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1. Introduction 

 

This thesis was written within PF-Star, a European project for multisensorial and 

multilingual communication. 

One task of the PF-Star project was to improve automatic speech recognition 

systems in view of its use by children. 

There are a variety of reasons to investigate techniques for children: 

Younger children especially would benefit from these new techniques because in 

order to use a computer one must be competent in the use of the mouse and the 

keyboard. However, their hands coordination is often not as well developed as 

their writing skills; consequently, it takes them longer to type using the computer 

than to write by hand. One example of computer applications for children is 

computer games, where the appliance for the games could be made much more 

user-friendly and interactive with voice control. This field is also of economical 

interest.   

Another opportunity is seen in the growing field of automatic speech recognition 

in telephony, where its usage causes difficulties for children, which will be 

explained in detail later. 

Common automatic speech recognition systems are made for adults, who have 

different anatomical and physiological properties than children. Their vocal tract’s 

acoustics differ in several ways, for example in fundamental frequency, formants, 

intensity and several other forms. Also, there are large differences in linguistics 

and prosody.   

Hence the results for children’s recognition are very poor, errorrate as reported up 

to 100% higher than for adults (Jacobsen et al. 1996, p. 352). 

 

Thus an attempt was made at KTH and other PF-Star participants to improve 

these recognition results. 

For this purpose more than 200 Swedish children of both genders were recorded 

in day-care centres and after-school centres in Stockholm, ages three to nine, both 

genders. 
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Since an acoustic analysis is part of an ASR system, our assumption was that an 

analysis of these children and the adaptation of its results in ASR would reduce 

the error rate.  

Thus an analysis was done to the extract fundamental frequency (F0) and 

formants and to do a labelling first to ‘clean’ the material. With the results of the 

analysis, scripts could be changed to adapt to children’s speech.  

Two scripts were written, one with usual parameters and one with parameters 

adapted for the children. That is, the first script had the parameters usually used in 

HTK with the exception of 16 kHz bandwidth instead of 8 kHz, and the second 

had two different parameters, a changed bandwidth and a larger number of 

channels in the filter-bank. 

The latter achieved better results.    

 

The additional work of the labelling was done to compare the fundamental 

frequency of automatically detected voiced segments with that of manually 

labelled ones. To extract F0 usually a labelling is done because it is very difficult 

to get speech samples without any other noise sources, especially for children. 

Another reason is the F0 extraction algorithm (LPC- in the case of our F0 

extraction software), which can hardly compute F0 for creaky voice, for example. 

Therefore labelling is made to extract the pure F0. 

 

F0 and formants were measured, but several features remain to be analysed, such 

as intensity, duration of the words, speaking rate, etc.   

 

To achieve better results in children’s recognition it is also important to work on 

other strategies such as vocal tract normalisation, with which good accuracy 

results have been obtained in other work. 
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1.1 The EU project PF-Star 

 

Seven institutes from Italy, Germany, Sweden, and the UK are participating in the 

EU project Preparing Future Multisensorial Interaction Research (PF-Star), which 

discusses the following three main parts: Technology for speech-to-speech 

translation, detection and expressions of emotional states and core speech 

technology for children. 

It started in October 2002 and it will be finished in December 2004 and is funded 

by the European Commission. 

In Sweden Kungliga Tekniska Högskolan (KTH) in Stockholm takes part in this 

project. 

 

One task of the project, is to find improvements for children on ASR. Therefore a 

large amount of children’s speech data was collected in all participating countries. 

KTH has collected speech samples of more than 200 children in Stockholm. 

Results will be published. 

 

More information can be found at http://pfstar.itc.it or in German: 
http://www5.informatik.uni-erlangen.de/pfstar. 
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2. Overview of automatic speech recognition systems  

‘Speech recognition, a skill every healthy child acquires with no apparent effort in 

the first few years of life, has proved remarkably difficult to achieve by machine.’ 

(Ainsworth 1997, p. 721)  

Although this may be true, the aim, to recognise speech by machines, has been 

achieved and these machines have been available commercially for 20 years. 

 

Automatic speech recognition (ASR) or speech to text (STT) is defined as the 

recognition of speech sounds and their structure by an electronic machine (after 

Bußmann 1990, p. 117). Haton (2002, p. 435) gives a slightly different definition 

which also includes speech understanding (SU) ‘[…] automatic speech 

recognition […] consists of controlling a machine by voice’. 

 

The present systems work in two phases: the training and the recognition phase.  

During the first phase the systems learns various reference patterns of speech 

sounds which were recognised and stored as templates in the computer. During 

the second phase the incoming unknown speech signal is identified using the 

stored reference pattern.  

 

To build ASR systems, knowledge from several disciplines are needed, including 

acoustics, signal processing, pattern classification, linguistics, physiology, 

hearing, neuroscience, and computer science. 

 

2.1 Evolution of automatic speech recognition 

 

Attempts to recognise speech by machine have been made since, but successful 

products were built in the 20th century. 

In the beginning the research was divided into two groups: technicians and 

linguists, where the latter were less successful. (after Masthoff 1984, p. 26). 

Linguists applied acoustic/ phonetic knowledge and measured properties of the 

speech signal for different types of speech sounds. The intention was to decode 

the signal directly into a sequence of phoneme-like units (after Holmes et al. 
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2001, p.109). Their failure was mostly due to coarticulation effects, which 

effected the phonetic units in that they were too variable to be recognised by a 

computer. 

 

Also in the early 1950s technicians built pattern matching systems which were 

based on templates, obtained from acoustic patterns of utterances. These patterns 

are stored and compared to new incoming words. The best matching (most 

similar) pattern is chosen to be the correct word. As a consequence coarticulation 

effects are reduced as well as other variabilities, such as pitch, duration, etc. Of 

course, the method is especially useful, when the same person is used for training 

and recognition phase, with which it should be compared. 

 

One difficulty of pattern matching is the variability of word duration. 

In the beginning of the pattern matching method, the problem was solved by 

uniform stretching or compression of the time axis of the incoming word to equal 

that of the stored one. That lead to better results, but still did not take into 

consideration the fact that not the word in total was lengthened, but only some 

vowels or consonants. Therefore a mathematical technique was applied, which 

used a non-linear timescale distortion. This technique is known as Dynamic 

Programming (DP). For the appliance on speech it is called: Dynamic Time 

Warping (DTW). 

The pattern matching method already included a filter-bank analysis to adapt the 

speech signal to human audio perception and to reduce data. 
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Figure 1 shows such a word pattern of a 10-channel filter-bank analysis with the 

word ‘three’ and the word ‘eight’ twice. As can be seen at the frequency scales, 

the filters are closer together in the lower-frequency regions.  

 

 

 

Fig. 1: Example of a 10 channel filter-bank pattern matching (Holmes et al. 

2001, p. 111) 

 

The first machine which used ASR was a toy called ‘Radio Rex’ which should be 

switched on by saying ‘Rex’, but it was also activated when other words were 

spoken. It was developed in the 1920s. (after Gold et al. 2000, p. 39) 

The first recogniser which could distinguish between several words was built by 

Bell Labs which used formants as speech features. In 1974 the DRAGON speech 

understanding system was built at CMU. This was a new approach to ASR in 

which the hidden Markov models were applied and results became better. 

1996 a speaker normalisation method was applied and achieved good results. 

 

Most ASR systems used today consist of front-end analysis, feature extraction, 

HMM based probalistic methods (also called acoustic modelling) and grammar 

modelling. The latter only occurs in continuous speech recognition.  
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2.2 Feature extraction  

 

This part of an ASR system belongs to the front-end analysis and is used in most 

systems and uses phonetic knowledge. Although ‘only a small proportion of 

available phonetic knowledge, there is some phonetic knowledge in all systems.’  

(King 2003, p. 408).  

 

After the analogue speech signal is recorded, a quantisation and digitalisation as 

well as an antialiasing is made.  

Then 6 dB are added to equalise the slope effect. 

Due to damping of the speech signal in the vocal tract and radiation of the lips, 

higher frequencies have less intensity, in detail it is 6 dB per octave (- 12 

dB/octave because of the voice source and + 6 dB because of lip radiation).  

In the next step a frequency analysis is done. Therefore the incoming speech 

signal is converted into discrete feature vectors which represent phonemes. This is 

done by transformation of the speech signal into a sequence of parameters, or 

feature, vectors which consist of parameters. The vectors preserve the 

phonetically important information. They represent data for an analysis window 

of 10-30 ms, during which vocal tract shape as well as phonetic information does 

not change much. The vectors are then transformed again to reduce data and to 

adapt the signal to the human audio perception. Therefore mel or bark scales 

filter-banks are applied. Since 1996 it is also used to normalise the speech signal 

to obtain a signal which is speaker independent and robust against background 

noise. 

 

The following techniques of feature extraction can be described as simplified 

vocal tract models. Those models consist of the false assumptions of independent 

vocal cords and the linearity of the vocal tract. They are used to reduce distortions 

made by background noise and to obtain speaker independent recognisers. Thus it 

is important to reduce those speaker dependent features, such as pitch.   

There are ways to reduce variabilities of the fundamental frequency.  
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A cepstral analysis is a model which computes the logarithm of a spectrum first 

and then makes the inverse Fourier transform. The obtained cepstrum has less 

variablity and is thus more speaker-independent. A very simple explanation is that 

the low order cepstrum coefficients describe broad characteristics of the spectral 

shape.     

Other methods are based on linear prediction analysis. This analysis can be 

described as the alternative to filter-bank methods.  

Linear prediction coefficients are obtained to become parameters to predict a 

current signal. This computation is made by a linear combination of past values 

plus an error signal. To obtain the linear prediction coefficients, two techniques 

are used; the autocorrelation method and the covariance method can be applied.    

 

A possible means of reducing the amount of data to represent an utterance is 

vector quantisation. To achieve this, the feature vector space is divided into a 

given number of cells and each vector is assigned to one of the cells. As a 

consequence, the amount of stored data as well as computation decreases 

significantly. 

 

Another method of front-end analysis is the vocal tract length normalisation 

(VTLN). This method is applied to speaker-independent recognisers, to 

compensate for the different vocal tract length. 

