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Speech technology has provided important tools 
for applications in man-machine communication 
systems and is growing rapidly. But there is a 
risk that expansion will be limited by 
insufficient attention to the potentialities of 
speech and language research. The symbiosis 
between technology and basic research that has 
made possible the advance, now shows a 
tendency to turn into polarisation. At present, 
speech technology is highly dependent on 
statistical tools and large data bases, whilst 
phonetic research tends to focus on narrowly 
defined problems or abstract issues with small or 
no relevance for the overall code of spoken 
language. 

The term speech code has been coined to 
represent the knowledge of how linguistically 
defined units are realised in the speech act. In 
this sense it conforms with general phonetics. A 
more precise representation of the speech code 
is in programs for text-to-speech synthesis and 
the reverse, strategies for speech recognition 
from a phonetic analysis of speech wave 
patterns. 

At present we are doing fairly well in text-to-
speech synthesis, but quality and prosody could 
certainly be improved. Automatic speech recog-
nition is a much more difficult task. Although 
there has been a steady advance we have not 
reached a level of performance for reliable 
hands-free operation. At present, visual commu-
nication is more secure and has gained a priority 
in mobile telephony. Long-time investment in 
basic research. are needed. Around the corner, in 
a view towards the future, even more demanding 
and spectacular applications are anticipated, 
such as language and voice translation over the 
telephone. Increased investments in basic speech 
research should also be motivated by the 
obvious gain in linguistics and phonetics and in 
a vast field of human speech communication.1 

                                                      
1 The main body of the present article is an updated 
excerpt of (Fant, 1989), a contribution to a sym-
posium on speech and brain functions sponsored by 
the Wennergren Foundation. It is dedicated to the 
memory of one of the editors, the late Ulf von Euler, 
a pioneer in studies of dyslexia. 

XSYAZ\[N]_^F`SaN^F]VbNcd`SefcP[N]_g7bN]V]F^F[
^F`ShN]
The notion of a code implies relations between 
message units and signal units. In speech 
communication, we are concerned with the 
relation of language units to units of the speech 
act. This is the speech code, also referred to as 
the phonetic code. How are units of spoken 
messages encoded in the acoustic signal that 
radiates from a speaker’s mouth and reaches our 
ears to be heard and understood?  

We may extend this notion of the speech 
code to relations within a chain of successive 
encoding stages within the processes of speech 
production and speech perception. 

Our main reference for the speech signal is 
the speech wave as observed from oscillo-
graphic and spectrographic records. These have 
the potential advantage of preserving maximally 
complete specifications of the physical aspect of 
speech. Of course, such records lack information 
that the speakers convey through facial expres-
sions and other aspects of body language which 
constitute a sub-code of complementary and 
socially acknowledged and patterns. 

Studies of underlying articulatory processes 
cannot provide as complete and exact descrip-
tions as the speech wave analysis. However, 
speech wave patterns are inherently complex 
and need to be interpreted by reference to 
possible underlying articulatory patterns and 
perceptual constraints. The encoding rules with-
in the speech chain, e.g., relating articulatory 
movements and resonator configurations to 
speech wave patterns, have become important 
constituents of the overall code (Fant, 1960; 
1962, 1980, 1991). Articulatory interpretation of 
spectrograms is a key to the understanding of 
the speech code. 

The speech chain model becomes more 
illusive when applied to brain functions. We 
loose insight in encoding mechanisms and signal 
structure. We are left with partial insights that 
can serve as basis for speculations about general 
aspects of the code. The same is true of auditory 
functions and speech perception. The close ties 
observed between articulation and language 
units have influenced theories of coordinated 
speech production and speech perception 
mechanisms, e.g., the motor theory of speech 
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perception developed by Alvin Liberman 
(Liberman & Mattingly, 1985). However, we do 
possess a substantial amount of general know-
ledge of auditory mechanisms and speech per-
ception, such as various aspects of frequency 
selectivity, critical bands of hearing, time con-
stants, masking and adaptation that can aid an 
auditory adapted speech wave analysis (Fant, 
1967, 1978; Carlson & Granström, 1982). Audi-
tory constraints potentially allow a substantial 
data reduction of sampled speech wave patterns. 
In addition, a general knowledge of phonetically 
relevant auditory patterns can contribute to the 
development of a less complex and more precise 
specification of the code. 

When discussing the speech code, we are 
apparently faced with two different communi-
cation situations. One employs a human listener. 
The other employs a human or a computer 
attempting to read and decipher a spectrographic 
representation of an unknown text. The strate-
gies we develop for the latter tasks may only in 
part reflect the true speech code, but they are of 
great technical importance. The basic strategy, 
as already mentioned, is to ask ourselves “How 
has this been produced?”  and “How can this be 
perceived?”  In both cases, the listener´s or the 
spectrogram reading person´s expectancy be-
comes an important part of the decoding 
process. We hear what we expect to hear and 
sometimes nothing else.  

