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The present edition of PERILUS contains papers given at the Fifth 
National Phonetics Conference held in Stockholm in May 1991. The Con
ference covered a wide range of experimental phonetic problem areas 
currently explored by Swedish project groups and individual research 
workers. 

The written contributions presented here are generally brief status re
ports from ongoing projects. Full reports will be or have been published 
elsewhere. It is our hope that the present volume will serve as a handy. 
up to date reference manual of current Swedish work in experimental 
phonetics. 

The contributions appear in roughly the same order as they were given 
at the Conference. 

Olle Engstrand 
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Initial consonants and phonation types in 
Shanghai 

Jan-O/of Svantesson, Dept. of Linguistics, Lund University 

A question of great interest in the phonology of Shanghai and other Wu dialects of 
Chinese is how to analyse the complicated interaction between initial consonants, 
phonation types and tones. The phonetic facts allow several different phonemic 
solutions, depending on which features are chosen to be distinctive, and which are 
regarded as redundant (cf. Chao 1934, Sherard 1980). Here I will report on a 
preliminary phonetic investigation of the initial consonants and phonation types in 
Shanghai, which I hope can shed some light on this question. 

1 Phonation types 
There are two phonation types in Shanghai, for which I will use the traditional 
Chinese terms 'muddy' (denoted with LD and 'clear' . Chao 1934 identifies 
muddiness in Wu dialects (not specifically Shanghai) as breathy phonation and 
says that muddy syllables have "one homogeneous breathy vowel" (cited from 
1957:42). 

Oscillograms of Shanghai syllables show, however, that muddy vowels 
typically have two distinct phases, where the first phase has a lower amplitude 
than the second, and also seems to have more irregular periods. In contrast, clear 
vowels start more abruptly and have a high amplitude from the beginning (see 
Figures 1-6, showing words 
in the sentence frame given 
below). Thus, muddiness in 
Shanghai is characterised by a 

special phonation in the first 
part of the vowel. Cao & 
Maddieson 1989 present evi
dence showing that the first 
part of the vowel in a muddy 
syllable has breathy phonation 
in different Wu dialects. 

2 To ne s 
The phonetic facts about 
Shanghai lexical tones on 
monosyllables are uncontro
versial, although the analysis 
varies. Muddy syllables al
ways have a low rising tone 
(or low level if they end in a 
glottal stop). Clear syllables 
have a high tone if they end in 

Figure 1. Oscillogram and intensity curve for pa. 

Figure 2. Oscillogram and intensity curve for pa 
("ba" ). 
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a glottal stop; otherwise, they either have a high even tone (") or a falling (') tone. 
Since the phonation types can be predicted from the tones, they are often 

regarded as redundant phonetic details, or disregarded altogether. To do so is 
unfortunate, since it obscures the relation between phonation and initial consonant 
type, and also conceals a perceptually salient feature of the Wu dialects. 

3 Initial cons onants and phonation types 
Historically, clear and muddy phonation has developed from voiceless and voiced 
initial consonants. According to PuUeyblank 1984, this had taken place already at 
the 'Late Middle Chinese' stage (seventh century A.D.). Similar developments 
have occurred in many Mon-Khmer languages in Southeast Asia. 

According to the standard description of Shanghai and other Wu dialects (e.g. 
Jiiingsu 1960, Sherard 1980), the old voiced obstruents are retained, so that there 
are three series of initial stops and affricates, voiceless unaspirated (p, t, k, ts, t(;), 
voiceless aspirated (ph, th, fh, tsh, t(;h) and voiced (b, d, g, d�), and two series of 
fricatives, voiceless if, s, (;, h) and voiced (v, Z, �, fi). 

Voiced obstruents occur only in muddy syllables, and voiceless obstruents only 
in clear syllables. Initial sonorants (m, n, fl, 1), /, w, j) occur with both phonations. 
In clear syllables they are glottalised, often starting with a silent closure phase (cf. 
Fig. 5) 

4 Voiced obs truents ? 
This standard description has been doubted, however. The fact that "voiced" 
obstruents are voiceless in some Wu dialects has been observed by e.g. Zhao 
1928, Yuan et al. 1960:61 and Cao 1987. None of these authors deal specifically 
with Shanghai, and Sherard 1980:34 says that the standard description is correct 
for Shanghai, where "voiced" 
obstruents "are always fully 
voiced in any environment". 

This is contradicted by my 
data, however. In almost all 
my recordings, "voiced" 
obstruents are pronounced 
without voicing. This can be 
heard clearly, and seen on 
oscillograms such as Fig. 2. 
Thus the "voiced" stops are Figure 3. Oscillogram and intensity curve for -so. 
voiceless unaspirated. Similar-
ly, the "voiced" fricatives are 
voiceless. "Voiced" obstru
ents, and even originally 
voiceless ones, are often 
voiced in intervocalic position 
in unstressed syllables, just as 
the voiceless unaspirated stops ms 

of Standard Chinese. 
Figure 4. Oscillogram and intensity curve for sg 
("zo"). 



Table 1. Duration of Shanghai obstruents. The mean value (in ms) of the 
duration of obstruents in clear and muddy syllables is shown for each speaker. 
The results of t-tests of the difference between the durations in these two 
environments are also shown. 

SpeakerL Speaker F Speaker S SpeakerD 
Cl. Mu. test Cl. Mu. test Cl. Mu. test Cl. Mu. test 

ms n ms n ms n ms n ms n ms n ms n ms n 

p 216 2 149 2 n.s. 116 2 84 2 n.s. 124 2 94 2 n.s. 148 2 126 1 n.s. 
t 190 43 154 26 .001 13640 78 29 .00 141 41 110 25 .00 170 37 137 25 .001 
k 160 2 133 1 n.s. 102 4 58 2 .05 111 5 77 1 .05 132 5 130 1 n.s. 
f 216 2 248 2 n.s. 135 2 78 2 .01 188 2 116 2 .05 �50 2 192 2 n.s. 
s 197 4 162 7 .01 169 4122 8 .01 172 4 153 7 n.s. �37 4 198 8 n.s. 
�202 2 177 2 n.s 142 2106 2 .05 179 2 136 3 .05 194 2 182 3 .05 
h 182 2 154 2 n.s. 156 2 85 2 .01 172 2 85 1 n.s. �12 2 125 2 n.s. 

5 Cons onant d uration 
Although the old voiced obstruents have become voiceless in Shanghai, there is 
still a small phonetic difference of the lenis/fortis type between them and the 
originally voiceless ones. One phonetic correlate of this, perhaps the most 
important one, is duration. 

The duration of the obstruents was measured from oscillograms of recordings 
made by three male Shanghai speakers, L (42 years), F (44) and S (16), and one 
female speaker, D (19). A number of words embedded in a carrier sentence 
i!1'*-3<*::ffm ts:)? leu si _ 't�'kue jrjQI) 'The character _ is very 
useful', were read by each informant, and the duration of the closure phases of 
stops and the total duration of 
fricatives were measured from 
oscillograms. Since the word
list was designed for another 
purpose, the number of 
words illustrating the various 
obstruents differs consider
ably. 

The results of these measu
rements are shown in Table 1. 
The duration is greater in clear 
than in muddy syllables in all 
cases except [f] for Speaker 
L. Since the number of tokens 
is small in most cases, and the 
variation is fairly large, the 
difference is often not 
statistically significant, how
ever. For [t], where the 
number of tokens is larger, 
the differences are highly 

m. 

Figure 5. Oscillogram and intensity curve for 'rna. 

100 200 300 400 500 rna 

Figure 6. Oscillogram and intensity curve for mg. 
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significant (p<0.OO1) for all four speakers. The differences are largest for Speaker 
F. For this speaker, the duration of muddy obstruents is, on the average, only 
63% of the duration of clear obstruents (for Speakers L, S and D, this percentage 
is 83, 82 and 87, respectively), and all differences, except for [p], are statistically 
significant for him. 

6 Con clus ion 
There are no voiced obstruents in  Shanghai, at least not in words in  a focussed 
position in a sentence. Although the Old Chinese voiced obstruents are no longer 
voiced in Shanghai, they differ from the originally voiceless ones by having 
shorter duration. The clear/muddy contrast is a basic syllable prosody realised 
both as a phonation difference in the rhyme and as a difference in the initial conso
nant, clear obstruents being longer than muddy ones, and clear sonorants being 
glottalised. Tone is also part of the realisation of this prosody, clear tones starting 
high and muddy tones starting low. Only clear syllables not ending in a glottal 
stop have a tone contrast (high vs. falling). Tone thus plays a relatively minor role 
in Shanghai compared to other Chinese dialects. 

Clear Muddy 
phonation: normal breathy 
initial consonant: long obstruent short obstruent 

glottalised sonorant plain sonorant 
tone: syll. with final -'1 high low 

other syllables high or falling low rising 
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Acoustic Features of Creaky and Breathy 
Voice in Udehe 

Galina Radchenko, Lund University 

1 Introduction 

This paper discusses a phonetic realization of breathy and creaky phonation types 

in Udehe. Udehe belongs to Tungus-Manchu language group. Today the Udehe 

people live in the Far East in Khabarovski and Primorski regions of the USSR. 

According to the 1979 All-Union population census, 1600 people claimed to be 

Udehe, 31 % of them considered Udehe to be their native language, but this 

percentage must be much lower now. Udehe grammar and lexicon were described 

by the Soviet linguists [5], [6]. As for Udehe phonetics, the data presented in this 

paper are to our knowledge the fIrst of its kind. 

2 Material and Method 

The recordings of a male and a female speakers of Udehe were made at 

Novosibirsk University and in their native village in Primorski region. 

The spectra were taken at one third and two-thirds of the vowel duration and the 

mean values of the fIrst three formants of creaky and its breathy and modal 

counterparts were measured. Mac Speech Lab program was used for this purpose. 

The power spectra of the vowels were obtained and the relative amplitude of the 

fundamental and the second harmonic were measured. The ILS program using 

FFT method was applied. It was shown by some authors that in a breathy voice 

there is more energy in the fundamental and less in the higher harmonics, whereas 

in a vowel pronounced with a more constricted glottis the reverse is true[1]. 

Phonation types were analyzed by method calculating a noise-to-signal ratio, 

which indicates the depth of valleys between harmonic peaks in the power 

spectrum in the spectral region between the 1st and 16th harmonics. The spectrum 

is calculated pitch synchronously from a Fourier transform of the signal, through a 

continuously variable Hanning window spanning four fundamental periods[4]. 

The long-time average spectrum based on FFT method was used for analysing 

phonation types of Udehe. The ratio of energy between 0-1 and 1-5 kHz provides 

a measure of the overall tilt of the source spectrum. The energy in the higher 

frequency bands is calculated as a fraction of energy in the O-to I-kHz band[2]. 

5 
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3 Results 

3.1 Duration. 

The data show that the creaky and breathy vowels are longer than the modal ones. 

This difference may be associated with the differences in the contexts: creaky and 

breathy vowels are mainly met in the last open syllables, vowels in this position 

are regularly accompanied by greater duration. t-test shows that the length 

difference between creaky and modal phonation types is significant. 

Table 1 

Mean duration of creaky, breathy and modal vowels 

creaky /a! 

x 584.8 

SD 58.89 

t 7.37 

3 .2 Formant frequencies 

breathy /a! 

444 

121 

1.50 

modal/a! 

358.8 

37.9 

In breathy vowels high formant frequencies tend to be less visible than those of 

creaky and modal vowels. The amplitude of the first formant is higher in both 

creaky and breathy vowels indicating auditorily more open vowels. 

Table 2 

Mean Formant Frequences (Hz) 

F 1  F 2  

at 1/3 at 2/3 at 1/3 at 2/3 

duration duration duration duration 

modal /a! 854 711 1609 1367 

breathy /a! 934 1037 1396 1512 

creaky /a! 811 922 1506 1400 

Vowels with creaky voice are marked by jitter.The vertical striations (i.e. glottal 

pulses) occur at irregularly spaced intervals. The bandwidth of each formant is 

somewhat less in the vowels with creaky voice. 



3.3 Distribution of Spectral Energy 

Table 3 

Relative Amplitude of FO in Relation to H2 (dB) 

creaky fa! 
modal fa! 
breathy fa! 

onset 

x 
- 12,0 
- 6,0 

-12,0 

middle 

x 

-11,7 
-5,8 

-9,0 

offset 

x SD 
-11,0 3.95 

-5,0 2.53 

3,8 1.94 

The value for creaky and breathy voice is less than that for modal voice except the 

offset of vowel. It contradicts the results of the research of breathy vowels in some 

other languages, in which the value for breathy voice is higher [1]. In Udehe 

vowels breathy part makes up 40 % of vowel length. 

3.4 A pitch -synchronous analysis (noise-to-signal NIS ratio) 

Figures 1 -3 show that creaky voice has higher NfS ratio. It may be explained by 

the modulation effect of source perturbation in higher harmonics in creaky 

voice.The low NfS ratio for breathy voice may be explained by a low level of 

noise in Udehe breathy vowels pronounced with moderate breathing. 
_ modal 

-10 

-30+--..---.-----......---. 
160 180 200 220 :lAO 

Fundamental Frequoncy (liz) 

Fig. 1. NfS ratio for Udehe 8 tokens 

of modal vowel fa!, a female voice 
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Fig. 2. NfS ratio for U dehe 9 tokens 

of creaky vowel fa!, a female voice 
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3.5 Long-Time Average Spectrum 

13 
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Fig. 4. Long-time average spectrum 

of modal /a!, a female subject. Ratio 

of energy 0-1/1-5 kHz: 0,512 

Breathy voice has higher ratio of energy between 0-1 and I-5 kHz. Mean values 

for breathy - 416,4, modal - 356,7, creaky - 298,8. It indicates that in breathy 

voice the fundamental and the lower harmonics dominate the spectrum. Creaky 

voice has low value of this ratio which shows that the source spectrum has a lower 

spectral tilt. Breathy voice has higher energy between 5 and 8 kHz than modal and 

creaky. High level of energy at these frequencies can be associated with noise. 
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of energy 0-1/1-5 kHz: 0,236 
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Discussion 

The voicing in breathy vowels is acoustically different from pure voicing in that 

the higher harmonics tend to be weaker than those of pure voicing. The origin of 

this difference is the absence of a complete glottal closure in breathy voicing. Data 

discussed in this paper show that Udehe breathy and creaky voice differ in the 

degree of glottal constriction. Breathy voice is characterized by moderate 

breathing. 

A preliminary phonological analysis has shown that complexes pronounced with 

breathy and creaky voice are in a complimentary distribution. These variables in 

phonation types seem to be not significant for a speaker. Breathy phonation is 

typical for non-final intervocalic complexes, whereas more "stiff' creaky voicing 

is met in the final complexes of the words. 
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Voice quality variations for female speech 
synthesis 

Inger Karlsson, Department of Speech Communication and Music 
Acoustics, KTH, Box 70014, S-100 44 Stockholm, Sweden 

1 Introduction 

The voice source is an important factor in the production of different voice qual
ities. These voice qualities are used in normal speech both to signal prosodic 
features, such as stress, phrase boundary, and to produce different voices, for ex
ample authoritative or submissive voices. In the present study voice source varia
tions in normal speech by female speakers have been investigated. Rather than 
asking the same speaker to produce different qualities, speakers with different 
voice types were used. The voice qualities were judged by a speech therapist, 
(Karlsson 1988). So far only read speech have been investigated as the inverse 
filtering technique requires that the speech signal is recorded under strict condi
tions. The speech signal was inverse filtered using an interactive computer pro
gram and the inverse filtered voice source was described using the same para
meters as is used in our synthesizer. The relevance of the resulting description 
was tested using our new speech synthesis system. 

2 The synthetic voice source 

A recent implementation of a more realistic voice source in the KTH text-to
speech system, an expansion of the LF model, (Fant, Liljencrants & Lin 1985), 
have made it possible to synthesize different voices and voice qualities. The new 
version of the KTH synthesizer, called GLOVE, is described in Carlson, 
Granstrom & Karlsson (1990). In the LF-model the voice source pulse is defined 
by four parameters plus FO. For the synthesis the parameters RK, RG, FA and 
EE are chosen for the description. RK corresponds to the quotient between the 
time from peak flow to excitation and the time from zero to peak flow. RG is the 
time of the glottal cycle divided by twice the time from zero to peak flow. RG 
and RK are expressed in percent. EE is the excitation strength in dB and FA the 
frequency above which an extra -6dB/octave is added to the spectral tilt. RG and 
RK influence the amplitudes of the two to three lowest harmonics, FA the high 
frequency content of the spectrum and EE the overall intensity. Furthermore, an 
additional parameter, NA, has been introduced to control the mixing of noise 
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into the voice source. The noise is added according to the glottal opening and is 
thus pitch synchronous. 

Another vocal source parameter of a slightly different function is the DI para
meter with which creak, laryngalization or diplophonia can be simulated. We 
have adopted a strategy discussed in the paper by Klatt & Klatt (1990), where 
every second pulse is lowered in amplitude and shifted in time. The spectral 
properties of the new voice source and the possibility of dynamic variations of 
these parameters are being used to model different voice qualities. 

3 The natural voice source 

In an earlier paper (Karlsson 1988) a preliminary study of the voice source in 
different voice qualities have been reported. In that paper only average voice 
source parameter values for vowels for each speaker were discussed. These 
values give some of the differences between different voice qualities but not the 
complete picture. The dynamic variations of the voice source parameters need to 
be studied as well. Further investigations have been made of the same speakers 
concerning the dynamic variations of the voice source. The voice source para
meters were obtained by inverse filtering of the speech wave. A subsequent fitt
ing of the LF-model to the inverse filtered wave gave a parametric description of 
the voice source variations. 

Some of the voice qualities identified in the earlier study have been investigated 
further. These qualities are the non-sonorant - sonorant - strained variation and 
the breathy - non-breathy opposition. The resulting descriptions of voice source 
behaviour for the different voice qualities have been tested using the GLOVE 
synthesizer and were found to be of perceptual relevance. 

3.1 Voice quality: Sonorant - non-sonorant 

In the earlier study a difference in FA was remarked upon, the more sonorant 
voice quality showing higher FA values in the examined vowels. Further studies 
of whole sentences have shown that a less sonorant voice uses a smaller range of 
FA-values, see Karlsson 1990. Accordingly, a non-sonorant voice quality im
plies that the FA values are lower than for a sonorant voice in vowels, especially 
more open vowels, while FA for consonants is more equal for the two voice 
qualities. FA for consonants is normally quite low, about 2*FO or lower, and 
here only smaller differences between the two voice qualities can be detected. In 
Figure 1 FA variations for a non-sonorant and a sonorant voice are shown. 

3.2 Voice quality: Strained 

A more tight and strained voice quality is characterized by a considerably higher 
RG and a lower RK for all speech segments compared to a normal, sonorant 
voice quality. The voice source at phrase boundaries is creaky and FA is often 
fairly high. In the synthesis of this voice quality, the DI parameter is used. 
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Figure 1. FA for a sonorant and a non-sonorant voice. The largest absolute 
differences are found for the long [0] and [.0']. 

3.3 Voice quality: Breathy - non-breathy 

In inverse filtering and model fitting the model parameters tend to include the 
noise excitation since the inverse filter time window is one fundamental period. 
Accordingly, in a spectral section, no harmonics are visible and it is impossible 
to separate voice and noise excitation. This implies that often a breathy segment 
will give quite high FA values contrary to what should be the case according to 
theory. To avoid this type of error, spectrograms of the utterances were studied 
and when a joint voice and noise excitation could be suspected the voice pulses 
were studied closely. The noise excitation showed up using partial inverse fil
tering: all formants except one were damped out, and the excitation pattern of the 
remaining formant was studied. In Figure 2 an example of measured FA and F2 
variations for a breathy and a non-breathy voice is shown. As can be seen, FA 
shows quite high values during the transitions from consonant to vowel for the 
breathy voice while higher FA values are found in the vowels for the less breathy 
voice. On closer examinations the high FA values during the transitional seg
ments for the breathy voice turned out to be due to high noise content. The dis
tribution pattern for noise excitation in the breathy voice in Figure 2 seems to be 
regular for voices perceived as breathy, that is noise excitation is found to be 
stronger in certain positions, typically in consonants and transitions between 
vowel and consonant, and often also occur at the end of a phrase. 

4 Conclusion 

The voice source variations with voice quality that are discussed in this paper 
were tested using our new synthesizer, GLOVE. They were found to be of per
ceptual relevance. The different voice qualities synthesized using the new KTH 
text-to-speech system will be demonstrated at the meeting. 

13 



14 

N 
I 3000 
c 

.-+ 
� 2000 
u. 
"0 c 
ro 1000 
0' 
'-'" 

<!: 

BREATHY VOICE 

-- - -- . -- - --- -

: j a 
: -ff: 

, 

, 

, 

, 

a 

NON-BREATHY VOICE 

u. 0 ������������������������ 
0.0 0.2 0.4 0.6 0.8 0.0 0.2 0.4 0.6 0.8 

time in seconds time in seconds 

Figure 2. FA (0) and F2 (+) for a breathy and a non-breathy voice. For the non
breathy voice the highest FA values are found in the vowels, while for the 
breathy voice the highest FA values are found during the transitions from conso
nant to vowel. F2 is included in the figure to facilitate identification of segment 
type. 
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Effects of inventory size on the distribution 
of vowels in the formant space: preliminary 

data from seven languages 

Olle Engstrand and Diana Krull 

Institute of Linguistics, Stockholm University 

Introduction 

The general purpose of this study in progress is to collect vowel formant 
data from a set of languages with vowel inventories of different size, and to 
assess possible effects of inventory size on the distribution of the vowels in the 
formant space. Segment inventories can be elaborated in two principally differ
ent ways. Additional elements can be introduced along basic dimensions. The 
number of contrasts along the high-low dimension can be increased, for 
example, as illustrated by a comparison between Spanish and Italian (three vs. 
four degrees of opening). When a given dimension is saturated, however, an 
additional solution is to recruit new phonetic dimensions. The Swedish and 
Hungarian vowel systems, for example, all have a contrast between front 
unrounded and rounded vowels in addition to four degrees of opening. This 
way of elaborating inventories seems to be an efficient way to preserve phonetic 
contrast, both from an articulatory and a perceptual point of view (Uljencrants 
and Undblom, 1972; Undblom, 1986). However, a further possible way of 
enhancing phonetic contrast in large systems would be by means of a global 
expansion of the articulatory-acoustic space. Large inventories would then 
exhibit more extreme point vowels than small inventories, and the distances 
between the intermediate elements of the inventory would be spaced apart 
correspondingly. The particular purpose of this paper is to present some 
preliminary data relevant to this latter possibility which, to our knowledge, has 
not been experimentally explored so far. 
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Method 

The present analysis is based on comparable recordings of one male native 
speaker of each of the following languages (number of vowel phonemes in 
parentheses): Japanese (5), Argentinian Spanish (5), Swahili (5), Bulgarian (6), 
Romanian (7), Hungarian (9), and Swedish (17). The speech samples were 
drawn from a multilingual speech data base described in Engstrand and 
Cunningham-Andersson (1988). These languages, except Swahili and Swedish, 
also appear in the UClA Phonological Segment Inventory Data Base, UPSID 
(Maddieson, 1984; Maddieson and Precoda, 1989); inventory sizes for the 
UPSID languages are according to Maddieson's analysis. For Swahili, see, e.g., 
Polome (1967); our analysis of Swedish is analogous to UPSID's analysis of 
Norwegian. 

Formant frequencies and fundamental frequency (FO) were measured using 
the MacSpeechlab II system. Fl, F2 and F3 were measured using wide band 
(300 Hz) spectrograms in combination with LPC spectra. Measurement points 
were identified at relatively steady intervals, usually about half way through 
the vowel segment. Measured formant frequencies were converted into critical 
band rates in Bark (Traunmiiller, 1990). Center of gravity and Euclidean 
distances in the 3-dimensional formant space (Krull, 1990) were calculated for 
each language. The following distances were calculated: a) from the point 
vowels Ii a a u/ to the center of gravity, and b) between all vowels. 

Results 

Figure 1 shows the distribution of the point vowels Ii a a u/ in the F1-F2' 
space. (F2', essentially F2 corrected for higher formants, is used to make the 
figure clearer, but statistical calculations are based on F1, F2 and F3). As can 
be seen, the between-language variability is quite limited. This observation can 
be formulated quantitatively in the following way: We define "the extension of 
the vowel space" as the mean distance of the point vowels from the center of 
gravity in the F1/F2/F3 plane. Then, a linear regression analysis between 
inventory size and extension of the vowel space shows no significant correla
tion. Thus, these data do not corroborate the hypothesis that the extension of 
the vowel space will change as a function of inventory size. In consequence, 
distances between vowels in the space decrease as a function of increasing 
inventory size, i.e., the acoustic vowel space becomes more crowded. A linear 
regression analysis of the mean distance between vowels as a function of 
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Fig. 1. Distribution of the point vowels Ii a a u/ in the F1-F2' space. Each 
value represents the mean of several samples. 
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inventory size gives a correlation coefficient of r = -0.89 (p < .05). This effect is 
mainly due to rounding in the high front region in Hungarian and Swedish. 

Conclusions 

Clearly, these data are very preliminary. Before we can draw any firm 
conclusions, several speakers of each language need to be analyzed and nor
malized for individual vocal tract differences, and more languages should be 
included, particularly three-vowel systems. With these reservations in mind, 
however, our result is fairly straightforward so far: we have not found evidence 
that large inventories exhibit more extreme point vowels than small inventories. 
This leaves open the possibility that elaboration of vowel inventories is achieved 
by means of two distinct operations exclusively: to add elements along basic 
phonetic dimensions, and to recruit new dimensions. 
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It has been claimed (Bolinger & Sears 1981; Swadesh 1971) that closed-class 
morphemes contain more than their share of "simple" segments. That is, closed-class 
morphemes tend to underexploit the phonetic possibilities available in the segment 
inventories of languages. To investigate this claim, the consonants used in pronoun 
paradigms from 32 typologically diverse languages were collected and compared to the 
full consonant inventories of these 32 languages. Articulatory simplicity/complexity 
ratings were obtained using an independently developed quantified scale, the 
motivation for which is grounded in the biomechanics of speech movements and their 
spatio-temporal control. Statistical analyses then determined that, given the 
distribution of consonant types in the language inventories in terms of articulatory 
complexity, pronoun paradigms exhibit a significant bias towards articulatorily 
"simple" consonants. An explanation accounting for this bias is proposed in terms of 
universal phonetic principles. 

The Size Principle 

Lindblom and Maddieson (1988: L&M hereafter) observed a relationship 
between the size of the phonemic inventory of a language and the phonetic content of 
that inventory. They found that small phonemic inventories contain mostly 
articulatorily elementary, "simple" segments, while "complex" segments tend to occur 
only in large inventories. Their metric of simplicty was arrived at by assigning 
segments to one of three categories: Basic, Elaborated, and Complex according to a 
criterion of "articulatory elaboration". Basic segments have no elaborations, 
elaborated segments have one elaboration, and, complex segments have two or more 
elaborations. For example, a plain stop would be Basic, an aspirated stop 
Elaborated, and a palatalized, aspirated stop Complex. The robust linear relationship 
between the number of Basic, Elaborated and Complex segments on the one hand 
and the size of the inventory on the other, led L&M to propose the Size Principle 
which says that paradigm size influences phonetic content in a lawful manner. 

The Size Principle is explained in terms of two conflicting universal phonetic 
constraints: the perceptual needs of the listener and a trend towards articulatory 
simplification. L&M argue that a large system crowds the articulatory space, 
hampering the perceiver's ability to discriminate among the consonants. However, a 
crowded system can increase distinctiveness among consonants by selecting the 
perceptually salient, articulatorily complex segments. Conversely, in small 
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paradigms, needs for constrast are smaller and articulatory simplification should 
become more evident. 