In this way, the vocal tract length of children can be adapted to those of adult’s. In  

VTLN, the frequency axis in the filter-bank analysis is warped.  

After the transformation the filters are adapted to children’s higher formants.  

This method improves ASR for children, by compressing the speech spectrum in a 

way that aligns children’s higher formant frequencies with those of adults. 

 

Also a bank of band pass filters is done to reduce a lot of computation and to 

adapt the recorded signal to human audio perception. 

Usually 20 filters are used to change the linear signal in a logarithmic one. To do 

so, the filter-bank is adapted to the Mel-scale.  

 

Mel, (or ratio pitch, originally Melodic pitch) is the auditory dimension for the 

comparison of objective pitch differences (after Neppart 1999, p. 58).  
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To understand speech it is only necessary to have a signal between 100 and 1000 

Hz. Therefore the human ear is adapted to that system and recognises that area of 

frequencies very well, whereas higher frequencies are recognised in a logarithmic 

way.  

To build a scale for the ratio pitch, subjects were given randomly chosen samples 

of frequencies and they had to make a scaling of the sounds listened to.  

The picture below displays the relation between Hertz and Mel scale. The values 

of frequency are quite linear to up to 1000 Hz, then become logarithmic. Mel 

values are on the vertical axis.  

 

 

 

Fig. 2: Mel curve (Landercy et al. 1977, p. 148) 

 

A typical filter-bank is shown below, each filter triangular, suggested by Davis et 

al.. The filter is at its highest point at the centre frequency and decreases in a 

linear way to zero at the centre frequency of the two next filters.  
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Fig. 3: Mel-scale filter-bank (Young et al. 2002, p. 62) 

 

Feature extraction is one of the methods used in ASR systems since the 1950s, in 

recent years it was well investigated and more efficient. 

 

 

2.3 Statistical methods 

 

After statistical techniques were added to ASR in the late 1960s, results became 

better and the systems were more efficient.  

Mathematical computation of stochastic modelling and probability calculation are 

a part of almost every contemporary ASR. These computations are based on 

Hidden Markov Models (HMMs). A first probability method of pattern matching, 

dynamic time warping (DTW) is the precursor of these models. DTW is explained 

in pattern matching. 

These models are based on the idea, that words or any other phonetic units can be 
presented as a sequence of feature vectors, as explained before.   
 

Words (in the training group) are recorded and models are obtained, which can 

generate a sequence of feature vectors. During recognition, the probability of each 

model generating the same sequence as in the recorded utterance is computed. The 

word or word sequence is chosen as the recogniser output, has a corresponding 

model with the highest probability to have the same sequence of feature vectors. 
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The following figure displays a simple Markov model, which starts from an initial 

state, S1, and ends at a final state, S5. The model stays in each state with the 

probability of aii or moves to state Sj with a probability aij. Each state represents a 

phonetic unit, and so, a sequence of feature vectors.  

 

 

 

Fig. 4: Simple Markov Model (Ainsworth 1997, p. 728) 
 

The more distinguished model, the hidden Markov model reduces a lot of training 

data. 

With this model it is possible to emit any symbol with a certain probability 

(Ainsworth 1997, p. 729). It is called ‘hidden’ because the output will be seen, but 

not the states. 

 

The following picture shows a hidden Markov model, comparable to the simple 

Markov model. Added to the first are the outputs Ok, which are generated with the 

probability of bjk, when the model is in state Sj. 

 

 

 

 

Fig. 5: Hidden Markov models (Ainsworth 1997, p. 729) 
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Several computations are known to make recognition easier with HMMs, such as 

Viterbi algorithm, Viterbi training, and Baum-Welch re-estimation.  

 

A well established program which works with HMMs is the Hidden Markov 
Model Toolkit (HTK), written in Cambridge University Department in 1989 by 
Steve Young et al.  
 

 

2.4 Grammar modelling 

 

The HMM assumptions are not quite true for speech. Also, there is an overlap 

between the acoustic models due to coarse feature extraction, speaker variablility 

etc. 

The training data is limited and there is often a mismatch with the text data. 

Therefore, the number of  allowed sequences of units must be reduced. 

To reduce the amount of possibilities, syntactic, and phonetic structure, and 

sometimes semantic rules are stored and applied on incoming words (after 

Fellbaum et al. 2002, p. 407/ Haiber 2001, p. 470).  Due to these rules the number 

of word and phoneme sequences are limited.  

When this type of modelling is applied on an ASR system, it is unlikely that 

homonyms and words with almost the same pronunciation, for example ‘they’re’ 

and ‘there’ get mixed up. 

The grammar modelling is important for infinite vocabulary but, naturally, a new 

modelling is needed for each language. 
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3. Swedish Phonetics 

Phonetics is a well researched topic in Sweden, mainly due to many of its 

universities having linguistic or phonetic departments (in Stockholm, Gothenburg, 

Umeå, and Lund). 

Sweden has several dialects, about 18 (Elenius 1999, p. 53). But if they are 

separated more accurately, one can refer to more than 100 (Bruce et al. 2002, p. 

97). The subjects were recorded in Stockholm, thus it is thought that most 

children speak no strong dialect, but standard Swedish. 

Another reported study by Fant (1973, p. 94 et sqq.). This study, which will be in 

detail itemises analysed vowels and consonants, as well as formants of vowels.  

Besides the IPA, there is also the standard technical alphabet (STA) in Sweden 

which is used for transcription of vowels and consonants. For general 

comprehension, the author used only IPA characters for transcription.   

In this study, F0 and formants of vowels were measured, therefore vowels will be 

explained in detail, whereas the description of consonants will be less extensive. 

 

 

3.1 Vowels 

 

Vowels are voiced phones which, in contrast to consonants have no interruption in 

their air stream. A definition given by Pompino-Marschall (1995, p. 211) is this: 

‚Phonetisch sind die Vokale (Vokoide) dadurch gekennzeichnet, daß das 

Ansatzrohr eine offene Passage aufweist und die normalerweise konvex 

(aufwärts) gewölbte Zunge im Großen und Ganzen lediglich global ihre Lage im 

Ansatzrohr verändert.’  

Vowels can be classified by their degree of openness, their place of articulation 

and rounding of the lips (after Pétursson et al. 1996, p. 98). These features are 

called distinctive features. In most languages vowels are produced with vibrating 

vocal cords. 

 

Degree of openness is defined as the distance between the back of the tongue and 

the nearest place of the palate. For example [i] has a high position of the tongue 

and as a consequence a very small degree of openness, and can therefore be called 
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closed vowel. But [a] is called an open vowel. There are four different degrees, 

open, mid-open, mid-closed, and closed. 

Point of articulation is defined as that place on the tongue surface, where the 

degree of openness is the smallest. For example [o] is defined as a back vowel, 

whereas [e] is defined as a front vowel. Usually the point of articulation is the 

point on the tongue, which is also the highest point of the tongue. 

The feature ‘rounding’ is the rounding of the lips or the protrusion of the lips. For 

example [y] is a rounded vowel and [i] is a non-rounded vowel. 

In addition to these standard distinctive features, there is another one in the 

Swedish vowel system, the extreme degree of narrowing of the lips. Those phones 

are also called inrounded, whereas usual rounded vowels are called outrounded. 

One example of an inrounded phone is [�] in the Swedish word nu [n�] (Engl.: 

now) in contrast to ny [ny] (Engl.: new). In our study this vowel is found in the 

digit seven (sju).  

 

The following vowels are found in the Swedish vowel system (Fant 1973, p. 145). 

Generally Swedish vowels are presented in groups of nine long and nine short 

vowels. 

 

[�:, o:, u:, �:, ø:, y:, 
:, e:, i:] 

[a, �, �, �, ø, �, 
, e, � ] 

 

These phones were also found in our experiment, apart from [u:] and  [�].  

In addition to the listed vowels, [æ] was found, too. 

Long vowels are followed by short consonants and short vowels by long 

consonants. 

   

Another typical feature which is found in Swedish vowels is the 

diphthongalisation. 
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Fant (1973, p. 193) describes the realisation as ‘a diphthongal transition to lip 

closure and back to a more open terminal phase’. This feature occurs in several 

long vowels: [�:, u:, i:, y:]. 

For example [i:] can be easily understood as [e:], when listened to in the end of 

that vowel.  

 

The most common way to show vowels is the articulatory vowel plane. It shows 

first and second formant frequencies of vowels. 

On the horizontal axis the articulation place is shown and on the vertical axis the 

degree of openness.  

The front vowels are [y:, e:, 
:] and [i:]; the back vowels are [�:, o:, u:] and  [ø]. 

 

 

 

Fig. 6: Swedish vowels (Iivonen 2000; after Fant 1973) 

 

This graphic also includes [æ:], which is not listed above, but also belongs to the 

Swedish vowel system.[�æ] and [œ] occur in the Swedish vowel system before 

any /r/ variants.  

 

Several Swedish vowels are more centralised than, for example, German vowels 

and are more similar to English vowels. 

Another similarity to English phonetics can be concluded from the frequent 

occurrence of diphthongs in Swedish pronunciation.  
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3.2 Consonants 

 

A simple definition of consonants is this: All sounds which are not defined as 

vowels are consonants. (after Essen 1979, p. 96) 

The International Phonetic Alphabet (IPA), published by the International 

Phonetic Association, distinguishes consonants by their place and manner of 

articulation. A third characteristic can also be ‘voicing’ to describe a consonant as 

voiced, e.g. [z] or voiceless, e.g. [s] (after Singh et al. 1976, p. 30).  

The place of articulation is defined as the place of the vocal tract which is touched 

by the tongue or the place the tongue almost touches. 

The manner of articulation is described by the way the airflow is stopped or at 

least interrupted in the vocal tract. The eight different manners are:  

Plosives- the air flow is retarded, stopped and accelerated, due to the vocal tract 

which is closed completely at one point and opened again very quickly. [p t] 

Nasals- the velum is relaxed and the vocal tract is completely closed at some 

point. Therefore the air flow is able to go through the nasal cavity. [m n]  

Trills- frequent closing and opening of the vocal tract (vibration) due to a 

dynamic airstream at one point of the vocal tract. [R]  

Taps- single vibration at one point of the vocal tract. [�] Tap consonants are not 

common in the Swedish language. 