Lindblom (1989) has pointed out the trading 
relations between distinctiveness and redun-
dancy. Even so-called clear and careful speech 
often displays omissions and substitutions on the 
phonological level as well as far-going reduc-
tions of speech patterns. We encounter a con-
tinuity of reductions from complete forms to a 
total extinction of information-bearing elements 
of a phoneme. Elision is ignored in top down 
expectancy.  

To the speech code also belong the specifics 
of individual voice types and speaking and 
reading style as well as deviant speech be-
haviour. |u}
~��w�:}����+���+�w}��p�����������������+���y�������:�p�w��}�������������y�w�+�w���+�������y���w��� ���+���y����}���� ~��������A�
~��:���}��w��� �������:���w����}�������� ���w�y�w���w����� . 
�S�A ¢¡N¡N£�¤�¥F¦S§P¤�¨S©Nª
By now, it is evident that the concept of the 
speech code is an integral part of general and 
experimental phonetics and speech research. 
Figure 1 symbolises the many branches of 
speech communication that are concerned: 
Communication engineering, acoustics, linguis-
tics, phonetics, psychology, physiology, speech, 
hearing research, and in many applications such 

as, language teaching, handicap aids and 
rehabilitation. 

Speech technology has supplied us with 
talking computers that are capable of converting 
any arbitrary text in ordinary spelling to a fairly 
intelligible synthetic speech. We may also 
program and train computers in a limited task of 
recognition of spoken words and sentences and 
to perform speaker verification. I shall not go 
into details here but it may suffice to state that 
computers are good readers but bad listeners. 
This is the reverse of general dyslexic be-
haviour.  

Computer based text reading has found many 
applications in aids for the blind and in aids for 
speech-handicapped persons. In these applica-
tions the input to the synthesis is a string of 
alphanumerical signs, i.e., a digital represen-
tation of the text which may be retrieved from a 
computer or from an optical character recogni-
tion system scanning a text for the user. Text-to-
speech conversion has found use in prothesises 
for non-speaking persons, tailored to suit the 
users’  specific motor capabilities (Fant, 1984; 
Galyas et al., 1992). 

Here in Sweden we have been engaged in 
successful applications of speech synthesis in 
teaching aids for children with reading and 
spelling difficulties (Dahl & Galyas, 1987). The 
technical development of such training aids and 
speech prosthesis now includes means of lexical 
prediction (Hunnicutt, 1996) by letting the 
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computer suggest a possible continuation given 
the first entries of a word.  

However, text-to-speech synthesis still lacks 
elements of naturalness and intelligibility. Also, 
we need a more varied individual choice of 
voice type, i.e., child versus adult and female 
versus male voice. Speech synthesisers are often 
said to have a foreign accent. This is more or 
less pronounced and it can be tiring to listen to 
synthesisers, especially if they have not been 
programmed to stop now and then and to take a 
pause for breathing and afterthought. 

ùSúAû7üNýSþSÿ���þSü����_þSü�� ýSþSÿ���þ����	�	�	
��
The relative success of speech synthesis has 
created an illusion that we have a profound 
insight in the speech code. This illusion 
becomes especially apparent when we try to 
operate in the reverse direction, that is, given a 
record of the speech wave, attempting to 
decipher what was said. 

Although performance is gradually improv-
ing, automatic speech recognition is still in a 
primitive stage of development, generally 
limited to single-word utterances and speaker-
adapted functions which require an initial cali-
bration and training to fit the specific voice. 

Why is this so? Why could we not develop 
rules for identification of phonemes irrespective 
of talker and context to convert speech to 
writing? Or even better, why not attempt a 
decoding of speech in terms of the phonetic 
inventory of natural sound classes, e.g., the 
distinctive features of Jakobson et al. (1952)? A 
limited number of about ten features would 
suffice to describe most of the phonemic 
contrasts in the languages of the world. Could 
one not simply implement their acoustic 
attributes in a computer program as a simple 
recipe for speech recognition? This naive 
thought, confusing abstractions and realities, has 
been followed up and it has failed for obvious 
reasons. 

Distinctive features are in the first place 
minimal categories of a phonemic inventory. 
Their acoustic correlates, on the other hand, are 
dependent on the particular context. An invari-
ant conceptual denominator can be formulated 
to fit an overall phonetic frame, but its 
descriptive power tends to be diluted and is 
found insufficient for recognition work. The 
contextual variability imposed by the speech 
code sets the limit. Still, distinctive feature 
theory remains a most important tool for gaining 
an understanding of the basic structure of speech 
and will find a more concrete base as we learn 
more about the speech code. 