Pronouns 

The robustness of the relationship between paradigm size and phonetic content 
in L&M inspired the present search for applications of the Size Principle which extend 
beyond segment inventories to lexical categories. The Size Principle would predict 
that the phonetic content of words belonging to small paradigms would be in some 
way "simpler" than the phonetic content of words belonging to large paradigms. The 
investigation required a linguistic category for which paradigm size was an important 
and salient feature and whose phonetic content could be listed. The distinction 
between content words and function words, or open class and closed class 
morphemes, involves a difference in paradigm size. Gleitman (1984:559) points out 
that, "It has been known for some time that there are lexical categories that admit new 
members freely, i.e. new verbs, nouns, and adjectives are being created by language 
users every day (hence "open class"). Other lexical categories change their 
membership only very slowly over historical time (hence "closed class"). The closed 
class includes the "little" words and affixes, the conjunctions, prepositions, 
inflectional and derivational suffixes, relativizers, and verbal auxiliaries." Because 
there are thousands more content words than function words, a strong version of the 
Size Principle would predict that function words would not make use of complex 
segments, even when these segments are available in the language and used in the 
content words. 

This study focuses on pronouns as representative of closed class items. The 
problems of defining pronouns as a cohesive typological category are thoroughly 
discussed in Lehmann (1985). The main issue is that the category "pronouns" is too 
crude, because it ignores distinctions among pronouns which may be relevant to the 
Size Principle. Nevertheless, the difference in paradigm size between pronouns 
(albeit a mixed bag of pronouns) and other open-class nouns seems great enough to 
merit investigation. Effects of paradigm size on phonetic content at this gross level 
would indicate the need for further studies which would examine the Size Principle 
under more refined conditions. 

Relative Frequencies 

Pronoun paradigms from 32 areally and genetically diverse languages (a 
subset of the Maddieson (1984) UCLA Phonological Segment Inventory Database) 
were collected. The consonants from the pronouns are compared with the superset of 
consonants from the language inventories in terms of 37 articulatory variables. The 
cumulative frequencies of each variable were tallied separately for the pronoun 
inventories and for the language inventories and then expressed as a percent of the 
total number of consonants in that population (relative frequency). For example, the 
inventories of the 32 languages contain a total of 1,172 consonants, and the 
inventories of the 32 pronoun paradigms contain a total of 209 consonants. In the 
language inventories, there are 54 palatalized segments, which is 4.6% of 1,172 
segments. From the pronoun paradigms, there are only 4 instances of a palatalized 



21 

segment, which is 1.9% of 209 segments. A t-test determined that this difference is 
significant beyond the p <.05 level. Thus, random selection from language 
inventories cannot account for the distribution of palatalized segments in the pronoun 
paradigms. This asymmetry, and others similar to it, are explained in terms of a 
universal phonetic constraint which favors simple articulations within small 
paradigms. Figure 1 displays the relative frequencies for consonants with a secondary 
place of articulation (see Willerman (forthcoming) for comparisons of all 37 
articulatory variables). 

Figure 1 shows that consonants having any secondary place of articulation are 
significantly under-represented in pronouns when compared to their availability in 
language inventories. Because it is assumed that "simple" segments occur in small 
paradigms, these frequency of occurrence data cannot provide a basis for constructing 
a theory of articulatory complexity. That would be a circular proposition; where 
sounds are said to be "simple" because they occur frequently in pronouns, yet 
"simplicity" is defined according to frequency of occurrence. However, since it is 
true that a theory of articulatory complexity should be consistent with frequency of 
occurrence, these data then should give us an idea of what an independently motivated 
theory ought to predict. 
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Fig. 1 The relative frequencies for secondary places of articulation in pronoun 
paradigms and language inventories, with the results of the t-tests for each 
variable. Variables: labize = labialized, palize = palatalized, velize = velarized, 
pharize = pharyngealized. 

Penalty Scores 

Unfortunately, space limitations prohibit the presentation of and motivation for 
the penalty scores assigned to each articulatory variable (Willerman forthcoming). 
However, the basic reasoning goes as follows. There are two aspects to "articulatory 
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complexity". One is biomechanical. Moving an articulator involves biomechanical 
work which can be quantified by representing it as a spring-mass system. Everything 
else being equal, this condition imposes a rank ordering of articulations in terms of 
deviation from neutral (habitual rest). It has the consequence of penalizing extreme 
displacements, such as the retraction of the tongue tip for an retroflex stop, and 
extreme rates, as in a flapped consonant. 

The other aspect has to do with spatio-temporal coordination. Here 
quantifications are an attempt to measure "How much does the brain have to keep 
track of ?" For a given segment the starting point is an idealized "motor score" 
(Browman and Goldstein 1987). How many articulators are activated? For instance, 
glottalized segments require the tracking of both the supraglottal and glottal 
articulators. How fine-grained does the control of each articulator have to be in the 
temporal domain as well as spatially? For instance, pre nasalized segments require 
precise relative timing of the soft palate and supraglottal movements. In the spatial 
domain, fricatives require a greater degree of fine motor control than stops or vowels 
because of the precision involved in positioning the tongue for frication. These 
considerations and others led to the assignment of penalty scores for each variable. 
The overall score for a consonant would be the sum of penalty points incurred for 
each articulatory variable active for that consonant. 

Three discrete categories, corresponding to L&M's Basic, Elaborated, and 
Complex, were imposed on this quantified simplicity/complexity continuum. Then, a 
contingency table was constructed for each language which asks the question: What is 
the probability of getting j, k, I number of x, y, and z types of segments, given 
random selection from an inventory containing m, n, and 0 number of x, y, and z 
types of segments? If the probability is high (low chi-square), then chance can easily 
account for the distribution of segment types in pronouns. However, if the 
probability is low (high chi-square), then factors beyond chance are present. Table 1 
contains the chi-square results summed for each language family and a total chi-square 
representing the overall cross-linguistic tendency to select Basic consonants in 
pronouns paradigms. P-values show the significance of the chi-square result relative 
to the degrees of freedom (2 degrees of freedom for every language in the family). 

Conclusion 

The fact that the total chi-square value was significant beyond the p < .001 
level shows that pronoun paradigms in general select the simpler consonants from the 
language inventories. This is interpreted as evidence that the universal phonetic 
constraints responsible for the effects observed by the Size Principle, are at work in 
lexical categories. In other words, the small paradigm size of closed-class words 
makes relatively small perceptual demands on the listener when it comes to 
discriminating among phonemes within the paradigm. Under a criterion of least
effort, reduced perceptual needs give rise to articulatory simplification, and render the 
perceptual saliency provided by complex articulations superfluous. 



Table 1 Chi-square Results 

Language Families Total chi-square degrees of p 
freedom 

Indo-European 27.30 12 < .01 
Ural-Altaic 10.36 6 NS 
Niger Kordofanian 14.34 6 < .05 
Nilo-Saharan 4.41 4 NS 
Afro-Asiatic 38.36 8 < .001 
Austro-Asiatic 11.39 4 < .025 
Sino-Tibetan 7.07 2 < .05 
Indo-Pacific 2.02 2 NS 
Amerind (North) 37.34 12 < .001 
Amerind (South) 6.27 4 NS 
Kabardian 18.46 2 < .001 
!Xu 13.51 2 < .005 

TOTAL 190.80 64 < .001 
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Perceptual aspects of an intonation model 

Eva Garding, Lund University 

This paper is a shortened version of my contribution to a symposium, entitled 

Intonation: Models and Parameters, to be held at the International Congress of 

Phonetic Sciences at Aix en Provence, Aug. 19-24 1991. In my discussion of 

perceptual aspects of the acoustic parameters of a Swedish intonation model, I 

emphasize the importance of perceptual analysis and exemplify how the results 

of a phonological analysis may depend on the descriptive level used by the 

analyst. 

1. A production-oriented intonation model 
The model that I have worked with makes use of the following parameters, 

which are all visual correlates of acoustic events [5] Fig.1. 

1. Turning points are the local maxima or minima of Fo which are related to an 

accented syllable in a systematic way. The timing of these points, which is 

largely 'fixed' to specified syllables in different intonations, is crucial for the 

distinction between the accents and typical for a particular dialect. 

2. The tonal grid is the set of auxiliary parallel lines enclosing curve pieces with 

a uniform general direction (see figure). Drawn in this way the upper line of the 

grid passes through local maxima of the curve (marked by H(igh) in the figure) 

and the lower line through local minima (marked by L(ow). In practice not all 

the local maxima or minima reach the grid lines, which is a tonal reflex of the 

varying accentuation levels carried by the syllables enclosed by the same grid. 

In synthesis the grid is generated before the accent target points. 

3. Pivots are those places in the curve where the grid changes direction or 

range. They usually occur in connection with focus and demark constituents in 

the global contour. 

Interpolation is used in the generative program to fill in the blanks of the Fo 

pattern between the target turning points. 

This model, which captures the gross features of Swedish intonation, makes it 

possible to describe the accent contrast as a matter of timing the Fo target points 

in relation to to the accented syllable. The dialectal variation in intonation 

becomes a result of different timing rules for word accent as well as sentence 

accent (nuclear stress) [ 3]. 
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2. Perceptual aspects 
The explanatory value of the timing analysis is limited to the production side of 

speech. For Swedish it implies that speakers use their laryngeal muscles in a 

similar way to raise and lower pitch in order to produce a given tonal pattern and 

that the Swedish accents can be produced by timing a similar underlying 

laryngeal gesture in different ways in relation to the accent carrying syllable. The 

speaker's intention, on the other hand, is to reproduce tonal and rhythmical 

patterns and these patterns should also be described at a level that relates to 

perception. Such a description is important for the understanding of perception 

mechanisms in general, for the understanding of how prosodic patterns are 

acquired, learned and transferred to a foreign dialect or language, and it has its 

place in a comprehensive theory of intonation. 

The following discussion of the possible perceptual relevance of the acoustic 

parameters described above are inspired by ongoing research, planned to explore 

perceptual correlates of intonation and accentuation [8,9]. 

1. Turning points. A given pitch curve can be efficiently reconstructed either 

from information about the position in time and frequency of the turning points 

or from suitable information about the falls and rises that make up the curve. 

Some of the turning points have very stable locations relative to the eN 
boundary of the accented syllable which means that also the ensuing falls and 

rises are relatively stable. Physiologically speaking a turning point indicates an 

onset-offset change in a nerve signal and like other transient signals this ought to 

have a strong attention-sharpening effect. It may correspond to what a 

neurologist would call a feature-trigger [e.g. Oranit 12]. 

If we aim at a perceptual description of intonation, the falls and rises (or 

contrasts between two frequency levels) are more important than the turning 

points. Only a phonetician who has worked long enough with acoustic records 

can perceive the position of a turning point but almost anybody can hear a rise or 

fall if it is given the proper duration. 

An experiment (reported at Fonetik 89) in which Fo peaks of different shapes 

were shifted in small steps in time over constant carriers has shown that a 

prosodic phrase pattern can be recognized when the position of the peak has 

produced patterns in which pitch movements over neighbouring vowels are 

prototypical. Our experiment suggests that an Fo peak is only indirectly 

important. It is the adjoining ramps over the vowels which have perceptual 

reality [8, 9]. 

2. The tonal grid, which may be level or exhibit various degrees of fall and rise, 

encloses a phrase pattern made up of syllables with often varying degrees of 



accentuation. The fact that the Fo movements relative to the grid are retained in 

different intonations is seen as a consequence of the superposition principle, as 

exemplified in Fig.2. The communicative value of the direction of the grid may 

be explained in the following way: The auditory system makes a running 

average of the Fo values of the phrase and these values are retained in memory 

and matched with stored prototypes. 

Since a listener is capable of identifying an accentuation pattern in different 

intonations, it is bound to have some invariant features. Our recent work with 

contrastive Swedish accentuation patterns comrrms that their relative patterns of 

duration, intensity and Fo are retained in different intonations. In particular, 

pitch relations between neighbouring vowels are perceptually important. In a 

given intonation an accentuation pattern is characterized by its typical pitch 

relations over neighbouring vowels which sets it off from other patterns. 

3. The perceptual importance of the pivots stems from a discontinuity of 

direction or range of the global Fo pattern. Just like the turning points the pivots 

are not directly perceptual units but may serve as attention sharpeners. The new 

direction or range is the important signal. 

The interpolation follows a mechanical rule which has the purpose of 

connecting two target points with each other. ILS experiments [11] have shown 

that this interpolation can neglect small-scale pitch obtrusions caused by the 

accents without any noticeable effect on perception. In this way, a description of 

the curve in terms of perceived local Highs and Lows may differ from a 

description relying rigorously on production data. Our phonological 

interpretation of the ILS experiments is that the accent domain may encompass 

not only the following unaccented syllables up to the next accent (which is a 

current defmition) but also the deaccented ones. 

3. Representation in terms of Highs and Lows 

Highs and Lows may be used to show for a given Fo curve how local maxima 

and minima in the Fo curve relate to the text and to the surrounding highs and 

lows. For Swedish, this kind of analysis applied to the Stockholm dialect may 

yield High for A2 and Low for AI, marking a high or low turning point near the 

beginning of the vocalic segment as the distinctive feature [2]. An analysis based 

on perception may give different representations. 

In an intonation analysis of Hausa (traditionally analysed as having two tones, 

High and Low), Lindau showed that a 'high' tone is manifested as a rise to a 

high point at the end of the syllable and a 'low' tone as a corresponding fall to 

low [14]. This finding suggested that it is the latter part of the syllable that has 
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perceptual salience rather than the earlier part. Further support comes from 

perceptual experiments with Chinese [10] and with Swedish nonsense syllables 

[13]. 

Conclusion. Our discussion of perceptual aspects leads to the following 

conclusion: 

Parameters and their representations may differ depending on the descriptive 

level chosen by the analyst. It also leads to an interesting question: What side of 

speech should the phonological units represent, production, perception, both or 

neither? 
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Tempo and stress 
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1 Introduction 
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This is a report of some of our findings from studies of temporal structure in 
prose reading, essentially confined to Swedish. Our major effort has been to 
study durations of speech sounds, syllables, stress groups and pauses with re
spect to specific modes of performance with an emphasis on high quality read
ing. Earlier work along these lines [1-3] have been followed up by a language 
contrastive study [4] and also a study of poetry reading [6]. Speaking and 
reading style and their major categories such as relative distinctiveness are 
multidimensional. Temporal variations of FO, intensity and co articulation are 
obvious components but will not be treated here. We shall focus on durational 
patterns and their variations with reading mode and overall speech rate, 
including short time tempo variations. 

Durational patterns are determined by phonetic and linguistic structures and 
speaker specific, semantic and pragmatic denotations and speaking style. A fun
damental distinction is that between stressed and unstressed syllables. In a stress
timed language like Swedish or English it is important to retain a sufficient con
trast between stressed and unstressed syllables. An increased stressed/unstressed 
contrast tends to emphasize content words, which adds to distinctiveness, and 
constitutes a basic parameter of individual speaking style. Of special interest is 
the role of pauses in variations of overall speech rate and relations between 
speech rate and stress patterns. 

2 Speech - pause timing 

Our standard text of nine sentences from a novel was read by our reference sub
ject AJ, a Swedish language expert employed by the Swedish Radio. He was also 
the main subject in our earlier studies. The essential data concerning speech and 
pause durations in a series of four readings representing normal, faster, slower 
and a distinctive mode of reading are summarized in Table 1. A main conclusion, 
not unexpected, see e.g. Strangert [7] , is that the variations in reading mode are 
associated with substantial variations in overall pause durations. In our data this 
is combined with rather moderate variations in effective speech time. Thus, in 
slow reading the total pause time is almost the double of that in fast reading, 
whilst the effective speaking time and thus mean phoneme durations differ by 
11.5% only. 
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Table I. Speech - pause timing in different reading modes 
Normal Faster Slower Distinct 

Total reading time (sec) 57.1 51.0 66.8 70.3 
Words per minute 130 146 111 106 
Pauses, total time (sec) 16.2 12.8 23.9 21.4 

Between sentences (sec) 10.6 9.3 14.1 11.5 
Within sentences (sec) 5.5 3.5 9.8 9.9 
Number within sentences 13 10 18 24 

Effective reading time (sec) 41.0 38.2 42.8 48.9 
Total pause time as a fraction of 
total reading time in % 28 25 36 30 
Mean phoneme duration 
in ms (n=547) 75 70 78 89 

Total pause time within sentences vary relatively more with reading mode than 
pauses between sentences. This is largely a matter of the number of pauses 
which increases with decreasing speech rate. In the distinct mode the number of 
sentence internal pauses was about twice that of normal reading, whilst the aver
age of these pause durations were not much different, of the order of 400 ms. 
The distinct reading mode displayed the lowest overall speech rate, but this is ac
complished with less overall pause duration than in the slow reading and a 
pause/reading time ratio not much larger than that of normal reading, 30% versus 
28%. 

3 Syllable duration 

The primary aim of the study of syllable durations was to attain measures of 
basic units to be correlated with varying speech rate and reading style. For this 
purpose we marked syllables as stressed versus unstressed and whether they had 
a prepause location to separate out the effect of final lengthening. We shall here 
review some essential findings only. In a global view there are twice as many 
unstressed syllables as stressed syllables, whilst the average duration of the un
stressed syllables is about one half of that of stressed syllables. This accounts for 
an approximate balance between stressed and unstressed parts of speech. In the 
normal text reading stressed syllables averaged 3 phonemes and a duration of 
279 ms, whilst unstressed syllables averaged 2.3 phonemes and 127 ms. In com
parison we found for the distinct reading mode a mean duration of 319 ms for 
stressed syllables and 140 ms for the unstressed syllables. Because of the limited 
text material these data have an uncertainty of the order of 5 ms. With this limi
tation in mind there is a rather weak significance of a 14% increase of stressed 
syllable duration in distinct versus normal reading, whilst the difference in un
stressed syllables is 10% only. 

A closer study of the readings revealed that the distinct reading did not lead to a 
lower speech rate in all parts of the text. There was a similar lack of uniformity 
comparing normal, slower and faster reading mode. We therefore made a se-



lective analysis contrasting only those words which differed in intended mode. 
As a result we found for the distinct mode a 22% increase of stressed syllable 
duration and 11 % in unstressed syllable duration compared to normal reading. 
The corresponding values for slow versus normal reading was 10% and 3% re
spectively and -5% and -10% for fast versus normal reading. A possible inter
pretation is that unstressed syllables suffer more than stressed when speech rate 
is increased securing a stability of stressed syllables, whereas in the slow and 
distinct modes the stressed syllables are emphasized. This remains to be vali
dated from a larger speech material. However, we may also interpret the results 
by looking for a ratio of the sum of the durations of all stressed syllables versus 
the sum of the durations of all unstressed syllables. Within the selected con
trasting material we noted a stressed/unstressed ratio of 1.04 for the normal 
mode, 1.08 for the fast mode, 1.10 for the slow mode, and 1.14 for the distinct 
mode. 

What systematic variations may we observe inside syllables? According to pre
liminary data an expansion of a stressed syllable from its normal mode to a more 
distinct mode generally affects consonants more than vowels, and phonemic ally 
long vowels are percentagewise less flexible than short vowels. A relatively 
greater load of consonants was also found in [2] comparing a distinct speaker 
with a less distinct speaker. 

Syllable durations vary systematically with the number of phonemes. Fig.l pro
vides a regression analysis for normal and distinct reading. There is a clear ten
dency of linear regression, especially for unstressed syllables which average 

d=-4+57.5n (1) 
ms for normal and 

d = 4 + 61n (2) 
for the distinct mode. In stressed syllables the single vowels are phonemic ally 
and phonetically long and have to be treated separately. In the range of n = 2 - 4 
phonemes we noted a regression 

d = 67 + 71n (3) 
for the normal mode and 

d=98+74n (4) 
for the distinct mode. Here we observe more clearly the relatively larger distinct 
versus normal difference in stressed syllables than in unstressed syllable du
ration. 

In our earlier studies [2,3] we quantified stressed/unstressed contrasts by regres
sion analysis applied to stress group durations Tn as functions of the number of 
phonemes contained, n. 

Tn = a + bn (5) 

The stressed/unstressed contrast increases with the alb ratio. Although such an 
analysis leads to similar conclusions it is less precise than a regression analysis 
of syllable durations as in Eq 1-4 above. 
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When listening to the reading of a paragraph of a text there appears a pattern of 
alternating accelerations and decelerations of the perceived tempo. These varia
tions occur within the domain of a sentence or a phrase. A substantial part of 
these variations can be predicted already from the text. A high density of 
stresses, i.e. a relative small number of phonemes per foot in a phrase, conditions 
an increase of the mean phoneme duration and thus a decrease of the speech rate. 
Such variations are of the order of +/- 30%. Superimposed are fluctuations im
posed by the reader's interpretation of the text [5]. Such fluctuations define a 
higher order rhythmical structure above that of the succession of stress groups. 

Acknowledgements 
These studies have been supported by grants from The Bank of Sweden Ter
centenary Foundation, The Swedish Council for Research in the Humanities and 
Social Sciences and The Swedish Board for Technical Development. 

References 
[1] Fant, G., Nord, L., and Kruckenberg, A. (1986), "Individual Variations in Text Reading. A 
Data-Bank Pilot Study", STL-QPSR 4/1986,1-17. 
[2] Fant, G. and Kruckenberg, A. (1989), "Preliminaries to the study of Swedish prose reading 
and reading style", STL-QPSR 2/1989, 1-83. 
[3] Fant, G., Kruckenberg, A. and Nord, L. (1990), "Acoustic correlates of rhythmical structures 
in text reading", Nordic Prosody V, 70-86. 
[4] Fant, G., Kruckenberg, A. and Nord, L. (forthcoming), "Durational correlates of stress in 
Swedish, French and English", Proceedings of the Second Seminar on Speech Production, Leeds, 
May 1990. To be published in Journal of Phonetics. 
[5] Fant, G., Kruckenberg, A. and Nord, L. (1991), "Temporal organization and rhythm in 
Swedish", ICPhS 1991. 
[6] Fant, G., Kruckenberg, A. and Nord, L. (1991), "Stress patterns and rhythm in the reading of 
prose and poetry with analogies to music performance", Contributions to MULASP, Music, 
Language, Speech, and Brain. Int. Wenner-Gren Symp., Stockholm 1990. Forthcoming. 
[7] Strangert, E. (1990), "Pauses, syntax and prosody", Nordic Prosody V, 294-305. 



On prosodic phrasing in Swedish 

Gosta Bruce *, Bjorn Granstrom **, Kjel/ Gustafson ** and David House * + 

*Department of Linguistics and Phonetics, Lund 

35 

**Dept of Speech Communication and Music Acoustics, KTH,Stockho/m 

+Names in alphabetic order 

1. Introduction 
This paper summarizes ongoing research within the project PROSODIC 

PHRASING IN SWEDISH which started in 1990. The project represents 

cooperative work between the Department of Linguistics and Phonetics at Lund 

and the Department of Speech Communication and Music Acoustics, KTH, 

Stockholm. The primary aim is to attain new knowledge about phrasing and 

prosody in Swedish. A main problem is to try to understand what types of 

prosodic phrase can be identified from a phonetic viewpoint, i.e. what speech 

variables (FO, duration, intensity etc.) and combinations of them can be used to 

signal boundary and coherence for phrases and utterances. Basically three different 

methods will be exploited in the project work: analysis of speech production data, 

text-to-speech synthesis and recognition (prosodic parser). 

2. Pilot experiment 
In recent papers we have reported on our pilot experiment with synthetic speech 

(Bruce, Granstrom and House 1990) and on our analysis of a pilot speech material 

(Bruce, Granstrom and House 1991). The test sentences used were, for the most 

part, syntactically ambiguous, typically occurring as minimal pairs, where the 

location of the sentence internal clause boundary was varied. An example pair is: 

Nar pappajiskar, star Piper Putte. (Whenda:klyisfisbing, Pip;rdis1LlIb;Putte.) 

Nar pappajiskar star, piper Putte. (Wlrnch:klyis fishing sturgoon, Puttepeeps.) 

We have identified and explored a number of alternative phrasing strategies, where 

both connective and demarcative means have proved efficient. Phrase boundaries 

can be signalled by duration only (pre-boundary lengthening) or by duration in 

combination with an FO drop to a low level. Coherence within a unit can be 
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marked by deaccentuation as well as by more complex means involving 

combinations of FO and duration (cf. Bruce, Granstrom and House 1991). 

3. Extended production study 
As an extension of our speech production data we have recently devised a new 

speech material. While the distinctive feature of the pilot test sentences was the 

difference in the location of the internal clause boundary, the typical feature of the 

new test sentences (also occurring as minimal pairs) is the absence vs. presence of 

such a clause boundary. Moreover, the new test material does not invite 

deaccentuation, as was the case in the pilot material. Example sentences of the new 

material are: 

A Uirarna backar jor pojkarnas sparkar. (The mhers 00:ic away fum the ooys' kili.) 
B Uirarna backar,for pojkarna sparkar. (Themhers OO:icaway1:x.urusetheooyskik) 

A male, Stockholm Swedish infonnant - the same as in the pilot study - read the 

speech material 11 times. For the initial five readings he was specifically asked not 

to make any pause within the test sentences. In these readings he did not use the 

possible cue of gemination at the last word boundary to discriminate between 

version A and B. For the six final readings he was encouraged to make a more 

varied and freer interpretation of the speech material. We are currently in the 

process of analyzing the new test material. The present account will therefore be 

considered preliminary. 

A common denominator of the test sentences is that they all contain four accents, 

the first and the last typically being focal. Our processing of the first five readings 

of the test material reveals there to be minimal differences between the members of 

the test sentence pairs. The FO course appears to be indistinguishable, although 

differences in segment durations and other segmental cues sometimes occur. It is 

obvious that there is a reading of the test sentence without any apparent boundary 

signalling which is interpretable as both version A and B. This means that there is 

a possible phrasing even for version B - represented by a syntactic boundary -

without a corresponding phonetic-prosodic boundary. 

Our analysis of the last six readings of the test material demonstrates more 

variation. While version A of a test sentence (without intended internal boundary) 
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displays only one prosodic phrasing pattern, version B (with intended boundary) 

is represented by at least three different strategies for prosodic phrasing. One 

pattern of version B is - at least in FO terms - indistinguishable from the 

corresponding pattern of version A (Fig la). A connective FO downstepping from 

the second to the final accent characterizes this pattern. Another pattern of version 

B is characterized by the addition of a focal accent to the second accent and a 

subsequent terminal fall to a low FO level before the intended boundary (Fig 1 b, 

arrow). This is clearly a strong boundary signal, disambiguating the sentence. A 

third prosodic pattern of version B is characterized by extra emphasis for contrast 

of the first focal accent, which mainly affects the FO relations of the first two 

accents (Fig lc). This also has the effect of clearly favoring the interpretation with 

the boundary. 