Flaps- very short and single approximation of two voice organs in a way that a 

whirl of the airstream is produced. [�] 

Fricatives- like flap, but longer period of approximation. [s] 

Lateral-fricatives- like fricatives, but the airstream is not able to flow in the 

middle of the vocal tract, therefore escapes at the sides of the mouth cavity. [�] 

Lateral fricatives are not common in the Swedish language. 

Approximants- two voice organs do not approximate so close that the weak 

airstream does not produce any whirls. [j] 

Lateral-approximants- like approximants, but the airstream is not able to flow in 

the middle of the vocal tract, therefore escapes at the sides of the mouth cavity [l]  

(after Pétursson et al. 1996, p. 89-93). 
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This following list shows the consonant’s place of articulation with consonants of 

the Swedish language (after Elert 1966, p. 56): 

 
Labials: p b m ß �;  

Labial-dentals: f v �; 

Dental and alveolar: t d n l s z � � �; 

Retroflex: � 	 
 � r � �; 

Palatal-alveolar:  �;  

Palatal: c k � j � � x � � � �;  

Uvular: q � � � � �; 

Laryngeal: h � �. 

 

Additionally Engwall and Badin (1999, p. 13) mentioned [�] and [�] as fricatives 

in the Swedish language.   

A characteristic of Swedish coronal consonants is that they become retroflex after 

the articulation of /r/.  
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4. Child voice and speech 

 

To understand why children’s recognition results are so poor, one has to explain 

the complex structure of children’s voice and speech. 

 

 

 

Fig. 7: Speech elements (Stathopoulos 2000, p. 2) 

 

Many components are invoked in the speech production process and those 

different to adults will be explained in detail. In contrast to adults, girls and boys 

have physiological differences in vocal tract shape and length, the vibration 

frequency of the vocal cords, and glottal pulse shape (Junqua 2000, p. 5). 

 

 

4.1 Anatomical, physiological and neurological components  

 

Speech is determined by anatomical, physiological, neurological components, and 

of a complex coordination of those systems. 

In the following, these voice requirements will be explained (Wendler et al. 1996, 

p. 44). 
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4.1.1 The respiratory Structure 

 

Breathing and the lungs are, among others, fundamental elements for voice 

production. The  primary function of breathing is to transport air into the lungs 

and to transport carbon dioxide from the lungs. 

As a secondary function the breathing out (expiration) can set the vocal cords in 

vibration so that a sound is produced. 

There are two ways of breathing: abdominal and thoracic; both can be interlinked. 

It depends on a person’s body pressure which kind of breathing is used. 

An adult moves 500 ml of air in a breath when the level of body pressure is low. 

How much air is in the lungs depends on sex, body height, and body mass, age, 

fitness, and other factors. However, a person’s lung volume is less important for 

its voice. 

 

Children use a higher percentage of their lung and rib cage capacity than adults 

for voice production, but have lower lung and rib cage volumes. Children have 

larger rib cage displacements and, as a consequence, a greater contribution from 

the rib cage than the abdomen. On reaching puberty, children’s breathing becomes 

the same as that of an adult. 

Lung length and width increases with age until the age of approximately 14 for 

females and around 16 for males. Although for girls this expansion is slightly 

smaller than those of boys. 

The lung elastic fibres are not yet fully developed in childhood. 
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4.1.2 The larynx 

 

 

 

Fig. 8: Larynx. Posterior view (Aliff 2004) 

 

The next voice organ which will be described, is the larynx or voice box which is 

located at the entrance of the windpipe. Its primary function is the protection of 

the lungs against particles of dust and food. If a particle falls on the vocal folds, 

they close and a sudden cough throws it to the outside. Only as a second function 

the larynx serves as voice producing organ. 

The larynx consists of numerous cartilages, muscles, nerves and mucous 

membranes. Inside, two vocal cords, or folds, are situated which consist of two 

elastic bands of muscle tissue.  

Voice is produced when air passes through the nearly closed vocal cords. The 

vocal cords start vibrating approximately 100 times per second for men. This is 

called the fundamental frequency (F0). F0 can be alternated by changing the 

stiffness of the vocal cords or by changing the amount of airflow from the lungs. 

Women’s vocal cords vibrate during voice production between 200 and 250 

Hertz. Children under the age of 13 have a fundamental frequency around 200 to 

300 Hertz. Children under the age of three have the highest F0, around 450 Hertz. 

The voice quality depends on the setting of the muscles in the larynx and on 

aerodynamical parameters, sub-glottal pressure and airflow. Voice qualities can 

change when the muscles of the voice box are over-exerted. 
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Children’s larynx differ in several ways compared to those of adults (Stathopoulos 

2000, p. 7 et sqq.). 

A child’s voice box consists of a greater percentage of collagen comprised in  

children’s muscles. Moreover, a different muscular control and different elastic 

characteristics of the muscle are found. 

A vocal ligament appears first at the age of four and will not complete until the 

age of 18, these cartilages are different in contour and texture of articular surfaces 

and macula flava fibres are less dense. The glottic closure remains incomplete due 

to a larger posterior glottal chink, the amplitude of vibration is smaller, a smaller 

membranous to cartilaginous vocal fold ratio, a relatively shorter membranous 

vocal fold, and shorter vocal fold closure duration. The amplitude of vibration 

seems to be smaller, but the vibratory pattern is symmetrical and in shape, but still 

different compared to adults.  

The vocal fold length and mass is larger for adults. Therefore the total vibrating 

mass is heavier and would need more tracheal pressure to be moved with the same 

amplitude as children. An experiment about tracheal pressure and F0 was made by 

Stathopoulos (2000 p. 9). Four year old children producing high tracheal pressure 

achieved an F0 of 400 Hz (originally 280), whereas female adults do not achieve 

more than 250 Hz (originally 225) and men not more than 150 Hz (originally 

110). Children also use higher tracheal pressure in normal speech due to the 

higher airway resistance and probably to compensate the decrease of intensity in 

higher frequency regions. The higher pressure causes higher fundamental 

frequency. 

The vocal fold length grows until the age of 20 for men and women. 

 

During puberty the plates of the thyroid cartilages of boys will move from original 

120°  to 90°, which causes the Adam’s Apple. The vocal cords grow 10 mm on 

average. Due to these changes boys will experience a breaking of the voice 

(mutation). 

The plates of girls do not change and their vocal cords grow in contrast to boys 

only 3 to 4 mm.  
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4.1.2.1 The joints of the larynx 

 

The two joints of the larynx are cricothyroid and cricoarytenoid. The cricothyroid 

is on the side of the cricoid cartilages and supports the building of tension of the 

vocal cords. The cricoarytenoid lies between the arytenoid cartilages and the 

lamina of cricoid cartilage tilts the processus vocalis. 

This is a list of the cartilages: thyroid cartilages, arytenoid cartilages, cricoid 

cartilages, and coriculate cartilages. 

 

The physiological ossification of the cartilages of the larynx is dependent on the 

child, but it can begin for girls at the age of five and usually starts between the 

ages of 18 to 20 for boys. Only the proccessus vocalis remains cartilagous. 

 

 

4.1.2.2 The muscular structure of the larynx 

 
Three muscle groups in the larynx are called abductor, adductor and tensors. They 

are a part of the phonation. Apart from those, several other muscles exist which 

are outside of the larynx and have impact on its position. 

 

Muscles of the larynx are comprised of a greater percentage of collagen. Due to 

the constant developing nervous system of children, the muscular control differs 

from adults.  

 

 

4.1.2.3 The mucous membrane of the larynx 

 

The larynx is partly covered with mucous membrane, as well as the vocal cords. 

The mucous membranes are moveable. 
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4.1.2.4 The stretcher of the larynx 

 

The stretcher is the group of muscles which are responsible for the tension of the 

vocal cords. Three groups of muscles build tension and relax the cords. The 

development of these muscles is the same as it is for muscles inside of the larynx.  

 

 

4.1.3 The vocal tract 

 

 

 

Fig. 9: Sagittal view of the vocal tract (after Pétursson et al. 1996, p. 84) 
 

The vocal tract is defined as the air-filled space above the larynx up to the lips/ 

nostrils. 

In detail the vocal tract consists of the pharynx, velum, nasal tract, inside of the 

cheeks, soft and hard palate, tongue, teeth, hyoid, and upper and lower lip. Most 

of these elements are more or less covered with mucous membrane and thus the 

acoustic signal is dampened. 

The glottal wave leds to the vocal tract which works as a sound filter to form the 

spectral envelope of the voice. 

The configuration of the larynx, tongue, velum, lower jaw, and lips creates 

different sounds.  
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Children have shorter vocal tracts due to their overall shorter body. 

Among other things, higher fundamental frequency and formants are determined 

in a shorter vocal tract compared to those of male adults. Women have larger 

vocal tracts of about 15 to 17%. Thence this is one reason why the difference of 

the formants for children are 24.9% higher than for men. ‘But that [higher 

fundamental frequency] is not only due to a smaller version of the vocal tract and 

the voice organ’ (White et al. 2000, p. vii). 

 

 

4.1.4 The nervous system 

 

The nervous system influences breathing, larynx and vocal tract during the voice 

production. The muscles are predominantly controlled by an area of the brain 

which is called hindbrain. 

Afferent nerves inform the brain about the state of function of the lower jaw, soft 

palate, tongues and lips as well as the position of the larynx. 

‘The control of the voice is mostly done by the acoustical analyser. It [the control] 

depends on F0, intensity and duration as well as tone and sound (timbre, and 

emotion)‘ (after Wendler et al. 1996, p. 67). 

Audio impressions of environment are processed and voice is adapted to it. 

 

 

4.2 The development of voice in infant’s age 

 

Cries are the first utterances an infant makes. The nervous system is not 

developed enough to express more distinct speech. Even in this age one can 

distinguish between a soft and hard onset. From the second year of age the vowels 

become more stable, but only after melody, rhythm and pronunciation is learned. 

