of a
complex waveform. The standard way of expressitgnisity is in decibels (dB). This is

a logarithmic scale developed to compensate fopetgeption of differences in intensity
as differences in volume. It is a relative scaleamng that it always compares the
intensity to a reference point. This point is uguthile threshold of hearing when it comes
to loudness and the maximum peak value when it edrequency analysis of amplitude.

Peak ro peak
Peak value A

o

CACNATA
VARVEA Ve

Displacement

Displacemeant

Figure 7: Examples of sinusoidal, periodic complex and aperiodic complex waveforms.

Filters

Afilter is the term used to describe any objecatievice that can alter the amplitudes of a
complex waveform as a function of its frequencidsese can be of any nature dependent
on the physical properties of the waves in questdithough the only ones that will be
discussed in this context are either “acoustical®etectronic”. There are basically two
different kinds of filters along with a variety efibtypes that can be derived from their
combinations. A lowpass filter is characteristic s@ippressing high frequency
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components while letting the low ones through werald. A highpass filter is considered
the opposite as it suppresses the low frequenelake letting the high ones through. One
combination of these two filter types will resuita bandpass filter, as both the frequency
components above and beneath a specific rangeaguidncies will be suppressed. The
frequency components that are let through this tffdter are determined by the upper
and lower limits of this range, and the distanctvieen these are normally referred to as
the bandwidth. When several bandpass filters amebawed, the result will be a multiple-
bandpass filter that is characteristic of lettipgafic bands through, while suppressing
the frequency components in-between.

Resonance

In understanding resonance, it is important toedshtiate between free and forced
vibrations. Free vibration is when a system isiset vibrations by an initial and final
input of energy. These vibrations will always ocatira specific frequency, called the
natural or resonating frequency, and their valugeiermined by the physical properties
of the system. Forced vibration occur when thera t®nstant input of energy into the
vibrating system, and if vibrations from anothesteyn are the source of this input, the
forced system will start to vibrate at the sameguency. Resonance is what occurs when
the forcing vibrations have the same frequenchasatural frequency of the resonating
(forced) system. The amplitude of the vibrationthia resonating system will in this case
have its maximum possible value and thereby cansemlification of the vibrations. If
the forcing vibrations have a higher or lower vathan the resonating frequency, this
amplification will decrease along with the diffecenbetween them. When it comes to
sound waves, the nature of resonance becomes rmorplex as more frequencies are
involved. An acoustic resonator normally has mistigifferent resonating frequencies,
with values dependent on its shape and size, antbthing system is often the pressure
waves themselves containing a variety of harmorg@guencies. The resonator will, in
this context, posses the same properties of apheHtiandpass filter, amplifying only the
selection of harmonic frequencies that lie inside bands, centred on the resonating
frequencies. When applied to speech sounds thes#sha resonated frequencies are
called formants and their centres (the resonateguiencies) the formant frequencies.
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Figure 8: Resonance response of a system with tree resonating frequencies.
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Acoustics of Speech Sounds

A simple way of describing the acoustic functionfstioe vocal organs in speech
production is to view them in terms of a source fibel model. There are two different
sound sources used in speech; vocal fold vibratamrsair flow turbulence. Phonation
creates a periodic complex waveform, while turbakems the source of an aperiodic
complex waveform. These are then filtered by thguiency selective resonating cavities
before the output is released as speech soundssifhple model is both an idealisation
and a simplification, useful in describing the diffnt acoustical makeup of the different
speech sounds. The real world is more complex as nbthe sources or filters are ideal.

Souce - Filter ——————— Srpech
out
Wiaicd and Woacal trass
frication control

cantral

Figure 9: The source and filter model of the acoustics of speech production.

Formant Structures

Since the pressure differences in the airflow ampertional to variations in the glottis
size, they will follow the same waveform as thealdold vibrations themselves. As one
cycle in the vocal fold vibrations will consist bbth a period of full blockage together
with considerable discrepancies in both releasecradire time, this waveform will be of
a periodic complex nature. Its harmonic contenésdmpendent on the duration of these
three cyclic phases, and will vary with the modepbhbnation and the amount of Psg
applied. When the airflow passes through the §lierthe resonating cavities, some of
the harmonic frequency components will be amplifiecating peaks in the frequency
spectrum. These peaks are the formants and trexjudncies will depend on the
resonating characteristic of the cavities. Thesalatermined by the manner and position
of articulation, so the structure of the formaeguencies will vary with each sound.

A speech sound created solely by vocal fold vibregias the sound source, will have its
phonetic contents mainly determined by the threst formants: F1, F2, F3 and the
relative distance between them. The fundamentqu&acy is, in this context, normally
labelled FO. Vowels have in their steady stateaicsformant structure with phonetic
contents determined by variations in F1 and F2JevRB remains relatively stable. In
male speakers F1 and F2 will be in the regions 25@B00Hz and 800Hz to 2.5kHz,
while F3 lies at about 2.5kHz. F2 will commonly d=ase if we move from the front to
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back vowels, while F1 will commonly increase if meve from upper to lower vowels in
the cardinal diagram. Females and children willhaigher frequency values, but the
overall patterns will be the same.

The nasal consonants, [m, n] are special in the way that they use both thalnzesvity

and a closed oral cavity as filters. The formamésraainly caused by resonance in the
nasal cavity, so the different sounds will therefoave similar static formant structures.
The nasal formants generally have lower intengigntthe oral ones, and occur in the
regions 250Hz (F1), 1kHz (F2) and 2kHz (F3). Theustic differences between the
nasal consonants are caused by the resonancedlo$ieel oral cavity. This introduces an
additional filter, variable in the region of 800Kz 2kHz dependent on the position of
articulation, which selectively decreases the amm@é of the corresponding formants.
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Figure 9: Acoustic properties of formant structures: a) harmonic frequency spectrum of the
phonation sound source, b) resonancef/filter response of the vocal cavities, c) frequency spectrum
of the resonatedffiltered sound, d) frequency spectrum of the radiated pressure waveforms.

Formant Transitions

Movements in the articulators between differentrstsuwill cause smooth frequency
transitions between static formant structures. Ti®ian important part of continuous
speech as it appears between almost every singiedsm a word, but it is also a
characteristic part of some types of sounds. Diphdis have a long first vowel followed
by a formant transit to the static structure of shert end vowel. This transit is a glide
through all the possible vowels, represented biaght line on the cardinal diagram,
between the two static structures. Diphthongs herefore characteristic of having
continuous movements in both F1 and F2, betweefirfteand the second static vowel
structure, while F3 remains stable.
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Approximants are also characteristic of having famtrstructure transitions. These have a
short articulation followed by movements towards tiext sound. The semivowejsy]
have a similar starting format structure as theenpowel, with only a difference in F2
relating to the position of articulation. The cahtipproximantr also has this similarity
with the upper vowels in the two first formantst micharacteristic of having a very low
F3. The lateral approximanif] has low values in both F1 and F2. Central andr&ht
approximants normally have a faster transitiorh®rext sound than semivowels.

Noised Sounds

Turbulence occurs when there is a constrictioméwocal tract narrow enough to cause
friction for the airflow. Normally, this is relateid the manner of articulation, but it can
also be a mode dependent part of phonation. Adtedlturbulence, as a sound source,
presents an aperiodic complex airflow, which isetggpant upon the cross section of the
constriction. This airflow is then filtered by tltavity between the lips and the place of
articulation that, being dependent on its lengthl, anly transmit a certain band of the
frequencies. The overall speech output will in tase be a noised sound with frequency
components in the whole region of the frequencydban

The range of the frequency band in fricatives Wil characteristic of the position of
articulation. This will, together with the presemar absence of a fundamental frequency,
determine their phonetic contents. The frequenayban the fricatives used in English
speech are approximately 6kHz to 8kHz for labiotdEff, v] and dental, 8], 4kHz to
8kHz for alveolar{, z] and 2kHz to 6kHz for post-alveoldr B, 4, d3]. Voiced fricatives
normally have less intensity and a narrower bancha@te components than their
unvoiced partners. These should theoretically Bee a formant structure, but due to
the intensity of the noise components, this is ratlymot detectable.