4. Summing up 
Out of the three phrasing strategies used in the new production study, two of them 

were also found in the pilot study: the one without FO boundary signalling and the 

one with the terminal FO fall at the sentence internal boundary, while the third one 

with extra emphasis for contrast is encountered only in the new material. We are 

now in the process of assessing the different phrasing strategies also as to their 

communicative value. Experiments using these strategies in synthetic speech will 

be reported at the conference. 
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Phonetic characteristics 
of professional news reading 

Eva Strangert 
Department of Phonetics, University of Umea 

1 Introduction 

Reading a text aloud is something quite different from speaking spontaneously. 
Also reading news professionally differs from reading aloud in general. Profes
sional news reading either on radio or TV may be characterized as a specific style 
of speaking guided by demands for effectiveness and intelligibility. The effective
ness seems to be reflected predominantly in the temporal domain. The news items 
are delivered, as it seems, at a relatively fast tempo with relatively few and short 
pauses. (See, however, Lindblad, 1985.) This gives an impression of "urgency" 
and "drive".That the reading is often very dynamic adds to this impression. For 
example, the speaker may shift between a very distinct pronunciation making each 
sound stand out by itself and a very sloppy articulation with many reductions and 
omissions. Both the distinctiveness and the sloppiness serve a purpose. When 
there is great demand for clarity and intelligibility, articulation has to be distinct. 
When this demand is less, reductions may occur. 

Intelligibility is central, as the purpose of news reading is fIrst and foremost the 
transmission of information. The announcer has to read the news so that the lis
tener gets the message, and achieves this by emphasizing some parts and playing 
down others. This sort of differentiation is made by both professional and ordi
nary speakers, but it seems that the professional news reader uses stronger and 
even alternative methods to achieve this end - methods that are predominantly 
prosodic. They include stress, phrasing and the use of pauses. 

2 A comparison between a professional and a non-pro
fessional news reading 

The impressionistic characterization above of professional news reading should be 
supplemented by more controlled observations. As a fIrst step I will compare the 
reading of a text by a professional news announcer, a female TV reporter, with a 
reading of the same text by a female speaker without any experience of profes
sional reading. The reading by the "ordinary", non-professional speaker was 
based on a transcription of the text from the recording of the authentic reading by 
the professional speaker. The non-professional reading was also recorded on tape. 
The analyzed text which contained fIve sentences was part of a section of several 
minutes dealing with current problems concerning Swedish wages. 
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3 Auditory analysis 

The two readings exhibit similarities as well as differences. Both speakers made 
reductions as well as omissions, some of which were identical for the two 
speakers and some not. However, though both speakers used stress as a means of 
putting extra weight on some parts of the text, it was used more frequently, and 
more strongly, by the professional speaker. In addition, contrastive stress was 
stronger in the professional reading. 

The speakers paused in a similar way between sentences, but they followed com
pletely different strategies for pausing within sentences. The non-professional 
speaker paused at clause boundaries, or at boundaries between constituents within 
clauses. She made pauses before grammatical function words such as att 'that'. 
The pausing appears to be governed by syntax. This strategy is the same as that 
used by the non-professional speakers in some recent studies of pausing in Swed
ish news texts read aloud (Strangert, 1990a, 1991). The professional speaker, on 
the other hand, made pauses that seem to be semantically governed. They oc
curred after grammatical function words, e.g. en 'a' and som 'that' and before the 
semantically heavy words, thereby helping to give them extra emphasis. The lis
tener receives the impression that there is something very important coming up. 
This kind of pausing, however, led to a very specific kind of phrasing. One of 
several examples is kartliiggning som 'survey that'. The pauses in the professional 
reading, moreover, were generally less marked than in the non-professional 
reading. They were more often filled, and some of them should be characterized 
more as breaks than as pauses. All this, in combination with the placement of the 
pauses, makes them very similar to the so-called hesitation pauses which occur 
frequently in spontaneous speech as a result of lexical search. 

It seems that pausing in professional news reading is not always as strongly gov
erned by semantics as in this case. Many news reporters use predominantly syn
tactic pausing. However, semantic pausing seems to occur at least to some extent 
in all professional news reading. 

4 Some acoustic measurements 

The two recordings were analyzed from mingograms. The acoustic measurements 
confmn the auditory observations and add some new details as well. One of these 
details concerns the relation between the perception of a pause and the acoustic 
basis for this perception. For example, the impression of a pause very often did 
not depend on the presence of silence. This is in accordance with previous obser
vations, among others those reported in Strangert (1990b). The impression of a 
pause in those cases was based presumably on alternative pause characteristics 
such as an Fo fall, voicing irregularities, a slowing down of the speech tempo, 
and/or the insertion of a schwa. Making a pause in this way was far more frequent 
than silent pauses in the professional reading. In the non-professional reading on 
the other hand, the silent pauses dominated. This, as well as other characteristics 
of the speakers is shown in the first sentence of the text as presented in Figure 1. 
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The differences between the speakers are obvious, though both emphasize two 
parts of their respective utterances. They both put contrastive stress on sjuprocent
iga 'seven per cent', but they do it in partly different ways. First, the intonation 
contours are not identical. The tonal range is greater in the professional speaker, 
and she also pronounces the fIrst part of the word, sju 'seven', as separate from 
the rest of the word, which is reflected in the very distinct fIrst peak in the Fo
contour. She further elaborates the intonation by making a fall on the following 
unstressed -pro-. Such a fall is missing in the non-professional reading. Second
ly, there are differences in the temporal domain between the two speakers. In spite 
of the more or less identical durations of the complete sentence, the word sjupro
centiga is almost 40% longer in the professional reading. Before this word the 
speaker, moreover, makes a very specifIc countdown that is missing in the non
professional reading: riiknar mer d) 'are assuming' is followed by a short period of 
silence and the same is true for the next upptill 'as high as' which is terminated 
with a schwa contributing to the lengthening of this part of the utterance. All this, 
in combination with the down stepping of Fo during upptill, seems to be the basis 
for the impression of a break before sjuprocentiga. A similar break appears more
over in the professional reading before kommuner o( ch) lan( d)sting 'municipal
ities and county councils'. It is made by lowering Fo and inserting a schwa. 

Regarding the general characterization of the two readings the total duration of 
speech is about the same for the two speakers, while the total time for pausing 
(only silent pauses) is twice as long for the non-professional as for the professio
nal speaker. Thus the ratio between pause and speech duration is .09 for the pro
fessional and .17 for the non-professional speaker. These fIgures, however, only 
partly reflect the pausing differences between the speakers, as most of the pauses 
in the professional reading were fIlled and were thus omitted from this calculation. 

5 Final remarks 

Anyone listening to the radio or watching TV may make the observation that news 
reading is very often cast in a specifIc form. The present data show that it is char
acterized by short pauses, the use of pausing for emphasis and, fInally, the em
phasis itself, the strong prosodic marking of certain parts of an utterance. 
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In order to investigate the special techniques for voice production used by actors 
on stage, recordings have been made of two actresses. Fundamental frequency 
distribution analysis has shown: flrstly, that there are different individual speech 
production strategies used by different actors; secondly, that a common feature 
appears to be the conscious exploitation of variability in fundamental frequency in 
stage speech styles; thirdly, that narrowing the range of Fa distribution appears to 
be a useful technique for creating intimacy, e.g. in order to give an illusion of 
whispered speech on stage. 

1. Introduction 
Speech as it is produced by actors on stage, before a larger audience and without 
ampliflcation, requires an extra level of distinctiveness in order to carry a message 
all the way to the back row of the theatre. This cannot be done simply by raising 
your voice because that would unable the actor to work with speech nuances and 
sensitivity in an optimal manner. The actor must use special techniques for speech 
production, that must not be detected by the audience. These must also allow a range 
of expression necessary for creating an illusion of real life. 

The purpose of the work reported here is to investigate some of the phonetic aspects 
of speech on stage as compared to other normal speech styles. Two different modes 
of stage speech have been studied: that of the normal tone of voice as in ordinary 
dramatic discourse, and that of the lower tone of voice, i.e. the somewhat retracted 
voice quality used to give an illusion of whispering. Illusion is a key-word in this 
case since a "real" whisper would not be possible to perceive in most theatrical 
situations. 

This work is the beginning of a series of studies of stage-speech, aimed at 
determining the relevant phonetic parameters of this kind of speech production. The 
present report deals with the use of fundamental frequency. Other analyses have 
been done, including the measurement of acoustic vowel space utilization and 
long-time average spectrum (LTAS). Results from these analyses will be reported 
at the Fonetik-91, in May 1991. 
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2. Method 
Since the acoustic characteristics of the theatre-room is essential to the choice of 
strategy for voice production (Tern strom, 1989), the speech material was recorded 
on stage, in a small theatre in Stockholm, during a performance specially arranged 
for this purpose. 

Two actresses were recorded, both with professionally trained voices, each perform

ing the same piece of text three times using different speech styles; in turn: No 1 -

normal stage speech style, as in ordinary dramatic discourse, No 2 - so called "stage 
whisper", and No 3 - normal person-to-person conversational speech style. 

3. Analysis 
Shorter sequences of text, approximately 20 - 25 sec long, were chosen to be 
analyzed in order to study the acoustic characteristics ot the three speech styles, 
respectively. Fundamental frequency was extracted and histograms showing Fo 
distribution were drawn, by means of the computer program SWELL. 1 

4. Results 
Since the two actresses are using somewhat different production strategies, the data 
will be presented "within subjects", with comparisons made between the three 
speech styles for each subject separately. There are, however, in an intersubject 
comparison, some common features concerning the ways in which fundamental 
frequency is distributed. These will be commented on in the concluding remarks. 

4.1 Fo distribution within subjects 

4.1.1 Subject BA 
For style No 1 (fig B 1) the histogram shows a total FO distribution range of roughly 
100-390 Hz. Mean value: 222 Hz. Mode: 169 Hz. Standard deviation: 52.9 Hz. 
The histogram contour forms a neatly gathered figure where the distribution is rather 
evenly spread mainly between 150 and 290 Hz, and it has a somewhat flatter slope 
towards the higher frequencies. 

In style No 2 "stage whisper" (fig B2) the FO range is less extended, mainly covering 
the area between 120 and 360 Hz. Mean: 208 Hz. Mode: 206 Hz. St.dev: 38.9 Hz. 

SWELL is a compute r program produced by Soundswell Music Acoustics HB, 
Solna, Sweden. 
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This configuration has a triangular shape similar to that of normal speech, with a 
slightly flatter slope towards the higher frequencies. The mostly favoured frequen
cies in this style lie between 160 and 260 Hz. 

Style No 3 (fig B3) has a total range of about 100-380 Hz, though it is mainly 
concentrated to frequencies between 140 and 280 Hz. Mean: 185 Hz. Mode: 188 

Hz. St.dev: 36.8 Hz. The pattern of spreading is almost identical to that of the stage 
whisper (fig B2). The main difference between styles No 2 and 3 lies in the 
frequency levels being used. This could be described as stage whisper having a 
frequency downshift of about 20 Hz, compared to normal conversational speech. 

% 
• B1 

B2 � 83 
% 

• 

2 ' 

a o .  . 
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Figure 81-83. Extracted Fo (in Hz) of subject BA. 81: nonnal stage speech. Mean: 222 
Hz. Mode: 169 Hz. St.dev: 52.9 Hz. 82: stage whisper (subject BA). Mean: 208 Hz. Mode: 
206 Hz. St.dev: 38.9 Hz. 83: nonnal conversational speech (subject BA). Mean: 185 Hz. 
Mode: 188 Hz. St.dev: 36.8 Hz. 
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4.12 Subject GN 

For style No 1 (fig Gl) the FO distribution covers a total range of 1�350 Hz but 
is mainly concentrated to frequencies between 130 and 270 Hz. Mean: 186 Hz. 
Mode: 155 Hz. St.dev: 45.5 Hz. The histogram displays a tendency towards a 
bimodal structure where the FO distribution appears to be divided into two peaks, 
one around 160 Hz (close to the mode value) and the other around 260 Hz. For this 
subject, however, there is no evidence of perturbations such as diplophonia or 
switches between modal and loft registers. The histogram configuration thus 
presumably demonstrates one impact of an individual speech strategy. 

In style No 2 "stage whisper" (fig G2) the FO range is less extended, roughly 
covering 1�260 Hz, and with its main distribution concentrated to the area 

% 61 
, 

% % 
, , 

O,L,O -1-'0-1�'0-'-:-::60�180"'--::-:-2 00::--:-:"-:-0 -:-::2<� 0 �' .:-::--O "-::U:::"O =:.-:70 0 "'-:,::::::lJl-l � 0= 0='�'OLI�' 0�'6 0�1 '0�'0�0�"�0�'�'0�'60�2S�0 �30�c �n� 0 

Figure G1--G3. Extracted Fo (in Hz) of subject GN. G1: normal stage speech. Mean: 186 
Hz. Mode: 155 Hz. St.dev: 45.5 Hz. G2: stage whisper. Mean: 173 Hz. Mode: 138 Hz. 
St.dev: 34.0 Hz. G3: normal conversational speech. Mean: 195 Hz. Mode: 160 Hz. St.dev: 
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between 130 and 230 Hz. Mean: 173 Hz. Mode: 138 Hz. St.dev: 34 Hz. The contour 
of this histogram has a very steep slope from around 140 Hz (i.e. about mode value) 
down to 120 Hz. The slope towards higher frequencies is much flatter. 

Style No 3 (fig 03) has a total range of about 100-300 Hz; distribution mainly 
concentrated between 140 and 260 Hz. Mean: 195 Hz. Mode: 160 Hz. St.dev: 37.3 

Hz. In this style, the nonnal conversational speech, there seems to be a slight 
tendency towards the same kind of bimodal structure as could be seen in style No 
1. This is, however, not as obvious in the nonnal speech as in the stage version. The 
appearance of the same distributional pattern in both styles may support the image 
of the individual production strategy for this subject. 

5. Discussion 
Subject BA uses a slightly wider total range of fundamental frequency in her nonnal 
stage speech but the effectively utilized range in this style is about as wide as that 
of her nonnal conversational speech (table BA). For the stage speech, however, Fo 
appears to be somewhat higher (+ 10 Hz) throughout. The mean value here is 
relatively much higher, and so is the standard deviation which gives evidence of a 
much greater variability of fundamental frequency in the normal stage speech 
style.In her whispered style, on the other hand, the effective Fo range is much 
narrower. Mean and mode values are almost the same, and standard deviation is 
much smaller. This also indicates less variability in whispered as opposed to normal 
stage speech. 

Table BA 
Style Mean Mode St. dev Total Effect. 

range range 
No 1 222 169 52.9 100-390 150-290 
No 2 208 206 38.9 120-360 160-260 
No 3 185 188 36.8 100-380 140-280 

Table GN 
Style Mean Mode St.dev Total Effect. 

range range 
No 1 186 155 45.5 100-350 130-270 
No2 173 138 34.0 100-260 130-230 
No 3 195 160 37.3 100-300 140-260 
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Subject GN is consistently using a wider Fo range in her normal stage speech, totally 
as well as effectively utilized (table GN). Mean and mode values are somewhat 
lower in both her stage speech styles than in her normal conversational style. The 
standard deviation is higher in her normal stage speech, giving evidence of a greater 
variability in this style. In her whispered style the Fo range is more compressed, and 
the mean and mode values are much lower (roughly -20 HZ) compared to her 
normal conversational speech. 

U sing a wider range of FO usually applies to normal conversational speech as well 
when the speaker wishes to emphasize or distinguish something in the spoken 
message. It is therefore not surprising to find that this appears to be systematically 
used in stage speech. 
Decreasing the FO range appears to be an effective way of establishing a more 
intimate speech character, in order to create an illusion of whispered speech. In 
addition to this, as a recurrent theatrical technique, visual means of conveying the 
message are being used, such as posture and bodily behaviour, which are crucial 
elements in stage acting. 

6. Acknowledgement 
This work has been made possible by the help and support of several of my teachers 
and colleagues, at the Phonetics dept of the University of Stockholm, and The Royal 
Institute of Technology, Stockholm, as well as at Folkteatem i Sverige, SOdra 
Teatern, Stockholm. Dr Robert McAllister, University of Stockholm, has been 
acting as my supervisor. All of them are hereby gratefully acknowledged. 

7. References 

Ternstrom, S. (1989), "Long-time average spectrum characteristics of different 
choirs in different rooms", STL-QPSR 3/89, Dept of Speech Communication 
and Music Acoustics, Royal Institute of Technology, Stockholm, Sweden. 



The Prosody of Norwegian News Broadcasts 

Kjell Gustafson, Department of Speech Communication and Music 
Acoustics, KTH, Stockholm 

1 Introduction 

I made the obseNation some years ago that the radio news broadcasts 
on the nation-wide seNice of the Norwegian Broadcasting Corporation 
(NRK) were characterized, quite systematically, by a prosodic 
phenomenon which I shall refer to below as the cadence; the cadence is 
a highly stylized prosodic pattern used to mark the end of sentences. I 
shall use the term Norwegian news reading prosody (NNRP) to designate 
the particular reading style in which the use of this cadence is a regular, 
near-obligatory, feature. 

During the last couple of years I have studied the prosody of Norwegian 
news broadcasts in some detail, until recently without the aid of acoustic 
measuring devices. In the following I shall restrict the use of the term 
'Norwegian news broadcast' (NNB) to the readings on the nation-wide 
radio programmes, although I intend to extend my future investigations to 
other forms of news readings and annnouncements as well. I think my 
findings will have relevance for discussions about the impact that radio 
broadcasts have on the speech habits of the Norwegian people. 

2 General characterization of the prosody of NNBs 

NNBs are highly structured documents; they are marked for their 
beginning by a signature tune followed by the words "Her er Dagsnytt" 
(,Here is the News') or some variant of this, and for their end by the word 
"Dagsnytt" followed by the name of the news reader. My investigation has 
revealed several regularities in the prosody of NNBs apart from that of the 
cadence. Most of the news readers in my material speak a form of East 
Norwegian; my references to features of Norwegian prosody are to 
Standard East Norwegian unless otherwise indicated. (For modern 
descriptions of Norwegian prosody, see e.g. Fintoft 1970, Fretheim 1990.) 
The findings can be summarized as follows: 

1. The beginning of each news item is spoken at a higher average FO 
level, and usually with. a slower tempo than the following 
sentences within the same item; subdivisions within a news item 
can be marked by a slightly higher start than that of other non
initial sentences. 

2. Each sentence is clearly divided in two: a final part, the cadence, 
normally consisting of three rhythmic feet, and all of the sentence 
up until the cadence, the pre-cadence. 

3. The pre-cadence is less dynamic, in terms of FO variation, than the 
cadence. 

4. The cadence exhibits a strict prosodic form of its own. 

49 
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3 Prosodic characterization of the cadence 

3.1 Rhythm 

The three feet of the cadence sound clearly isochronous, with a strong 
rhythmic beat. There is an occasional variant with only two feet but with a 
perceptual pause in the first foot; I leave this out of the discussion in this 
paper. For convenience, I shall call the three feet of the cadence Cl, C2 
and C3, respectively. 

3.2 Pitch pattern 

C1 has the dynamic pitch range of a foot with a focal accent: the L of the 
accented syllable is relatively low; a following (unstressed) H is relatively 
high. 

C2 has a rather restricted pitch range; frequently it consists of just one 
syllable and is often filled with a function word, e.g. a preposition or an 
auxiliary verb, or the pre-accentual part of a longer word whose accented 
syllable is the first of C3. The (stressed syllable of) C2 is pronounced with 
a relatively high intensity. 

C3 is pronounced with a less dynamic pitch range than would be normal 
in most kinds of reading situations, let alone spontaneous speech. The 
accented L is higher than the L of C2, the fall in a toneme 2 is less steep 
than in C1, the final H is relatively low. 

In other kinds of reading styles, when the last accented syllable of a 
sentence is in focus, this syllable is often followed by a considerably 
higher rise than in NNRP, and the sentence is often terminated by a 
distinct fall, which gives the utterance a forceful, determined, ring. In 
comparing my 1989-90 radio recordings with recordings from 1981 it 
seems that this phenomenon was more prevalent in the earlier 
recordings; they occur only sporadically in the more recent set of 
recordings. 

4 Historical considerations 

I have collected some material consisting of recordings of old NNBs kept 
in the archives of NRK; in addition I have some recordings that I made in 
the early 1980s. All in all, I now have recordings by one reader in 1939, 
one in 1945, two in 1957, one in 1970, and several from the early 1980s, 
in addition to a plentiful material from 1989 and 1990. The use of the 
cadence is strikingly characteristic of the modern NNBs. Since radio news 
broadcasts have not existed in Norway for much more than 50 years, it is 
a reasonable assumption that this particular style has been developed 
during that time, possibly with a basis in reading styles employed in other 
situations. I am planning to make acoustic analyses from my recordings 
in order to investigate the historical development of this phenomenon. 

In order to test the hypothesis that the use of the cadence as an almost 
exception less device at sentence-end is an innovation, I conducted the 
following experiment: I made a transcript of a complete news broadcast 



from 1957; this was presented to one of the current (spring 1990) news 
readers of NRK. He was asked to read it out as if it had been an ordinary 
news broadcast; he read the text through once before the actual 
recording; as far as I can judge his reading was very close to what it 
would have been like in an ordinary news reading (a few of the sentences 
had a style and content that seem unthinkable in a 1990s NRK news 
reading). A comparison of the sentence final prosody of these two 
recordings (1957 and 1990) reveals that the the 1957 reader used a 
greater variety of prosodic patterns, and more in line with conversational 
speech. Figs. 1 and 2 illustrate this point: the phrase "beregningene som 
er gjort" ('the calculations that have been done') is in 1957 split into two 
feet, beREGningene-som-er GJORT, and read in a way which sounds as 
if it might have occurred in a spontaneous conversation. In 1990 it has 
been split into three feet: beREGningene SOM-er GJORT. Both readers 
have an accent on the stressed syllable in "bereg-ningene", and both 
read "gjort" stressed but unaccented, but the 1990 reader has an 
additional accent on the relative particle ("som"). This is a typical example 
of NNRP and seems totally unacceptable in conversational and most 
other styles. Incidentally, it also seems quite alien to e.g. Swedish news 
readings. 

Present-day newsreaders frequently employ phrasings that seem 
contextually inappropriate; this point was also made by Randi A. Nilsen of 
the Department of Linguistics at the University of Trondheim in a radio 
programme devoted to news readings, "Den elektriske al", 13 March 
1990. 

5 Regional and stylistic considerations 

NNRP is strikingly consistent also across the dialect differences exhibited 
by Norwegian news readers; it is thus also found for instance in readers 
with a dialectal background from those parts of the west of Norway where 
the charactreristic Hs and Ls of the two tonemes are in a sense reversed 
in relation to the situation in the East. 

One occasionally comes across prosodic patterns similar to NNRP in 
other contexts where the speaker makes announcements of some kind, 
for instance on the intercom system of airports and railway stations, but 
the feature is much less consistently employed in these situations. My 
material consists mainly of recordings of shorter news broadcasts (2 to 5 
minutes); there is another type of news programmes where items of news 
are interspersed with reports by different reporters; I have not yet studied 
the stylistic differences between these types of programmes. 

6 Conclusions 

There exists a tradition in the nation-wide radio news broadcasts whereby 
the readers give the impression of a maximal degree of detachment and 
neutrality in relation to the material they present; it seems likely that 
NNRP has developed in this context; in other contexts, those of TV and of 
regional broadcasts, the style is, on the whole, freer, and this may help 
explain why NNRP appears to be much less prevalent in these contexts. 
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NNRP is a phenomenon that is commented upon by laymen, and it 
seems that newsreaders are warned against it in their training. It is 
interesting to speculate whether the prevalence of NNRP in such an 
influential medium as NRK's newsbroadcasts is likely to affect, in the long 
run, the prosody of Norwegian conversational speech; I do not rule this 
out, in spite of the clear differences in pragmatic terms between news 
broadcasts and conversational speech. 
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Accentual prominence in French: 
read and spontaneous speech 

Touati Paul, Dept. of Linguistics and Phonetics, Lund University 

In French, only two levels of accentual prominence seem to be relevant: a default 
accent assigned to the final syllable of a prosodic phrase and an optional focal 
accent - usually referred to as 'accent d'insistance' - assigned to the initial syllable 
of a prosodic word or prosodic phrase (see for example Mertens 1987 and Touati 
1987). Default accent can be identified with final phrase juncture and has a 
demarcative function. The optional focal accent can be related to some kind of 
semantic or pragmatic prominence and in a way to a marked initial juncture. Since 
1988, we have begun to examine prosody in spontaneous speech through a 
research project called Contrastive Interactive Prosody (,KIPROS'; see Bruce & 
Touati 1990 for a current report). One important general question when working 
with spontaneous speech was: do we find the same Fo patterns in spontaneous 
speech as we have met earlier in read laboratory speech? The purpose of this 
article is to provide a first explorative answer to this question by examining Fo 
characteristics of accentual prominence on the one hand in read utterance and text 
and on the other hand in spontaneous dialogue. Furthermore, a category which 
interacts with the categories of accentual prominence, phrase initial juncture, is 
examined as well. As part of a prosody oriented auditive transcription carried out 
as a first step in the analysis of spontaneous speech (see Bruce & Touati 1990 for 
a methodology to analyse spontaneous speech), default accent and focal accent are 
respectively annotated ['x] and ["x] (the notation is in accordance with the new 
IP A system 1989). What will concern us here is how the two levels of prominence 
in the transcription can be represented in terms of H(igh) and L(ow) tonal turning 
points as well as their synchronization with the segmental structure (the 
synchronization with the accented vowel being represented by a star *). 

1 Read utterance and text 
Figure la shows the Fo configuration of a neutral read utterance. As for the 
default accent [,x], there are two basic positions to be considered: 1) on the last 
syllable of an utterance internal phrase and 2) on the last syllable of an utterance 
final phrase. In utterance internal phrases, default accent is expressed by a Fo rise 
(LH*). In an utterance final phrase, the accent movement on the last syllable is 
restricted to a Fo minimum, a L*. But an important observation is that of a Fo 
down stepping triggering the entire last phrase. An adequate pitch representation 
for this is (D) L*. Initial juncture is manifested by a Fo minimum, a L. The 
combination of default accent in internal phrases and initial juncture produces a co
lateral tonal event with a LH*L representation. In an utterance initial phrase, the L 
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initial juncture is followed by a Fo rise which in some cases spans all unaccented 
syllables up to the ftrst phrase accent producing an utterance initial rise (see also 
Vaissiere 1983 for a similar observation). Figure lb. shows how focal accent is 
manifested by a Fo rise, LH*, and how the Fo movement on the default accent of 
the phrase in focus is now inverted (HL*). Deaccentuation typically applies in the 
post-focal phrases. 
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Figure la (left) and Figure Ib (right). Fo configurations of a read utterance: Neutral 
reading vs reading with focus occurring on the initial phrase of the utterance (after Touati 1987). 
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Figure 2. Selected Fo configurations from a text reading (after Touati 1989). 

Figure 2 shows selected Fo configurations from text reading where some Fo 
characteristics found in read utterances appear as well; default accents are 
expressed by a Fo rise (LH*). Differences in amplitude of Fo rises suggest a 
contrast between minor and major Fo rises. Co-lateral tonal events with LH*L 
representation are also found. A few default accents are neutralized and 
manifestated by a Fo fall HL* (see for ex."'ment" in 2.2). Focal accents are 
expressed by a LH* with two characteristic Fo configurations: a Fo glide or a Fo 
level jump (the level shift occurred during the consonant). 



3 Spontaneous dialogue 
Figures 3 shows Fo configurations from a dialogue between an adult and a child. 
In non turn-tenninal position, the child produces default accents with a typical Fo 
rise (LH*) often followed by a pause. In turn terminal position, this accent is 
realized as a L* preceded by a (0). 
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Figure 3. Fo configurations and their 
intermediary phonological representa
tions in a dialogue between an adult (A) 
and a child (B); waveform (above), Fo 
configuration (centre) and orthographic 
transcription with markers for accentual 
prominence (below). 