Now, a normal child has a small vocabulary. After the second year the 

fundamental frequency of the child becomes lower and the ability for voice 

modulation improves. 
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4.3 Language and voice development in general  

‘In normal children, there is a relationship between the development of cognitive 

skills and the development of language’ (Stark et al. 1982, p. 152). However, a 

child can still perform well on an IQ test, even if its language skills are poor. 

As a general overview it can be said (Hacker 1999, p. 26/27) that pronunciation 

becomes more constant and precise. All phones of the environment can be 

imitated. Children reduce their mistakes when uttering specific consonants in 

complex words or phrases. Phonotactical rules, i.e. possibilities of combination of 

phonemes to bigger units will be obeyed. 

The next text which is referred to is written by Oesterreich (2004, p. 2 et sqq.). 

She describes typical language development for children of three to four years as 

follows: 

75 to 80% of children’s speech is understandable, girls or boys ask ‘who’, ‘what’, 

‘why’ and ‘where’ questions, talk in complete sentences of three to five words, 

sometimes speech appears to be stumbling, but that is no sign of stuttering, 

children enjoy repeating words, able to repeat simple rhymes or to tell simple 

stories and like to sing and can carry a simple tune.  

Children at the age of four to five years are able to speak in complex sentences, to 

sing simple songs and rhymes. Moreover they can adapt to a listener’s level of 

understanding and can ask and answer all kinds of ‘wh’ questions. The child likes 

to talk. 

At an age of five to six years children are able to speak with correct grammar and 

word forms. By writing in school, children recognise the possibility of segmenting 

spoken speech and the relation between grapheme and phoneme. 

These steps of development are only are average descriptions and there is a wide 

variability around these among non-retarded children.  

When children are four to five years old and at the latest before the age of eight, 

their phonologic system becomes (kind of) perfect. Hacker (1999, p. 27) 

During puberty, boys will recognise a breaking of the voice which is called 

mutation. The vocal cords grow ca. 10 mm and the laminas will change from 120° 

to 90°. 

Girls will not have such strong side effects of their mutation because their vocal 

cords will only grow 3 to 4 mm. 
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After puberty the voice will not change much until late adulthood. Impacts like 

smoking or alcohol misuse and a constant overexertion of the voice, improper 

techniques for singing and sore throats will stress the voice organ and will cause 

changes of the voice.  

 

There are several other elements of speech, which change while children grow. 

One element is the speaking rate, which increases with age (Starkweather 1980, 

p. 144 et sqq.). As a consequence for the increasing speaking rate, the duration of 

sounds is decreasing with age.  

In the following, one example will be shown of how normally developed children 

speak:  

Broen (1982, p. 33 et sqq.) describes a girl who is almost 4 years old. She uses 

only labial and alveolar place of articulation. Other sounds are realised as alveolar 

stops. She substitutes stops for fricatives, glides for fricatives /w/ for all 

approximants and alveolar stops for velar stops. This type of substitution is 

common for children and especially concerns consonants.   

 

Another example is a study by Narayanan et al. (1998, p. 198) who analysed 

children’s speech on an interactive computer game and found that older children 

(11-14 years) have less extraneous speech. In this case extraneous speech has the 

meaning of speech which does not  include any commands for that game. 

 

After puberty the voice organs will not change much, voice remains the same until 

late adulthood, but can be changed due to alcohol and/ or smoking.  

The elderly will experience changes in their voice like a higher proportion of 

creak, and a faster development of tiredness in their voice.  

Stress, realised as lengthening of vowels in an end-position could be found to 

occur in babbling, but is of course more distinguished in older children. 
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5. Previous work 

 

Research on ASR was historically focused on adults, but since the recognition 

results for this age group have reached a level sufficient for several applications, 

research has been extended to other age categories. 

Especially the the elderly and children would have advantages for the use of ASR, 

as explained in section 1. 

 

Recently many attempts to improve children’s ablility to use ASR were made, and 

some are listed below. One of the first studies on this topic was made by Karlsson 

& Stålhammer (1972). She analysed Swedes in order to obtain data for ASR. Not 

only adults, but also children were recorded who were between five and eight 

years old. The read text included Swedish digits from zero to nine. For these 

reasons the results can be easily compared with this work. Their results will be 

discussed later in the report. Jacobsen et al. (1996, p. 349) mentioned in one of the 

first papers on ASR and children, that ‘children and the elderly have obvious 

needs for voice operated interfaces, [but] hardly anything is known about the 

performance of the current automatic speech recognition technology with these 

people.’ He also made some suggestions concerning the kind of investigations that 

should be done. That is, it is as important to collect more representing training 

data, as to change front-end parameters. 

 

Another interesting aspect of their study is an experiment, in which a recogniser 

was only trained with children’s speech and evaluated with adult’s speech. The 

men had increasing word error rates, whereas women’s accuracy rate almost 

remained in consistancy with the results, which were obtained from standard 

recognition experiments. But when recognisers were trained with women only, the 

accuracy results for children were as bad as experiments using both genders for 

training data. There is no satisfactory explanation for this. 
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 The graphic displays the word error rates, comparing children and the elderly to 

adults, where accuracy results are almost as low as in the children’ s test. 

 

 

 

Fig. 10: Word error rates for children, adults and the elderly (Junqua 2000, p. 5; 

after Jacobsen et al. 1996, p. 350) 

 

Narayanan et al. (1998) analysed children on dialogue systems and found that for 

computer application children prefer using keyboard and mouse, although speech 

seems to be more natural.  

    

Studies by Claes et al. (1998), Welling et al. (2002), Narayanan et al. (2002), 

Stemmer et al. (2003) and Giuliani et al. (2003) dealt with the problem of 

different voice characteristics in the way to normalise the vocal tract (VTLN) with 

mathematical techniques.  

Former work, which can be compared to this study, is one done by Narayanan et 

al. (2002). They investigated the acoustical features of children’s speech and 

adapted front-end bandwidth and Mel-frequency filter-bank.  

 

A study by Das et al. (1998) also took into account the different use of vocabulary 

and syntax in children’s utterances. They did a frequency warping adapted to 

children’s voice and achieved results 45% better than the conventional ones. 

Coulston et al. (2002) tested children on communication strategies with computers 

(Text to Speech Synthesis and Automatic Speech Recognition) and wanted to 

know how or if they adapt voice characteristics from a computer (Communication  
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Accommodation Theory). The results showed that they adapt the characteristics 

like intensity, speaking rate and other parameters in 77% of all cases.  

With these results it can be suggested, that children’s speech will become more 

fluent and invariable, which would improve accuracy rates for ASR. 

Gustafson et al. (2002) invented a dialogue system, which was applied in the 

Telecommunication Museum in Stockholm. Children and youth used this system 

and the new technique was tested. Two techniques were tested, the Phase Vocoder 

algorithm and a TD-PSOLA (Time-Domain Pitch-Synchronous Overlap-Add) 

algorithm with a compression of the spectral envelope. The recognition results 

improved for children under the age of ten.  

There have also been investigations for deaf children to improve their language 

with computer software using ASR. One attempt was made by Miller et al. 

(1996).   

 

Up to now, many databases for children’s speech were collected in several 

languages to have training material for HMMs. In that way HMMs could be 

adapted to children's speech. Also, changes in front-end analysis for ASR systems 

have shown improvements for accuracy results.  

This research shows promise for further work.  
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6. The experiment 

 

6.1 Subjects 

More than 200 children were recorded in after-school and day-care centres  in 

Stockholm by Mats Blomberg and Daniel Elenius. The children were between 

three and nine years old, both genders. For this analysis samples of more than 150 

children were used and only children between four and eight years. 

sixty children were randomly chosen for the training group and 57 for the 

evaluating group.  

 

 

6.2 Spoken text 

 

The text spoken by the subjects contains Swedish digits and a text extracted from 

Swedish children books. For the recordings the text was first spoken by an adult 

and then repeated by the child. That was done because the younger of the recorded 

children were not able to read a text. 

For this thesis the author used the Swedish digits from zero to nine. 

-noll, -ett, -två, -tre, -fyra, -fem, -sex, -sju, - åtta, -nio 

In one sample, three or four numbers and ten samples of digits were recorded for 
one child. 
 

 

6.3 Recording 

 

The subjects were recorded in a room in the day-care centres or after-school 

centres, with one headset microphone and with a microphone put on the table.  

 

Unfortunately, it was impossible to record the children in absolute silence and 

some of the samples with too much background noises were deleted. 
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7. Analysis 

Analysis was done to extract fundamental frequency and formants. Additionally a 

labelling was done to extract the pure F0. 

 

 

7.1 Fundamental frequency 

Fundamental frequency is defined as the frequency at which the vocal cords 

vibrate during a voiced sound. A detailed information can be read in 

section 4.1.2.. 

The excitation source is measured in Hertz (Hz). 

It can be extracted by softwares with special algorithms. One algorithm is the LPC 

(linear predictive coding) which operates on the cepstrum of the speech signal. 

It is rarely used in real time speech systems but often used for research 

experimentation in quiet laboratory recording conditions. The recordings by KTH 

were done in a mostly quiet room, so LPC algorithm could be applied. 

Other fundamental frequency extraction algorithms which are not so sensitive to 

background noise and spurious low frequency signals are based on:  

The average magnitude difference function (AMDF), the input autocorrelation 

function (AC), the autocorrelation function of the centre-clipped signal (ACC), 

the autocorrelation function of the inverse filtered signal (IFAC), the signal 

cepstrum (CEP), the Harmonic Product Spectrum (HPS) of the signal, and the 

waveform matching function (WM) respectively (Parsa et al. 1999, p. 112). 

Of course the computation can be done manually in the time-amplitude signal of 

speech.  

The author used WaveSurfer version 1.6.1. for analysing the fundamental 

frequency. To compute the F0 the waveform of the signal a pitch contour pane 

and a transcription pane was additionally added; a spectrogram was added as well 

for the computation of the formants.  

The settings were adjusted to adapt children's voice. Therefore the upper limit of 

the bandwidth of the pitch contour was changed from 400 to 600 Hertz.  

WaveSurfer is an Open Source tool for sound visualisation and manipulation and 

was developed at CTT at KTH in Stockholm.  