The phonetic contents of plosives are determinedhbyshort burst of noise and the
following formant transitions to the next sound.eThurst normally starts with a very
short peak over a large frequency range beforgdsition of articulation restricts the
band. The frequency bands after the peak are erktiglish plosives, distributed with
ranges of 600Hz to 800Hz for bilabials p], around 4kHz for alveolat,[d] and from
1800Hz to 2kHz for velark] g]. Another characteristic acoustic property of ples is
the duration of the different phases of articulatibhe silent part can last from 70ms to
140ms, while the bust can reach from 10ms to 50rhs. lengths of these phases are
dependent on the position of articulation, andubieed plosives are usually shorter that
the unvoiced.
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Part 2:

The Theory of Voice Identification

As described in the first part of this paper, tlaune of speech sound is dependent on
three properties: the dimensions of the vocal asgéime mode of phonation and the
manner of articulation. It is the individual difearces in these that make discrepancies
between different peoples voices and allows ugtognise audible, a particular person
in conversation and visually, through forensic woidentification. The size and shape of
the vocal cavities are properties that remain inadht consistent, although they can
undergo minor alterations dependent on ageing agdigal health. Their measurements
are highly characteristic of an individual. Somelef contributions these make to speech
sounds will therefore be good markers that maydesl fior discrimination when applying
forensic voice identification. Phonation and ardation are something we learn by
listening to other speakers as infants. Througth &amd error we adopt a habitual pattern
of both, settings in the vocal folds and movemeantshe articulators, which will be
reflections of our environmental influences durthgs learning process. Although the
overall pattern will be similar in every person agieg the same language, this being
what determines the phonetic contents of an utterathere exist small individual
differences that cause one speaker to sound ditfén@m another.

Interspeaker Variations

Interspeaker variation is the term used to descabedifferences in the acoustic
parameters of speech sounds (caused by vocal dingemsions, habitual phonation and
articulation patterns) that can be used to diffea¢e between speakers. This is a concept
that has not been completely explored yet, as wedsin’'t know which acoustic
parameters the ear and the human brain use whiamgdiishing between speakers. Some
parameters, however, are well defined and measuthldugh analysis. The generalised
formant structures and energy distribution of tifflegent phonemes, as described in the
first part, are produced by all speakers and carskd to determine the phonetic contents
of speech. In frequency-based analysis of sounsiwii cause a similar overall pattern
in two utterances of the same word or phrase bydifferent speakers, but individual
differences will be present and can be detectednitfy is an attempt to minimise
interspeaker variations so that listeners will pare two separate utterances as coming
from a single person when they actually come franm. tAlthough this can be successful
when heard, it is normally possible to differergibetween the speakers through analysis,
as it is very difficult to alter every parametevaived. Which, of the available acoustic
parameters, one chooses to concentrate on duriog Mtentification is dependant on the
method of comparison. Since the three differentlalvie techniques use three different
sets of parameters, these will be dealt with seplgrdater in this paper.
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Intraspeaker Variations

A major problem encountered in voice identificatisnthe fact that people are not
consistent in the way they speak. Although evemg@e has a habitual user pattern of
phonation and articulation, there will be smalldépancies in each utterance of the same
word or phrase during normal speech. The effetiisfis that when one person utters the
same word twice, they will not be acoustically ideal although a listener perceives
them as the same word. Intraspeaker variationadsehm used to describe the acoustic
events that are the results of this inconsistendihé user patterns of the vocal folds and
the articulators. Since this unfortunately affectany of the same acoustic parameters
that are used to detect interspeaker variationss ifundamental in accurate voice
identification, to have the ability to distinguiffetween these two types of variation.
There are a lot of different events that are kntevimcrease intraspeaker variations. The
most important ones that vary during normal spegetiime and the context in which the
speech take place. People undergo small changgserch patterns over time, making
identifications based upon samples taken at vdfgrdnt points in time difficult. The
exact utterance of a word will be influenced by fireceding and following words,
together with the overall intonation of the sentsnrausing identifications based on off
contextual word samples to be difficult. Other exjations for intraspeaker variations,
are changes caused by emotional state, delibeisgaise and the influence of drugs or
alcohol.

Scientific Basis

The scientific basis of voice identification relies the assumption that intraspeaker
variations are less prominent or different to isperaker variations. This presents us with
a fundamental problem in the scientific validityfofensic voice identifications, as there
have been a very limited number of studies condlurterder to understand the origin
and the characteristics of the different kinds afiation. The relation between inter and
intra speaker variations is still not well definadd most of the studies done on voice
identification have used parameters that have hebged, by the experimenter, likely to
be most characteristic of a person. This lack edrgdic basis for a theory can be
replaced by experimental studies and statisticaluation of the different parameters.
This, however, requires an extensive amount of exgats with uniform conclusions
based upon a large database. As will be discusged this is not the case with forensic
voice identification as it is performed at the reismoment.
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The Sound Spectrograph

The spectrograph is an instrument used to anahesedamplex waveforms of sound and
their alterations in time. This is done throughapegrams, which are graphic displays of
the amplitude as a function of both frequency amiet The spectrograph was first
developed by the Bell telephone laboratories imeegimentally founded study during
World War I, and presented by Koenig, Dunn andyLac 1946, It has since, gone

through many technical improvements, but the basiaciple is still the same. The

spectrograph is today, standard equipment in mpsech labs, where it is used in
analysis and classification of speech sounds antlestment of speech and hearing
disorders. In forensic science it has found its asehe primary tool used to identify
people by their voices.

Analogue Systems

In the classical analogue spectrograph a magregteriecorder and playback unit is used
to process the sounds into electronic signals. &regnals are then sent through a
variable electronic bandpass filter, which selectiequency band that is to be analysed,
before a stylus measures its energy and recordsefudts on electrical sensitive paper.
The paper is mounted on a drum, which is rotatingnd) playback in order to plot the
time variations in the signal. When the whole léngftthe speech sample in analysed at a
specific frequency band, the band of the filter ahd position of the stylus are
correspondingly altered. The tape is then playednam order to analyse a new part of
the frequency spectrum. This process is repeated again until the entire desired
frequency range is analysed. The finished redudt,spectrogram, is a two dimensional
plot with time and frequency as the horizontal amdltical axes. The differences in
amplitude values are shown in a grey scaling whixek represents the most intense and
white the least intense waveform components.