Figure 4 shows Fo configurations from an interview. In utterance non-final 
phrase, LH* default accent combined with L initial juncture produces a typical co
lateral tonal event with a LH*L representation as found in read speech; but there 
are cases where the entire triangular Fo movement (LH*L) is aligned with the 
default accented syllable. A similar observation could be made in an utterance fmal 
phrase with a LHL * configuration aligned with the default accented syllable 
instead of the (D) L* aligned with the prosodic phrase. In the case of the 'oui' 
which is a relatively involved affIrmative answer given by speaker B, the default 
accent is realized as a Fo rise (LH*). 
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Figures 4. Fo configurations and 
their intermediary phonological 
representations in an interview; 
waveform (above), Fo configuration 
(centre) and orthographic trans
cription with markers for accentual 
prominence (below). 

Figure 5 illustrates Fo configurations for focal accent taken from a tum section of 
a debate between two political veterans. One veteran produces LH* focal accents 
as a Fo glide or a Fo level jump combined either with a boundary or with a short 
pause; he produces LH* focal accents without or with expanded pitch range as 
well. 
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Figures 5. Fo configurations 
for focal accents and their inter
mediary phonological representa
tions in a section of a turn in a 
political debate; waveform (above), 
Fo configuration (centre) and 
orthographic transcription with 
markers for accentual prominence 
(below). 

The categories for accentual prominence, their auditive transcriptions, their 
intermediary phonological pitch representations and their concrete Fo 
configurations can be summarized in the following way: 

default accent 
on the last syllable of an utterance (a turn) internal phrase: 

['x]=LH* (Fo rise) 
['x]=H*L (Fo fall) 
['x]=LH*L (triangular Fo) 

on the last syllable of an utterance (a turn) [mal phrase: 
['x]= (D) .. L* (Fo fall by down stepping) 
['x]=LH* (Fo rise) 
['x] = LHL * (triangular Fo) 

focal accent 
["x] = LH* (Fo glide or Fo level jump) 

Although our comparison between read and spontaneous speech is still at an 
exploratory stage, we may conclude that rather similar intermediary phonological 
representations of accentual prominence can be found in both speaking styles. It 
reveals, however, some differences; in spontaneous speech, it seems for example 
more usual to combine Fo movements and pauses to express the default 
demarcative accent or to use larger variation in Fo range to produce focal 
prominence. 
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Stability in some Estonian duration 
relations 

Diana Krull 

Sockholm University, Institute of Linguistics, 5-10691 Stockholm 

Introduction 

The use of an acoustic parameter to signal phonemic differences in a 
language can be expected to restrict the speakers' freedom to vary the parame
ter in question. If this is true, the freedom of variation should be particularly 
restricted in a language like Estonian with its unusually elaborate quantity 
system. In particular, duration ratios are important in Estonian for the differ
entiation between the three different quantity degrees (Lehiste, 1970; Fox and 
Lehiste, 1989) . The question is therefore: what happens to such ratios when the 
overall duration of segments in an utterance varies? In a language like, for 
example, Swedish, where vowel quality provides an extra cue to phonological 
length, the difference in duration between long and short vowels diminishes or 
even disappears with the loss of sentence stress (Engstrand, 1986) or as a result 
of temporal compression (Lindblom et aI. , 1981) . In Finnish and Czech, on the 
other hand, where vowel quality differences are much less salient, duration 
differences stay significantly distinct even in unstressed positions (Engstrand, 
op. cit. ) .  

In this investigation, a change in segment durations was achieved by using 
the so called word length effect. That is, the tendency of a given unit to decrease 
in duration with the increasing number of units in a group. The word length 
effect has been demonstrated for several languages (see Lindblom et aI. , 1981 
for an overview) . Eek and Remmel (1974) found a similar effect also in 
Estonian, but with its domain restricted to a rhythmic foot rather than a whole 
word. Before going on to a description of the experiment, however, a sketch of 
the Estonian quantity system may be helpful. In Estonian, initial main stressed 
syllables of polysyllabic words have three distinctive syllabic quantity degrees: 
short, long and overlong. These will be denoted by 01, 02 and 03. Monosyl
labic words can only have the longest quantity, 03. Single segments can also 
have three contrastive quantities. However, syllabic quantity does not corre-
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spond to sums of segmental quantities. Disyllabic words with different quantity 
degree are usually produced with typical duration ratios between the first and 
the second syllable: the ratio for 01 is 2 :3, for 02 2 :3, and for 032 : 1  (see e. g. 
Fox and Lehiste, 1989) . Such ratios provide a sufficient cue for the contrast 
between 01 and 02. To distinguish 03 from 02, the additional cue of the FO 
(pitch) contour is necessary: it is steady or rising in connection with 02, falling 
with 03 (Lehiste, 1970; Fox and Lehiste, 1989) . 

Procedures 

This paper deals with a part of the material included in a larger work (Krull, 
1990; 1991) . Of the seven possible word initial CVC(V) combinations of 
/sat(V) / with different quantity degrees, only three are included here: /sata/, 
/saate/, and /saaat(u) . To these basic words, four to five syllables were added 
step by step, forming, in most cases, semantically meaningful units. Lists were 
prepared with each word appearing five times in isolation and five times in a 
carrier phrase. The words were read by four speakers of standard Estonian, two 
males (PN and SKu) and two females (SN and SKi) . The measurements of the 
segment durations were performed with a real time sonagraph (Kay DSP 5500) 
where a wide band spectrogram and an oscillogram were displayed on the 
screen. The duration of the vowel of the first and second syllable, denoted 
forthwith as VI and V2, was measured. 

Results and discussion 

For each speaker, mean durations of VI and V2 of five readings each, with 
and without carrier phrase, were calculated and plotted against the number of 
syllables in the word. The results showed a decrease in duration with increasing 
word length. The values for VI in the words read in isolation are given in Table 
I, column VI. The presence of a carrier phrase made little or no difference to 
01 and 02 words. Only the overlong segments in 03 words were considerably 
shortened by the presence of the carrier phrase. 

When C is short, the duration of VI and V2 can represent the duration of 
the first and second syllables. Therefore, the VI: V2 ratio could be used to assess 
how well syllabic duration relations within words were preserved. It can be seen 
in Table I, that although there was some irregularity, there was no tendency for 
the durations of the two vowels to become equalized. (The 03 data from 
speaker PN are not included because he prounounced some of words regularly 



as 02. )  The lower ratio sometimes occurring in disyllabic words was probably 
due to a lengthening of V2 in word final position. 

To conclude, the results showed that the phonologically relevant Vl:V2 
ratio remained relatively constant when the segments in question were short
ened with increasing word length. This is in accordance with the assumption 
stated in the Introduction that the freedom of variation could be expected to 
be more restricted in a language like Estonian with its elaborate quantity 
system. Future investigation is planned to assess how word length affects the 
necessary additional cue to 03, the falling FO , 

Acknowledgements 

This work was supported by a grant from HSFR, the Swedish Council for 
Research in the Humanities and Social Siences. 

I wish to thank Olle Engstrand and Bjorn Lindblom for their support, ideas 
and encouragement. I also want to thank lIse Lehiste for valuable comments. 

References 

Eek, A. and Remme� M. (1974). "Context, contacts and duration: two results concerning 
temporal organization", Speech Communication Seminar, Stockholm, August 1-3, 1974, 
187-192. 

Engstrand, o. (1986). "Durational correlates of sentence stress: A cross-language study of 
Swedish, Finnish and Czech", UCLA Working Papers in Phonetics 63. 

Fox, R.A. and Lehiste, I. (1989). "Discriminarion of duration ratios in bisyllabic tokens by native 
English and Estonian listeners",/. Phon. 17,167-174. 

Krull, D. (1990). "The effect of word length on segmental duration ratios in Estonian",JAcoust. 
Soc. Am. 88, Suppl. 1, 6SP16 

Krull, D. (1991). "The effect of word length on duration ratios in Estonian", (Submitted to 
Annales Societatis Litterarnm Estonicae in Svecia, Xl 1988-1991, Stockholm). 

Lehiste, I. (1970). Suprasegmentals. MIT Press, Cambridge, Mass. 

Lindblom, B., Lyberg, B. and Holmgren, K. (1981). "Durational patterns in Swedish phonology", 
Indiana University Linguistics Club, Bloomington, Indiana. 

59 



60 

Table I. Duration of V1 (ms) and duration ratios between V1 and V2 as a function of word 
length. Mean values of fIVe readings of isolated words. V1N2 is given in parentheses when 
V2 is in word final position. 
A. 01 words sada /sata/, sadam, sadama, sadama/e, sadama/egi, sadamakese/e, sa-
damakese/egl 

Speaker Syllables V1 V1N2 Speaker V1 V1N2 

PN 2 102 (.56) SN 97 (.49) 
2 99 .57 91 .54 
3 90 .56 76 .46 
4 90 .60 82 .55 
5 79 .55 76 .50 
6 77 .59 70 .50 
7 76 .57 74 .61 

Sku 2 89 (.52) SKi 111 (.53) 
2 80 .54 122 .69 
3 80 .51 98 .59 
4 66 .46 104 .72 
5 70 .61 112 .89 
6 68 .63 94 .85 
7 67 .66 97 .80 

B. 02 words saade /saate/, saadet, saadete, saadete/e, saadete/egi, saadetisega, saade-
t/segagl 

Speaker Syllables V1 V1N2 Speaker V1 V1N2 

PN 2 176 (1.20) SN 195 (1.26) 
2 169 1.43 171 1.43 
3 144 1.36 159 1.52 
4 144 1.46 148 1.57 
5 141 1.46 145 1.52 
6 140 1.39 138 1.50 

SKu 2 243 (1.37) SKi 247 (1.35) 
2 178 2.13 228 1.78 
3 170 2.20 216 2.14 
4 146 2.02 187 2.33 
5 137 1.97 205 2.11 
6 146 2.18 180 2.28 

C. 03 words saadu /saaatU/, saadus, saaduse, saaduse/e, saaduse/egi 

Speaker Syllables V1 V1N2 Speaker V1 V1N2 

SN 2 284 (2.18) SKu 335 (2.78) 
2 267 2.41 272 2.92 
3 230 2.23 282 3.32 
4 217 2.31 245 2.96 
5 217 2.41 241 2.99 

SKi 2 361 (2.34) 
2 282 2.28 
3 266 3.03 
4 232 2.75 
5 239 3.05 



Variation of speaker and speaking style in 

text-to-speech systems 

* 

Bjorn Granstrom and Lennart Nord 
Dept of Speech Communication & Music Acoustics, Royal Institute of 

Technology, KTH, Box 70014, S-10044 Stockholm, Sweden. 

1 Introduction 

* Names in alphabetic order 

An increasing amount of knowledge concerning the detailed acoustic specifi
cation of speaking styles and of speaker variability is presently accumulating. 
The ultimate test of our descriptions is our ability to successfully synthesize such 
voices (Bladon et al., 1987). A better understanding will also have an impact on 
several applications in speech technology. A systematic account of speech vari
ability helps in creating speaker adaptable speech understanding systems and 
more flexible synthesis schemes. 

Why introduce extralinguistic variation in speech synthesis applications? We 
believe that an appropriate modeling of such aspects will increase both natural
ness and intelligibility of a spoken text. Speaking style variation and the 
speaker's attitude to the spoken message are important aspects to include. How
ever, if the attitude can not be convincingly signalled, it is better to stick to a 
more neutral, even non-personal machine-like synthesis. 

Several applications can be foreseen, e.g. synthesis as a speaking prosthesis 
where the user is able to adjust speaker characteristics and emotional content or 
in translating telephony, where speaker identity ought to be preserved and tone 
of voice aspects also form part of the communication. 

2 New tools 

In the exploration of speaking style and speaker variability we make use of a 
multi-speaker database. In our speech database project we have started to collect 
material from a variety of speakers, including professional as well as untrained 
speakers (Carlson, Granstrom & Nord, 1990). The structure of the database 
makes it possible to extract relevant information by simple search procedures. It 
is thus easy to retrieve information on the acoustic realization of a linguistic unit 
in a specified context. Earlier studies have concentrated on linguistic structures 
rather than extralinguistic descriptions. 

We aim at explicit descriptions that are possible to test in the framework of a 
text-to-speech system (Carlson, Granstrom & Hunnicutt, 1990). A recent version 
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of the speech production model of the synthesis system includes a variable voice 
source and a more complex modelling of the vocal tract (Carlson, Granstrom & 
Karlsson, 1990). This synthesis model gives us new possibilities to model both 
different speakers and speaking styles in finer detail. The necessary background 
knowledge, however, is in many respects rudimentary. 

FO and duration have an undisputable effect on prosodics but the role of intensity 
has been less clear. This has resulted in an emphasis on the former attributes in 
current speech synthesis schemes. In a study to be published elsewhere 
(Granstrom & Nord, 1991a) we have explored the use of speech intensity and 
also other segmental correlates of prosody. Intensity has a dynamic aspect, dis
criminating emphasized and reduced stretches of speech. A more global aspect 
of intensity must be controlled when we try to model different speaking styles. 
Specifically, we have been trying to model the continuum from soft to loud 
speech. Also a set of sentences was designed with sub-phrases inserted in the 
middle of the sentence. These were read with different degrees of withheld qual
ity and analysed. In this paper we will show another example of analysis-syn
thesis applied on emotive speech. 

3 Acoustics of emotions 

In acoustic phonetic research most studies deal with function and realization of 
linguistic elements. With a few exceptions, e.g. Williams & Stevens (1972) and 
Scherer (1989), the acoustics of emotions have not been extensively studied. 
Rather, studies have dealt with the task of identifying extralinguistic dimensions 
qualitatively and sometimes also quantify these, e.g. by using scaling methods. 
Spontaneous speech has been used as well as read speech with simulated emo
tional expressions. 

An interesting alternative to perceptual evaluation of human speech is to ask the 
listener to adjust presented stimuli to some internal reference, such as joy, anger 
etc. This is typically done by using synthetic speech, which cannot be too poor in 
quality if emotions should be conveyed. Recent experiments using DECtalk has 
been reported by Cahn (1990). 

The amount of interaction between the emotive speech and the linguistic content 
of a sentence is difficult to ascertain, but has to be taken into account. It is not 
easy to define a speech corpus that is neutral in the sense that any emotion could 
be used on th<=?o sentences. Also some sex related differences might be observed. 
In a study by Oster & Risberg (1986), female joy and fear were more easily con
fused than for male voices, where instead joy and anger were more often con
fused by young listener groups. Also concepts like joy, anger etc. can be ex
pressed very differently and a unique perceptual - acoustic mapping is probably 
not possible. 

Note that the voice does not always give away the complete speaker attitude. It is 
often observed that misinterpretation of emotions occurs if the listener is per-



ceiving the speech signal without reference to visual cues. Depending on the 
contextual references it is thus easy to confuse anger with joy, fright with sor
row, etc. 

4 Preliminary experiments with speaker attitudes 

We have analysed readings by two actors who were portraying different emo
tions by reading a fixed set of sentences in different ways: with anger, joy, fear, 
sadness, surprise and also in a neutral tone of voice. Examples of this analysis 
¥e given in Granstrom & Nord (1991b). (The same material previously used by 
Oster & Risberg, 1986). For some of the sentences it was obvious that the two 
actors made use of a number of extra factors such as sighs, voice breaks and 
jitter, lip smacks, etc, which often contributed in a decisive way to the intended 
emotion. This means that a standard acoustic analysis of produced sentences 
with different emotional content, in terms of e.g. duration, intensity and pitch, 
does not discriminate between emotions, if the speaker relies heavily on non
phonetic cues in the production. 

Another point of departure is to investigate some acoustic correlates of emotion 
by using speech synthesis. Different analysis-by-synthesis techniques show great 
promise in deriving data for the synthesis of different voices, styles and emo
tions. Specifically, we investigated an interactive production paradigm. We 
asked subjects to sit at a computer terminal and change the horizontal (X) and 
vertical (Y) position of a point within a square on the screen by means of a 
mouse. The X and Y values can be used in a set of synthesis rules, changing dif
ferent aspects of the voice. In this way we set up a number of rules that changed 
pitch deviations, intensity dynamics or voice source parameters of a synthesized 
sentence. The subjects were asked to try different combinations of these para
meters by moving the mouse and reporting on the impression that the synthetic 
sentence made on them in terms of emotional content. 

VOICE BREAK 

WORRIED 

HAPPy 

OPTIMISTIC 

NEUTRAL 

THREATENING CAUTION 

ANGRY 

UNNATURAL INDIFFERENT 

CONTENT 

SELF-ASSERTIVE 

SURE DETERMINED 

DISAPPOINTED 

COMPLIANT 

Figure 1. Example of free verbal responses in a speech synthesis production ex
periment with four subjects. See text for tested dimensions. 
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In Figure 1, a result from such an experiment is shown. The X dimension corre
sponds to the slope of the declination line where a low coordinate value, (left), 
corresponds to a rising contour and a high value, (right), corresponds to a falling 
contour, with the midpoint in the sentence kept at a constant pitch value. The Y 
dimension is the pitch dynamics, where the low end corresponds to small pitch 
movements and the top to l¥ger local pitch excursions. The tested sentence was 
one used in the Risberg & Oster study "Dom kommer pii torsdag" (they will ar
rive on Thursday), i.e. a linguistically quite neutral statement. Obviously, the 
variations suggest several different attitudes to our listeners. The task appeared 
quite manageable to the subjects, who responded with a fair degree of consis
tency. We are pursuing this line of experiments further including also voice 
source variations. 

5 Final remarks 

In this contribution we have indicated some ways of exploring speaker charac
teristics and speaking style using the speech database and synthesis environment 
at KTH. The work is still at a very preliminary stage. The presented example 
from emotive speech suggests that the described technique is useful also for 
other speech dimensions. Future applications of the gained knowledge are to be 
found in next generation speech synthesis and speech understanding systems. 
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CHILD ADJUSTED SPEECH; REMARKS 

ON THE SWEDISH TONAL WORD ACCENT 

Ulla Sundberg 

Institute of Linguistics, Stockholm University, S-106 91 Stockholm 

A huge body of evidence verifies the adjustments talkers make when ad
dressing infants and children, often referred to as Baby Talk or motherese. 
Adjustments are generally made at several linguistic levels ie prosodic (higher 
pitch, greater pitch excursions over a phrase), lexical ( special word forms 
including hypocoristics), syntactic complexity ( shorter utterances, fewer 
embedded clauses ie), semantic ( restriction to topics in the child's world), 
redundancy ( more repetitions ), ( Snow, 1977, Kaye 1980 ). 

All these adjustments make this speech style a very special one. It is natural 
to then ask what properties in the language remain constant or unaffected in 
this special speech register. What constraints does the phonological system of 
a language have on this speech style? For example, how does the child adjusted 
speech style affect the tonal structure of grave accent or accent 2? Words with 
grave accent are characterized by a primary stressed syllable followed by a 
secondary stressed syllable. The fundamental frequency correlate is a HIGH
LOW sequence of the primary stressed syllable, and when the word has 
sentence-stress or focus, a second HIGH occurs at the secondary stressed 
syllable. (Bruce, 1977, Engstrand 1989). This characteristic two-peaked FO 
contour is very common in Swedish; most disyllabic and polysyllabic and 
especially compounds have this grave accent. In a study with grave accent 
words in spontaneous speech, Engstrand,(1989), found that the falling FO 
contour in the primary stressed syllable was a very robust grave accent feature, 
and that it was frequently followed by a rise in the secondary stressed syllable. 
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If the FO fall is a robust grave accent feature in adult directed spontaneous 
speech, one could wonder if infants produce these grave-like pitch patterns in 
their vocalizations/babbling. In a cross linguistic study Engstrand et al (1991) 
analyzed vocalizations by Swedish and American English infants at the age of 
17 months when their vocabulary contained approx. 50 words. The results were 
very interesting as they showed the infants using a different kind of strategy in 
their grave-like approximations. The Rise parameter (corresponding to the 
adult- produced second HIGH at the secondary stressed syllable) differed 
significantly between the language groups.In the childrens' vocalizations, that 
were judged to be representations towards words with grave accent in adult 
language, the cue signaling grave accent seemed to be the FO Rise in the 
secondary stressed syllable. 

The authors discuss whether this finding is related to the Rise and Fall 
parameter characteristics being different in child adjusted speech in comparison 
to adult directed speech. They point out that speech addressed to infants often 
is exaggerated in stress and that the Rise part in words with grave word accent 
is sensitive to stress. If the infants behave unexpectedly in this matter, what does 
their input look like? Does the grave word accent in child adjusted speech 
conform with data from adult directed speech and show the same consistency? 
If not, what are the differences and do they conform with the infant production 
data? The present study is undertaken to elucidate these questions. 

Two Swedish mothers were recorded four to six times in a sound proof room 
while engaged in interaction with their infants. The infants ages ranged from 
three to five months. The mothers were instructed to use some toys and play 
with their infants the way they normally do at home. After approx. five minutes 
a male colleague or myself entered the room and talked to the mother in an 
informal conversation. We tried to talk about what had just been said or 
happened the previous minutes in order to elicitate speech samples containing 
similar linguistic content. We aimed at obtaining the words with grave accent 
addressed both to the infant and to the adult respectively. The analyzing 
criterion used in the cross linguistic study above will be used in order to obtain 
compatible data. 

Preliminary results will be presented at the symposium. 



REFERENCES 

Bruce, G. (1977), "Swedish word accents in sentence perspective", Travaux de I'institute de 
linguistique de Lund 12, Lund: Gleerup 

Engstrand, o. (1989), "FO correlates of tonal word accents in spontaneous speech: range and 
systematicity of variation", PERILUS X, 1-12. 

Engstrand, 0., Williams, K. and Stromqvist, S. (1991), PERILUS XIL 

Kaye, K., (1980), ''Why we don't talk 'baby talk' tobabies", Journal of Child Language 7, 
489-507. 

Snow, C.E., (1977),"Mothers'speech research: from input to interaction", in C.E. Snow and 
C.A. Ferguson (Eds) Talking to children: Language Input and Acquisition, Cambridge 
University Press, Cambridge. 

67 



68 



Motivated Deictic Forms in Early Language 
Acquisition 

Sarah Williams, Department of English, Stockholm University 

1 Introduction 

Idal is an element that occurs crosslinguistically in early language acquisition 
and appears to have a deictic function (cf Oark, 1978). In a recent doctoral 
dissertation (Williams, 1991), the existence of an early motivated deictic system 
was suggested, in which Idal and variations of Idal are inherently linked to the 
action of pointing and touching, on the one hand, and correspond to the feature 
+1- contact on the other. It was suggested that this takes place through the 
agency of cross-modal transfer (cfMeltzoff, 1986); pointing with the forefmger 
is reflected in an apico-alveolar movement resulting in the production of [d] 
and its cooccurrence with pointing, whilst the stretching of the arm involved in 
pointing to more distal objects is reflected in a larger oral cavity, resulting in 
the production of [a] (through to [£]- proximal), and the cooccurrence of these 
sounds with the features -proximal, +proximal, respectively. 

In order to study this hypothesis using the data available, the phonetic varia
tions of ldaJ produced by a very young bilingual child were studied in conjunc
tion with the kind of actions these accompanied. 

2 Method 

The study carried out was an empirical one, based on data from one child, taken 
from the DUFDE project, Hamburg University (Director, 1.M.Meisel). A 
one-hour video-recording was made of the child under study every fortnight, 
30 minutes of this being interaction with a French-speaking partner, 30 minutes 
with a German-speaking partner. For technical details see Meisel (1990). The 
age of the child during the period studied was ca 1 ;4-2;6. The study was based 
on a data corpus representing 26 hours of video-recordings and comprising a 
total of 7,096 utterances. 

Each utterance was coded several times for different features. What is here of 
relevance is that utterances comprising or containing a ldaJ element were 
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transcribed phonetically and coded for the feature +1- contact and +I-interac
tion. The fonner referred to whether the child had physical contact with the 
object involved in her actions or not, and the latter to whether or not the child 
appeared to be expecting some kind of response from the partner. 

3 ResuHs \ 

Ida! or variations of Ida! tended generally to occur more with pointing actions 
than did non-Ida! elements, and showed an initially strong but gradually 
declining -interaction tendency. Also, it was found that vocalic variations of 
Ida! showed a relationship to the feature +1- contact; in both a French and a 
Gennan context, [dE] was initially used relatively more than [da] or [do] when 
the feature +contact was present, a phenomenon which diminished with age. 
Towards the end of the period studied, Ida! and its variations showed a low 
level of occurrence in the French context, and the relationship between Idel and 
Ida!, and +I-contact respectively became less clear in the Gennan context. Also, 
it could be shown that the pattern of occurrence of Ida! in both language 
contexts was similar up to ca 1;9, after which point the patterns of its occurrence 
diverged in French and Gennan contexts. 

4 Discussion 

Although the possibility of the data being idiosyncratic cannot be ruled out due 
to the fact that this study was carried out on one child only, these results are, 
however, supported by fmdings from other studies. Apart from the general 
documentation in the literature of Ida! as being some kind of deictic element, 
vocalic variations of it have also been found elsewhere to have a +1- proximity 
function (Carter, 1979). The tendency for Ida! elements in this to occur initially 
with the feature -interaction in conjunciton with the fact that language differ
entiation here first appears to take place somewhat later, from 1;9 onwards, 
indicates that the use of Ida! elements is not strongly influenced by the input, if 
at all. This, together with the fact that Ida! elements occur in early utterance 
across languages would suggest that this may be some kind of universal. 

The early motivation of phonetic forms, then, in this case, deictic, may provide 
some kind of transition between early phonetic practice and the beginnings of 
referential language. This may also shed some light on the peripheral but 
persistent occurrence of sound symbolism in adult language; if the mechanism 
of crossmodal transfer exists as a bridge to the acquisition of language, there is 
no reason to suppose that it disappears entirely once it has fulfllled its function, 
so to speak, even though it may later be regarded as redundant. 
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Cluster production at grammatical 
boundaries by Swedish children: 

some preliminary observations 

1 Introduction 

Peter Czigler 
Department of Phonetics 

University of Umea 

The present investigation examines phonological processes affecting clusters of 
six and seven consonants that span grammatical boundaries in the speech of 
Swedish children. Concerning the developmental aspect of consonant sequences, 
certain modifications have been observed in children's speech, especially re
duction and splitting of consonant clusters (Kornfeld, 1971; Menyuk & Klatt, 
1968). The treatment of consonant clusters in the speech of Swedish children has 
been described by Linell & Jennische (1980). Eneskar (1976) showed that word
initial consonant clusters (WIC) are more often correctly pronounced than word
final consonant clusters (WFC) by 4 and 6-year-old Swedish children. Children's 
difficulties with the timing and motor control of separate articulatory gestures in 
complex clusters are also well documented (Gilbert & Johnson, 1978; Gilbert & 
Purves, 1977; Hawkins, 1973; Ohala, 1970). These investigations all have child
ren's production of consonant clusters in single words as their objects. 

In Swedish, WIC's may contain up to three consonants and WFC's seven conso
nants at a maximum. However, reduction of clusters of three or more consonants 
at morpheme and word boundaries is common. In effect, such reductions are part 
of the pronunciation rules for Swedish though the extent to which they occur de
pends on the style of speech and especially on speech rate (Elert, 1989; Eliasson, 
1986). It has also been pointed out that such reductions work on WFC's, while 
WIC's remain intact (Gro-ding, 1974). According to Gro-ding (1974), WFC's have 
less information value than WIC's; WFC's often consist of more than one mor
pheme, whereas WIC's constitute part of one morpheme; and, in addition, in 
WFC's the articulation moves towards a neutral position, while the consonants of 
WIC's are coarticulated with the following vowel. 