 
 
7.  Analysis 

32 

This graphic displays an example of a time-signal and pitch plots by WaveSurfer. 

 

 

 

Fig.  11: Time signal and pitch plots for sex, åtta, noll ([s] is missing in the 

spectrogram) 

  

 

7.1.1 Results of fundamental frequency measurements 

 

The values of the obtained fundamental frequencies were low, but still in the 

normal range.   
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Fig. 12: F0 of Swedish children 
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A correlation of age can be seen in figure 12. The highest average values were 

obtained with children of four years, whereas children of eight years had lower 

values to 205 Hz. 

The difference between male and female children is very small. 

 

 

7.2 Fundamental frequency analysis on labelled speech 

 

To extract fundamental frequency, usually a labelling (a ‘cleaning’) is made to 

ensure correct results. 

That is, some parts of speech samples can include voice of other sound sources, or 

voice itself can change into a low voice register, for example creaky voice, which 

is very difficult to extract correctly by an analysis software. 

 

The algorithm of the software cannot distinguish between the child’s voice and 

the ones made by other sources and hence some ‘wrong’ F0 values are taken into 

account for the computation.  

Before the pitch analysis can be done, all the samples must be labelled manually, 

that is, only speech which can be said to be ‘proper speech’ is used for analysis. 

The elements of the labelling were written in the transcription line in the 

extraction software WaveSurfer. 

After labelling the samples, the speech material contains only proper speech and 

the results of the pitch can be said to be correct. 

 

 

7.2.1 Labels 

The types of speech that were excluded from the F0 analysis were:  

creaky voice, voiceless parts, noise, whispered voice, speech that is very high in 

pitch and therefore measured incorrectly. 

The speech material was segmented and labelled into one of these six categories. 

They are described below. 
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7.2.1.1 Creaky voice 

 

Abbreviation for labelling: creak. 

Creaky voice (also named: laryngealisation, vocal fry) can be defined as abrupt 

changes in the periodicity of the glottal pulse. Hence, it changes to another 

register and almost always to a lower register. 

Speech with too little intensity and mainly exhausted voice can sometimes 

become creaky.  

Ladefoged et al. (1996, p. 53) report that the arytenoid cartilages are much closer 

together than in modal voice, that there is a lot of tension in the laryngeal 

musculature and therefore the vocal cords no longer vibrate as a whole. If vocal 

cords close to the arytenoids are held too tightly or ligament and arytenoids parts 

vibrate separately, as a result vocal cords are out of phase and produce pulses with 

alternating high and low amplitudes.  

 

Usually laryngealisation is not only audible, but also visible in the case of 

fundamental frequency software, when pitch is shown. A sudden increasing or 

decreasing of the pitch plots can indicate the vocal fry. The following graphic 

shows such a ‘viewable’ creak, in the end of this file. A continuous line of pitch 

plots is shown, up to a break, where pitch decreases suddenly. (Every file was 

listened to, the plots are only for support to put the labels.)   

 

 

 

Fig. 13: Simple illustration of the vocal cord’s position in larynx during 

laryngealisation (Wagner 2004) 

 



 
 
7.  Analysis 

35 

 

 

 

Fig. 14: Time-signal, pitch plots, spectrum and the labelling with stl (voiceless) 

and cr (creak). 

 

 

7.2.1.2 Voiceless 

 

Abbreviation for labelling: vl / stl. 

Although there was no speech input the algorithm shows pitch values. One reason 

is the sensibility of  the microphone, even breath can lead to pitch plots. 

Another reason can be very quiet noise in the background. 

In the beginning of the graph above an example is shown in which a voiceless part 

in a sample was labelled as stl (stimmlos (German): voiceless). 

Usually voiceless is mentioned in the context of consonants, most consonants like 

for example /f/ or /t/ are voiceless, i.e. the vocal cords do not vibrate. For this 

labelling an exception was made and voiceless is used mostly for no speech at all. 
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7.2.1.3 Noise  

 

Abbreviation for labelling: noise. 

In some of the files there were noises made by other children, or a radio in the 

background. 

 

7.2.1.4 Whispered parts 

 

Abbreviation for labelling: whisper. 

During whispering, airflow passes the glottis (space between vocal cords) which 

is almost completely closed. 

Whispering words means to speak them very quiet and thus fundamental 

frequency can be affected by whispering, therefore those parts were labelled. 

 

 

 

Fig. 15: Simple illustration of glottis position in larynx during whisper (Wagner 

2004) 

 

   

7.2.1.5 Voice which is too high 

 

Abbreviation for labelling: toohi. 

WaveSurfer and Praat, like most other analysis softwares are made for adult 

speech, thus their measurements can be wrong when pitch is very high.  
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7.2.1.6 ‘proper’ speech  

 

Abbreviation for labelling: ok 

These parts of the files were labelled as ‘ok’, when nothing of the above 

mentioned cases appeared. 

    

 

7.3 Differences between automatic extracted and labelled F0 

 

The training group has an average F0 of 222 Hz (labelled: 228 Hz) whereas the 

evaluating group has an average F0 of 218 Hz (labelled: 230.4 Hz). Another 

difference can be seen in the shift of pitch plots of females in comparison to those 

for males. 

 

Fig. 16: F0 of Swedish children after labelling 

 

7.4 Formants 

 

Bandwidth is adjusted when building a recogniser, thus it is important to know 

which bandwidth should be used in order to include enough information about the 

speech signal. In telephony the bandwidth is 300 to 4000 Hertz. 
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Four formants can be included in this frequency range for an adult speaker. But 

the 4th formant of children can have a frequency above 5000 Hz, and even the 3rd 

formant can easily be above 3500 Hz. Table 2 displays no values higher than 5000 

kHz, but those are average values, whereas in single measurements this value was 

exceeded. These formants still include some important information of the speech 

signal and so it might be important to include them in the bandwidth of a 

recogniser to obtain high recognition accuracy.  

 

Formants were measured with speech analysis software Praat version 4.1.13 for 

Linux and the software WaveSurfer version 1.6.1. They were extracted  

automatically and manually adjusted if results seemed to be incorrect. 

The settings for the automatic extracted formants in the spectrogram in Praat:  

The spectrogram consisted of 250 frequency steps, the view range was changed 

from 5000 to 6000 Hz. The Fourier method was applied and the window length 

was five ms. The window shape was changed from the default setting of aussian 

to Hamming, so the two measurements are more comparable. The dynamic range 

was 70 dB, the pre-emphasis six dB per octave and the dynamic compression was 

zero. 

Settings for the automatic extraction of formants in Praat: 

The dot sizes of the formants were one mm; the dynamic time range in dB: 30; the 

number of potes was ten; the maximal formant was set from 5500 to 6000 Hz; the 

window length was 25 ms; the pre-emphasis was made from 50 Hz; the 

bandwidth was 6000 Hz; the formant number in the spectrogram was four and the 

used LPC algorithm is Burg. Additionally to the automatically extracted formants 

the results were often tested. 

 

The settings of WaveSurfer was adapted to children’s voice as well and the upper 

bandwidth of the spectrogram was set to 6000 Hz. An fft window length of 256, 

the analysis bandwidth was 125 and the window had 128 points. The used 

analysis window type is the reliable Hamming and the pre-emphasis factor was 

0.97. To make the formants more viewable the brightness was changed to 3.0 and 

the contrast to 18.2 points. The colour of the spectrogram was grey. In contrast to 

the analysis with Praat, the formants were analysed manually and not 

automatically. 
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First the values were measured with WaveSurfer manually, afterwards the results 

were compared to the automatic formant measurement done by Praat. 

The variances of the values are minor, the results could be compared. 
Due to reduction most of the vowels are more or less centralised. Coarticulation 

effects seem to effect most vowels, i.e. their formants, even at the midpoints of the 

vowels. This effect should be excluded when doing an accurate phonetic analysis 

of vowel formants, but in this case it is more important to analyse parameters of 

natural speech. Thus the ASR system is able to recognise natural speech and not 

artificial clearly spoken words. 

Another observation which was made is the frequent occurrence of diphthongs in 

almost every word (see section 4.1.). Unfortunately the Swedish numbers zero to 

nine do not implement any form of [u], but by accident the open form of [u] : [�] 

was rarely articulated with the Swedish zero (noll). 

 

To obtain formant frequencies, a narrow transcription of vowels were made and 

their formants were measured. The vowels were listened to and were measured if 

they were understandable. Some vowels at the end of a word appeared to be too 

quiet and some were too short to comprehend. To reduce coarticulation effects, 

the formants were measured at the midpoint of vowels.  

An example for the automatic measurements of the formants can be seen in 

Appendix A. 
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The Swedish digits, which were spoken have the following standard 

pronunciation (Swedish standard pronunciation: Engbrant-Heider 2002, p. 546). 

 

Swedish digits standard pronunciation   found phones    English translation 

noll   [n�l]   [�, �, � ]    zero 

ett    [et]          [
,æ]                one 

två    [tvo:]      [o, � ]                two 

tre   [tre:]   [i ,
 æ, e, � ]   three 

fyra   [fyra :]    [i, y, Y, a, �]          four 

fem   [f
m]    [
, æ ]                   five 

sex   [s
ks]    [
, æ, �]                  six 

sju   [  � ]      [y, ø, �, œ]            seven 

åtta  [�ta]       [o, �, �,a, �]           eight 

nio   [ni:�]      [i, �, �, �]                nine 

 

Table 1: Standard pronunciation of Swedish digits 

 

As can be seen, the digits spoken by children were often spoken in another form 

of the Swedish pronunciation probably due to the covariances.   