Accuracy and Resolution

The length of the speech sample able to be disglayea spectrogram is dependent on
the size of the drum. The standard drum size cpomds to a 2.4s long sample, although
larger drums are available. The operator can adhestfrequency range of the total
spectrogram according to the parts of the frequespgctrum that are of interest. It is
common to use a frequency range of OHz to 8kHzh&srange contains most of the
phonetic contents of speech. However, other cirtamt®s such as the quality of the
recording can influence this decision. The sengitiof the paper sets limits as to the
differences in amplitude able to be displayed oa $ipectrogram. Since this range,
approximately 12dB, is much smaller than the vexret of interest in speech sounds, the
signal is usually electronically compressed beformting. This means that a larger
amplitude range is linearly decreased to fit inside sensitivity range of the paper.
Although this can be used to display large varratid intensity, it will at the same time
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decrease the amplitude resolution of the plotréfeoto limit the amount of compression
required to visualise the less intense upper fotsjanis common to use a frequency
dependent amplification of the signal before piatiThis is normally done with a rate of
increase at 12dB per octave (doubling of frequency)

Filter Modes

The stylus will print the overall energy of thedreency band that is passed through the
filter, making the frequency resolution in the spegram dependent on the bandwidth of
the filter. The different frequencies inside thanld cannot be visually separated in the
spectrogram, so the narrower the bandwidth of ther fis, the more detailed the
frequency information will be. Another importantoperty of the filter is that it has a
delay in the response time, which will influence time resolution of the plot. If this
delay increases, there will be a correspondingedse in the time resolution. The result
of this is that information about rapid alteratioinsfrequency will be lost. Since the
response time of a filter is dependent on its badthn(approximately the inverted value)
it means that there is a direct trade-off betwaere tand frequency resolution in a
spectrogram. A narrowband filter (45Hz bandwidththwROms responsetime) will
produce a plot that is useful for analysis of tlentonic frequencies inside the formant
structures, as these are visible as separate bHodgver, it will be difficult to use in
analysis of speech patterns, as information akdout sluration sounds, will be lost. Since
the overall speech patterns are usually of moeyeist than exact frequency information,
a broadband filter (300Hz bandwidth with 3ms res®iime) is normally utilized. This
filter will smear the individual harmonic frequeesiinside the formants, but the overall
formant patterns will be visible as large bandgha plot, together with all the short
duration sound that is important for the phonetintents.

Digital Systems

The invention of computerized sound processingléad to the development of digital
spectrographs. These can in design range fromatgpund processing workstations to
PC based software systems. The digital spectroggapbmplishes the same tasks as the
analogue, but offers a lot more flexibility in tdevelopments of the spectrograms. It is
possible to display multiple plots at the same tamd alter their frequency range, time
alignment, amplitude sensitivity and filter bandthid simultaneously. These
spectrographs also use high quality sound and tplace any restrictions on the length
of the speech samples. The computerized speeclysanaystems, including the
spectrograph, normally also contains a set of nmagitieal tools, which can assist the
examiner in making more numerical analysis of shefs these numerical analyses can
be more discriminating than the actual spectrogitaamselves, although not used as a
standard in forensic voice identification, soméhaim will be discussed in the last part of
this paper.

25



"M

p i

[ Y

1.1 .-I||
¥ E © THdEG R A 1+

Sppakar A: Day 1

F: .'.. - |“-F [ !‘I[r
i T

mF‘i
1H|IIF|'=IE

! ﬁil it il il

I &5 A 5 % "fKUL-R,h.

Speaker A:  Day 4

b P

TH1 5 I 5 A 5 D oW

Speaker B: Day 1

Figure 11: Three spectrograms of the phrase “this is a sound spectrogram”. The two first displays
intraspeaker variations and is an example of the basis on which voice identifications has to be
performed. The third spectrogram displays interspeaker variations and is an example of the basis
on which voice elimination has to be performed.
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Spectrographic ldentification Studies

A spectrogram is an indirect graphic representabérthe habitual user pattern of

phonation and articulation. The formant structaed their transitions will be visible as a

set of three or more horizontal dark lines witlatiee vertical movements in time, while

noised sounds will be visible as dark fields inside corresponding frequency band. If
one applies the information on the general acoustikeup of speech sounds, as
presented in the first part of the paper, it isguiale to read the phonetic contents directly
from the spectrogram. Interspeaker and intraspeal@tions in speech patterns can be
acoustically analysed through spectrograms, a desgothat led to research on using
these in order to establish the identity of theagpe.

Kersta’s Voiceprinting Method

Kersta first developed the idea of identifying pleopn the basis of their spectrographic
plots in 1962. On a request from the New York City Police Depamt, he developed a
method called voiceprinting. This involved compan®f ten cue words, commonly used
in English speech, delivered from the unknown shesmmple together with known
reference samples. His claim as to for the scientdlidity of this method, was that the
possibility of two persons having identical dimemws of the vocal cavities and user
patterns of the articulators seamed very remotesdjport this claim he conducted
experiments to see how well test examiners cowddtiy persons from matching of their
spectrograms. Eight female high school studentg g&en one week of training before
they were to conduct closed set experiments oftifieation. Closed set refers to
experiments in which the unknown sample is to nidied out of a set of reference
speakers, and the examiner is told in advancethsdtch exists. This is opposed to open
set experiments where a match does not necessaisly In his experiments, the number
of reference speakers varied in size from nineftmeh and the examiners were told to
identify all of the cue words separately. The faldentification rate for the different
words had an average of 1%, and it was supposddiftsaveral words were used
together in the identification, the overall errater would be the product of the error rates
of the individual words.

Kersta’'s voiceprint method received a lot of ati@mfrom both media and the scientific
community, due to the low reported error rates asdmany similarities to the
successfully applied method of fingerprint idettfion. Its applicability in forensic
science was promising as it offered a method omssgly objective identification
together with the possibility of a classificatiomdsfiling system. Such a system was soon
to be developed by Kersta and his co-workers. Témponse from the scientific
community was divided. Some of the objection was ttuthe fact that the construction
of the experiments was not relevant to real foemsgiuations and that voiceprinting
could not be compared to fingerprinting. Visibletraspeaker variations in the
spectrograms would cause plots of two utterancéseofame words to not be as identical
as fingerprints. In his published results Kersta only used isalattterances of the cue
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words for both the unknown and the reference saspplating that differences in the
results from experiments where the words had baleentfrom contexts were minimal.
To check this statement Young and Campbell condiuatsmall experiment in 1967
They reported error rates of 21.6% when comparisgere made between words spoken
in isolations and 62.7% when the words where tdt@n a random context. Stevees

al conducted another small study in 1968, in ordercéompare the reliability of
spectrographic identification to aural identificat”. They reported an error rate of 21%
for spectrograms, while aural identification waarid more reliable with an error rate of
only 6%. These studies were subjects to much og#mee critique as Kersta’'s, and the
conflicting results were thought to arise from eliéfint experimental procedures. This
view was based upon the fact that a review of tbekwerformed by some of Kersta’'s
trainees supported the 1962 results, as an average eteoofa.7% was reported.

Michigan State University Voice Identification Proj ect

The first and only major study on the subject af@pographic voice identification, was
conducted by Dr. Tosi and a group of speech saitsndit the Michigan State University
from 1968 to 1970. This was done in conjunction with the Michiganp@ement of
State Police and sponsored by the U.S. Departnfehistice. The purpose of the study
was to investigate a wide range of variables camngrspectrographic identification and
to see how these corresponded to previous studetseal forensic situations. For the
voice samples, 250 persons with no distinct diadérences or speech disorders, were
selected randomly from a population of 25 000 nuaersity students. These speakers
then went through two different recording sessmhere speech samples were collected
under a variety of conditions, including both reting equipment and the context in
which the cue word where spoken. Twenty-nine peoee hired as test examiners and
given one month of training. The different testisgs in the experiments included the
use of different amounts of cue words, number efgers in the reference population
and reference prints of the same cue words. Thet§ags were then used to investigate
how different recording conditions, contextual atide variations of speech would
influence the result of the comparisons. Both daiosed open set experiments were
performed where the examiners were forced to mattecssion while at the same time
indicating their degree of confidence. Every polesdmmbination of these variables and
their different levels were tested with a total 35000 attempts of identifications
performed. Some of the most interesting resultsftbis study included the closed set
experiments where nine cue words spoken in isglatibthe same recording sessions
were used as both unknown and reference samplethdocomparisons. This was
basically an identical experiment to Kersta’s amnglipported his findings, as the average
false identification rate was 0.5%. The forensiadels presented in this study were open
set experiments, including nine cue words recomtedifferent occasions and spoken in
both fixed and random contexts. In these experimtrdre are two possible errors: false
identification (the examiner selects a wrong mattien either a correct match exists or
not) and false elimination (the examiner fails@éaagnize a match that exists). When the
cue words for both the unknown and the referenogbzs in were taken from identical
sentences, the false identification rate was 4.2% the false elimination rate 10.1%.
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When the cue words were collected from differentteats these error rates were 6.4%
and 11.8% respectively. From the confidence ratihthe decisions, it was calculated
that if the examiners were not forced to make asilet, a positive conclusion would
only be made in 74% of the identification attempigh approximate error rates of 2%
for false identifications and 5% for false elimiiosats.