In the light of (a) children's difficulties with the production of consonant sequen
ces; (b) the complexity of consonant sequences at grammatical boundaries, when 
WFC is followed by WIC; (c) the reductions in informal speech (by adults) of 
three-member or longer consonant clusters that span grammatical boundaries, the 
following questions have been actualized: (1) do Swedish children, mastering 
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complex clusters in single words, apply adult-like reductions when they produce 
clusters at grammatical boundaries? (2) Are there any other phonological pro
cesses working when Swedish children pronounce such clusters? (3) To what ex
tent do these processes work in WFC's and WIC's respectively? (4) Regarding 
the occurrence of adult-like reductions and other phonological processes, are there 
any differences between younger and older children ? 

2 Material 

Six normal children (4-9 year-old), and two adults (for reference) served as sub
jects for the experiment. All subjects were native speakers of Swedish. Before the 
experiment, the children were examined briefly to ensure that they would not have 
developmental difficulties with the production of consonant clusters in single 
words. The material consisted of twelve nominal phrases (NP), elicited by pic
tures. Each NP included an adjective with a WFC of three or four consonants 
(dansk+(t), finsk+(t), svensk+(t) , followed by a noun with WIC of three conso
nants (skratt, skrot, skruv, strut). The subjects uttered before the NP's a carrier 
phrase "It is a . . .  " or "I see a . . .  ". The recordings of all test sessions were 
transcribed phonetically .. 

3 Results and Discussion 

All six or seven consonants in the clusters of the present corpus were pronounced 
by the adult subjects, and in most cases by the older (9-year-old) children. The 
phonological and other processes, which characterize the productions of the 
younger, and to some extent even the older children, will be presented in the 
following order: processes which are working in the WFC (3.1); processes which 
occur between the WFC and the WIC (that is at grammatical boundaries) (3.2); 
processes which are working in the WIC (3.3). 

3.1 Processes working in the word-final clusters 

Deletions. The 9-year-old children showed certain tendencies to reduce the num
ber of consonants from seven to six, by deletion of Ik/ (svenskt skratt---+ 
[svenstskratD. This kind of deletion seems to correspond to the reductions of 
WFC, which are plentiful in informal speech in Swedish (Elert, 1989). In the pre
sent investigation, the adult subjects did not reduce the consonant clusters. It is 
therefore an open question whether the older children's reductions are to be regar
ded as a manifestation of their acquired pronunciation rules, or should be seen as a 
consequence of their more or less limited ability to master the long and complex 
consonant clusters. The younger children (age 4-7) showed only a limited 
occurrence of /k/-deletion, but on the other hand they tended to reduce the number 
of consonants by deletion of Itl (danskt skratt ---+ [dansksratD. More or less 
consistent deletions of It! in WFC in the present corpus would give evidence of an 
insufficient grammatical ability (inadequate agreement). However, the children in 
this investigation were judged as having well-acquired use of agreement. 



Consequently, it would be worthwhile to examine the possible reasons for the 
differences between the younger and older children's deletions. 

Other processes. In some cases the consonant sequence after /s/ in the word-final 
cluster was deleted by the younger children (age 4-7), and the /s/ was elongated, 
probably as a result of fusion between the word-final and the word-initial /s/ 
(danskt skratt ---+ [dans:krat]). In some other cases, when word-final /t/ was 
deleted, an /s/ was added after the /k/ (danskt skratt ---+ [dansks # skrat]) . 
Furthermore, a few cases of sequence reduplication were observed in the speech 
of the children, irrespective of age (svenskt skratt ---+ [svenststskrat]). These pro
cesses should be regarded as clear manifestations of children's lack of timing 
control and their inability to apply the appropriate segmenting rules. 

3.2 Processes at word boundaries 

Pauses with or without inspiration at the word boundaries were common in the 
speech of the younger children (age 4-7). For example: danskt skratt ---+ [danskt # 
skrat]; finskt skrot ---+ [finskt #i skru:t] ([#i] = pause with audible inspiration). 
When pauses occurred, the WFC and the WIC were almost always pronounced 
without reduction. According to Linell & Jennische (1980), children have trouble 
coordinating breathing and articulation, so they can make a break anywhere in all 
utterances. On the other hand, the breaks with or without inspiration observed 
here, only occurred at word boundaries, and therefore should be regarded as 
temporal demarcations between the words, or between the consonant clusters. The 
breaks therefore seem to reflect the lack of timing control. 

Only one of the children (age 7) inserted a schwa-vowel between the WFC and the 
WIC. This occcurred only in a few cases (svenskt skrot ---+ [svensk�skru:t]). 
Since vowel insertion has been observed in a number of studies (e. g. Kornfeld, 
1971; Menyuk & Klatt, 1968; Linell & Jennische, 1980), their surprisingly rare 
occurrence in the present material raises questions about the compatibility of the 
present study and others. 

3.3 Processes working in the word-initial clusters 

Simplification of the WIC occurred in a few cases. Both the older and the younger 
children deleted the stop in the WIC. For example: danskt skrot ---+ [danstsru:t]. 
Furthermore, the youngest child (age 4) deleted both the stop and the preceding /s/ 
(finsk strut ---+ [finskni:t]). In case of such "speech errors" the child corrected 
himself, and the utterance was repeated two or three times to be "correct" with 
regard to the WIC. On the other hand, the child did not correct himself when he 
pronouncedfinsk skruv ---+ [finskni:v]. This pronunciation seems to correspond to 
adult-like reductions, or haplology (Elert, 1989; Eliasson, 1986). 
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4 Summary 

The present investigation shows that the Swedish children (age 4-9) in this 
investigation seem to have adult-like reductions of consonant clusters at grammati
cal boundaries. On the other hand it cannot be unequivocally decided whether the 
children's reductions should be regarded as acquired ability to apply the 
appropriate pronunciation rules, or seen as a consequence of the children's 
difficulties with the timing and motor control of individual articulatory gestures in 
complex clusters. 

The WFC's are more likely to be reduced, or are more sensitive to other proces
ses, than the WIC's. Processes working in the WIC's occur more often in the 
speech of the younger children. 

These preliminary observations raise some interesting questions regarding the 
structural similarities and differences between WFC's and WIC's, and regarding 
similarities and differences between children's acquisition of WFC's and WIC's 
respectively. Further investigations with phonological, acoustical and 
physiological analyses are planned, to illuminate children's acquisition and 
production of consonant clusters in Swedish. 
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INFANT SPEECH PERCEPTION STUDIES 
Reflections on theoretical implications 

Abstract 

Francisco Lacerda 
Institute of Linguistics 
Stockholm University 

The paper will present a short review of aspects of speech perception that are 

part of the theorectical background for our infant speech perception project, 
carried out at the Institute of Linguistics of Stockholm University. The project's 
main goal is to gather empirical data on the infant's speech perception capabilities 
and study how those capabilities evolve during the infants' fIrst year of life. 

The data collection phase of our fIrst systematic infant speech perception study 
is now being concluded. The results will be reported in the oral presentation and 
published in a forthcoming PERILUS progress report which will also be available 
at the symposium. 
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Reading and writing processes in children 
with Down syndrome - a research project. 

Ir{me Johansson 
Departement of Psychology and Education 
University of Karlstad 

To be unable to read and write is a serious handicap that prevents the individual 
to fully participate in society. However, in spite of schooling of considerable 
duration, even today in Sweden many adults are excluded from written 
information and communication. 

Among those with reading and writing handicaps are the mentally retarded 
persons - about 40 000 people in Sweden. However, this subgroup of the 
Swedish population has been offered changed and more advanced conditions of 
life during the last decades due to a political ambition to have mentally disabled 
persons to participate in socitey according to their abilities. This means, among 
other things, that the mentally retarded children are to be offered teaching in 
reading and writing in school. 

The knowledge of the state and course of reading aquisition in mentally retarded 
children is, however, very rudimentary. According to this lack of knowledge, the 
teaching of reading in many schools is adapted to normality in learning and 
development and the success of teaching is not very great. 

The necessity of descriptive and experimental linguistic research in mentally 
retarded children is huge. In order to provide successful teaching we have to 
know in what general and specific ways the reading development of mentally 
retarded children differ from the normal development. We have to know about 
inter- and intraindivual differences and the origins of these differences. 

On the basis of studies of normal reading aquisition, it is well known that many 
variables may interfere with reading aqcuisition. One of the most crucial 
questions is to decide which variables are independent and which are 
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dependent and which are the unknown "third" variables. E.g do sex, age, social 
and cultural background or emotional and motivational state mean the same thing 
to reading development of children with mental retardation and of normally 
talented children? 

However, I think the far most important question is the following one: What is 
mental retardation and what kinds of interferences are uniquall y dependent on 
mental retardation? 

My own research is guided by a hypothesis that states that an individual is 
mentally retarded if he or she does not manage to cope with the expectancies and 
attitudes of other people. Mental retardation is, then, a problem of relationships 
between the individual and other human beings. This hypothesis also states that 
an indivdual becomes mentally retarded due to malfunctions of the information 
system, of the representational and memory systems or of the acting system. 

I would like to mention some variables in mental retardation that may interfere 
with reading acquisition. 

The first step in learning is the processing of information which includes general 
and specific perceptual and cognitive factors but also emotional and motivational 
factors. Mentally retarded children may be disabled to selectively choose among 
linguistic and other kinds of stimuli in a proper way due to deficits in attention, 
discrimination and identification processes. For many children it is harder to 
attend to, to discriminate and to identify auditory than visual and tactual 
information. Even the thresholds of stimuli may be different, some kinds of 
stimuli have to be much more intense but other kinds of stimuli may have to be 
less intense than normally to evoke a response. 

Mentally retarded children may be disabled to categorize, to generalize, to 
sequentiate, to integrate, to code, to organize these codes for saving in memory 
and to recognize or recall linguistic information in a proper way. The character 
of these problems may be different on different occasions and times and this 
seems to be related to the actual motivational and emotional state of the child. 



Reading acquisition requires also a system for acting. This system includes the 
planning and the execution of motor activities. Hypotonia, hypertonia, 
hypermobility of the joints, low strength of the muscles, ataxi and dyspraxi are 
just a few common words associated to the motor performance of mentally 
retarded children. All these words indicate that mentally retarded children , also 
those without obvious motor handicaps, have motor problems. 

Normally talented children are very active in learning. They find their own way 
of learning and they seem to be guided by implicit hypothesis about their own 
capacities. On their own initiative and desire they practise the new learning tasks 
and on their own they discover and correct failures. 

Children with normal development search for knowledge but many mentally 
retarded children have acquired the strategy of learned helplessness and cognitive 
avoidence. These strategies tell the child to be passive, without initiative and 
dependent upon other people and they seem to be more motivated to avoid failure 
than to achieve success. 

This cognitive machinery just outlined, varies in effeciency due to superordinate 
mental factors e g mental speed. In the normally talented person perception, 
representation, memory and the planning of the motor answer have a certain 
duration that fits other peoples expectations. In the mentally retarded person the 
mental speed is much slower. 

This is the back-ground to the research project "Reading and writing processes 
in children with Down syndrome". The project started in september 1990 and it 
is divided into a descriptive, an experimental and an explanatory part. 

The aim of the descriptive part of the project is to describe the present reading 
and writing compence of children with Down syndrome , ages 8-10 years. 

The aim of the experimental part of the project is to try an alternative 
methodology in teaching reading and writing to children with Down syndrome. 
The experimental group of children are choosen among children that during their 
pre-school period took part of the project "Early language intervention in 
children with Down syndrome" (Johansson, 1990a). This programme was focused 
on general language development, auditory and visual perception and fine-motor 
ability. Thus, the prereading skills of the experimental children have been 
stimulated in a systematically way (Johansson,1988, 1990b). E g the programme 

81 



82 

comprised tasks to identify and to discriminate sound-patterns (prosodic and 
segmental cues) important to the Swedish language on levels of the word and of 
the syllable, to discriminate minimal pairs on the level of segments, to categorize 
forms (geometrical, letters), to discriminate and understand pictures (drawings 
and word-pictures), to recognize the direction of reading and to realize the 
grapheme-phoneme correspondence. 

The aim of the third part of the project is to test some hypotheses of connections 
with reading acquisition and aspects of language development. 
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Velum and Epiglottis behaviour during the 
production of Arabic pharyngeals and 

laryngeals: a fiberscopic study. 

Ahmed M Elgendy, Institute of Linguistics, Stockholm University. 

1. Introduction 
The languages of the world which utilize the pharynx to produce speech sounds 
are very few. Arabic has three pairs of obstruents articulated in the back cavity 
of the vocal tract: / II , X / in which the back of the tongue is in contact with the 
uvula constricting the upper region of the oropharynx; / �, 1'l / which have a 
major constriction in the laryngeopharynx area, more inferior at the level of 
the second cervical vertebrae; and two laryngeals / ? , h /. The mechanism 
underlying the production of pharyngeal segments is yet poorly understood. 
The production of / � / or / 1'l /, for instance, is claimed to be attained merely 
by pulling the dorsum of the tongue toward the back wall of the pharynx. 
However, that does not explain why the non-native speakers produce / ? / or /x! 
when they intend / � / or / 1'l/ respectevilly. 

In addition, there is another set of speech sounds articulated in the front 
cavity viz. / z , s ,  d ,  t / which can be pharyngealized. The feature of pharyn
gealization is achieved by depressing the blade of the tongue downward and 
pulling its dorsum backward to approach the posterior pharyngeal wall result
ing in a larger front cavity due to the concavity of the blade of the tongue and 
a narrower back cavity due to the retraction of the tongue body. This class of 
sounds known in the literature as the emphatic sounds of Arabic / z, s, d, t /. 
The emphatic segment spreads its phonetic information to the adjacent seg
ments (regardless of the syllabic boundaries) in both directions, i.e. anticipatory 
and carry-over co articulation. Furthermore a plain pharyngeal segment can 
occur in emphatic environment e.g. / � ce: z / vs. / fa: Z/, (cf. [1]). 

2. Motivation 
There are several observations which point out the possible interaction between 
the laryngeal, pharyngeal and nasal articulation: 
1) A pharyngeal consonant can be phonetically developed under a certain 
process of time to a nasal sound. This process of sound change seems to be 
passed through two different stages: flrst the pharyngeal segment is substituted 
for a laryngeal / ? / or / h /, then in a later period of time the consonant induces 
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nasalization on the following vowel which further decomposes into "vowel + 

nasal consonant". Moreover, it was found that the vowels are nasalized after 
lower pharyngeals I Cj , h I but not after upper pharyngeals I II ,x I, [4] . 
2) Children with cleft palate tend to compensate for the inefficiency of produc
ing speech sounds articulated in the oral cavity , (e.g. I s ,  v, t , k I) by sounds 
articulated in the pharynx and lor the larynx, [2] [6]. 
3) One of the most common speech disorders among the Egyptian patients of 
dyslalia is known as "pharyngeal sigmatism". The patient tends to substitute 
the oral-dental I s I by a defected nasalalized, pharyngealized (emphatic) [3']([3]). 
These observations may lead to the following question: What could be the 
common factor (if any) between laryngeal, pharyngeal and nasal articulation? 
It can be hypothesized that the velic movements will be correlated with the point 
of constriction along the pharynx and its distance from the glottis since it has 
been reported that the velum has a higher position for high vowels than that 
for low vowels [5]. In addition it has been demonstrated that the mandible is 
assigned various degrees of elevation depending on the constriction location in 
the pharynx, e.g. I Cj I requires more lower-jaw displacement than that required 
for I II I and for I hI [1]. 

It seems that pulling the back of the tongue against the posterior wall of the 
pharynx is not enough to produce a pharyngeal segment, one possibility is that 
activity of the hyoid bone, larynx or the epiglottis cartiladge is envolved in such 
mechanism. It can be assumed, a priori, that the movement of the velum is 
coordinated with that of the jaw, tongue, epiglottis and the larynx since the 
activity of these articulators will effect the amount of the acoustic impedance 
in the vocal tract and will determine the degree of the nasal-oral coupling. The 
present study was intended to investigate the dynamics of the velum and the 
epiglottis during the production of a set of speech sounds which occur in the 
back cavity of the vocal tract. 

3. Experimental procedures 
The dynamics of the velopharyngeal port as well as the behaviour of the 
epiglottis during the production of various pharyngeal segments were moni
tored using a wide-angle, Rhino-Iaryngo fiberscope. The tip of the tube, was 
inserted through the nose of the subject and was pushed through the inferior 
nasal meatus and it was clamped at the nostril when it reached a position where 
the field of the scope displayed both levels of maximal elevation of the velum 
(e.g. during I s I production) and the lowest possible position (during rest 
position). Various levels of velar height were measured along the axes connect
ing these two points. The second point of observation was just above the top 
edge of the epiglottis. This position made it possible to observe the glottis, 
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epiglottis and the lateral walls of the laryngeopharynx. Nine Egyptian male 
speakers were asked to read a total of 92 words representing various types of 
pharyngeal, laryngeal and nasal articulation in the vicinity of three vowel 
environments i.e. Ii, u, re I. A video camera with a Hi-Fi microphone was 
connected to the distal end of the fiberscope. The material was recorded on 
several professional video tapes. A "timer clock" shows the hours, minutes, 
seconds and every hundredth of a second were recorded on the video films for 
synchronization purpose. The audio channel was divided into 60 second-long 
intervals using a "pip" signal and was then digitalized and stored in the memory 
of a computer for further spectrographic analysis and segmentation. A frame
by-frame inspection was made on the films using a "motion picture analyser", 
and points of velar height and lateral pharyngeal wall displacements were 
measured and ploted on arbitrary scale 

4 Results and Discussion 
Data inspection revealed that I � , 1'1 , h  I are produced with an open 

velopharyngeal port in the non-nasal context. The degree of velar height varies 
as a function of the phonetic context and the point of the constriction located 
in the pharynx and it reflects inter-speaker variability. The emphatic con
sonants did not show any significant effect on the velic opening than that 
displayed during the non-emphatic articulation. 
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Velar Height during various articulation in the vicinity of the vowels Iii=: and !'i!Ei '///' for speaker MH. 

Further inspection of the data showed that the epiglottis is active and moves 
independentlly from the tongue during the production of those segments which 
have a major constriction located in the inferior region of the pharynx, i.e. I �, 

1'1 I, and to a lesser extent for I II, X I. For instance during I � I, the epiglottis leans 
on the top of the arytenoid cartilages leaving a narrow passage between the 
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edge of the epiglottis and the posterior pharyngeal wall for the air to escape. 
The interesting fmding was that the lateral pharyngeal walls displayed a 
substantial mesial displacement concomitant with the tilting of the epiglottis. 
Furthermore, the arytenoides were observed to move anteriorlly, hence, relax
ing the vocal folds, which might explaine why / Cj / is characterized by a 
markedlly low FO. During / h / the vocal folds were brought together at the 
posterior angle and wide apart at the anterior base, the resulatnt shape was 
more like an equilateral triangle. The shape the glottis assumed during /Cj , h / 

indicates that a major constriction occurs in the larynx itself. It can be argued 
that the possible interaction between the nasal, pharyngeal and laryngeal 
articulation is conditioned by both areodynamic and mechanical constraints. 

Based on the fmding obtained from the present experiment, it can be 
suggested that segments which have constriction at inferior regions in the 
pharynx will have more amount of nasal coupling than those at superior 
regions, accordinglly, they may reflect greater amount of nasalization. 
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ANALYSING GESTURES FROM X-RAY MOTION FILMS OF SPEECH 

Sidney A. J. Wood 
Universities of Lund and Umes 
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This presentation discusses the methodology and feasibility of analysing indMduai component 
gestures from cinefluorographic films of speech. Coarticulation research has traditionally been 
concerned with topics like how far ahead a phoneme may be initiated, how long it may be kept 
going, what and where its boundaries are, and In what sense slmuttaneous phonemes are serially 
ordered, all of which imply that articulatory and acoustic attributes can be singled out, delimited, 
identified and assigned to their respective phonemes. The identification of many gestures is 
obvious from the traditional phonological feature specifications of the phonemes they express 
(bilabiality for Ibl, a coronal gesture for It) etc.) although there are instances where assignments 
may be ambiguous. Furthermore, x-ray data on vowel production is confusing in terms of the 
classical vowel articulation model (Wood, 1987); for the present work, four tongue gestures are 

recognised for vowels - palatal, palatovelar, pharyngovelar (uvular) and low pharyngeal (Wood, 
1979). Other gestures have less obvious functions, for example larynx depression during rounded 
vowels (model experiments reported in Wood, 1986, demonstrated that lip rounding would disturb 
spectral sensitivity to lingual articulation, but that simUltaneous larynx depression maintains this 
sensitivity to that pertaining before rounding, so that spectra of both rounded and unrounded 
vowels respond similarly to similar tongue gestures). A puzzling gesture reported in Wood (1991) 
was a continuous tongue root movement into the pharynx during apical(sJ by a Swedish speaker; 
a similar gesture was also observed during apical stops by another Swedish speaker and by an 

Arabic speaker (Wood 1975) . Theories of motor control must also account for the presence and 
timing of gestures like this, and we need to recognise and understand them. 
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SOME CROSS LANGUAGE ASPECTS OF 

CO-ARTICULATION 

ABSTRACT 

Robert MeA/lister and Olle Engstrand 
Institute of Linguistics Stockholm, Sweden 

The work reported in this paper concerns som temporal aspects of vowel 
dynamics in English, French and Swedish. The language specific auditory 
effects of dynamic complexity and direction of tongue movement are starting 
points for a study of VCV sequences in these three languages using dynamic 
electropalatography. Tongue movement is compared between the three lan
guages. Results support the assumtion that differences in auditory impressions 
of vowels in Swedish and English are dependent on differences in the timing 
of similar articulatory events whereas French seems to employ quite different 
articulatory strategies. 

1. Introduction 

This paper is a brief progress report on research activities in connection with 
the ACCOR project (Articulatory-Acoustic Correlations in Coarticulatory 
Processes: A Cross-Language Investigation) which is part of ESPRIT's Basic 
Research Action program. The work being reported on here is focused on 
articulatory dynamics in VCV utterances and, in particular, vowel dynamics in 
these sequences. In many dialects of English, high vowels such as Ii! and lui are 
heard to glide from a somewhat centralized towards a more cardinal vowel 
quality. The corresponding Central Swedish vowels tend to display a more 
complex dynamic behavior with a final offglide from cardinal to centralized. In 
French, on the other hand, these vowel colors sound essentially constant. These 
language specific, auditory effects are quite characteristic. From a cross-lin
guistic point of view, these dynamic patterns tend to typify a phonetic typology 
based on two continuous dimensions: 1) dynamic complexity (monophthongal, 
diphthongal, triphtongal, ... ), and 2) direction of movement (offgliding, onglid
ing). Among the languages mentioned above, French would approximate the 
dynamically less complex type, whereas English and Swedish would approxi
mate the dynamically more complex type; and English would approximate the 
ongliding type, whereas Swedish would approximate the offgliding type. 



From a motor control point of view, it is of some interest to explore the 
articulatory means employed to bring about these effects. It might be assumed, 
in particular, that differences in perceived vowel dynamics between some 
languages (perhaps English and Swedish) are brought about essentially by 
means of different relative timing of onsets and offsets of parallel activity in the 
articulatory and phonatory subsystems, whereas the activity pattern in each 
particular subsystem varies less between the languages; other languages (per
haps French) might employ a different articulatory scheme altogether. In this 
paper, we present some preliminary electropalatographic (EPG) data relevant 
to this question. 

2. METHODS 

We used the EPG system available at Reading to record a set of vowel-con
sonant-vowel (VCV) utterances, forming all possible combinations of V = /i,a/ 
and C = /p,b/, spoken by an Australian English, a French, and a Swedish 
speaker. The English and Swedish vowels belonged to the set of tense vowels; 
the French vowel inventory has no tense vs. lax distinction. Randomly ordered 
lists of these combinations were read several times by each speaker. 

3. RESULTS 

We will limit this report to some results on the sequence /ipi/ as produced by 
the three speakers. Figure 1 shows number of activated electrodes (out of a 
total of 62) at various points in time for English and Swedish; from left to right: 
a) acoustic onset of Vl, b) maximum number of activated electrodes during 
Vl, c) acoustic offset of Vl, d) minimum number of activated electrodes (for 
English = acoustic /p/ release, e) (only Swedish) acoustic /p/ release, f) 
maximum number of activated electrodes during V2, g) acoustic offset of V2. 
For French, where no clear maxima or minima could be discerned, the triangles 
correspond to a) acoustic onset of Vl, b) acoustic offset of Vl, c) acoustic /p/ 
release, d) acoustic offset of V2. Acoustic segments corresponding to /i/l, /p/ 
and /i/2 are indicated at the bottom of the figure for each subject. The data 
represent averages of 5 repetitions of the test utterance. The Swedish data are 
shown by filled squares, the English data by filled circles, and the French data 
by triangles. These symbols are connected by straight lines. The data are aligned 
to the point in time where there is a minimum number of active electrodes for 
all three subjects. This point also corresponds to the /p/ release for the 
Australian English and the French subject. When the data are synchronized in 
this way, the similarity between the overall English and Swedish contours, and 



the difference between these and the French contour, are evident. In particular, 
the English and Swedish data both display a deep "trough" in the electrode 
activation pattern, corresponding to a relaxation of the tongue position roughly 
coinciding with the consonant; the tendency to such a trough in the French 
pattern is to weak to be statistically significant. 

There is, however, a clear difference between the English and the Swedish 
contours. In the Swedish contour, most of the vowel offglides fall within the 
vocalic segments, whereas they mostly fall outside the vocalic segments in the 
English contour. In other words, the troughs in the respective EPG pattern are 
differently timed relative to the acoustic segment boundaries; the minimum 
number of activated electrodes occurs at the middle of the consonant segment 
in the Swedish subject, and at the CN2 boundary in the Australian-English 
subject. These differences are thus due to a different relative timing between 
the tongue articulation underlying the EPG activation patterns and the parallel 
labial and glottal activities . 

..... 
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Figure 1. Number of activated EPG electrodes at different points in time during the production 
of the utterence lipV by an Australian English (circles). a Swedish (squares) and a French 
speaker (triangles). Below: segment boundaries between the vocalic portion of 1V1. and /V2. 



4. DISCUSSION 

In summary, this limited data set supports the assumption that the difference 
in perceived vowel dynamics between English and Swedish can be primarily 
brought about by means of different relative timing of onsets and offsets of 
activity in the articulatory and phonatory subsystems, whereas French seems 
to employ a quite different articulatory scheme. In French, the auditory im
pression of a constant, non-dynamic vowel quality seems to correspond to a 
constant articulatory position throughout the /ipi/ sequence. This also shows 
that the presence of a trough in a VCV sequence is language specific rather 
than universal (Perkell, 1986), and that its timing relative to acoustic boundar
ies is related to characteristic dynamic properties of vowels in the respective 
languages. A further factor possibly contributing to the presence of troughs in 
vowel-symmetrical utterances in English and Swedish is related to conditions 
on aspiration as discussed in McAllister (1978) and Engstrand (1988, 1989). In 
particular, the aerodynamic requirements on the production of the stressed, 
aspirated /p/ release would include a relatively wide vocal tract (cf. Stevens, 
1971), a condition met when the high vowel position is temporarily relaxed. In 
French, where voiceless stops are not aspirated, or considerably less aspirated, 
this adjustment would not be necessary. 
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Articulatory inter-timing variation in 

speech: modelling in a recognition 

system 

M. Blomberg, Department of Speech Communication and 
Music Acoustics, KTH, Stockholm 

1 Introduction 

To achieve high performance in a speech recogmtIOn system, appropriate 
modelling of the variation of the speech signal is essential. Different factors 
contribute in creating variability in the pronunciation of an utterance. In this 
report, we will discuss the effect of fluctuations in the time synchronisation 
between different articulators. A transition between two phonemes very often 
involves movements of more than one articulator. At the phonological level, 
these may be regarded as simultaneous, but at the acoustical level it is often 
observed that the synchronisation between articulators vary among speakers and 
even for the same speaker at different occasions. The effects on the speech signal 
of this articulatory inter-timing variation can be quite large. 