 

 

7.4.1 Results of formant analysis 

 

The following figure shows formants for 24 male Swedish adults, measured by 

Fant. He also measured the duration of the vowels, which is of no interest to this 

study. 
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Table. 17: Formant frequencies of Swedish vowels (Fant 1973, p. 96) 

 

The values were obtained from single vowels, no words, hence no natural speech 

was uttered. Therefore the comparison to our study which includes only spoken 

words, is restricted. 
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Formant average of 150 Swedish children 

 

                        F1         F2           F3      F4 

[ i ] :               419   2935     3674     4620 

[ � ]  :               450    2287    3567    4453 

[ y] :               389    2095    2886    4209 

[ Y]       443   1965    2993    4307 

[ e ] :      493     2630     3324     4362 

[ ø] :        474    1814   2948    4211 

[ œ ] :     524     1734    3187     4453 

[ 
 ] :       604     2369    3376    4389 

[ æ ] :      729     2065     3375     4387 

 [ a ] :        786     1554     3238     4161,5 

[ � ] :              745 1398    3537     4263 

[ � ] :              528  1093   3166   4034 

[ o ] :      485    914    3159     4194 

[ �] :              483  1117,5  2912,5  4003 

[ � ] :       495    1684    3458     4415 

[ � ]:                467   1882   3162    4404 

 

Table 2: Formant average of 150 children 

 

All vowels of Fant’s investigations could be found in our study apart from [u]. In 

contrast to the formants of Swedish men, those of children were higher with no 

exceptions, but values still showed similarities.  

 

Another way to show formants is to compare the height and width of vowel 

planes.Figure 18 (Narayanan et al. 2002) displays a comparison of vowel charts of 

adults to children for the allophones of /IY/, /AE/, /AA/, and /UW/. The more 

commonly used Hz-scale is replaced by a Mel-scale. It can be seen that the 

rectangle of the adults (left) is the smallest one and that with the lowest formant 

frequencies. The younger the children, the higher the frequencies and the larger 
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the rectangles. Although this is a Mel-scale vowel chart and therefore linear up to 

1000 Hz, but then logarithmic, it shows the growing expansion of the frequencies.  

 

 

 

Fig. 18: Vowel plane (Narayanan et al. 2002, p. 67) 

 

The vowel chart was made with a Hz scale with our results and the same 

proportions of the rectangulars were found as those by Narayanan et al. 

Results for adults were taken from Nord et al.(1986, p. 24). Shown by the purple 

line. The other results show results of Swedish children. The child with the lowest 

F0 is shown by the yellow line. The red line shows results for the child with the 

highest F0 and the green line displays the average of all recorded children. 

 

 

 

Fig. 19: Vowel planes for [a, i, e, a, o] and [�] from Swedish adults and children 



 
 
7.  Analysis 

44 

7.5 Formant extraction and ASR 

 

For the work with ASR it is more important not to analyse the phones and their 

formants, but to analyse the formants, which can be excluded in the positions of 

the words. One can then obtain the formant values, how they are actually 

produced and thus this kind of analysis is more useful for ASR research.  

One study which was done in 1970 by Stålhammer et al. for the purpose of 

gaining speech data for ASR. 

30 people were recorded at the laboratory at KTH, 1970. All subjects spoke with 

the Swedish standard pronunciation and they were divided into ten male, ten 

female and ten children of both genders of five to eight years. Ten Swedish digits 

from zero to nine (noll-nio) were spoken.  

In particular this former study is comparable to our study because of the same age 

of the children and the same text which was spoken. 

  

In the list showed below, the results of the children are compared. The underlined 

digits are the results of Stålhammer’s study and the digits showed in bold are 

these of our results. 
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 F1  F2  F3  4F4 

noll 968 546  1335 1186  3150 3050  4150 3963 

ett 670 663  2675 2275  3395 3407  4371 4466 

två 563 505  903 964  0 3175  0 4233 

tre 529 471  2218 2665  3264 3346  4000 4396 

fyra 485 472  2663 2665  3845 3561  4500 4372 

fyra 963 737  1765 1692  3115 3322  4050 4286 

fem 710 705  2395 1993  3400 3315  4333 4300 

sex 665 545  2515 2472  3450 3411  4590 4515 

sju 585 452  2215 1896  2867 3006  4114 4220 

åtta 700 569  1138 1155  2883 3396  0 4153 

åtta 975 762  1745 1555  3170 3371  4050 4211 

nio 420 416  2825 2781  4035 3831  5000 4702 

            

 annotation: 0 = no measurements        

    

Table 3: Comparison of formant frequencies by Stålhammer and KTH recordings 

 

As can be seen, the results are similar to our measurements, exceptions are given 

for the phoneme /a/ in fyra and åtta, where the average value of the first formant is 

higher for Stålhammer’s study.  
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8. Varying the parameters of ASR 

 

As mentioned above, children’s acoustical features are different to those of adults, 

and  since feature extraction is one part of the ASR, the recognition rates were 

very poor. In order to improve the results, the analysed features from this study 

were taken into account in order to build a new recogniser which would adapt 

these features.  

Therefore the parameters for bandwidth and the number of filters in the Mel scale 

filter-bank were changed. A 16 kHz bandwidth was chosen because of the higher 

frequency of the fourth formant of the children. Many of the fourth formants were 

above 5000 Hertz. Usually parameters are chosen for the fourth formant up to 

4000 Hertz (for example in telephony). 

The Mel-scale filter-bank is a system to reduce data and computation and to adapt 

the recogniser to human audio perception. Human ears do not hear all frequencies 

in the same linear fashion, but change the fashion into a logarithmic one, above 

approximately 1000 Hertz. 

 

As a second parameter, the number of filters were changed. Usually up to 20 

filters are used for a 4000 Hz bandwidth signal. For our signal, which had up to 

16000 Hz, 20 filters were not enough. Hence the signals were tested with a 

number of 20 up to 30 filters (see section 2.2.). 

 

The original script, written by Lena Måhl, with which the new script is compared, 

was already slightly adapted to children’s speech and has a 16000 Hz bandwidth 

and 20 filters in the filter-bank (for complete script see Appendix B). 

The new script written by Daniel Elenius changed the bandwidth to adapt 

children’s speech parameters (for complete script see Appendix B). It starts with a 

cut off frequency of 4000 Hz, changes to 8000 Hz and ends with a cut off 

frequency of 16000 Hz. At the first run the number of Mel-frequency channels are 

20 and amounts to the number of 30 channels in the last run. 

So, in total 33 runs were made, eleven runs with 4000 Hz bandwidth, 20 to 30 

filters; eleven runs with 8000 Hz bandwidth, 20 to 30 filters; and eleven runs with 

16000 Hz bandwidth, 20 to 30 filters.
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9. Results 

 
Accuracy results differ only slightly for several applied parameters, such as 

bandwidth and number of filters. Accuracy results of 50% as well as accuracy 

results of 100% were achieved. The average value is between 82 and 88% for all 

changed parameters like bandwidth and number of filters.     

 

 

9.1 Results of accuracy against F0 

 

The results of Måhl’s script which are listed below show the accuracy in the row. 

Below are the fundamental frequencies for all children in the evaluating group. 

The last row displays the averages for all F0’s in one column.  

 

  51 to 70    71 to 80       81 to 90       91 to 100      :Accuracy in % 
 

228 245 228 211  

249 235 222 211 
 

260 233 235 192 
 

255 286 222 208 
 

234 266 216 198 
 

 247 260 226 
 

  189 228 
 

  227 210 
 

  209 187 
 

  262 259  

  201 218  

  239 232  

  250 233  

  255 218  

  
240 201  

  
224 203  

  
190 244  

  
233 207  

  
239 217  

  
 249  

   256  

245,2 252 228,5 219,4 
 
: F0 in Hz 

     

Chart  4: Comparison of fundamental frequency and accuracy in ASR 
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These average values show a decreasing F0 for increasing accuracy, but most 

children were in the groups of high accuracy values, which might influence the 

outcomes. 

In other words, the children who have an F0 of 250 Hz (labelled values) or more 

have an accuracy of 80.7%, whereas the children with an F0 of 190 Hz or less 

have an accuracy of 92.22%. This is another support of the hypothesis that the 

recognition results of children’s speech is worse for children with high F0.  

 

The following figures display a comparison of accuracy results with parameters of 

script. They show 57 children of the evaluating group. 

Best results were achieved with 16000 Hz bandwidth and 26 filters of Mel scale 

filter-bank. 
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Fig. 20: Comparison of fundamental frequency with new script. 
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The worst results were achieved with 4000 bandwidth and 27 filters of Mel scale 

filter-bank. 
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Fig. 21: Comparison of fundamental frequency and accuracy 

 

There is a slight correlation shown for high fundamental frequency and poor 

results in accuracy. 

 

9.2 Results of accuracy against several parameters 

 

The following outcomes refer to the second test with 33 runs. 

As can be seen, the highest correlation is given for age and the highest negative 

correlation is given for labelled fundamental frequency. 

 

age  sex  F0 auto F0 labelled av F1 av F2 vowel plane size 

        

0.50 -0.15  -0.37 -0.55 -0.06 -0.26 0.10 

    

Table  5: Correlation results for 4000 Hz bandwidth and 20 filters. 

 

The table shows 54 children who have been in the evaluation group. The age 

differs from four to eight years, in both genders. The bandwidth is 4000 and the 

number of band pass filter in the Mel-scale filter-bank is 20. The last row displays 

the correlation values. 
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The highest positive correlation (0.50) with accuracy was obtained with age, 

highest negative correlation (-0.55) with F0 labelled. Age seems to be a very 

important factor in ASR, all literature on this topic comes to the same conclusion.   

Fundamental frequency has a moderate negative correlation with accuracy, 

whereas the labelled F0 can predict the word error rates more easily. 

Gender, first formant frequency and vowel plane size have low correlations and 

seem to be less interesting for further investigation. 

The second formant, however, has a higher correlation and that seems to be due to 

its high formant frequency. 

 

The next chart to be listed here was chosen because the parameters: 16000 Hz 

bandwidth and 30 filters, are almost the opposite of the chart shown before. 

 

age sex  F0 auto F0 labelled av F1 av F2 vowel plane size 

           

0,48 -0,16  -0,24 -0,41 -0,12 -0,27 0,06 

        

Chart  6: Correlation results for 16000 Hz bandwidth and 30 filters 

 

Here the values for age and labelled fundamantal frequency have a weaker 

correlation with accuracy in comparison with the first correlation chart.  

More correlation results for various bandwidth and filters can be found in 

Appendix D, where there are also more measured parameters. 
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10. Discussion 

 

With the results of the analysis and the results of the scripts, a first step was taken 

for adapting parameters of children's speech to the feature extraction method of 

automatic speech recognition systems. 