Some of the criticism of the Michigan State Univigrs/oice Identification Project
regarded the validity of the results obtained ke fitrensic model? °. In a real forensic
situation the examiner will be in the position wlére/she is to compare the unknown
sample to reference samples from only one or astespects. In these situations the size
of the reference population will be infinite. Sintee MSU study showed significant
increase in error rates as the reference populatamenlarged, it was suggested that the
reported error rates should viewed upon as adlfisiinimums. This claim was also
supported by the fact that the study showed areasing error rate when intraspeaker
variations were considered. Factors likely to beocemtered in real forensic situation
such as emotional state and attempts of disguisenaticovered by the study, and these
were considered as factors that would further desaé¢he accuracy.

Voice Disguises

To address some of the problems regarding intr&speariations, Reich conducted a
study in 1975 on the effect of selected voice disest’. This study followed a similar
scheme as the forensic models in the MSU studywastconsiderably smaller as only
four test examiners and a population of thirty &eeswas used. The four test examiners
were Ph.D. students in speech pathology, who redeone month of training. In this
study the examiners were to compare samples ofctlee words produced in both
undisguised and disguised utterances to undisguefetbnce samples, in an attempt to
see how this would affect the accuracy of the decss The different error rates in this
study were not explicitly published, but generaff@enance was not consistent with the
results in the MSU study as the overall error mtthe comparisons of the undisguised
words was 43.3%. An interesting result of this gtud the fact that the general
performance was considerably worse when identiboatwere made from the disguised
samples. An average overall error rate of 63.7%hgse experiments indicates that
disguise indeed increases the intraspeaker var@atieen in voiceprints.

The Classification and Filing System

Hazen performed in 1972, another interesting stuidy,order to test Kersta’s
classification and filing system of reference pinfrhis system was supposed to account
for intraspeaker variability, as the two most d#fet print of the same word were filed
together and used in the comparisons. It was diioned that it would serve as a
population reduction tool, as the speaker claggibn system could be used to obtain a
small number of possible suspects from the speakéhsthe most similar patterns.
Seven panels, each consistent of two law enforcetre@inees, were trained in Kersta’'s
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voiceprinting method, and were to perform experite@m a population of fifty reference
speakers. The experiments was divided into twes@athe examiners was first to reduce
the population size to a limited number of suspeats then do a positive identification
or elimination based on this result. When the cuwrds were taken from a random
context (as would be the case in the filing systamgrror rate of 52.4% was reported in
the task of including the match as one of the sttsp&/hen the examiners were to make
positive identifications or eliminations, furthemrar rates of 16.7% false identification
and 66.7% false elimination were reported. Whenamapares this data with the results
obtained for the comparisons made with the cue wpoken in the same context (42.9%
reduction error, 7.1% false identifications and735 false eliminations) it shows that the
filing and classification system is not supportgdhe study.

Forensic ldentifications

When it comes to the application of voice idenéfion, as it is used in real forensic
situations, the validity of all of the above memigal studies have been questioned many
times®® 2 One of the main objections has been that notieenfi are consistent with the
standards of voice identification that have beesdusy most law enforcement officers.
These standards have been subjects of both revidvingprovements, but have always
been different from the laboratory experiments hneé major ways: the method of
identification, the different conclusions possilite make and the experience of the
examiners. Forensic examiners use a combinationawal and spectrographic
identification, opposed to the studies where tha@siens were purely made on the basis
of the spectrograms. As Steveeisal ® pointed out, the usage of aural comparison of
speech samples can in some cases be even morendisting than the spectrograms.
When the two methods are used together the examiiliehave a broader basis for
his/her opinions, and it is therefore reasonabledaclude that the accuracy of the
conclusions will increase. The possible conclusiares also different in real forensic
situations, as the examiners must take into accthwent degree of certainty. In all of the
mentioned studies the test examiners were forcemake a positive identification or
elimination based on the available information.sTikia different situation to the one that
forensic examiners are confronted with, as theycarly allowed to make a positive
conclusion in cases where enough information idawa corresponding to a high degree
of certainty. As noted in the MSU study, the intngtion of examiner certainty is likely
to decrease the error rates, while significantbreasing the number of non-conclusive
decisions. The training and the experience ofelsedxaminers used in the above studies
can be viewed upon as limited compared to the rements necessary for forensic
examiners. The ways in which this could have bedluantial on the results of the
studies, was demonstrated in a study performedntnk@sski in 1975". He compared
the performance of experienced forensic examinghatMichigan State Police Voice
Identification Unitwith those of persons with a moderate level ohirad. The results he
obtained were that in some cases where the inetprad examiners had error ratings of
30%, the professionals performed error free.
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National Academy of Science

In order to evaluate the uses of spectrographicegrint identification and its reliability
as a forensic tool, the National Academy of Scieibomed a group consisting of some of
the leading scientists on the subjé&ctn their report released in 1979, they concluded
that that at the present time there was not enanfgihmation available for judicial or
legislative bodies to make judgments on an adeduedes, regarding both the reliability
and admissibility of spectrographic identificationShey stated that though some
information about the identity of the speaker waailable through spectrograms, the
assumption that intraspeaker variations are diifete interspeaker variations had not
been adequately explored. Further long-term stusiese recommended and three
problem areas that needed solutions were citedsd nere accurate measurements in
real forensic situations, acceptable low errorgdtg variables in the particular cases
under consideration and a determination made ash#gher the nature of the possible
error source could be adequately explained to auay The existing studies were
viewed upon as different professional judgmentsnfribagmentary data, rather than
objective results obtained in relevant forensiaaibns.

FBI's Performance Survey

The most recent publication on the issue of spgcagghic voice identification, and the
only one since the NAS report, is a survey donerkgpe 1986 on the performance of
the FBI's voice identification unit in real foregssituations®. The FBI uses an internal
standard that includes both aural and spectrograpeintification. In order to make a
high confidence conclusion of identification omeilnation, at least twenty words have to
be judged by the examiner as very similar or vasgidilar. If this cannot be obtained,
the result is labelled low confidence or no decisi/hen a high confidence conclusion
is obtained, this has to be confirmed by one orawer examiners through independent
evaluations. In the survey, the results of 2000 ganmsons performed over a period of
fifteen years were summarised. High confidence kmi@ns were made in 34.8% of the
cases and out of these the reported error rat®\88s false identification and 0.5% false
elimination. Objections have been raised as to gtientific validity of this survey
because of the method used to validate the desidfor® When a high confidence
identification or elimination was determined, thedd investigators were contacted to see
if the conclusions were consistent with other emmke If a confirmation of the
identification or elimination was not possible, tteese was labelled in the survey as a no
decision. Because of the possible errors in thiel kof feedback confirmation, the
presented error rates must be viewed upon onlpssilple minimum values.