Several examples can be given of acoustic effects that are dependent on the 
timing between simultaneously moving articulators Preaspiration of vowels 
occurs before unvoiced consonants if the vocal folds open before the place of 
articulation for the consonant is reached. In the same way, pre-nasal vowels get 
nasalized if the nasal passage opens before the other articulators reach the target 
of the consonant. Finally, a vocalic segment occurs between adjacent consonants 
if the release from the first consonant precedes the closure of the second one. If 
the release occurs after the closure, there will be no such segment. 

An example of a phoneme boundary where two separate gestures are active is 
shown in figure 1. The figure shows two spectrograms of the Swedish word 'tre', 
(English: three) spoken by two male speakers. The phonetic transcription is 
[tre:]. The vowel is gradually neutralized, similarly for both speakers. The point 
of devoicing is different, though. Speaker 1 keeps a steady voicing throughout 
the neutralisation gesture, whilst speaker 2 aspirates the last part of the voweL 
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An early opening of the vocal folds in this example shortens the voiced part of 
the vowel and prolongs the duration of the aspirative segment. Also, the spectral 
properties of the aspiration will be changed. The tongue will have moved a 
shorter distance towards its target at the start of aspiration and the spectral shape 
immediately after the aspiration onset will be different compared to the same 
point in a boundary with a late opening. 

4 

3 

2 

o 

4. 4.1 4.2 4.1 4.2 4.3 

Figure 1. Spectrograms of the word [tre:] for two male speakers, speaker 1 (left) 

and speaker 2 (right). 

2 Recognition appproach 

Common techniques for handling timing variability in recognition systems are 
dynamic time-warping and Hidden Markov Modelling (Mariani, 1989). They are 
able to compensate for a non-linear tempo variation between two utterances. The 
stretching and compression of the time scale that these techniques perform, 
implies an equal time transformation of all the underlying articulatory 
parameters. Therefore, they cannot handle very well utterances that differ in 
parameter inter-timing. 

In this report, we have used optional rules to describe the effect of varying 
parameter inter-timing. Each rule operates on the phonetic transcription and 
generates a set of pronunciation alternatives at certain phoneme boundaries. 
Within the set, the delay between the parameters is varied systematically. In this 
way, a quantitative, as well as a qualitative, description of the articulator 
asynchrony effect is obtained in the form of a subphonetic network. 

The result of a rule applied on the given example of vowel devoicing is shown in 
figure 2a. The tongue movement, described by interpolated formant values, and 
the voicing-aspiration transition are represented in the horizontal and the vertical 
axes, respectively. They are quantised into a low number of steps. Different 
delays of voicing offset relative to the start of the tongue movement are 



represented by vertical lines at varying horizontal positions. The duration of the 
voicing transition is considered to be short compared to the tongue movement, 
and therefore there is no need for diagonal connections in the lattice. 

3 Recognition system description 

The recognition system used for this experiment has been described in more 
detail by Blomberg (1989). It uses dynamic programming for finding the optimal 
path through a finite-state network of subphonemic spectra. Unlike other 
recognition systems, the reference data have not been created by training, but by 
a formant-based speech production algorithm. The coarticulation component is 
used for generating the various inter-timing branches described above. The 
output from this module is a network of subphonemes, each described by a set of 
synthesis parameters. The final step is to compute prototype spectra from these 
parameters at each state. 
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Figure 2 (a) 
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(b) 

(a). A sub-phoneme network representing varying parameter inter-timing in the 

transition between a vowel and an unvoiced consonant. 
(b). Chosen paths for speakers 1 and 2 through the network of the last part of 
[e:} in [tre:}. State values of the second formant frequency in kHz are shown. 

4 Pilot experiment 

In a pilot experiment, we studied the proposed method's behaviour in two cases 
of different parameter inter-timing values. The two utterances shown in figure 1 
were used for testing. As performance criterion, we used the resulting spectral 
error when trying to align the utterance to their phonetic transcriptions. We also 
studied the chosen path through the network in the two cases. To model 
aspiration of the final vowel, we implemented a subphoneme lattice similar to 
figure 2a, where the consonant in this case is the phrase-end symbol. This 
symbol is marked in the phoneme library as unvoiced and having neutral 
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fonnant targets. The speech signal was analysed by a computer-implemented 16-
channel Bark-scale filter bank covering a frequency range from 0.2 to 6 kHz. 
The frame interval was 10 ms and the integration time was 25.6 ms. 

5 Result 

The chosen paths through the network for the two utterances are shown in figure 
2b. The predicted, interpolated value of the second fonnant is displayed for 
every subphonemic state. The path for speaker 1 shows a voicing offset at a later 
stage of formant transition than that of speaker 2. This conforms well with the 
spectrogram displays in figure 1. The accumulated spectral distance around the 
phoneme boundary was compared with the distance of two fixed-delay sub
phoneme strings, having early and late voice offset, respectively. The results in 
table 1 show that the proposed method works well for both speakers, whereas 
each of the preset delay values gave low distance for one speaker only. 

Table 1. Accumulated spectral error in arbitrary units over the final transition 
interval of the two vowels in figure 1. Three allowed positions of voicing offset 
relative to the start of the formant transitions. 

Early pos. Late pos. Variablepos. 

Speaker 1 165 133 133 

Speaker 2 110 160 111 

6 Conclusions 

The proposed method was successful in adjusting for varying parameter inter
timing values in the pilot experiment. However, it just serves as an illustration of 
the ability of the technique. Further experiments in a complete recognition task 
are necessary to show if the accuracy is improved by the proposed method. The 
technique is expected to increase the robustness of a recogniser, since it is able to 
predict infrequent manners of speaking that might not occur during training. 
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While it is known that the perceived phonetic quality of vowels depends on their 
FO-value, in addition to the fonnants, the details of this kind of perceptual interaction 
are still in question. One hypothesis holds that the perceived degree of openness in 
vowels is given by the tonotopic distance (CB-rate difference) between FI and Fo. 
It is, as yet, unclear whether it is the instantaneous value of FO or some kind of 
average value that is relevant here and in how far the interaction is present in various 
types of context. 

Data on FO in different styles of speech appear to show that a constant base-value 
ofFo, close to the lower boundary of a speaker's Po-range, is characteristic of each 
speaker unless he changes his vocal effort. If this is to be reflected in speech 
perception, listeners should, in effect, relate FI to an estimate of the speaker's Fo 
base-value in making judgments about vowel openness. In order to test this 
hypothesis against the various alternatives, an experiment was perfonned with 
synthetic vowels and diphthongs in which either Fo or FI varied or both varied in 
unison. 

In a neutral context, the results were found to be bimodally distributed. The 
typical listener behaved quite precisely in accordance with the tonotopic distance 
hypothesis. In addition, there was a large but less uniform group of listeners who 
attached a smaller weight to FO. For those subjects, only about 40 to 70 % of a shift 
in FI was compensated by an equal shift in FO. 

In a context that invites the stimuli to be interpreted as produced by the same 
speaker, about half of each group of subjects behaved the same way as in the neutral 
context. The other half showed a reduced influence ofFO, more or less in agreement 
with the base-value reference hypothesis. The results obtained with synthetic 
diphthongs support the relevance of the prosodic baseline as well as that of the 
instantaneous value of FO. On average, the fonner dominated at the beginning of 
stimuli and the latter at their end. The between-speaker differences were, however, 
very prominent. 
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On the relative accessibility of units and 

representations in speech perception 

Kari Suomi, Dept. of Logopedics and Phonetics, University of Oulu, 
Finland 

1. Introduction 

Despite the considerable differences that exist among contemporary rival models 
of speech perception, it seems fair to conclude that the majority of these models 
share a common fundamental assumption, namely that speech production and 
speech perception (or word recognition) are, at the central levels of processing, 
basically converses of each other. More specifically, the predominant view is that 
(a) for each sound-meaning correspondence in the lexicon, the major storage 
form of the sound is a single phonological representation in terms of a string of 
invariant, discrete phonemes, and that (b) this unique phonemic ally coded sound 
representation (complemented by eventual word-specific prosodic information) is 
consulted both in producing and in perceiving/recognizing a particular word. In 
production this representation is assumed to be retrieved from the lexicon in 
preparation of pronunciation, and coarticulation-of-phonemes must additionally 
be postulated as taking place at some later planning stage preceding actual execu
tion, in order to reconcile the alleged invariant storage units to the observable, 
quasicontinuous flow of speech motor gestures. Perception in tum must be able 
to somehow undo the effects of coarticulation in the auditory domain, to 
decontextualize the abstract phonological production units in order to arrive at a 
representation suitable for access to the lexicon. Overlooking many minor differ
ences among and any details within these models, they nevertheless envisage 
perception as a hierarchically organized system in which auditory analysis is 
followed by extraction of phonetic properties, segmentation of the sequence of 
phonetic events into phones, classification of these into phonemes and detection 
of word boundaries, after which lexical access takes place on the basis of the 
similarity of the computed input string of phonemes to those stored in permanent 
memory. Besides the assumption that an exhaustive phonological analysis must 
always precede semantic interpretation, it is also usually postulated that the 
phonological analysis proceeds from smaller structural units (such as phonemes) 
towards larger ones (e.g. syllables and words). 

An alternative view exists according to which meanings are accessed directly 
from auditory (or more centrally processed) spectra, without intermediate stages 
involving discrete phonological units such as phonemes or syllables (Klatt, 
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1980). Of course, this implies the claim that also permanent (i.e. lexical) storage 
of words is in terms of some kind of spectral representations. My own attempt at 
model building, or DAPHO (Suomi, submitted), shares these basic assumptions, 
and makes a number of additional claims concerning the type and mutual organiz
ation of phonological and auditory-spectral representations in the lexicon, and 
their connections to lexical meaning. Some of these claims can be translated into 
specific predictions of the relative accessibility of units and representations in on
line speech perception, as measured by reaction times (RTs). A summary of these 
predictions (see also Suomi, forthcoming) is that RTs are increasingly longer to 
meanings, syllables, and phonemes. A sharp distinction - not always observed in 
the experimental literature - is made between the normal communicative or lexical 
mode of listening, which proceeds from spectral representations directly to lexical 
access, and the special phonetic mode in which phonological (production) units 
are invoked either after accessing meaning or otherwise, depending on whether 
one is listening to real words and to nonsense items. 

The majority of past RT research has concentrated on assessing the relative acces
sibility of syllables and phonemes, which involves listening in the phonetic 
mode. If phonemes were detected faster than syllables, the finding would be 
consistent with the first, hierarchical alternative above and falsify the second one, 
whereas if RTs were shorter to syllables, as predicted by the second alternative, 
at least a simple version of the hierarchical model would be thereby falsified. 
Despite many efforts intended to settle the matter, the results of previous RT 
studies remain largely inconclusive. I will next briefly try to justify this claim. 

2. Criticism of previous RT studies 

Syllables have been reported to be detected faster than phonemes in many RT 
studies. However, Norris & Cutler (1988) seriously question the validity of this 
finding, suggesting that the "robust" finding is completely artifactual, "due almost 
entirely to the way in which stimuli have been constructed in most monitoring 
experiments" (for references see the paper just mentioned). Having examined the 
test materials, the authors conclude that "in none of the experiments" did the 
nontarget items in the syllable lists ever begin with the same phoneme as the 
target, and that in "most cases" none of the other phonemes in a target syllable 
ever appeared in other syllables in a list. Therefore, "in all of the existing 
comparisons [ . . . ] it has been possible for subjects to perform the syllable
monitoring task accurately simply on the basis of perception of the initial 
phoneme of the target" (Norris & Cutler, 1988, p. 542; emphasis added). 

Norris & Cutler (1988) argue that any fair comparison of RTs should ensure that 
subjects analyse the units fully, and for this purpose they included in their own 
experiment filler lists with "foil" items that very nearly match the target items. The 
experiment included phoneme and syllable monitoring under standard conditions 
as well as monitoring in the presence of foils, in particular under two crucial 
conditions in which one can be sure that the subjects fully analysed the targets 
before responding, namely phoneme monitoring with foils and syllable 



monitoring with syllable-final foils. Comparison of results in these two condi
tions shows that RTs to phoneme targets were shorter than those to syllable 
targets, and the authors conclude that "at least in English, a phonemic 
representation can be derived before a syllabic one" (p. 548). 

But consider what Norris & Cutler have actually measured. The target syllable 
always constituted the first syllable of a test item, and the target phoneme was 
always the initial phoneme of that same syllable. Thus, in the response trial 
"pastry spartan pilot gamble hot" , the syllable target was gam, and the phoneme 
target /g!. Response times were measured from the onset of each target item, e.g. 
from the onset of the word gamble, and given that the foils forced subjects to 
wait to the end of the targets before starting to respond, the reported response 
times then in fact consist of two measures, viz. the duration of the target and the 
time taken to respond to the target. The duration of the syllable is of course longer 
than that of its initial phoneme, and during these stretches of time auditory 
information is accumulating on the identity of the targets, but the information is 
not yet sufficient to unambiguously distinguish the targets from the foils. At this 
stage, the subjects are still uncertain whether a particular target will occur or not, 
and thus cannot start reacting to it. They can start their reactions only after the 
accumulating information has become completely unambiguous, namely at the 
end of the units. Therefore, the duration of the as yet unrecognized target must 
not be included in the measure of RTs. To really measure the response times, 
Norris & Cutler should first have somehow determined the respective recognition 
points of the targets, and then measured RTs from these points. As they stand, 
their measurements simply favour faster response times for units with shorter 
duration. A more stringent test would be to compare RTs to syllables with those 
to their fmal phonemes. In such tests the exhaustive sensory information on both 
units would reach the subjects simultaneously, and RTs, as measured from the 
common end point, would reflect truly central processing priorities. But at 
present, the relative accessibility of phonemes and syllables is best considered an 
open question. 

3. Directions for future RT studies 

When the title of this contribution was to be decided on, we were looking 
forward to getting a flexible computer program for RT measurements to our 
laboratory any day, and I had high hopes of being able to present some at least 
preliminary results in the oral communication. Unfortunately our expectations 
weren't fulfilled, and at the moment it seems that we have to start planning an 
eventual system on a completely new basis. But at any rate, there are a number of 
often overlooked considerations that any serious attempt to elucidate the above 
open question must pay close attention to. 

It is clear, in view of the pitfalls discussed above, that special care has to be taken 
in planning the experimental materials and methods. As an illustration of some of 
the complications, consider test variables that potentially affect RTs to phonemes 
and syllables differently. These include at least the following: the position of the 
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target phonemes in the target syllables (e.g. initial or final), the number of 
syllables in the test items, the position of the targets in the test items (e.g. first, 
second, or any subsequent syllable or segment position), whether the test items 
are real words or nonsense, whether these choices are regular across the material, 
or can vary from item to item, whether any regularities are made explicit to the 
subjects in advance or not, etc. Uncontrolled variation in such variables may 
result in biassing artifacts in that subjects inadvertently adopt strategies that are 
not typical of their ordinary behaviour. Thus, e.g., if phoneme targets always 
occur at the absolute beginning of test words separated by pauses, and at the 
same time also at the initial position of syllable targets, and if different groups of 
subjects monitor for phonemes and for syllables, the subjects in the phoneme 
monitoring task may conceivably develop special ad hoc strategies that they 
would not and could not resort to in more variable tasks. 

References 

Klatt, D. (1980), "Speech perception: A model of acoustic-phonetic analysis and 
lexical access". In Perception and production offluent speech (Cole, R., editor), 
pp. 243-288. Lawrence Erlbaum Associates. 

Norris, D. & Cutler, A. (1988), "The relative accessibility of phonemes and 
syllables", Perception and Psychophysics, 43(6), 541-550. 

Suomi, K., "An outline of a developmental model of adult phonological 
organization and behaviour", manuscript submitted for publication. 

Suomi, K. (forthcoming) "Lexical access as continuous matching without 
discrete phonological units". To appear in the Proceedings of the XII 
International Congress of Phonetic Sciences, August 1991, Aix-en-Provence. 



The QAR comprehension test: 
a progress report on test comparisons 

Abstract 

Mats Dufberg and Robert McAllister 
Department of Linguistics 

Stockholm University 

103 

This is a report on ongoing research on the explicit measurement of the ability to 
understand spoken language, i.e. speech comprehension.

1 
The major assumption 

behind our work is that speech comprehension is dependent on the relationship 
between two major sources of information: signal dependent information, the 
information in the speech signal, and signal independent information, the know
ledge of the language spoken, knowledge of the world, the current communication 
situation, etc. [See also McAllister and Dutberg (1989).] Our point of departure was 
a need for reliable speech comprehension tests with a higher degree of validity than 
existing meaurement instruments and the purpose of this work is to develop such 
methods with special consideration of content, construct, and concurrent validity 
(Cronbach, 1961). 

After several experimental studies (McAllister and Dutberg, 1989), we have 

developed a global comprehension test called the Question and Response (QAR) 
test (Dutberg, 1990).

2 
The speech material in the test consists of a number of 

homogenous short texts with five yes/no questions to each text. The material is 
presented in noise, and the listeners are asked to answer the questions. The measure 
is the SIN ration at which fifty per cent is understood. 

This work is done in project "Measurement of speech comprehension" financed 
through a grant from The Swedish Council for Research in the Humanities and So
cial Sciences (HSFR) 

2 The OAR test has been somewhat revised since the writing of the report in Dufberg 
(1990) 



104 

At the time of the writing this paper, the QAR test is being given to three subject 
groups - hearing impaired Swedes, second language learners and normal hearing 
Swedes - together with the following six tests for comparison purposes: pure tone 
threshold audiometry, two so called speech audiometrical tests, two close tests based 
on reading and writing, and one self assessment test. At the time of the conference 
we will present the data from our experimnents. A fuller report from our test 
comparisons will be published in a future issue of PERILUS. 
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1 INTRODUCTION 
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Speech recognition based on phoneme like units is attractive since it is inher
ently free from vocabulary limitations. This is of special importance in highly 

inflected languages, e.g., Hungarian. The main objective of this project is to rec
ognize phoneme sized elements. Similar studies have been reported by Kohonen 
[1], McDermott et al [2] and Waibel et al [3]. The output of the recognition sys
tem is a string of phoneme candidates. The system has a hierarchical structure 
and an underlying idea is to separate it into speaker and language independent 
and dependent parts to facilitate the adaptation of new speakers and languages. A 
more detailed description may be found in Elenius & Takacs [4]. 

2 SYSTEM DESCRIPTION 

The basic speech material consists of 60 Swedish sentences, the INTRED-mate
rial, and 60 Hungarian sentences, the MAMO-material. All sentences were 
labelled by a human expert and 50 were used for training different nets and 10 
were used for testing. Nets were trained using error back-propagation 
(Rumelhart & McClelland [5]). The smoothed output of 16 Bark scaled filters in 
the range 200 Hz to 5 kHz were input to the coarse feature network. Interval 
between speech frames was 10 ms and integration time was 25 ms. The coarse 

feature net was designed to translate spectral amplitudes into phonetically related 
features, compare Jacobson et al [6]. A seven-element feature set was con
structed based on manner and place of articulation related features: voiceness, 

noiseness, nasalness and vowelness (manner) and frontness, centralness and 
backness (place). A net with 13 hidden nodes was trained to recognize the 7 
quasi phonetic features from the filter outputs. The phone network received two 
types of input using a dual window: the filter values of the frame being pro
cessed, and a seven frame window covering the coarse phonetic features centred 
on this frame, to introduce a 70 ms context. The net had 40 output phone nodes 
for Swedish and 49 for Hungarian. 
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3 RESULTS 

3.1 R ecognition of coarse features 

All perfonnance statistics reported below are based upon ten independent test 
sentences. Examining the output of the feature net reveals that the manner of 
articulation features have steep transitions, and almost look like binary signals, 
except for the vowelness feature. Features related to the place of articulation 
vary at a slower rate and frequently take intennediate values in spite of being 
binary during training. The continuous distribution of these parameters is not 
unexpected, since the articulation features covered by these parameters have a 
continuous character, and the net will learn this by being exposed to numerous 
different varieties of these features during the training. 

The perfonnance of the net was 
tested by comparing the output acti
vations using to a threshold of half 
the maximum activation - if the sig
nal exceeded this value the feature 
was set positive and otherwise it was 
set negative. The outcome was com
pared to the human phoneme labels 
and results are summarized in 
Table I. Many features are correctly 
recognized for more than 90% of the 
frames and no feature is recognized 
below 80%. The manner of articula

Table I. Percent correct feature recogni

tion for the phonetic feature network 

evaluated on the frame level. 

INTRED MAMO 

voiceness 93.1 93.3 
noiseness 91.0 92.9 
nasalness 95.4 93.1 
frontness 81.7 88.4 
centralness 83.2 80.8 
backness 88.7 88.2 
vowelness 88.2 88.0 

all feat. correct 76.9 80.0 

tion related features perfonn better than the place features. Most errors occur at 
phoneme transitions. 

3.2 Phoneme recognition on the frame level 

The phone network outputs an ordered list of phoneme candidates for each 
speech frame according to the level of their output activations - the best candi
date has the highest activation. After the training process, 54.2% of the frames in 
the INTRED-test-material and 54.7% of the frames in the MAMO-material were 
recognized correctly. It should be noted the results include transitional parts of 
the speech, where the acoustic character of the phonemes is changed due to 
coarticulation. 
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There is a close relation between the frequency of occurrence of each phoneme 
and its recognition rate. This is obviously a training effect. Phonemes never rec
ognized correctly all have less than 2% of the frames of the test material. 
Together they represent 15% of all frames. Studying the evolution of the dis
criminatory performance of the net shows that the most frequent phonemes have 
a very good recognition rate in the very beginning of the training process. This is 
because most frames will be recognized as belonging to them. As the net starts to 
differentiate among more phonemes, the performance for the most common 
phonemes goes down, while the net becomes more and more sensitive to low 
frequency phonemes. The overall recognition rate is monotonously increasing 
until reaching an asymptotic value. 

3.3 Phoneme recognition 

This evaluation is based on the 
smoothed output activations of the 
phone network within the segments 
marked by the human expert. Re
sults are shown in Table II. Examin
ing the peak value of the smoothed 
phone activations shows that it is a 
good measure of how reliable the 
network classification is. The prob

Table II. Percent correct phoneme 

recognition for the phone network when 

using expert segmentation. 

Material MAMO INTRED 

1 st phon. correct 64.4 50.4 

1 st or 2nd correct 78.1 69.9 

1 st, 2nd or 3rd corr. 82.2 76.3 

ability for correct recognition can be approximated by a linear function of the 
activation peak. An activation peak of 0.1 gives no recognition and a value of 
0.9 gives close to 100% recognition. 

3.4 Speaker and language dependency 

Speaker and language independence of the coarse feature set was a main objec
tive when planning the system structure. It has only been possible to test these 
characteristics to a limited extent. The net trained for the INTRED-material was 
tested by another Swedish speaker and also by the Hungarian speaker and the 
MAMO-net was tested by the INTRED-material. The recognition rate of the 
coarse features decreased between 0 and 10% in 12 out of the 21 feature compar

isons, the maximum decrease was around 20% in 3 cases. The place features 
were more stable than the manner features. The results indicate that the coarse 
features are quite robust across these speakers and languages. However, the 
phoneme recognition was poor. This is not surprising, considering how much the 
acoustic speech signal varies between speakers. 
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4 CONCLUSIONS 

The coarse features are quite robust, to change of speaker and language. The 
output activations of the network have an inherent ability to indicate parallel and 
overlapping speech events. The lexical search in a language level processing 
should be based on the most probable phoneme candidates. Since the activation 
levels of the current system are closely related to the probability of correct 
labelling our system is able to provide this information. It is, of course, difficult 
to compare this system to other published systems, but the speaker independent 
recognizer of AT&T has been reported to have a 52% phoneme recognition rate 
[7]. Systems based on the Kohonen feature map report a 75-90 % recognition 
rate, depending on the speaker [8]. Future work includes evaluation of different 
input parameters, introduction of a lexical component and doing comparisons 
with self-organizing nets like those proposed by Kohonen. 

ACKNOWLEDGEMENTS 

This project was supported by the Swedish Institute and the Swedish Board for 
Technical Development. 

REFERENCES 

[1] Kohonen, T. (1988), "The 'NEURAL' phonetic typewriter," IEEE Computer 

3, 11-22. 

[2] McDermott, E. & Katagiri, S. (1989), "Shift-invariant multi-category 
phoneme recognition using Kohonen's L VQ2", Proc. ICASSP-Glasgow, 81-84 
[3] Waibel, Hanazawa, Hinton, Shikano, & Lang. (1989), Phoneme recognition 
using time-delay neural networks," IEEE ASSP 37:3, 626-631. 

[4] Elenius, K. & Takacs G. (1990), "Acoustic-Phonetic Recognition of Con
tinuous Speech by Artificial Neural Networks", STL-QPSR No. 2-3, Dept. of 

Speech Comm., KTH, Stockholm, 1-44. 
[5] Rumelhart, D.E. & McClelland, J.E. (1986), Parallel Distributed Processing, 

Vol. 1-3, MIT Press Cambridge, MA. 
[6] Jacobson, R., Pant, G. & Halle, M. (1963), Preliminaries to Speech Analysis. 

The Distinctive Features and Their Correlates, MIT Press, Cambridge, MA. 

[7] Levinson, Liberman, Ljolje, & Miller (1989), "Speaker independent phonetic 
transcription of fluent speech for large vocabulary," ICASSP-Glasgow, 21-24. 

[8] Kohonen, Torkkola, Shozakai, Kangas, & Vanta (1987), "Microprocessor 
implementations of a large vocabulary speech recognizer and phonetic type
writer for Finnish and Japanese," European Con! on Speech Techn., Edinburgh, 
377-380. 



STATISTICAL INFERENCING OF 
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1. Introduction 

This brief paper focuses on statistical inferencing techniques for discovering 
automatically correspondences between the spelling of a word and its pronun
ciation, as specified by a string of phonemes. This endeavour is motivated 
mainly by a desire to avoid the difficulties inherent in using context-dependent 
rewrite rules for text-to-speech conversion. We restrict ourselves to discussing 
systems based on error back-propagation learning as well as some recent work 
by the author. 

2. Background 

The correspondence between letters and sounds is of interest from many 
perspectives. Of late, however, the technologies of speech synthesis and 
(to a lesser extent) recognition have dictated a requirement for automatic 
translation between the two descriptions, or 'languages'. W hile this can 
sometimes be done by dictionary look-up, obvious difficulties occur when 
there is no dictionary entry for the target string. Ever since the pioneering 
work of Ainsworth (1973), letter-to-phoneme conversion in the absence of 
a dictionary-derived pronunciation has traditionally used context-dependent 
rewrite rules of the form [A]B[C] -+ D, indicating that letter substring B 
with left context A and right context C rewrites to phoneme substring D. 

Rule-based techniques can work rather well, especially when used in con
junction with a dictionary to handle irregularly-pronounced 'exceptions', and 
are at the heart of most present-day systems. Significant problems arise, 
however, in deciding what the rule set should be. Manual specification of an 
adequate set is a difficult and time-consuming task requiring expert knowl
edge. For each rule, the expert must decide on the exact target substring 
as well as of the left and right contexts, and also determine an ordering for 
rule application according to the specificity of the rules. As the set grows, 
it becomes increasingly difficult to modify in the light of errors, because of 
the potential for interaction between rules. Such problems have led to the 
production of rule compilers (e.g. Carlson and Granstrom, 1975) which aim 
to give automatic assistance to rule developers. 