����������������������������� �����!���!���"��
Let us go further into the nature of the speech 
code. There are often great differences between 
words pronounced in citation form under labo-
ratory conditions and in real everyday speech. 
This is a matter of both tempo, relative em-
phasis, distinctiveness and stressed/unstressed 
contrasts. However, even a normal, clear reading 
of a text presents problems. Contextual varia-
tions are considerable. Temporal spread, fusion, 
and overlay of simultaneous articulatory features 
have to be taken into account (Fant, 1962; Fant 
et al., 1991. 

Phonological segments at the message level 
are abstract discrete units, while articulation is 
continuous. In the speech wave, as viewed from 
a time-frequency-intensity spectrogram, we find 
a mixture of continuous pattern variations and 
discrete breaks which are related to points in 
time of vocal tract opening or closing, i.e. at the 
release of an obstruction, or at the instant of a 
complete closure being reached. Onsets and 
offsets of the voice source or of a noise source 
may also provide distinct boundaries. Even 
though a single phoneme occasionally may have 
its main physical counterpart in a single acoustic 
segment, this is usually not the case, Fant 
(1962). In the speech wave, we may find more 
segments or less segments than in the phono-
logical string and segmentation criteria may 
loose their precision or become ambiguous due 
to the continuity of the underlying articulatory 
gestures. 

Thus, once a segmentation has been 
attempted, we find that one phoneme generally 
influences several successive acoustic segments. 
Conversely, due to coarticulation, a single 
physical segment is generally influenced by 
several successive phonemes. A typical instance 
of this temporal spread of information-bearing 
elements is that patterns of formant transitions 
into or out of a physical segment become im-
portant cues to the identity of the phoneme 
conventionally ascribed to the segment. An 
example is the positive transition in all formants 
at the release of a labial closure and the syste-
matically different patterns of dental/alveolar or 
velar/palatal release. A stylised version of the 
speech code along these lines was developed at 
Haskins Laboratories (Liberman et al., 1959). It 
was based on experiments with simplified 
synthetic speech stimuli. An attempt to structure 
patterns of real speech was performed by Fant 
(1962, 1968). 

However, in spite of an accumulating 
acoustic-phonetic knowledge, we still lack an 
insight in the full code sufficient for speech 
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recognition purposes. Even if we could develop 
a perfect talent of reading spectrograms of 
unknown texts, we would still have difficulties 
in transforming our visual recognition strategies 
to schemes suitable for automatic computer 
analysis. Thus, in the lack of well-defined visual 
strategies and invariance criteria, most people 
involved in speech recognition research have 
now turned to non-phonetic approaches, em-
ploying statistical methods of pattern matching 
of units, usually larger than single phonemes. 
HMM and neural analog networks have taken 
over. 

This is a real challenge. Shall we give up our 
attempts to force the speech code, or shall we 
continue to rely on computers to acquire a 
recognition competence that is as inaccessible to 
objective analysis and understanding as our 
competence as listeners? At least, we could 
make better use of insights in acoustic-phonetic 
structure. 

But how shall we gain access to the complete 
code? The issue of invariance versus variability 
was the subject of a whole conference, Perkell & 
Klatt (1986). The view I expressed (Fant, 1986), 
is that instead of worrying about the lack of 
invariance, we should pay more attention to 
means of studying and structuring variability. 
Spectrographic patterns of the same utterance 
produced by different speakers may vary con-
siderably in spite of relative small differences in 
apparent qualities (Fant et al., 1986). An 
example is shown in Figure 2. The three subjects 
have produced the voiced stop /g/ in the 
Swedish word “ legat”  with varying degree of 
articulatory closure, which is complete for 
subject JS, incomplete for subject JJ and even 
more reduced for subject LN. The weak gesture 
towards closure for subject LN is sufficient to 
evoke the percept of a voiced stop but one may 
argue that the “ top-down”  expectancy in 
listening adds to the identification.  