Summary

From the above review of the studies done on spgephic voice identification, it
seems that the accuracy is just as random as afflgppcoin. The reported error rates
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range from 0% to 83.3%. There are some considasittme must take before making
such a conclusion, those being the nature of tleetepgrams and the design of the
experiments. Spectrographic identification is déf® from fingerprint identification.
This is because comparisons of spectrograms inimlgleng sufficient similarities, while
fingerprints always have exactly the same patt@ime individual differences in the
spectrograms, caused by intraspeaker variation,emidkthe examiners task to
subjectively determine if a match exists. In takithgs stand, the reported error rates do
not represent the accuracy of the technique, betparformance of the examiner
involved. A conclusion one can then make from theva studies is that training and
experience of the examiner are likely to improve #tcuracy substantially. However,
direct comparisons of the above studies must be danefully, as there may be major
differences in their design. Little is reported abthe details in the training of the
examiners, how the spectrograms were read or onp#mameters involved in the
comparisons. With one exception, the presentedtsesie based upon a small database
and a limited number of examiners performing a §mamber of comparisons. The
result of random effects in these small studiesghaeen demonstrated through huge
variations in the performance of the different esaminers and different error rates for
each speaket > I Because there are only a limited amount of sagierformed on
spectrographic voice identification, the ones tiave been performed showing
conflicting results, it is difficult to make anywolusion about accuracy. It does however
seem from a scientific viewpoint, that the 2% d&daidentifications and 5% of false
eliminations with high degrees of certainty in t&U study are the most reasonable
estimations. The FBI survey demonstrates how stdistad procedures in real forensic
situations can improve these estimations, whenlyighalified examiners use the best
equipment available.
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Voice Comparison Standards

Standardisation of forensic voice identificatiom@edures and certification of examiners
was commenced in 1971, when the Voice Identificatiand Acoustic Analysis
Subcommittee of the International Association fderitification (IAl) was formed. IAl
stopped their certification program in 1995, buicsi their standards of examination
procedures are still valid, it will serve as theeple in this papeY. Other associations
and organisations have partially or completely addpthis standard®. The FBI's
internal standard” ?%is very similar to IAlI's and since this is the oused in one of the
most important reliability referenced, comparisons between the two will be made
regarding to where they are different.

Examiner qualification

The 1Al's requirements for formal education of weiexaminers are a High School
Diploma with at least one additional course in gjhegcience. A university degree with
papers in related subjects such as electronic engimg, physics and linguistics are
additionally recommended (required by the FBI). iyvexaminer must attend a short
course in spectrographic interpretation before gprenticeship period of usually two

years commences. During this period the trainemder the supervision of an examiner
that has been certified for at least two yearshwat minimum of one hundred

comparisons in real forensic cases, resulting least twenty-five high confidence level
conclusions. When this apprenticeship period ismleted, the examiner goes through
practical, theoretical and hearing tests everyetlyesars in order to be formally certified.

Reference Samples

The quality of the reference samples is criticamniaking an accurate analysis. Although
these samples can be collected by the investigaffieer, it is recommended that this is
done by the examiner whenever possible. The qualitthe unknown sample is
dependent upon the recording conditions, whichuidelsuch factors as the quality of the
microphone, transition line and recording equipm@stthese factors can to some extent
alter the available frequency information, it ipiantant that some of them are emulated
in the reference samples. As an example: if thenank voice sample is recorded over
the telephone, this must also be replicated wighréierence samples with approximately
the same distance between sender and receiver.offilyethings that must not be
emulated in the reference samples are acoustiggbaahd noise and the quality of the
recording equipment. For this purposes only quetns and high quality tape recorders
or digital sound systems are allowed. The speesipks, should ideally, be spoken in
the same manner as the unknown voice. In ordechéeee this it is recommended to
have someone to recite the phrases in the sameamasithe unknown sample, and have
the suspect to repeat them in a similar fashiothdfsuspect is cooperative it may be
sufficient to have him/her to read in a normal eofiom a familiar transcript. Unless the
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whole text is very long, every phrase in the enteet must be repeated until three
satisfactory reference samples are obtained.

Exclusion of Samples

The examiner must perform a preliminary examinabbéthe samples in order to see if
they satisfy the demands of quality. With few exeaps, only the original recording of

the samples can be accepted for the analysisedktihhave any kind of distortion or lack
of frequency information beneath 2kHz (2.5kHz ire thBl standard), they must be
excluded from further examination. However, enhameet procedures can be used in
order to remove noise and improve the frequencygeaansf the samples. The examiner
must, through aural inspection, determine if thegas contain deliberate attempts to
disguise or reveal influences from psychologicatesbr any control substances. If this is
the case one should be careful in performing arslyars at all, as this is likely to

increase intraspeaker variations to the extent&herfinal conclusions can be made. An
exception to this is if an attempt to disguise uscessfully replicated in the reference
samples. If the samples meet these requiremert&xdiminer must compare each word
and phrase for intraspeaker variations. Only wgmdmounced in a similar manner in
both the unknown and reference samples shouldraomto be used in further analysis.

Aural Comparisons

Aural comparisons between the samples are performgdshort-term memory
examinations. This is done by having different pkgk units for each sample, with the
ability to rapidly switch between them. The firkirtgs one will look for during aural
comparison of the samples are huge inconsistesaigsas sex and age that will exclude
further examinations and result in a positive efiation of the suspect. In forensic
examinations this is not likely to be a real issa® the investigative officer on the case
will perform this initial screening, and only théfidult cases will be submitted. When
extreme dissimilarity does not exist, the examimeist carefully examine the samples
and the individual words for components of speduddt tould be characteristic of the
individual. The usual things to listen for duringral examinations are information about:
pitch, intonation, stress/emphasis, rate of speedue of phonation, vocal quality and
possible speech disorders. Pitch and intonatiaar tefthe tone of the voice and the way
in which this is altered through continuous speddhs can be useful in distinguishing
between speakers, but the examiner must be awairét s likely to be different if the
samples are obtained through conversation or rgadihese circumstances are also
likely to influence other characteristic parametensch as the rate of speech and the
stress within a word or sentence. Obtaining infdromaabout these either from the
officer who collected the samples, or purely thioligtening, are therefore essential. The
presence of speech disorders and alternative mofdpionation will add important
information to the identity of the speaker, as éhean be highly characteristic of speech
abnormalities. As mentioned earlier, the ear arel thman brain have the excellent
capability, not yet fully understood by sciencerg¢oognise different voices. The overall
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subjective judgement made by the examiner on thnemgé similarity or dissimilarity
between the samples will therefore also be of irgmue to the final conclusion.

Preparation of Spectrograms

A spectrogram of every word used in the aural cammpa must be developed. These
must, without exceptions, be prepared by usingaadivand filter with a bandwidth
between 250Hz and 300Hz. The IAl standard statas ttre frequency range of the
spectrogram must be chosen so that the whole freyuange of the recorded speech
sample is graphically presented. Here, the FBI wsaetandardized range of 80Hz to
4kHz, which corresponds to the bandwidth of telecmmication lines. It is very
important that both the unknown samples and athefreference samples are prepared
with the same settings of filter bandwidth and éreqcy range, as differences in these
will result in different plots that will be impodde to use in comparisons. Each
spectrogram must, with great care, be marked ord#pdgcally, phonetically or both,
below each different sound.