The analysis was based on fundamental frequency and formants. But knowledge 

about other phonetic and phonologic features like intensity, speaking rate, 

duration of single phones, etc. are important to improve recognition systems for 

girls and boys. 

 

Even as interesting as the voice should be the difference of children’s language to 

those of adult’s. Many linguistic features like vocabulary and syntax must be 

considered when building a children's recogniser system. 

As mentioned before, more details of children’s speech must be considered to 

adapt feature extraction techniques for an ASR system for children. 

The duration of the words or single phonemes were not investigated, but would be 

a very interesting topic in view of ASR.  

Speaker normalisation techniques seem to improve accuracy results for children 

on ASR, therefore this should also be further investigated. 

Another commercially interesting topic is automatic speech recognition of 

children using telephones. Here in particular, children are known to achieve poor 

results.  

 

The analysis of children’s speech showed some interesting aspects, for example 

the high proportion of creaky voice in children’s speech.  

Generally speaking, creaky voice is thought to be associated with speech of the 

elderly. 

There are still some possibilities why these children have creak in their voices. 

Children easily copy voice, and because the sentences were first spoken by an 

adult and then repeated by the infants, they could have copied their voice as well. 

Another possibility, which is even more feasible, is that the children had a tired 

voice because they were recorded in after-school and day-care centres, so they 

used their voice the whole day. 
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The third possibility is that their voice was tired because of the duration of the 

recordings which took at least 20 minutes. 

 

The difference of the recognition rate seems distinctive when acoustical features 

are regarded when building a recogniser. That is, that the best result of 88.4% 

seems to be slightly better than recognisers whose parameters were not adapted to 

them.  

Although the accuracy rate was better when an automatic recognition system was 

adapted to children, results remain worse than adult’s accuracy outcomes. It 

seems obvious that there must be other reasons for those results. 

As explained in section 4., many differences remain in a children’s speech and 

voice. Thus it seems reasonable to analyse more of those differences to build 

recognisers with more adapted parameters. 

A disadvantage of these results is the large amount of data needed for a 16000 

Hertz bandwidth. Also these results are of limited use in view of telephony, of 

course because the telephone bandwidth is 300 to 4000 Hertz. 
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12. Appendices 

Appendix A 

 

The following list of automatic formant measurements of vowels includes 107 

pages in total.  

 

030331    (day of recording) 

sn0001     (subject) 

 

069          (number of sentence) 

ett [
]        (spoken digit with transcription sign) 

Time   F1      F2         F3         F4       (Time when vowel was measured; formants) 

2.27   445.2   1522.97  3489   4431   (Time; formant frequencies)             

 

070 

ett [æ] 

Time   F1        F2         F3        F4 

0.45  700.5    2082.0    3522   4518 

 

074 

fyra [a] 

Time    F1         F2        F3      F4 

1.08    804.7   1780.4   3772   4518 

 

075 

ett [æ] 

Time   F1        F2          F3      F4 

0.47  631.1   2090.63   3556   4548 

tre [e] 

Time   F1       F2          F3      F4 

0.93   466.8   2196.29   3220   3955 
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077 

fyra [�] 

Time   F1         F2     F3     F4 

0.47   654.6   1638  3330  3951 

078 

två[o] 

Time   F1         F2        F3      F4 

0.57   472.93   998.13   3565   3902 

 

sn0002 

 

069 

sju [�] 

Time   F1        F2           F3      F4 

0.37   467.16   2053.12   3075   4203 

två [o] 

Time   F1         F2         F3       F4 

0.70   435.26    735.32   3344   4363 

 

070 

tre [e] 

Time   F1        F2           F3      F4 

0.38   474.17   2819.13   3458   4665 

 

071 

åtta [�] 

Time   F1         F2       F3       F4 

0.41   592.56   1235.9  3524   4743 

åtta [a] 

Time   F1         F2          F3       F4 

0.69   636.78   1985.87   3504   4877 
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 Appendix B 

 

#! /bin/sh 

 

cd ../train 

/bin/rm -rf workdir 

./trainingdata \[4-8\] 

 

cd ../eval 

/bin/rm -rf workdir 

/bin/rm -rf nresults_ 

./testdata \[4-8\] 

 

cd ../train 

/bin/rm config/extfea.cfg 

./train 

 

cd ../eval 

./evaluation ../train/ 

./byIndividual ../train/ 

cd nresults_/mono_8_2/individual 

echo "Individual results in: `pwd`" 

(written by Lena Måhl)  
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Second script, with following parameters: 33 flows in total; 3 different bandwidth  

and 11 numbers of filter-bank. 4000, 8000 and 16000 bandwidth and 20 to 30 

filters in filter-bank. 

 

#! /bin/sh 

 

cd ../train 

./trainingdata \[4-8\] 

cd ../eval 

./testdata \[4-8\] 

cd ../train 

 

for hi in 4000 8000 16000; do 

  for chan in 20 21 22 23 24 25 26 27 28 29 30; do 

    resultDir="freqTest_${hi}_${chan}" 

    cat config/extfea.template > config/extfea.cfg 

    echo "LOFREQ = 0" >>  config/extfea.cfg 

    echo "HIFREQ = $hi" >> config/extfea.cfg 

    echo "NUMCHANS = $chan" >> config/extfea.cfg 

    ./train 

    cd ../eval 

    ./evaluation ../train/ 

    ./byIndividual ../train/ 

    mkdir $resultDir 

    mv nresults_ $resultDir 

    cd ../train 

  done 

done 

(written by Daniel Elenius) 
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Appendix C 

 

The chart displays results of correlation of accuracy and other parameters for all 

children. 

It shows the run for 4000 Hz bandwidth and 20 filters. 

 

1 = female; 2 = male; the children are listed in order of their recordings.  

   age sex accuracy F0 auto F0 labelled av F1 av F2 vowel plane size 

8 1 90  187          211 492 1740 140456 

8 2 90 228 228 545 1830 114400 

8 2 86,67 219 222 556 1865 167790 

4 1 73,33 232 245 596 1858 169536 

6 1 96,67 205 211 510 1893 64881 

6 1 83,33 224 235 526 1803 56202 

6 1 96,67 189 192 493 1910 73914 

8 1 90 204 222 533 1661 106218 

7 1 100 200          208 558 1867 109020 

8 1 73,33 249 260 680 1918 95904 

8 2 86,67 216 216 515 1822 84336 

5 2 63,33 223 235 553 1838 75078 

5 1 73,33 225 233 564 1914 128288 

4 1 93,33 225 227 497 1973 91274 

5 1 90 182 189 547 1841 137764 

6 1 87,1 199 209 626 1592 138600 

7 1 76,67 216 239 609 2185 109340 

       8 1 93,33 187 187 508 1584 84816 

8 1 90 209 210 489 1766 66038 

7 2 86,67 228 228 478 1937 44436 

7 1 73,33 188 201 482 1973 162352 

6 1 73,33 237 262 547 1864 81656 

7 1 83,33 220 226 471 1798 61640 

7 2 96,67 193 198 484 1990 103950 

7 1 83,33 255 259 552 1867 161976 

6 2 76,67 282 286 594 2048 113538 

6 1 93,33 216 217 542 2189 251328 
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7 2 83,33 217 225 554 1707 23765 

        

   age sex accuracy F0 auto F0 labelled av F1 av F2 vowel plane size 

4 1 86,67 211 250 712 1771 176016 

5 2 93,33 228 232 525 1881 295095 

5 1 80 266 266 500 2052 59964 

4 2 50 201 234 484 2017 113820 

5 1 86,67 240 247 636 2257 211508 

5 2 63,33 194 228 566 1963 98304 

5 2 86,67 225 233 604 2082 80497 

5 2 80 207 255 606 2183 306340 

6 2 80 218 240 567 1697 50032 

4 1       63,33 235 249 581 2132 83952 

7 1 86,67 226 224 551 2054 74732 

7 1 93,33 194 201 584 1987 103320 

7 1 93,33 218 218 666 2078 104958 

7 2 96,67 200 203 530 1733 121716 

7 2 93,33 221 224 641 1854 101250 

7 2 90 188 190 596 2012 123606 

6 2 83,33 224 224 545 2114 116883 

7 2 93,33 185 183 439 1818 52960 

6 1 86,67 233 233 565 2064 94470 

8 1 90 207 207 533 1830 158426 

8 2 100 217 217 559 1923 250020 

6 2 83,33 232 239 546 1789 73154 

4 2 66,67 260 260 573 2080 148874 

4 2 60 249 255 516 2038 133536 

4 1 90 212 256 603 1725 335616 

4 1 80 247 249 594 2041 126380 

        

0.50 -0.15  -0.37 -0.55 -0.06 -0.26 0.10 

 

The last row displays correlation results. 
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Appendix D 

 
 
The following charts show the correlation of accuracy and  

- age,  

- sex,  

- F0 (automatically extracted),  

- F0 (of ‘cleaned’ speech material),  

- average of chosen F1 ([i, a, �, e, o]), 

- standard deviation of F1,  

- average of chosen F2 ([i, a, �, e, o]), 

- standard deviation of F2, 

- vowel plane size,  

- F1 min (F1 of phoneme with the lowest F1 = [i ]),  

- F1 max (F1 of phoneme with the highest F1 = [a]),  

- F2 min (F2 of phoneme with the lowest F2 = [o]),  

- F2 max (F2 of phoneme with the highest F2 = [i]), 

- Max-min area (the height and width of the vowel plane). 
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Bandwidth 
4000 age sex 