There is, however, a school of thought holding that such rules are best 
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avoided altogether; the problems encountered are a consequence of the rules 
being too 'powerful'. For instance, Johnson (1970) says "any theory which 
allows phonological rules to simulate arbitrary rewriting systems is seriously 
defective, for it asserts next to nothing about the sort of mappings the rules 
can perform". While one must distinguish between theoretical objections 
(holding that the formalism does not provide a good model of human speech 
processes) and the practicalities of automatic text-phonemics conversion, rule
based systems apparently work as well as they do only because they provide 
a framework in which rules can be developed and applied. All the essential 
constraints are supplied by the expert in heuristic fashion. 

Recent attempts to apply self-learning techniques to the mapping of text 
to phonemics offer promise that the labour of traditional rule generation 
might be avoided. In this approach, transcribed texts or entries in a pro
nouncing dictionary are treated as sources of training data from which the 
system learns generalisations useful for the transcription of seen and unseen 
words alike. Space precludes a sensible review of this work, using techniques 
such as decision-tree construction, hidden Markov modelling and analogy
based methods. We restrict ourselves to describing systems based on back
propagation learning and a small part of our own work on the topic. 

3. Back-Propagation Networks 

Sejnowski and Rosenberg (1987) describe NETtalk, a multi-layer perceptron 
(MLP ) trained by error back-propagation to associate the central letter in 
a window of 7 letters with an output vector describing the correct phoneme 
as specified in a pronouncing dictionary of English. Thus, NETtalk requires 
text aligned with phonemics for training. The learning algorithm aims to 
represent the knowledge implicit in this training data, concerning the non
linear mapping between text and phonemics, in distributed form as connection 
weights between the network's 'neurons'. After 5 passes through its 20,012-
word training set, and using a net with 120 hidden neurons, the "best guess" 
performance on the training data was 90% phonemes correct (with two levels 
of stress included in the transcription) . Assuming the probabilities of tran
scribing the individual letters of a word to be independent and 5 letters per 
word of English on average, the proportion of words correct will be about 
0.95, or 0.59. This is somewhat below what one would expect from a good 
set of rewrite rules, but obtained at far less effort. 

Subsequently, McCulloch, Bedworth and Bridle (1987) produced an MLP 
for text-phonemics conversion called NETspeak. They additionally explored 
the impact of different input and output codings, and examined the relative 
performance of separate networks for the transcription of common and un-



common words respectively. It was found that more compact input codings, 
which led to a smaller net and faster training, did not appear to compro
mise performance. Contrary to their expectations, the net trained on less 
common words (assumed to have a more regular pronunciation) seemed to 
work less well than that trained on common words. This, they say, might 
be because "the network trained on the common words could be learning a 
smaller number of more complicated mappings than the network trained on 
the less common words." McCulloch at al offer the following opinion on the 
value of their work: 

"An automatic method would be particularly useful for creating 
text-to-speech systems for several different languages. There is 
no reason to believe that NETspeak cannot be further improved, 
perhaps even to the point at which it does better than a rule-based 
system." 

4. Syntactic Neural Nets 

We conclude with a brief review of our work using syntactic neural networks 
(SNNs) for text-phonemics conversion (Lucas and Damper, 1990). SNNs are 
a type of neural net whose structure reflects an underlying formal grammar. 
During training, the SNN infers a simple stochastic grammar (i.e. with prob
abilities attached to the productions) capable of generating the example data. 
Thus, an SNN may be used either as a parser (acceptor) or as a generator, 
making it possible to use two cross-coupled SNNs as a translation system. 
One SNN parses the symbol string in one domain and provides activation for 
the second net acting as a symbol generator in the other domain. 

Training consists of three passes. First, starting from the alphabets of 
atomic symbols Eo and Ep in the orthographic and phonemic domains re
spectively, we find the most-common substring pairs and add these as sym
bols of the alphabets of non-terminals (initially empty) No and Np• (At 
present, we limit these alphabets to 200 symbols.) In grammatical terms, 
the original (atomic) symbols are the terminals, while the substrings are the 
non-terminals. We now have an alphabet Ao = Eo U No of orthographic sym
bols and, likewise, Ap for the phonemic symbols. Our assumption is that this 
produces lower entropy language models in the two domains, and that trans
lation is easier because of this. In the second pass, we estimate transition 
probabilities for these symbols in their respective domains. The final pass 
calculates the translation probabilities, P( 0 -+ plo), i.e. given 0 E AD) the 
probability that it rewrites to a particular p E Ap. 

This learning procedure dictates the network structure. There is one node 
per substring in each domain with feed-forward connections (unity weighted) 
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representing the production of that substring from its constituent pair. The 
transition probabilities between substrings correspond to recurrent connec
tions in the net. Nodes of the two SNNs are fully cross-connected. This 
corresponds to allowing any orthographic substring of a word a chance of 
generating any substring in its phonemic form, without regard to contiguous, 
alignment constraints. During translation, however, we build a pronunciation 
lattice for the word, and use a path algebra (Carre, 1979) to enumerate valid 
(contiguous) paths from word start to end. The output translation is taken as 
that corresponding to the highest probability path. Thus, a letter-phoneme 
alignment is obtained as a by-product of the translation, rather than being a 
necessary first step as in NETtalk, for example. In first tests on this system, 
translation accuracy was asymptotic to about 50% phonemes correct as the 
size of the training set of word pairs was increased, as evaluated on both the 
training data and an equal-sized but disjoint subset of the dictionary. Subse
quently, we have improved this figure to nearer 70%. This more recent work 
will be reported briefly at the symposium. 
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Phonetic and phonological levels in the 

speech of the deaf 

Anne-Marie Oster, Dept of Speech Communication and Music Acoustics, 
KTH, Box 700 14, 100 44 Stockholm, Sweden. 

1 Introduction 

Prelingually deaf children do not acquire speech spontaneously. They have to 
learn oral speech through visual information mainly and to rely on orosen
sorymotor control in maintaining speech movements. As the deaf child does not 
have any acoustic speech target to compare his own production with, his speech 
will be characterised by specific deviations and substitutions due to input limita
tions in speech perception such as auditory limitations and limited visibility of 
phonetic features, impacts of orthography and insufficient physiological control. 

Despite the fact that prelingually deaf children have difficulties in producing 
normally articulated and auditorily acceptable spee.<;h some studies, Dodd 
(1976), Oller & Kelly (1974), Oller & Eilers (1981), Oster (1989) and West & 
Weber (1973), have reported that -they can develop a phonological system 
through the limited information available. However, these systems will differ in 
some respects to those of normally hearing children. 

Through a phonological assessment it can be determined to which extent an in
adequate phonological system is obscured by phonetic de,-,:�ations and the sys
tematic deviant patterns can be identified. In a study by Oster (1989), it was 
shown that a deviant pronunciation in fact was an attempt to express a speech 
sound contrast. A detailed phonetic transcription, that describes the phonetic in
ventory and its application in different word positions, should form the basis of 
the phonological assessment. 

A traditionally phonetic analysis describes the quality of a child's articulation of 
various speech sounds with no reference to their distinctive function in spoken 
language. Often distortions, substitutions and omissions are listed that show what 
the child is not capable of articulating. The sounds that the child articulates cor
rectly are disregarded. Even if a child knows how to articulate a speech sound 
correctly, this does not imply that the usage is correct in his spoken language. 
Through a phonological assessment, on the other hand, it is possible to study 
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systematic deviations in spoken language, of those speech sounds, which a child 
has shown to be capable of articulating. If these systematic deviations can be ex
plained by limited phoneme perception in lip-reading, impact of orthography or 
insufficient physiological control valuable pedagogical information is obtained. 

2 Aim of the study 

The intention was to investigate how phonetic deviations affect the phonological 
systems of deaf children. Assessments were made to establish which speech 
sounds most of the children could articulate, which of these sounds were applied 
correctly in their speech and what the substitutions and other deviations looked 
like. 

3 Subjects, procedures and-speech material 

Eleven prelingually deaf children, educated by sign-language, participated in the 
study. One child was eleven years of age, while the others ranged from fourteen 
to seventeen years. Their pure tone averages were between 90-108 dB at .5, 1 
and 2 kHz. The intelligibility of their speech varied from very poor to very good. 

The children read a list of familiar words provided with stimulus pictures. The 
word-list contained all Swedish consonants, which occurred at least twice in ini
tial, medial and final position, if phonotactically possible. The videorecorded 
speech was given a narrow phonetic transcription, using the symbols of IP A and 
some additional diacritics especially developed to transcribe those sounds in the 
speech of the deaf, which are not part of the IPA inventory. The phonetic inven
tory and phone distribution in the different word positions was established. 

4 Result and discussion 

Figure 1 shows the number of children who, at least once in the material, con
trolled the articulation of each Swedish consonant correctly. The figure also 
shows the number of children who made correct use of their articulation in ini
tial, medial and final word positions. In other words, the difference in heights 
between the two bars, representing each consonant, shows the number of chil
dren, who made phonological substitutions or deviations in some position. A big 
difference indicates that this speech sound is difficult for a deaf child to control 
in this position, for example I S I. Five children could articulate that sound but no 
one controlled it in initial posItion, only three in medial position and four in final 
position. 

The children controlled 70% of the articulation of Swedish consonants on the 
average but they could only make use of 44% of them in initial position, 50% in 
medial position and 50% in final position, which is shown in figure 1. This indi
cates a discrepancy between the children's phonetic and phonological compe
tence. Some speech sounds, however, are in correspondence like It! in initial po
sition, Ipl and 1m! in medial position and lui in final position. 
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Figure 1. The number of children, who could articulate each consonant correctly 
at least once ([ill phonetic competence) and, who made correct use of their artic
ulation in spoken language ( � phonological competence) is shown in initial, 
medial and final word position. sj denotes 1 S I, ng 1 1] 1 and tj 1 � I. 
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The influence of the visibility of articulation on speech acquisition of deaf chil
dren is obvious since those speech sounds that most of the children control are 
the unvoiced bilabial and dental stop, the unvoiced labiodental fricative and the 
lateral, which are all visually contrastive and easy to lip-read. 

The fact that two, and sometimes three, graphemes are pronounced as one sound 
is probably not obvious to some children. The impact of orthography can to 

some extent explain the deviations found for lSI and Ie,!. 

The discrepancy between the children's phonetic and phonological competence 
of lsi, lS I and 1c;1 can also be due to incorrect physiological control. The cause 
can be that the air-flow is too weak and that the constriction is formed in an in
accurate way or produced at an inaccurate place. 

To assess the speech of deaf children phonologically is extremely important 
since valuable pedagogical information about systematical phonological devia
tions of speech sounds, which a child controls the articulation of, can be derived. 
By this means further development of deviant processes can be avoided during 
the speech acquisition of deaf children. 
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INTRODUCTION 
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It is well known that the pure tone audiogram gives limited information of the 

effect of a hearing impairment. In a classical paper 1978, Plomp suggests a 
model for speech perception that includes two components, a damping compo
nent and a distortion component. With the pure tone aUdiogram we can measure 
the damping component. The result is well correlated to the speech perception 
ability in silence, but it doesn't tell us much about the speech perception ability 
in noise. If we want to know something about this we also have to measure the 

distortion component. Several different signal analysis tests have been tried to 
measure this factor. Of the methods tried so far it seems that measuring time 
resolution by means of the gap detection threshold in a noise band might be 
suitable. 

However, in most studies that have been done quite highly trained subjects have 

been used. In a clinical situation training time is very limited and a technique for 

estimating the distortion factor must therefore give a reliable result after a mini
mum time of training. The aim of this study was to see if our test method is reli

able and could be used in a clinical situation, and to study the relation between 

gap detection and speech perception in noise. 

METHOD AND SUBJECTS 

The test signal in the gap detection test was a bandpass filtered noise with a 

bandwidth of one octave. Two frequency bands were used, the first with centre 

frequency 500 Hz and the second with centre frequency 1000 Hz. The duration 
of the signals was 1 s with a rise- and fall-time of 2 ms. A three alternative 

forced choice adaptive procedure was used to measure the threshold. We used a 
modified version of Levitt's up-down method. One of the three signals contained 
the gap and the task of the subjects was to indicate which one by pressing one of 



118 

three push buttons. Feedback was provided after each response. The signals were 
presented over headphones, TDH 39, at the most comfortable level for the sub

ject. The subjects had no difficulties in understanding the instruction. For almost 
all subjects the test program gave a quick and systematic adaption to threshold. 
The average time for one test was 3 minutes. 

The measurement of speech perception ability in noise was made with phoneti
cally balanced lists of 50 monosyllables in a speech shaped noise with a signal to 

noise ratio of 10 dB for the hearing-impaired and 0 dB for the normal-hearing. 
The speech was adjusted to the level most comfortable for the subject. 

The first measurements were made on a group of 14 normal-hearing subjects 
from 26 to 65 years old, mean age 48, and 30 hearing-impaired from 38 to 90 
years, mean age 60. The normal-hearing subjects were tested bin aurally and the 

hearing-impaired were tested monaurally. All in all we tested 47 impaired ears. 
For the normal-hearing subjects the mean hearing loss was 5 dB, range -3-20, 
and for the hearing-impaired 46 dB, range 12-87. 

The second measurements were made on 7 normal-hearing subjects with a mean 
age of 41 years, range 26-62, and 21 hearing-impaired (35 ears), mean age 61, 

range 32-90. Here the mean hearing loss of the normal-hearing subjects was 7 
dB, range -1-20, and for the hearing-impaired 45 dB, range 20-82. All the tested 
subjects were totally untrained. 

RESULTS 

In the first clinical study we compared the subjects' gap detection thresholds with 

their pure tone audio grams. For the normal-hearing subjects we got a mean gap 
threshold of 4.9 ms. This value agree well with those that have been published in 

the literature. For example Plomp (1964), Smiarowski and Carhart (1975) and 
Penner (1976) all have measured nonnal gap thresholds of 3 to 7 ms. In our 
study no normal-hearing subject had a gap threshold greater than 6.8 ms. The 

nonnal-hearing subjects were tested once more after about 6 months and the re
sults were remarkably stable. The mean difference between the first and the 

second measurements was 1.1 ms. The measurements of the hearing-impaired 
showed very clearly that time resolution can not be predicted by the pure tone 
audiogram alone. A person with a hearing loss of 80 dB could have a very poor 
gap detection threshold, 15 ms or more, while another with the same hearing loss 

could have a perfectly nonnal gap detection threshold. Also a person with almost 
no hearing loss at all could have a very poor gap detection ability. Most hearing-



impaired subjects had a gap detection threshold within the nonnal range, though 
(Le. less than 7 ms). (Fig. 1) 
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Figure 1. Gap detection calculated as the average of the results at 500 Hz and 

1000 Hz. The mean hearing loss is the average of the hearing loss at 500, 1000 
and 2000 Hz. 

In the second study we measured gap detection and speech perception in noise. 
Here the correlation between the number of correctly received words and gap 

detection threshold, calculated as the mean value of the results at 500 Hz and 

1000 Hz, was -0.7. A few subjects with nonnal gap detection threshold had a 

rather poor speech perception ability which can probably be explained by their 

very steep audiograms. The interesting point however, is that none of the sub

jects with poor gap detection ability reached the same level of speech perception 

as the nonnal-hearing subjects. (Fig. 2) And with exception of the ones with very 

steep audiograms only one subject with nonnal gap detection ability had a poor 

speech perception. A few subjects had a nonnal gap detection threshold in one 

ear and a very poor in the other even though the audiogram was the same for 

both ears. In these cases the speech perception ability in noise was also signifi
cantly better in the ear with nonnal time resolution. 
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Figure 2. Relation between gap detection (mean value of the thresholds at 500 

and 1000 Hz) and speech perception in noise (per cent correctly received words). 

SUMMARY 

Measuring of gap detection threshold in a noise band is a fast and reliable tech

nique. Our data shows that differences in speech perception ability in noise for 

ears with the same pure tone audiogram often can be explained by reduced time 
resolution. Gap detection might therefore be a possible measure of the distortion 

component in impaired ears. Our study will continue and we will especially try 

to measure patients from the clinics who don't get the help that they are expected 
to get, from their hearing aid. 
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Speech perception abilities of patients using 
cochlear implants, vibrotactile aids and 

hearing aids 

Eva Agelfors and Arne Risberg. Department of Speech Communication 
and Music Acoustics, Royal Institute of Technology (KTH), Box 70014, 

S-100 44 Stockholm, Sweden 

1 Introduction 

The aim of this study was to develop a simple test battery and to compare the 
effectiveness of tactile aids, hearing aids and cochlear implants. It is recognized 
that the comparison between results obtained by different teams or devices in 
tests with the postlingually deaf is difficult. To get an uniform selection of 
patients is more or less impossibly. The performance among individuals shows 
often great variations, not only as a result of what they hear or feel with their 
device, but also as a result of their varying ability to lip-read or make use of 
small linguistic and paralinguistic cues. 

During the last years, research groups have reported that prosodic features, such 
as syllable length, stress pattern and vowel length, as well as segmental features 
such as voicing and manner of articulation may be transmitted through the 
tactual modality [6]. A few studies have also reported good tactual support 
during speechreading of normal speech [8]. 

Great variations among patients using the same type of cochlear implant have 
been reported. Results from both single-channel users and multichannel users 
show that the devices can provide important cues to intonation, manner and 
voicing that are significant to lip-reading [1]. In some patients very good speech 
understanding with or without support of lip-reading has been reported, using 
either single-channel [7] devices or multichannel [3] devices. 

2 Subjects, materials and methods 

Four different groups of subjects participated voluntarily in the testing. In the 
vibrotactile group eight subjects participated. Three deafened adults had varying 
experience of tactile aids. Five normally hearing subjects were artificially 
deafened and had experience of about 100 hrs of training with vibrotactile aids. 
Two vibrotactile single-channel aids were used, an ordinary bone-conductor 
coupled to an amplifier (6 subjects) and the Minivib (2 subjects). The processor 
in the Minivib gives amplitude modulated pulses at a fixed frequency of 220 Hz. 
The acoustic energy at the frequencies between 700 and 1500 Hz is extracted. 
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During testing the subjects held the vibrator in their left hand. 

In the cochlear-implanted group, six subjects participated. Two subjects were 
implanted with a single-channel extra-cochlear implant (Wien/3M) and four 
subjects were implanted with a multichannel intracochlear implant (Nucleus). 
Subjects ranged in age from 36-65 years and they represented an average sample 
of adults, who had received cochlear implants in Sweden. The cochlear implant 
users had a daily experience of their devices from 6 months up to 5 years. 

In the hearing aid users group, eleven subjects participated. Subjects ranged in 
age from 38-75 years and they were all profoundly hearing-impaired since many 
years. During testing they wore their own hearing aid. Although all subjects were 
profoundly impaired, the subjects were not equivalent audiometrically. For that 
reason they were divided into two groups: group HI, four subjects with mean 
hearing-loss at frequencies 500, 1000 and 2000 Hz of 104 dBm, sd 13.1 dB and 
group H2, seven subjects with mean hearing losses of 82 dBm, sd 16.1 dB. 

In the normally hearing group four subjects with simulated hearing-loss par
ticipated. They listened to low-pass filtered speech at cutoff frequencies 250, 500 
and 1000 Hz. The filter had a damping of more than 80 dB/oct. White noise was 
added, SIN = 20 dB. 

The test material consisted of three parts: (1) Intervocalic consonants, prosodic 
contrasts and speech tracking. The segmental test used a set of 16 vCv utterances 
with a carrier phrase in which the vowel was always /a!. Consonants were chosen 
to sample a variety of distinctions in voicing, place of articulation and manner of 
articulation. (2) The suprasegmental test used is a closed set test battery pre
sented as a two alternative forced-choice task. The specific prosodic features 
tested were: number of syllables, vowel-length, juncture, tone and emphasis. (3) 
Speech tracking was introduced by De Filippo and Scott [4] and has been used to 
train and evaluate the reception of connected speech via lip-reading combined 
with different assistive devices. 

The consonant and prosodic tests were videotaped and the speech tracking was 
presented live. The same speaker, a woman, was used in all test situations. Each 
subject was tested individually. The normally hearing subjects (Vt-group) were 
masked by earplugs and pink noise in the test situation with lip-reading and aid. 
During the speech tracking situation they were sitting in a sound-attenuating test
room and viewed the speaker through a window. The cochlear-implanted 
subjects and the hearing aided subjects were tested in free field at the most 
comfortable level, adjusted by themselves, in condition lip-reading plus aid. In 
the situation lip-reading alone the hearing aided subjects were unaided and 
sitting in the test room under the same condition as the normally hearing 
subjects. 
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Confusion matrixes were constructed for each individual and for each situation. 
An information transfer measure [5] was calculated for each feature. Three major 
articulatory and phonetic categories were used: manner, place and voicing. The 
results obtained from the segmental test, expressed as mean percent transmitted 
information of vCv-syllables displayed for each group of subjects in the two 
conditions are shown in figure 1. 

vCv SlOp Fricalion Nasalily 
100r---------------------------------------------�IT 

VI H1 Ci H2Lp VI H1 Ci H2Lp VI H1 Ci H2 Lp VI H1 Ci H2Lp VI H1 Ci H2Lp 
o Visual Figure 1. Percent information transmitted for different features. 
� Visual.aid Mean values for the 6 subject groups. For group LP results are 
• Lp 500Hz shown for 375 Hz and 500 Hz. 

All subjects performed comparably in the "vision only" condition. There is no 
difference between normally hearing and hearing impaired subjects in this test 
condition. Two of the subjects, are excellent lipreaders with more than 40 
words/min in the speech tracking test. In spite of this, they did not achieve better 
results on the "visual only" consonant test. As expected, in "vision only" 
condition, the place feature was correct most often followed by frication. All 
groups of subjects, have got some improvement in the condition "visual plus 
aid". The recognition of distinctive features was improved with the aid especially 
by groups of subjects Lp-500, H2 and Ci. The subjects received very little 
information about voicing when they were only lip-reading, but the high 
proportion of information transferred about voicing in the combined situation 
shows that the devices provided strong cues of low-fundamental frequency for 
all subjects. 

Results obtained from the suprasegmental test show that mean score of 78.2% 
correct, (sd. 5,6%), is greater than chance level (50%) for all groups in condition 
"vision only". In the condition "vision plus aid", the vibrotactile aid transmitted 
no added information to visual cues. Suprasegmental features were very well 
perceived by all hearing aid users and by normally hearing subjects. The 
cochlear implant group was helped by transmitted information concerning the 
features tone and juncture. 

Results obtained from speech tracking indicate that the enhancement of lip
reading with the single-channel vibrotactile aid is close to 5 wpm, and about 10 
wpm for the group HI. The mean score enhancement for the cochlear implant 
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users is about 25 wpm and about 55 wpm for the group H2. The speech tracking 
score for the Lp-lOOO group reaches the ceiling rate in this particular situation 88 
wpm. Data obtained with the speech tracking procedure, clearly show the 
difference between communication with the vibrotactile aid, cochlear implant 
and hearing aids. 

The individual data shows that speech understanding performance for one single
channel cochlear implant subject can be as good as those obtained with 
multichannel cochlear implants. The difference between better and poorer 
patients is the detection/resolution of high-frequency components is reported by 
Dorman [2]. Responses of the subjects with hearing aids and with residual 
hearing (H2) were consistently superior to those subjects with implants or 
vibrotactile aids. 

4 Conclusion 

The results in fig. 1 show that the hearing aid using group with a profound loss 
get very little benefit from their hearing. The results also show a large variation 
in results on all tests for the cochlear implanted group. By the use of diagnostic 
tests of the type presented here, it might be possible to understand the reason for 
these variation. The results can also be used in patient selection for implantation. 
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On hearing impairments, cochlear implants 
and the perception of mood in speech 

David House, Dept. of Linguistics and Phonetics, Lund University 

1. Introduction 
In previously reported experiments (Oster & Risberg 1986, House 1990) listeners 

with moderate to severe hearing loss have been shown to have difficulties in 

identifying the mood of speakers in test sentences, particularly confusing happy 

(as the intended mood) with angry and sad. This paper presents results from a 

similar experiment where speaker mood identification performance of seven 

listeners using the Nucleus multichannel cochlear implant (see e.g. Waltz man & 

Hochberg 1990) was compared to that of 29 listeners with moderate to severe 

hearing loss using their conventional hearing aids. The experiment has been 

carried out within a research project on the perception and production of mood by 

the hearing impaired. The aim of the project, conducted by Gosta Bruce, Ursula 

Willstedt and this author, is to investigate the acoustic cues which can be used to 

signal speaker mood and the influence of hearing impairments (including cochlear 

implants) on the perception of these cues. Tokens of different moods produced by 

hearing-impaired subjects will also be analysed to form the basis for the 

development and testing of a speech therapy program designed to increase the 

awareness of how different moods can be signalled in speech. For a previous 

project report see House (1990). 

2. Standard mood test 
2.1 Stimuli 
A standard mood test was designed for the purpose of testing the performance of 

cochlear implant users, for comparing individual performance over time, and for 

comparing performance of implant users to that of conventional hearing aid users. 

The standard test consists of two semantically neutral utterances: the sentence,"Nu 

flyttar jag" (Now I'm going to move) and the number, "2510". Situations were 

described whereby four prototypical moods (neutral, angry, happy and sad) were 

applied to the utterances. Recordings were made of a female speaker of Southern 

Swedish (a trained speech pathologist) who spoke the sentences in the 
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prototypical moods. One token of each mood and each utterance was chosen for 

the test whereby each token was meant to clearly convey the intended mood using 

conventionalized expression and without exaggeration. The test was intended to 

be relatively easy for listeners with normal hearing. Details of the stimuli 

including an acoustic analysis are presented in House (1990). 

2.2 Subjects 
Eighteen university students and teachers with normal hearing served as a control 

group. Seven postlingually deafened listeners using the Nucleus multichannel 

cochlear implant participated in the test one to two weeks after processor 

activation (four to six weeks postoperatively). To date four of the patients have 

participated in the test a second time, six months after the first session. 29 

listeners with moderate to severe hearing impairments (including conductive loss, 

sensorineural and mixed) participated in the experiment. 

2.3 Test configuration and procedure 
The test was divided into two parts, the first part consisting of the sentence and 

the second part consisting of the number. The test tokens were randomized within 

each part, each token being presented six times. The test was presented via a high 

quality tape recorder and loudspeakers. The test was administered individually to 

each cochlear implant user, to the control group as a group on one occasion and to 

the hearing impaired group in three groups on three occasions. 

3. Results 
The test was easy for the control group with results of 98% identification in the 

first part and 100% in the second part. For the two other groups, however, the 

results showed great individual variation ranging from 33% to 100% identification 

in the hearing impaired group and from 25% to 90% identification in the cochlear 

implant group. Results for these two groups are presented as confusion matrices 

in Figure 1. Considerable similarity is found when comparing part one results 

(sentences) from the two groups with 45% identification for the cochlear implant 

group and 56% for the hearing impaired group. Confusions follow a similar 

pattern for the two groups with happiness (as the intended mood) being confused 

with anger and sadness. These results corroborate those referred to above. A 

striking difference, however, is found between the results of the two groups for 

part two (number). For the implant group, results were similar to part one (55%) 

while for the hearing impaired group, performance was much improved (89%). 
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Three of the four implant subjects tested after six months showed improvement on 

both parts of the test. 
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5 50 0 36 12 52 

Figure 1. Confusion matrices for the two groups of listeners and the two test 
parts: part one (sentence) and part two (number). A=Anger, H=Happiness, 
S=Sadness, N=Neutral. 