Spectrographic Comparisons

A comparison between the reference sample speatresgmust first be performed in
order to determine the range of intraspeaker vanatfor all the parameters. If there is a
considerable amount of variation present in a $jgeword, this must be excluded from
the analysis and the final conclusion. When onliynited amount of variation is present
in the reference samples, the unknown sample neuskémined to see if it is consistent
with this range. The approximate frequency, banthwignd relative intensity of the
different formants, together with the shaping awogifoning of the transitions must be
examined for each word. One of the weaknesses spiittrograms is, as result of the
trade off between frequency and time resolutiorthésfact that precise values of these
parameters cannot be obtained. However, the puigfdbe spectrogram is to analyse the
shaping, the rate of change and the relative positg of formants, something it displays
perfectly. The energy distribution of the noisedst's must be compared to see if these
are consistent between the samples. In samplesoof quality with only limited
frequency ranges, this can be difficult as moss@edisounds have important components
above 4kHz. Similarities in fundamental frequenay be examined through the vertical
striations present in the voiced sounds, as thekdawe timing correspondent to the
vibrations of the vocal folds. This can be a vesgful characteristic of a voice, but must
be used with care when examining separate wordsjsasormally altered continuously
during intonation of continuous speech. The lerufth word can also be characteristic of
a voice and can be read off a spectrogram by mieasiis length with a ruler. When a
person speaks more slowly or faster than normil usually the time between the words
that is affected. The effects of inappropriate dmgs between sounds can be seen in a
spectrogram as either enhanced or diminished ersgyjbution in a specific frequency
band. This is the result of irregular use of theoreting cavities, and results in highly
characteristic properties such as nasalized spefegood pattern match exists, when
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most, if not all of these parameters show stromgjlarities. It is important though to
keep in mind that very different voices may exhsrilarities.

Conclusions

The Al standards allow the examiner to produce oaeof seven possible conclusions
for each examination. These represent differenfidence levels, which are determined
by specific criteria. However, the examiner is a#a to choose a lower degree of
confidence for a conclusion even if the criteriaadfigher confidence level are met. An
identification or eliminationoccurs when at least 90% of the comparable words a
judged by the examiner as being very similar orsididar through both aural and
spectrographic comparisons. The total number oflg/arust be at least twenty, and three
or more formants must be visible. These decisisasat allowed if any of the samples
contain vocal disguise or are recorded more thatesars apart. Arobable identification

or eliminationis allowed when at least 80% of the words are ganjlar or dissimilar
both aurally and spectrographically. These musehavotal number of at least fifteen
words with two or more identifiable formants. H, this case, only ten or more words can
be produced the conclusion will beassible identification or eliminatioif the result of
the comparisons falls below the criteria of the dstvconfidence level the decision must
beinconclusive This must also be the conclusion if the sampteesal aural similarities
and spectrographic dissimilarities, or vice vefldae FBI standard has the same criteria
for the highest certainty level decisions, but @o alow any lower level decisions to be
made unless there are at least twenty comparabtdswtn both standards the high
confidence level decisions must be confirmed thiotlte independent analysis of a
second examiner.

Testimony

This is the area in which there is the largest rststency between the two standards. The
FBI does not allow their examiners to perform aasgtimony in the court of law and
spectrographic voice identifications are only parfed as an investigational aid. The 1Al
standard takes no position regarding this point &ales the decision up to the
individual examiners and the corresponding law sr@ment agencies involved. If a
decision is made to give testimony, the examinebigyated to inform the court that the
IAl does not consider spectrographic voice idecdifion as being completely conclusive.
This kind of accuracy statement must also be adaledery written case report.
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Spectrographic Evidence

Most of the information available about the usagspectrographic voice identification
evidence in the court of law has its origin in éi#nt jurisdictions in the USA. Reasons
for this include the fact that the technique wasgaligped and has been most widely used
in the USA, but also that most of the leading stis¢® and studies performed regarding
the subject have been located there. Spectrograpidence was first found admissible
in 1966 in the case of People v. Straetilerhe expert witness in this case was Kersta
who testified on the basis of his own voiceprintieghnique. This was the start of a
constant controversy regarding the admissibilityspéctrographic evidence that still
exists today. Based on different case conditiomkimterpretations of the governing tests
of scientific evidence, different jurisdictions leagither ruled for or against admissibility.
The arguments opposing admissibility have mostig lan the principle of general
acceptance and the fact that the possible persudsiee of the evidence does not
correspond to its reliability.

General Acceptance

The principle of general acceptance of scientifitlence, as stated in the Frye test, is
based on “a well recognized scientific principlediscovery, the thing from which the
deduction is made must be sufficiently establisteeldave gained general acceptance in
the particular field in which it belongs®. When this test has been used on the
admissibility of spectrographic evidence, thereehbgen differences in its interpretations
that have lead to different decisions. Some cduaige ruled against admissibility on a
basis that general acceptance is required fromnssie with a broad theoretical
knowledge . With this interpretation of the field in which egtrographic voice
identification belongs, a uniform acceptance woble required from scientists in
physiology, phonetics, linguistics, psychology, me@te and engineering. Other courts
have found spectrographic evidence admissible loases that the general acceptance is
only required from those who are familiar with theage of the techniqu@ This might
seem a more reasonable approach, but does howegesé a problem, as there exist
today only a limited amount of practitioners anestists that would be qualified to form
an opinion. There have also been differences inirttexpretation of the term general
acceptance. Some courts have rejected spectrograpliience because there has not
been a uniform opinion on its reliability in thdeeant scientific community®, while
others have admitted the evidence even when pesgenith substantial scientific
disagreements®. There is another issue of general acceptancehwwonsidering,
although not generally confronted by the courtdagf: Does the general acceptance
criteria apply to the technique itself, or shouldlso include the underlying scientific
principle? Voice identification in general, as mened earlier, is performed on the
assumption that intraspeaker variability is lessngnent or different to intraspeaker
variations. Since this is a theory that has nonb&séficiently scientifically validated, a
general acceptance of the underlying principleca¢® identification cannot exist.
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Persuasive Force

Another important concern about the admissibilityspectrographic evidence is the
possibility of overvaluation of its conclusivenelg the fact finder. Because of the
similarities to fingerprint identifications and tiechnical complexity of the technique, it
is believed that a lay jury might find it difficutd assess its strength and weaknesses. It
would normally be the job of the opposing attorteyleal with the persuasive force of
experimental evidence, through cross-examinatiah @esentation of opposing expert
testimonies to the court. Since this is not alwmagssible, other alternative approaches
have been conducted in some cases where spectnagreyidence has been found
admissible. In some cases instructions have beemdo the jury on how to deal with
the evidencé’. Dependent on the particulars case, the contétitese instructions have
normally been that the jury can choose to disretfa@devidence as opinion only, either
on the basis of uncertainties about accuracy or ékaminers lack of scientific
gualifications. Another approach has been to admeitspectrographic evidence only in
cases where it is collaborating with other evidefitdf this is used to correct for
uncertainties regarding the accuracy of the teamidf is crucial that the examiner has
no prior knowledge about the case, before makiegtimparisons and conclusion.
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Part 3:

Developments in Voice Identification

One of the recommendations made by the Nationatléce of Science¥ for possible
improvements of forensic voice identification, whas usage of techniques developed for
automatic speaker recognition. One of the majoebenof applying these techniques is
that the area is still under major developmentsil&\tine research on spectrographic
voice identification slowly faded out in the lateventies, automatic speaker recognition
has been the subject of increasing research evee #ie early sixties. All of the different
systems designed for automatic speaker recogndrenbased open digitally coded
waveforms. These codes make up a numerical bamsis Which detailed information
about different parameters of speech can be detivexigh mathematical algorithms.
Since the automatic speaker recognition task sssefmewhat different nature than voice
identification, most of the developed systems cami@ctly be transferred to forensic
situations. It is therefore not in the scope of thésay to evaluate the performance of the
different systems developed, but rather to looket@at some of the techniques used, and
discuss how the information these reveal can béieapm forensic situations. | will in
this part of the paper concentrate on how digibales of sound can be used to accurately
analyse properties in the time and frequency dosnairsingle phonemes.