F0  
auto 

F0  
labelled av F1 

standard 
deviation av F2 

standard 
deviation 

vowel  
plane  
size 

filter 20 0.50 -0.15 -0.37 -0.55 -0.06 0,19 -0.26 -0,22 0.10 

filter 21 0,45 -0,19 -0,32 -0,5 -0,06 0,2 -0,3 -0,14 0,15 

filter 22 0,53 -0,2 -0,36 -0,55 -0,06 0,15 -0,34 -0,24 0,06 

filter 23 0,48 -0,16 -0,37 -0,56 -0,09 0,17 -0,28 -0,19 0,11 

filter 24 0,46 -0,16 -0,39 -0,55 -0,06 0,2 -0,27 -0,24 0,12 

filter 25 0,49 -0,22 -0,39 -0,55 -0,06 0,2 -0,27 -0,24 0,12 

filter 26 0,49 -0,16 -0,35 -0,51 -0,08 0,17 -0,24 -0,22 0,1 

filter 27 0,46 -0,13 -0,37 -0,51 -0,05 0,21 -0,28 -0,24 0,13 

filter 28 0,44 -0,16 -0,38 -0,51 -0,1 0,17 -0,28 -0,19 0,12 

filter 29 0,46 -0,19 -0,38 -0,53 -0,1 0,16 -0,29 -0,22 0,09 

filter 30 0,5 -0,15 -0,39 -0,55 -0,11 0,14 -0,31 -0,25 0,06 

          

Bandwidth 
4000 F1min F1max F2min F2max 

Max-
Min 
Area     

filter 20 -0,18 0,13 -0,12 -0,32 0,11     

filter 21 -0,19 0,15 -0,19 -0,26 0,15     

filter 22 -0,14 0,11 -0,1 -0,35 0,06     

filter 23 -0,19 0,12 -0,13 -0,29 0,12     

filter 24 -0,23 0,15 -0,05 -0,32 0,13     

filter 25 -0,23 0,15 -0,05 -0,32 0,13     

filter 26 -0,2 0,12 -0,09 -0,29 0,12     

filter 27 -0,21 0,16 -0,07 -0,32 0,14     

filter 28 -0,25 0,12 -0,05 -0,28 0,14     

filter 29 -0,23 0,11 -0,05 -0,31 0,1     

filter 30 -0,22 0,08 -0,1 -0,34 0,07     
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bandwidth 
8000 age sex F0 auto 

F0 
labelled av F1 

standard 
deviation av F2 

standard 
deviation 

vowel 
plane 
size 

filter 20 0,49 -0,15 -0,16 -0,37 -0,02 0,09 -0,3 -0,27 -0,01 

filter 21 0,53 -0,15 -0,3 -0,49 -0,04 0,11 -0,37 -0,25 0 

filter 22 0,47 -0,18 -0,29 -0,47 -0,01 0,1 -0,36 -0,22 0,02 

filter 23 0,51 -0,18 -0,3 -0,47 0 0,08 -0,37 -0,23 -0,01 

filter 24 0,54 -0,19 -0,32 -0,51 -0,05 0,12 -0,32 -0,26 0,02 

filter 25 0,56 -0,13 -0,3 -0,5 -0,04 0,12 -0,35 -0,25 0,02 

filter 26 0,55 -0,12 -0,33 -0,52 -0,05 0,1 -0,36 -0,25 0 

filter 27 0,54 -0,16 -0,31 -0,51 -0,05 0,09 -0,34 -0,27 -0,01 

filter 28 0,52 -0,17 -0,33 -0,5 -0,02 0,1 -0,33 -0,26 0 

filter 29 0,58 -0,13 -0,23 -0,42 -0,02 0,14 -0,32 -0,29 0,03 

filter 30 0,58 -0,15 -0,31 -0,47 -0,06 0,12 -0,33 -0,23 0,04 

          

bandwidth 
8000 F1min F1max F2min F2max 

Max-
Min 
Area     

filter 20 -0,1 0,08 -0,02 -0,37       

filter 21 -0,15 0,07 -0,15 -0,34 0,02     

filter 22 -0,11 0,07 -0,11 -0,32 0,01     

filter 23 -0,07 0,07 -0,1 -0,34 -0,01     

filter 24 -0,12 0,1 -0,08 -0,34 0,03     

filter 25 -0,11 0,1 -0,1 -0,33 0,03     

filter 26 -0,08 0,08 -0,11 -0,34 0     

filter 27 -0,09 0,08 -0,07 -0,35 0     

filter 28 -0,09 0,08 -0,07 -0,35 0     

filter 29 -0,09 0,13 -0,04 -0,37 0,03     

filter 30 -0,15 0,09 0,09 -0,36 0,04     
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bandwidth 
16000 age sex F0 auto 

F0 
labelled av F1 

standard 
deviation av F2 

standard 
deviation 

vowel 
plane 
size 

filter 20 0,56 -0,08 -0,29 -0,44 -0,07 0,09 -0,3 -0,22 0,01 

filter 21 0,56 -0,1 -0,23 -0,4 -0,08 0,1 -0,3 -0,24 0,02 

filter 22 0,55 -0,11 -0,21 -0,42 -0,07 0,11 -0,29 -0,25 0,03 

filter 23 0,54 -0,11 -0,22 -0,41 -0,07 0,13 -0,31 -0,22 0,06 

filter 24 0,53 -0,13 -0,2 -0,4 -0,4 0,13 -0,3 -0,24 0,05 

filter 25 0,49 -0,21 -0,22 -0,42 -0,04 0,14 -0,29 -0,21 0,07 

filter 26 0,48 -0,12 -0,25 -0,45 -0,07 0,07 -0,22 -0,16 0,01 

filter 27 0,58 -0,12 -0,29 -0,49 -0,14 0,11 -0,32 -0,18 0,06 

filter 28 0,53 -0,12 -0,3 -0,5 -0,14 0,09 -0,24 -0,13 0,05 

filter 29 0,57 -0,17 -0,3 -0,5 -0,21 0,05 -0,31 -0,2 -0,02 

filter 30 0,49 -0,16 -0,24 -0,41 -0,12 0,1 -0,27 -0,15 0,06 

          

bandwidth 
16000 F1min F1max F2min F2max 

Max-
Min 
Area     

filter 20 -0,12 0,06 -0,12 -0,32 0,02     

filter 21 -0,19 0,06 -0,08 -0,34 0,04     

filter 22 -0,18 0,08 -0,07 -0,33 0,05     

filter 23 -0,19 0,1 -0,09 -0,32 0,08     

filter 24 -0,21 0,09 -0,08 -0,32 0,07     

filter 25 -0,17 -0,17 -0,05 -0,27 0,08     

filter 26 -0,1 0,03 -0,07 -0,23 0,01     

filter 27 -0,21 0,06 -0,07 -0,29 0,07     

filter 28 -0,19 0,03 -0,06 -0,22 0,05     

filter 29 -0,22 -0,02 -0,12 -0,29 0     

filter 30 -0,21 0,05 -0,07 -0,24 0,06     
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Appendix E 

 

In dieser Magisterarbeit wurde der Zusammenhang zwischen der Erkennungsrate 

von automatischen Spracherkennungssystemen und den akustischen Merkmalen 

von Kinderstimmen untersucht.  

Sie wurde im Rahmen des EU- Projektes PF-Star angefertigt, bei dem sieben 

verschiedene Institute aus Europa teilnahmen. Eines davon ist das an die 

Königlich Technische Hochschule angegliederte Institut für Sprache, Musik und 

Hören (TMH) in Stockholm in dem die Untersuchungen für diese Arbeit erstellt 

wurden. 

Um akustische Merkmale von Kindern zu erhalten wurden mehr als 200 

schwedischsprachige Jungen und Mädchen im Alter von drei bis neun Jahren in 

Stockholm aufgenommen. Davon wurden 150 Kinder von der Autorin auf deren 

Grundfrequenz (F0) und Formanten untersucht.  

 

Die automatisch von der Sprachanalysesoftware (in diesem Fall WaveSurfer) 

extrahierten F0 Werte können aber fehlerhaft sein, falls die Stimme 

Laryngalisation (‚creaky voice’) aufweist, geflüstert ist oder die automatische 

Extraktion auch die Hintergrundgeräusche (also Geräusche, die nicht von dem 

Probanden produziert sind) mit in die Berechnung einbezieht.  

Da man die F0 anhand der Schwingungen der Stimmlippen berechnet, werden nur 

diese Teile in die Berechnung einbezogen. Die geflüsterten Stellen sind zum Teil 

stimmlos, wodurch die Ergebnisse falsch sein können. 

Bei der Laryngalisation schwingen die Stimmlippen unregelmäßig, dadurch wird 

manchmal die F0 von der Analysesoftware zum Beispiel tiefer berechnet als sie 

tatsächlich ist.   

Die Stellen, die als stimmlos markiert wurden, beinhalten unter anderem Stimmen 

anderer Personen, sonstiger Hintergrundgeräusche, stimmlose Teile der Sprache 

oder gar keine Auslenkungen des Zeitsignals. 

Dadurch hat die Autorin das Signal ‚gesäubert’, das heißt, es wurden diejenigen 

Stellen des Signals markiert, die von der Analysesoftware nicht berechnet wurden. 

Die Markierungen wurden ‚Labels’ genannt. 
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So wurden zwei verschiedene F0 Werte ermittelt, einmal wie sie von WaveSurfer 

extrahiert wurde und einmal diejenige, wie sie nach dem Labeln errechnet wurde. 

Nun wurden die Formanten der Kinder mit den Analysesoftwares WaveSurfer und 

Praat berechnet. Die Werte wurden von der Autorin anschließend überprüft. 

 

Die Bandbreiten einer Mel-Skala Filterbank wurden diesen Werten der Kinder 

angepasst. Nachdem die Merkmalsextraktion den akustischen Werten der Kinder 

angepasst wurde, sank die Fehlerrate leicht.  

 

Des weiteren wurden Korrelationen erstellt zwischen der Erkennungsrate und 

Merkmalen wie Alter und Geschlecht sowie verschiedenen akustischen 

Merkmalen wie der F0, der gesäuberten F0, den Durchschnitten der 1. und 2.  

Formanten, der gemessenen Vokalformantenvierecksgröße. Dabei korrelierten  

die Merkmale Alter (positive Korrelation) und gesäuberte F0 (negative 

Korrelation) am höchsten mit der Erkennungsrate des ASE Systems. 

 

Trotz dieser Versuche und auch erfolgreicheren Versuchen durch die 

mathematische Anpassung des Vokaltrakts von Kindern an die von Erwachsenen 

gibt es immer noch einen Unterschied zwischen der Erkennungsrate von Kindern 

und männlichen Erwachsenen, der weiterer Forschung bedarf. 

 

 

 

 