4. Discussion and conclusions 
Both similarities and differences can be found between the results of the two 

groups. Patterns of individual variation were very similar for the two groups with 

results spanning a large spectrum within each group. Poor performance can in 

certain cases be attributed to good discrimination but poor identification of the 

intended moods. There was a slight tendency for this to apply more to the implant 

group than to the hearing impaired group. The major difference between the two 
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groups was found in the improved perfonnance for the hearing impaired group in 

part two. This could be due in part to the greater duration of the number (eight 

syllables) as compared to the sentence (four syllables). In addition, the number 

contained four accents while the sentence was produced with only one. Thus the 

shorter sentences provided both groups with similar mood infonnation while the 

hearing impaired group was able to obtain more infonnation from the longer 

utterances. For the implant group, duration of deafness before the implant seemed 

to be a strong factor governing performance with greater duration generally 

indicating poorer perfonnance. For the hearing impaired group, perfonnance did 

not correspond to severity or type of loss. 

These results seem to indicate that certain acoustic cues to mood can be perceived 

by both hearing impaired listeners and cochlear implant users, but that difficulties 

arise in the interpretation and identification of these cues. For shorter utterances, 

performance by cochlear implant users and hearing impaired listeners with 

conventional hearing aids were very similar. For longer utterances, perfonnance 

improved for the hearing impaired listeners. Individual performance and 

differences within both groups were, however, very similar. Additional studies, 

including individual assessments, will be made to further investigate mechanisms 

of speaker mood identification among these listener groups. 
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Touching Voices - A comparison between the 
hand, the tactilator and the vibrator as tactile 

"aids" . 

Gunilla Ohngren, Bo Kassling and Arne Risberg. 
Department of Speech Communication and Music Acoustics, Royal 

Institute of Technology, Box 700 14, 100 44 Stockholm, Sweden. 

1 Introduction 

Research and development on aids for the deaf in which speech infonnation is 
transmitted by the sense of touch has been going on since the 1920ths (Gault, 
1926). The work has resulted in some commercially available tactile aids 
(Franklin, 1988). Evaluation studies with these have shown that they can give 
some support during speechreading and some awareness of environmental sound 
(Weisenberg, Broadstone and Saunders, 1989) (Weisenberg and Russel, 1989). 
The practical usefulness of these aids is, however, still under discussion. 

In Uppsala, Sweden, lives a 53 years old man, GS, who is deaf. He communi
cates very well in a special way by putting his hand on the speaker's throat and 
shoulder. At the age of 8 he became deaf by meningitis. According to current 
wisdom and educational programs in Sweden - then - his parents started to speak 
slowly in his ear reading a book and he followed the text (Wedenberg, 1954). He 
did not like the training and when he tried to keep his father or mother from 
speaking in his ear, he used his hand to keep them at a distance. He then noticed 
that he could feel vibrations with his hand and he could understand quite well 
what was said if he combined the vibrations with the lipmovements. He became 
deaf in the beginning of June, but was able to continue in school with his normal 
hearing classmates in the following September. He continued the main-stream 
education and entered the University where he took a Master's degree in bio
chemistry. 

He works at the University of Uppsala among nonnal hearing persons. In most 
communication situations, he places his hand on the speaker's shoulder and 
throat. This method we call tactiling. 

2 Tactiling 

GS ability to communicate was measured with speech tracking, which is a test 
method where a text is read, sentence by sentence, and the subject has to repeat 
the sentence word by word (DeFilippo and Scott, 1978). Each test session was 10 
minutes and the words perceived per minute were counted. 
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Figure 1 shows the speechtracking rate, word per minute (wpm), for OS over six 
test sessions. The frrst four with a male speaker (Plant and Spens, 1986) and the 
last two with a female speaker. The speechtracking rate for speechreading only 
was a mean of 42 words per minute, which shows that OS is a very good 
speechreader, as the speechtracking rate for deafened adults using speechreading 
only - usually varies between 20 - 30 words per minute. When using tactiling he 
improves his speechtracking rate to a mean of 65 words per minute. The speech
tracking rate for normal hearing Swedes is 83 words per minute. 

80 
70 
60 
50 

WPM 40 
30 
20 
10 

--------.-- .---

o �--�-----+-----+----�--� 
2 3 4 5 6 

- Speechreading 
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Figure 1. Speechtracking results and tactiling with a male (1-4) andfemale (5-6) speaker. 

As tactiling is very useful for this man the findings .�ere thus generalized on 
eight deafened adults in a following study (Ohngren, Ronnberg and 
Lyxell, 1990). Each subject had eight training sessions with speechreading only, 
and half of the group also had eight sessions with tactiling training. The 
speechreading ability and tactiling ability were measured with a sentence test be
fore and after training. As many deafened adults experience more difficulties in 
the communication situations with unfamiliar persons, the ability to use tactiling 
on a person unknown to them was tested. This was done after the training. There 
was a significant improvement when using tactiling compared with speechread
ing alone. The effect of tactiling is also obtained in the posttraining test with the 
unknown speaker. 

Although seven of the eight subjects improved their communication ability with 
tactiling, six did not believe they would use tactiling except with persons they 
knew welL They thought it would be difficult to touch an unfamiliar person. 

3 Tactiling and the tactilator 

A technical device which substitute natural tactiling was built at the Royal 
Institute of Technology. The device consisted of a contact microphone from a 
speech training aid (Nasal indicator, manufactured by Special Instrument Stock
holm) followed by an amplifier, with a frequency range 82 - 4700 Hz and a 
power amplifier. As vibrator a bone conductor, Radioear B71 was used. The 
device is called "Tactilator". The effect of the tactilator was compared to natural 
tactiling. Figure 2. 
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Figure 2. Comparison between speechreading. tactiling and the tacti/ator. 

The comparison of speechtracking results using speechreading only, tactiling and 
speechreading with the tactilator shows similar performance with the tactilator 
and tactiling. Evidently the technical device is as good as tactiling for GS. 

4 Tactiling, the tactilator and the vibrator 

Several tactile aids are now commercially available. These devices resemble a 
hearing aid and use airborne sound, which means that the tactile signal is a mix
ture of relevant speech information and noise. One reason which many deafened 
adults give for not using commercially tactile aids is that the speech information 
is difficult to distinguish from the surrounding noise. A great advantage, 
experienced by the subjects when tactiling, is that they are not disturbed by sur
rounding noise. With a contact microphone held against the throat, the vibrations 
felt will only be the vibrations from the speech signal produced in the larynx and 
the vocal tract. Thus the aid works even in surrounding noise 

A comparison between GS performance with the tactilator in silence and in noise 
and his result with the minivib in silence and in noise was done. Figure 3. 
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Figure 3. Comparison between the tacti/ator and the minivib in silence and in noise. 

In silence - GS gets 9 words per minute additional information over speechread
ing alone with the minivib and 27 words per minute additional information with 
the tactilator. In noise the minivib does not give any support. The search for the 
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vibrations emanating from the speech sounds in the total vibrational pattern, 
seems to interfere with the subject's interpretation of the visual information 
available for speechreading. 

Compared to cornmercially available tactile aids the main difference to the tac
tilator is that a signal directly taken from the speakers articulation is used, and 
that this signal is free from influence from disturbing environmental noise. Com
pared to tactiling the tactilator offers a socially more acceptable alternative to 
tactiling. 

5 Implications for the future 

The method of using speechinformation directly from the speaker by a contact 
microphone and transform the information to vibrations, which the deafened 
adult can feel in a vibrator without disturbance from surrounding noise, may also 
be used as a complement to hearing aids to improve speech perception in noise. 
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1 INTR ODUCTION 
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The aim of the project outlined here is to examine a broad spectrum of phonatory as 

well as articulatory characteristics in the speech of five individuals with multiple 
sclerosis. We hereby hope to find relevant specific acoustic features of MS 

dysarthria that would be suitable to study in a larger sample of MS patients. The 

interested reader is referred to a following, more elaborate report (STL-QPSR 

forthcoming). 

2 BACKGROUND 

Multiple sclerosis (MS) is one of the most common progressive neurological 

diseases with an estimated prevalence of 50-130/100 000 in the Nordic countries. 

MS is an acquired, chronic disease which causes demyelinisation of white matter in 

the central nervous system. This gives various neurologic manifestations and the 

primary symptoms include weakness, stiffness and sensory disturbance of the 

limbs, problems with coordination, balance and vision and extensive fatigue 

(Ryberg, 1989). 

MS is frequently associated with the type of speech disorder known as dysarthria. 
Dysarthric speech is characterized by impairment of the motor speech processes 

which are involved in regulating speech breathing, voicing, articulation and 

nasality. Different dysarthrias are defmed by their unique perceptual characteristics 
depending on the disease process involved, as well as type or site of lesion. 

The perceptual characteristics of MS dysarthria have been the object of only a few 
studies. Darley, Brown & Goldstein (1972) noted that in the 168 patients they 

studied the most frequent speech deviations were impaired loudness control, harsh 

voice quality, defective articulation, impaired emphasis and pitch control, decreased 
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vital capacity, and hypernasality. Only 14% were judged to display the 

characteristic most prominent in "scanning speech" (the term introduced by the 

neurologist Charcot in 1877 to characterize the typical MS speech), i.e. increased 
stress on usually unstressed words and syllables. Farmakides & Boone (1960) 

made similar observations but found that hypernasality was a more prominent 
feature in the speech of the 82 MS patients they studied. 

However, to our knowledge there have been very few attempts to characterize this 

speech disorder with objective, acoustic measurements. 

3 METHODS 

2.1 Speakers and recorded material 

The speakers were three male (31, 41 and 51 years of age) and two female (43 and 

57 years) individuals with MS. They had all had MS for more than ten years. Their 

speech was carefully evaluated and tested using a clinical dysarthria test (Hartelius 

& Svensson, 1990). The type and severity of dysarthric symptoms ranged from 

slight tremor in sustained phonation without any other signs of dysarthria, to very 

slow, imprecise articulation combined with weak, monotonous or ataxic voice. The 

normal speakers were one male (42 years) and one female (51 years) without any 

history of neurologic disease. The recorded material discussed in this presentation 

consisted of seven different articulatory test sentences, a text of 89 words, and four 

prolonged vowels. All recordings were made at Sahlgren�s hospital, in a sound

treated booth with a Revox B77 two-track tape recorder. 

2.2 Acoustic analysis 

The recorded speech signal was digitized on a 386 PC computer using a special 

speech analysis software (Tern strom, 1991). The speech files were also transferred 

to an Apollo computer for spectrographic analysis. 

In the analysis so far we have been using the acoustic measures suggested by Kent, 

Weismer, Kent & Rosenbek (1989). These measures reflect aspects which are 

likely to affect speech intelligibility. 

3 PRELIMINARY RESULTS AND DISCUSSION 

3.1 Timing 

Three of the five dysarthric subjects had a very slow speaking rate (76, 98 and 116 

words per minute, respectively). The rate was affected by more frequent pausing 
and shorter phrases (in syllables per breath group). The decreased speaking rate is 

not solely attributable to increased pause time. As evident from figure 1 the 

articulation time down to the segmental level is prolonged. 
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Figure L Spectrogram of the word "damen" from a dysarthric (a) and a normal (b) male subject. 

3 .2 Articulation 

Formant frequencies of Fl and F2 of the extreme Swedish vowels Ii:, a:, u:/ show 

no significant differences between dysarthric and normal subjects. The F2 

transitions however show a characteristic difference; not in the initial or target F2 
values, but in the duration of the transition time in relation to the total CV syllable 

time (the transition time tends to be more than 50% of the total syllable time). This 

difference is evident in four of the dysarthrics (the fifth also has no audible 

articulation difficulties) and obviously reflects the inertia of the articulatory 

musculature (see figure 1). Noticeable in figure 1 is also the instability of the 

voicing onset following the stop release (see arrow in fig 1, left). The three pulses 

in the initial voiced stop is characteristic especially of the subjects with 

predominantly ataxic problems. 

3.3 Voice 

The measures of mean FO and FO range reveals nothing remarkable; one male 

dysarthric subject with a perceived tense spastic voice quality has a high pitched 

voice (145 Hz) and another male dysarthric subject perceived as monotonous has a 

more reduced FO range in reading than the other dysarthric and normal subjects. A 
lax vocal fry quality is found more often in the dysarthric women than in the other 

subjects, especially in phrase- and word fmal positions. This vocal fry seems to 

correspond to what Lehiste (1965) refers to as "laryngealization" in her dysarthric 

subjects. 
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The most interesting finding however is a characteristic instability of the 

fundamental frequency in sustained phonation exhibited by four dysarthric subjects. 

These fluctuations, in amplitude as well as in frequency, do not seem like the 

inability in untrained subjects to keep FO stable, but rather appear to be periodic 

fluctuations of different rate, that reflect respiratory or phonatory muscle tremor. 

This is well in accordance with the data from Scripture (1916) and Zemlin (1962). 

Scripture found "peculiar irregular waves " (corresponding to irregular pressure 

variations) in the recorded sustained phonation of his 20 MS speakers regardless of 

whether any speech defect could be detected by the ear or not. 

Sustained phonation demands a very precise neuromuscular control, where the 

tension of the vocal musculature has to change continuously to keep the 

fundamental frequency stable although the subglottal air pressure is constantly 

changing. It is therefore likely that an incipient neuromotor dysfunction such as MS 

could display itself as an inability to keep the fundamental frequency stable during 

sustained phonation. We are presently investigating methods of quantifying these 

fluctuations and the most promising technique so far seems to be the spectrum 

analysis of the pitch of sustained vowels described by Ternstrom & Friberg (1989). 

We then intend to proceed to study the phonation patterns of a larger sample of MS 

patients with and without dysarthria. 
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Introduction 
The purpose of this paper is to discuss articulatory compensation in relation 

to the type and extent of tongue resection, as it is reflected by listeners' 
perceptual confusions of consonants produced by 15 glossectomized speakers. 
The assumption was that different compensatory patterns should be expected 
in patients subjected to different degrees of glossectomy, more radical cases 
employing place substitutes for impeded articulations, and less radical cases 
tending to adaptive modifications of preoperative articulation patterns (Skelly 
et al.,1971). 

Subjects and methods 
The subjects were divided into four groups according to the type and extent 

of surgery; see next section for details. One normal speaker was included as a 
control subject. The speech material consisted of isolated CVC-syllables, where 
Cl = !b d g p t k/, V = Ii a u/ and C2 = /1/. The speech samples were digitized at 
16kHz and DI A converted. Two tapes for listening experiments were generated, 
containing separate productions of the same syllables and speakers. The items 
were presented to the listeners in 16 blocks, each block containing 20 ran
domized productions of one speaker, 18 with an initial stop and 2 with an initial 
fricative. The latter syllables were used as control items and were not analyzed. 
30 naive listeners have participated in the test. One tape was presented to 15 of 
them and the second tape to the other 15. They were instructed to use conven
tional orthography to indicate the initial consonant of each item. 

Results and discussion 

Group A 
This group consists of three speakers subjected to subtotal glossectomy, 

which means almost total. Percent correct responses for the stops are presented 
in fig.1a. As expected, these subjects have difficulties producing the lingual 



138 

stops, with a listener score less than 5%for velars and 25% (speaker 1) and 50% 
(speakers 2 and 3) for dentals. 

In subject 1 the whole mobile tongue has been removed and only a part of 
the tongue base is intact. Confusion data indicate that this subject uses the lips 
as substitute for the tongue: the lingual stops are evaluated as bilabial in 70% 
of the cases. It is somewhat easier for the listeners to correctly identify the target 
dental stops produced by speakers 2 and 3, where the tip of the tongue has been 
preserved. The dental stops produced by speaker 2 are either correctly identified 
(47%) or perceived as bilabial stops (45%). Since it is unlikely that this speaker 
could achieve a total occlusion with the tongue remnant, she may use two 
articulators in coordination: the lips to make the closure and the tongue 
remnant to give the acoustic cues to target place of articulation. The most 
frequent response to her velar stops is, that the consonants are left out 
completely. However, to a trained listener it is quite obvious that glottal stops 
are produced. To summarize, this speaker is most likely using a compensatory 
strategy similar to speaker 1, though she seems to use different substituting 
articulators for dentals and velars: the lips for the former and glottis for the 
latter. Speaker 3 on the other hand does not employ this substitution type of 
compensation, but articulates in much the same way as the speakers of Group 
B, where the tongue resection has been less radical. 

Group B 
Percent correct responses to the stops produced by the three glossectomees 

included in this group are presented in fig. lb. 
Speakers 4 and 5 have been subjected to hemiglossectomy of the base of the 

tongue and in speaker 6 the underside of the tongue has been removed. The 
floor of the mouth has been resected in all three cases. Although the tongue 
resection has been less radical in these patients, it is not an easier task for the 
listeners to identify the target stops produced by them, than those produced by 
the speakers of group A Perceptual data indicate that these speakers, as well 
as speaker 3 of group A, do not use a substituting articulator, but try to produce 
the sounds with the tongue remnant. Target It d k gI are frequently evaluated 
as fricatives, presumably due to an imperfect attainment of occlusion targets. 
The confusion patterns pertaining to these subjects vary much more than the 
patterns pertaining to speakers 1 and 2. There is however a tendency for the 
lingual stops to be evaluated as palatal fricatives when followed by Iii. In the 
Ia! context the dentals are frequently correctly identified, and the voiced and 
voiceless velars are perceived as Irl and /hi respectively. When preceding lui, It! 
is frequently evaluated as Iff, /k/ as /hi and Igi as N. The vowel context thus 
seems to influence the consonants produced by these speakers. 
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Fig. 1 a,b. Bar graphs of percent correctly identified bilabial, dental and velar 
stops for group A (fig.la) and group B (fig.lb) 

Group C 
This group consists of four speakers subjected to partial or hemiglossectomy 

of the base of the tongue. Percent correct responses are presented in fig.2a. As 
can be seen, the stops produced by this group are evaluated as the target stops 
more often than those produced by the two previous groups. Here the confu
sions generally are about place of articulation and not manner. Dental stops 
produced by speakers 7 and 8 are often heard as velar and velar stops as dental. 
These subjects are obviously able to produce lingual stops, but they are not 
successful in making a distinction between the two lingual places of articulation. 
Approximately the same amount of tongue tissue has been resected in speaker 
10, still her stops are correctly identified in more than 90% of the cases. The 
velar stops produced by speaker 9 are correctly identified in only 46% of the 
cases. By listening to this speaker myself, I was convinced that he produces /gJ 
and /k/ at the pharyngeal place of articulation and that, in doing this, he attains 
complete closure. Since the phonology of Swedish does not include pharyngeal 
stops, I expected that these stops would be identified as /g k/ by the listeners 
more frequently. Instead they are often misperceived as velar or glottal frica
tives or as being left out completely by the speaker. 
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Fig.2 a, b. Bar graphs of percent correctly identified bilabial, dental and velar 
stops for group C (fig.2a) and group D (fig. 2b). 

Group D 
Percent correct responses for the five speakers included in this group as well 

as for the normal control subject are shown in fig.2b. 
These speakers' ability to articulate has obviously been less affected by the 

glossectomy compared to most speakers of the former groups. Here either the 
front part of the tongue has been resected (speakers 11,14,15) and/or the floor 
of mouth (speakers 11,12,14,15,) or a very restricted part of the tongue base far 
back (speaker 13). 

In speaker 11 the tongue tip has been resected and consequently the listeners 
have difficulties identifying her dental stops. The confusions made are generally 
the dental stops being perceived as velar when followed by Ii!, and this tendency 
is also observed for speaker 13. An explanation would be that for speaker 11 
the tongue tissue removed and for speaker 13 the reduced mobility prevent the 
speakers from reaching the dental place of articulation. Instead they are making 
a palatal constriction. However, since the phonology of Swedish does not 
contain palatal stops before Ia! and lui, in these contexts these palatal stops are 
perceived as dental ones. But in the Ii! context, where Ig/ and /k/ are normally 
produced at the back palatal place of articulation, these target dental stops, 
though realized at the palatal place of articulation, are frequently identified as 
Ig/ and /k/. 

Although speakers 14 and 15 have been subjected to hemiglossectomy of 
the front part of the tongue their stops are as well identified as those produced 
by the normal subject, speaker 16. 
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Conclusions 
Two of the three near-totally glossectomized subjects employ substitution 

of the articulator and thereby preserve manner, but not place. The other 13 
glossectomees all try to articulate the stops with the tongue remnant, with 
various success. Resection of the tongue base affects speech more than resection 
of the front part of the tongue. And speech is drastically impaired, when in 
addition to the tongue base operation the floor of the mouth has been resected: 
these patients fail to preserve manner. These observations at least partly 
corroborate the previously mentioned assumption of variable compensatory 
patterns in patients subjected to different degrees of glossectomy. 

In this paper perceptual data have been used to make conclusions about 
production. The assumption is however not that perception is a perfect mirror 
of production. The speech of these glossectomees needs to be acoustically 
analyzed as well. It is, for example, unlikely that the speakers of group B use 
different articulators for It! depending on vowel context, still the listeners often 
hear a labiodental fricative in the lui context. One explanation to this is that 
the noise may be rather weak acoustically, resembling the noise of If!. Listeners 
responses can also be a matter of perception per se. The glottal stops produced 
by speaker 2 can serve as an example. There are listeners, who rather con
sistently evaluate them as bilabial stops. They seem to be filling in the missing 
information about place of articulation (a place of articulation existing in the 
phonology of Swedish, that is). Nevertheless, I believe that speech perception 
can serve as an indicator of speech production, though there may not be a 
perfect match. 
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1 Introduction 
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After a laryngectomy, the patient has to learn to master speech with a new voice 
source. For most of the laryngectomees, the sound generator is the upper part of 
the esophagus, which is set into vibration, either by air that is insufflated into the 
esophagus from the mouth, or taken from the lungs via a tracheo-esophageal 
fistula. In an ongoing project we are investigating acoustic and perceptual 
aspects of the two kinds of speaking techniques, hereafter called liE-speech II and 
"TE-speech". Comparisons are also made using characteristics used for descrip
tions of laryngeal speech (Hammarberg, 1986). We are also investigating the 
acceptance of these types of voices, which is of value in a clinical setting. For 
previous results, see Hammarberg, Lundstrom & Nord, ( 1989, 1990a,b) and 
Nord & Hammarberg ( 1988). 

2 Speech material and speakers 

The speech material contained vowels in carrier phrases, sentences with different 
prosodic patterns, a short infonnal conversation and a standard Swedish text of 
90 words. So far, 6 TE-speakers, 8 E-speakers and 4 nonnal laryngeal speakers 
of the same age group (48 - 80 years) have been analysed. Two of the TE-speak
ers used Panje voice devices and four used low-pressure Blom-Singer devices. 

3 Measurements of pressure and flow 

To investigate pressure and flow conditions and also to get an estimate of the 
voice source shape and spectral content, a flow mask (Rothenberg, 1973) was 
used in separate readings of /papapa:/, embedded in a carrier phrase. Subjects 
were asked to produce these utterances at three loudness levels, subjectively esti
mated as weak, nonnal and strong. Inverse filtering and pressure measurements 
were performed on three E-speakers, three TE-speakers and two normal speak
ers. Pressure registrations were made by using a small tube inserted between the 
lips and coupled to a pressure transducer. Mean values of all /p/ measurements 
for the three loudness levels and for the three speaker groups were calculated. In 
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Figure 1, an example of pressure and flow traces is shown for a reading at nor
mal loudness level by one E-speaker. Speakers displayed different patterns. The 
E-speaker in Figure 1 shows a decrease in flow at the onset of every /pa/ sylla
ble, probably reflecting his speaking technique, of air intake at those moments. 

'm�l/1J'��<LJ v.J . lJ . I ' / � I I o :lVWVl�V��� 
o 

s 

Figure 1. Pressure (top; cm H20) andflow traces (bottom; lis) for a reading at 
normal loudness level by an E-speaker. 

Analysis of pressure data are displayed in Figure 2. As can be seen, the normal 
laryngeal speakers generally produced the words with lower pressure values than 
the alaryngeal speakers, especially when they were asked to produce sounds with 
low intensity. The alaryngeal speakers could not change their voice levels to the 
same extent as the laryngeal speakers could, but still managed to vary the 
loudness level in three steps. Mean pressure values at normal loudness level 
were for the E-speakers 14 cm H20, for the TE-speakers 22 cm H20 and for the 
normal speakers 7 cm H20. These results compare favourably with what is 
known from other investigations of pressure levels (Diedrich, 1980). 
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Figure 2. Pressure values ( cm H20) during the production of /p/ for E-, TE- and 
normal laryngeal (N) speakers, at three loudness levels, weak, normal and 
strong (3 subjects in each speaker group; 15 samples/displayed value). 
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Peak flow values during vowel phonation are shown in Figure 3 below. As can 
be seen, the speakers do not differ very much. However, detailed analysis of the 
flow patterns reveal some interesting indications of different behaviour between 
groups. For instance, flow recordings of some of the alaryngeal speakers 
revealed a certain amount of minimum airflow, i.e. there appeared to be an 
insufficient closure in the PE-segment. (Note that these values do not directly 
reflect the air consumption, as they are peak values and not mean airflow 
values). 

Peak flow during vowels 

1.4 
1.2 

1 

i/s 
0.8 
0.6 
0.4 
0.2 

0 
E1 E2 TE1 TE2 T[3 1�1 r�2 

Figure 3. Peak flow values, extracted from productions of /papapa:/, at three 
loudness levels, weak, normal and strong. 

4 Sound Pressure Levels 

Sound pressure data have been derived from the readings of the text passage of 
approximately 45 secs in an unechoic chamber. Table 1 shows the results for 8 
speakers, corrected for 1 meter speaking distance, free field condition (reported 
earlier in Nord, Hamrnarberg, 1988). We found that the E-speakers were 
approximately 12 dB lower in intensity than the normal laryngeal speakers, 
while the TE-speakers were close to the normal speakers, sometimes a few deci
bel louder. These results confirm earlier results obtained by Robbins, Fisher, 
Blom, Singer (1984), where TE-speakers were found to speak as loudly as laryn
geal speakers. E-speakers usually have weaker voices. 

Table 1. Sound pressure level for alaryngeal speakers ("E", "TE") and normal 
speakers ("N"), derived from a text passage reading. Values are given in dB and 
correctedfor 1 m speaking distance (jrom Nord & Hammarberg, 1988). 

Speaking Technique E TE N 

Subject a b c  d e f g ref. 

SPL (dB, 1 m) 52 53 52 67 68 65 64 65 
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5 Discussion 

The technique of phonating vowels in /p/-context has been used in earlier studies 
on laryngeal speakers (Fritzell et al., 1983). In this way we are able to estimate 
the pressure levels below the voice source during vowel phonation from the oral 
pressure during /p/ occlusion without having to insert a transducer. For the ala
ryngeal speakers we found high pressure values for the /p/-productions, corre
sponding to the driving pressure below the PE-segment. Although there is over
lap in pressure ranges for the speaker groups, it appears that normal laryngeal 
speakers are able to phonate at lower pressure values, and alaryngeal speakers 
generally have to drive their sound source with a higher pressure, whether E
speakers or TE-speakers. 

6 Conclusions 

It was found that the pressure values below the sound source, the "PE-segment" 
was higher for the alaryngeal speakers, than the subglottal pressure was for the 
normal speakers. Flow registrations displayed unusual patterns probably reflect
ing different air inflation techniques. Flow values were not different from the la
ryngeal group. 
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