Digital Sound

Digital sound, as apposed to analogue, refers éowthy in which the waveforms are
coded inside the electronic equipment used forgssing and transmission of the sound
information. While analogue is a direct transfonmatof the waveforms from pressure
differences in air to corresponding voltage diffeves in a conductor, digital systems
represent the waveforms through a set of sampléls miamerical values. The two
important properties that describe the digital ogdare sampling rate and the number of
bits. The sampling rate is a measurement of thmgjrhetween each time the waveforms
amplitude is represented with new samples. It isnabto describe this property in the
unit of frequency, implicitly giving the time beter each sample, as this is the inverted
value. The choice of sampling rate in a digitaliogdbf sound has not only a direct effect
on the time resolution of the waveform, but it atketermines the maximum possible
frequency that can be represented. This is destribthe Nyquist criteria, which states
that a digital coding can only represent a wavefaith frequencies inside the range of
half the value of the sampling rate. The numbéditsfin a digital coding determines the
binary numerical range in which the sampled amg@étualues can be represented. Since
the sample values always are a measurement ofdgaitude of displacement relative to
a maximum value, the numerical range is a reprasientof the amplitude resolution in
the digital coding. The quality of digitally codestdund can be improved by increasing
both the sample rate and the number of bits. Thly d&made-off is that these
improvements require more processing and storisguees. A very common way of
graphically displaying the sound waveforms is metamplitude plots generated from
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the sampled values. These represent a tool that bearused for detailed time
measurements of phonetic events in voice identifios.

Spectrum Analysis

The traditional way of analysing the frequency domef digitalised waveforms is
through Fourier analysis. These are mathematigaki#thms, which extract the frequency
spectrum information of a sound from a set of sa®pl' he set of samples are normally
referred to as a window in the time domain, anddasing its size will improve the
frequency resolution of the generated amplitudgtfency plot. The most commonly
used of the available Fourier algorithms is thet Fasurier Transform (FFT). As the
name implies, this is because it is easy to implenme digital systems that requires a
high performance. FFT is normally the algorithm wkich digital spectrograms are
generated. The usage of Fourier transforms in ledtdrmant frequency analysis of
speech sounds has some limitations, caused byaimplexity of the sound sources.
When a window size that has sufficient frequensphation is applied, the spectrum plot
will have peaks for each harmonic frequency withia formant band, making it difficult
to determine the actual resonating frequency cagute formant. To overcome this
problem a specialised algorithm has been develapedder to model the properties of
the articulation filter in the source-filter mod#lspeech production. This method, which
was first presented by Atal and Hanauer in 1971is called Linear Prediction
Coefficients (LPC) and is used to estimate the srattical transfer function of the filter.
When an amplitude-frequency plot is generated ftoisitransfer function, the peaks will
represent the resonating frequencies of the vaoalies, which correspond to the actual
formant frequencies of a sound.

Parameters Selection

One of the most important benefits of using techagof automatic speaker recognition
in forensic voice identification is that when parters can be analysed individually,
there is a possibility of applying a dynamic anslywocedure. Parameters can be chosen
that are inside the range of available informatiothe recording of the unknown sample.
If new techniques using new parameters are devdlopthe future, these can be added
to the existing procedure expanding the range sbijte choices. When one has the
ability to analyse phonemes individually, the questimmediately becomes: which
parameter is best suited for voice identificationrgmses? As described earlier,
intraspeaker variability is largely based uponatons in the user pattern of articulation
and phonation. Parameters independent of thisrpatteuld therefore theoretically be
the ones with highest discrimination between spesake this context there are two types
of phonemes that seem to be more promising thaeratifSome of the formant
frequencies in nasal consonants are directly degretnwh the nasal cavity, and since the
size and shape of this is fixed, the speaker idblent control these. High accuracy in
automatic speaker recognition has been reportedystems solely based on these
parameteré”. The period of full closure of plosive consonastalso thought to be highly
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independent of the habitual articulation pattemthee duration of these are so short that
the speaker cannot deliberately alter them. Otlaearpeters that have been frequently
used in automatic speaker recognition systemspuadth they are dependent on the
habitual articulation and phonation pattern, is fitvenant frequencies of vowe¥s and
the fundamental frequency in words and utteraricegowels are normally so long in
duration during normal speech that the speakertihas to reach the static setting of
articulation, making the formant structure very iém for each utterance. The
fundamental frequency in speech sounds is alteweidig intonation of normal speech,
but when its average value is measured over ag®fitime, it is known to settle at a
value that is highly characteristic of a persone3d features are just four examples of
parameters frequently used in automatic speakevgreton systems. Many other
parameters derived from both single phonemes and tme frequency spectra have
been used, and the list is still expanding as retudies and experiments are conducted.

Parameter Performance

From a forensic point of view, some of the mostiasting studies on automatic speaker
recognition are those which are conducted in orterstatistically evaluate the
performance of the different parameters involv&d* * In one of these, Sambur
investigated a total of 92 parametefs These included LPC analysis of formant
frequencies in vowels and nasal consonants, LP§sis®f the frequency spectrum in
fricatives, time measurements of both the closwgeop in plosives and the glides in
diphthongs and the average fundamental frequenaypnds. As expected both formant
frequencies in nasals and the duration of closupadsives were some of the parameters
that were found to have the highest discriminabetween speakers. Other parameters
that also were found to have a high performanciided both formant frequencies in
vowels and the average fundamental frequency idsvdhen a closed set experiment
was performed with only the five parameters thatrevéound to be the most
discriminating (F2 ind], F3 in [u], F2 in [i], duration of k] and F3 in in]) the predicted
error rate of 0.03% was verified by an actual erabe of false identification of 0.003%.
The findings in both this and similar studies can® directly applied to forensic voice
identification, as the design of the experimentd tre size of the reference population
(usually about ten speakers) are not consistemt avforensic model. They do however
indicate that high accuracy identifications anang@hiations can be performed on a basis
of only a few selected parameters and that it &sjlxde to develop a statistical foundation
to theoretically evaluate the performance of dyraamalysis.
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Statistics of Voice Identification Evidence

In using a dynamic analysis procedure, it is imgatrin a forensic context to be able to
estimate the statistical performance in each sépasse. These can come in either the
form of a likelihood ratio or as an estimated emate. The mathematical methods used
for calculations of error rates in the above-meamtid studies are all designed for the
purposes of automatic speaker verification, andhoate directly applied to forensic
situations, as they do not account for all the eimtered variables. Their statistical basis
does however involve methods that have a poteofidbeing adjusted to fit into a
forensic context. | will in this chapter outlinebasis of how statistics can be applied in
forensic voice identification. This is based on soassumptions that need to be tested
through further studies on the subject.

Data Base

In calculating error rates or likelihood ratiosetldistribution of the values of the
parameters involved has to be analysed from avelgtarge database of speakers. This
database has to be specific for the language istmueand should ideally be uniform
regarding accents. It must also be sex dependenteganesent a random selection of the
population. Since it would be almost impossiblatalyse each single phoneme in every
possible phonetic context, the parameters have textracted from a random phonetic
context. This implies that the database can alsadeel as a basis for text independent
analysis, something that could be a big advantage forensic context. The values of
each of the acoustic parameters of speech colldated this database are assumed to
follow a normal distribution curve. This means tivehen the mean value and the
standard deviation is known, the frequencies otBjgevalues in a parameter can be
calculated with the usage of developed statistaalk.

Error Rates

A common way to statistically evaluate the relatwerformance of a parameter in
automatic speaker recognition techniques is by yapgpl the F-ratio. This is a
measurement of the ratio of interspeaker to intakpr variations of a specific
parameter, and is expressed mathematically as:

n i _ 2
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Wherep is the mean value of thm speakers in reference Eopulatiop,—, is the mean
value in then reference sample from speakeandx; is thei™ reference sample from
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speakef. When F-ratios are used to evaluate the generdrpgance of parameters in a
whole population, the parameters relative perforrears increasing with their F-ratio
values. They are therefore useful in order to $¢kexrmost efficient subset of parameters
used in a dynamic analysis. A common way of estimgagrror rates in automatic speaker
recognition systems is to apply theobability of error criterion which is derived from
the F-ratios of the used parameters. This appradésin seems promising for dynamic
forensic analysis if the data for the referenceybaon is collected from a sufficiently
large database. It does however need to be adjursteder to account for the possibility
of false eliminations, something that has normatty been a subject of calculations in
evaluations performed for automatic speaker recmgnpurposes.

Likelihood Ratios

In order to account for intraspeaker variationcahculations of likelihood ratios, it is
reasonable to say that a match of a specific paeam®uld only exist when the value in
the unknown sample is within the range of the valegtracted from the reference
samples. When this is applied, the probability lmd@rving the match will be equal to the
area beneath the normal distribution curve reslicin each side by the interval of the
reference samples. If a probability of match istlms way determined for all the
parameters used in the analysis, the overall pibtyabf observing the evidence given
no-guilt will be the product of all the individuphrameters. Calculating the likelihood
ratio will then be a straightforward matter as grebability of observing the evidence
given guilt is equal to one.

_ PEIC) _ 1

LR= =
p<E‘C> p(match) x p(matct®) x....x p(matchN

If the value of a parameter in the unknown samgleutside the interval of intraspeaker
variability in the reference samples, the probgbithat it in fact is not a match is
dependent on the distance between the relativeesadind the general distribution of
values in-between. The probability of observing pecific non-match will therefore be
equal to the sum of areas beneath the normal ldisivh on each side of the interval
between the unknown sample and the opposite bofdke reference sample interval. If
a probability of non-matches is in this way detereai for all the parameters used in the
analysis, the overall probability of observing thadence given guilt will be the product
of all the individual parameters. The calculationtlee likelihood ratio can then be
performed, as the probability of observing the ewice given no guilt in this situation is
equal to one.

= p(non-match)x p(non— matcl) x....x p(non—matchN
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In cases where the different parameters used iartag/sis resolve in both matches and
non-matches, the same procedure as above can Hedapphe product of the
probabilities of matches will still be the probatyilof observing the evidence given no-
guilt, and the product of the non-matches are tiobdability of observing the evidence
given guilt.

_ p(E|C) _ p(non—match)x p(non—matct?) x....x p(non—matchN

al p<E‘E> - p(match) x p(matct?) x....x p(matchN

The assumptions this method is derived from inctudat only that parameter values are
normally distributed, but also that the ones usedthe analysis are statistically
independent. While this assumption might be reaslentor parameter sets such as
duration of closure in plosives v. fundamental frency, it might not be valid for
parameters such as the duration of the closureiffereht plosives. It is therefore
important to test every possible combination ofapasters for statistical independence,
and from this result develop a subset of paraméhatscan be used in the analysis.
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Figure 12: Fast Furrier Transform (FFT) and Linear Prediction Coefficient (LPC) frequency
spectrum analysis of the vowel [i].
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Conclusion

The production of speech sounds is dependent uper properties: the dimensions of
the vocal organs, modes of phonation and mannartwiulation. Every person has a
habitual user pattern of phonation and articulasind it is individual differences in these,
together with the shape and size of the resonatwgies, which make peoples voices
sound different. The variations of the acoustic enag of speech sounds that are a result
of these individual differences, are normally reddrto as interspeaker variations. When
one is analysing speech sounds for the purposeoick videntification, it is these
variations one is looking for. Voice identificatiomould be a relative simple task if
people were more consistent in the way they spletfaspeaker variations are the term
used to describe the differences in acoustic mgkefuispeech sounds caused by the
discrepancies in the usage of phonation and aatioul. Both interspeaker and
intraspeaker variations unfortunately affect moktttee same parameters in speech
sounds, something that makes voice identificatidiffegcult task.

The traditional way of performing forensic voicesidifications is by a combination of
aural and spectrographic comparisons between tkrsowwn sample and known reference
samples. This procedure can be regarded as a subjéarm of identification, as the
examiner must the conclusions on the basis of éisglvn judgement of the amount of
similarity or dissimilarity between the spectrogsnn order to address this problem,
several studies have been conducted on test exemmadslity to make accurate
conclusions regarding identity of speakers on thgidof spectrograms. These studies
have reported huge differences in accuracy, as &tes have ranged from 0% to 83.3%.
It has been argued that most of these inconsisgemoay be a result of different designs
of the experiments, and that the accuracy will ease with both the examiners
experience and the possibility of making conclusi@am the basis of confidence. The
method of spectrographic voice identification hasatly evolved since it was first
introduced, and is today controlled by standardipedcedures. One survey on real
forensic comparisons has shown that when thesdatds are applied, the technique can
be utilised with a high degree of accuracy. Thegas# spectrographic voice evidence is
still an unsettled topic in the courts of law anfledent courts have ruled both for and
against admissibility. The result of this forty-yedd battle is that spectrographic voice
identification today, is a virtually dead field fofrensic science. There is only a few law
enforcement agenises and private investigators stihtpractice the technigue on a
regular basis.

One of the most promising prospects of future imprents of forensic voice
identification has its basis in the huge amountegearch performed on automatic
speaker recognition. The different systems developses techniques and acoustic
parameters that can be combined in order to dewebhymamic and objective procedure
of forensic voice identification. This method mdgaovercome some of the problems
encountered with admissibility of spectrographicence, as there exists possibilities of
statistically estimating the accuracy for each s&pacase.
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Appendix A:

Phonemes in Standard English

Vowels:

[i]

[1]

[e]
[]
[a]
[o]
B
[v]
. [u]
10. [A]
11. 3]
12. [g]

©CoNOObhWNPE

Diphthongs:

[e1]
[ou]
[ar]
[av]
b1l
[ra]
[e3]

[ua]

N OAWNE

as in
as in
as in
as in
as in
as in
as in
as in
as in
as in
as in
as in

as in
as in
as in
as in
as in
as in
as in
as in

Approximants:

1.
2. [r]
3. [
4. [w]

as in
as in
as in
as in

See [si:]
Sit [s1t]
Ten [ten]
Hat [hat]
Arm [a:m]
Got [gpt]
Saw [s>]]
Put [put]
Too [tu:]
Cup [kap]
Fur [f3:r]
Ago [2'gau]

Page [pe1ds]
Home [haum]
Five [faiv]
Now [nau]
Join [d3d1n]
Near [nr1ar]
Hair [hear]
Pure [pjuar]

Leg [leg]
Red [red]

Yes [jes]
Wet [wet]

Nasals:

1. [m]
2. [n]
3. [

Plosives:

[p]
[b]
[t]
[d]
[k]
9]

ok wnpE

Fricatives:

[]
[¢3]
[f]
V]
[6]
[0]
[s]
[]
- [
10. [8]
11. [h]

©CoNOOO AN PE

asin
asin
asin

as in
as in
as in
as in
as in
as in

as in
as in
as in
as in
as in
as in
as in
as in
as in
as in
as in

Man [maen]
No [nau]
Sing [s1n]

Pen [pen]
Bad [bad]
Tea [ti:]
Did [did]
Cat [kaet]
Got [gnt]

Chin [¢1n]
June [d3u:n]
Fall [f>:1]
Voice [vais]
Thin [©1n]
Then [den]
S0 [sau]
Z00 [zu]
She [fi:]
Vision ['vi3n]
How [hau]
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