 =%> ?-@'ACBED<FHGJI'ACK�L'MNL'O'PRQTSUIVP'BW?-ACB9B7XYI[ZEQTL'A\?�B7Q@'O'P'B7ACX^]'I'I'Q_I[Z`Lba7I<>Tc7B7PbXCQTIedJF

 f%g h-i'jCkVl'monJp'qsr6tTk9uTkwv<x'yzgTx'{7p'qsrJtTk7u1kwv't1|7k7p<tTv'j{7tTp'}Ci<jCk4pe~`v/x<v'}Cv<t*{7p'x<}Cp'x'v<x'u_�	xC�'m
Another instance of incomplete articulatory 
closure is illustrated in Figure 3. Here the 
subject AA at the left of the figure produces a 
welldefined boundary between the vowel /ö/ and 
the following nasal consonant /n/. The subject 
JS, on the other hand, does not produce a 
complete oral closure during the /n/ which 
therefore becomes realised as a nasalised vowel 
with no apparent boundary between the /ö/ and 
the /n/. This is a quite common phenomenon in a 
sequence of a vowel followed by a nasal and an 
obstruent. 

These two examples illustrate indivual pro-
nunciation patterns but they could also represent 
two levels of prominence, i.e. of stress along the 
hyper/hypo dimension as discussed by Lindblom 
(1990), see also Fant et al. (2000). 

Some phonemes are produced with a com-
plex combination of articulatory activities, while 
a minimal phonetic distinction often involves a 
single selective modification which may change 
several aspects of the spectrographic pattern. 
Such a case is illustrated in Figure 4. Here the 
contrastive nonsense words [kak� :ka], 
[gag�-� ga], [pap�-� pa], [bab�-� ba], [tat�-� ta], 
[dad�-� da] illustrate the pair wise relations 
between unvoiced (aspirated) and voiced stops. 
The major articulatory correlate of this 
distinction is the difference in the opening and 
closing gestures of the vocal cords. The corre-
sponding acoustic modifications cover several 
dimensions such as F1 cut-back, aspiration noise 
and voice source dynamic variations. On the 
other hand there is perfect synchrony in the six 
words of the timing of the termination of the 
second vowel with respect to  the onset of the 
burst of the preceding stop, i.e. the articulatory 
release-opening gesture is the same, i.e. the 
duration of the articulatory release-opening 
gesture is the same in all six words.  

Prosody constitutes a major part of the 
speech code as imposed by language, dialect, 
social and individual patterns. The main cate-
gories are intonation, accentuation, prominence 
and grouping. It is by now  well  recognised that 
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prosody constitutes the major difficulty for a 
second language learner and is the crucial 
determinant of the quality of text-to-speech 
systems. Recent work on Swedish prosody have 
been reported by Fant & Kruckenberg (1989, 
2001) and by Fant et al. (2000a, 2000b, 2001). 

The prosody of poetry reading has been studied 
by Kruckenberg & Fant (1993).  

It is found that the encoding of stress and 
relative emphasis affects not only duration, pitch 
and intensity but also most aspects of speech 
production, segmental realisations and the voice 
source (Fant, 1993, 1995, 1997). 

 È%É Ê-Ë'ÌCÍÏÎ'Ð-Ñ�ÒTÓ<ÔTÔ1Õ'ÒµÕ'Ö<×�ØCË[ÙJÌ^Õ§Ê-ÒTÓ<ÔTÔTÕ<ÒµÓ[Ù6Í9Ö'ÉTÖ§ÊÚÕ'Ö'×�Û9ÒTÓ'Ø^É1Ö§ÊÜÉTÖ�Ý9Ó'ÉTÛ9Í7×�Õ'Ö'×NË'Ö'Ý7Ó<ÉTÛ7Í9×ÚÞ Õ'Ø Ù6ÉTÌCÕ<ÔTÍ7×[ß�Ø^ÔTÓ[Ù6Ø×'Í7ÔTÍ9ÌCà�ÉTÖ'Íá×'Ë'ÌCÕ<ÔTÉ1Ó'Ö�Ù6Õ<ÔTÔTÍ9ÌCÖ<Ø
. 
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Advanced work on articulatory modelling 
will be a major tool for structuring the speech 
code. Effective vocal tract models and synthe-
sisers have been developed (Lin & Fant, 1992; 
Engvall, 2000) but we lack articulatory data and 
control strategies within a phonetic frame. The 
complexity of this task is obvious and has re-
mained an inhibiting factor for the development.  

Large data banks of recorded speech have 
been collected at many places but these are 
generally used for training speech recognition 
systems or for sampling of phonetically tagged 
speech fragments for synthesis, or for specific 
dialect studies. They are rarely being used for 
systematic studies of the speech code. Develop-
ment work on speech synthesis is often carried 
out on a trial and error basis without a proper 
foundation in speech analysis. Exceptions are 
the now classical studies of Klatt (1987) and the 
corresponding work in Sweden by Carlson et al., 
(1990); Carlson & Granström (1986, 1997). 
However, much of the information is hidden in 
computer programs and is limited to specific 
contextual frames. 

ð�ñ�òVó�ô�õ�ö	÷�ø�ù	ó�ô
Speech research is facing a challenge. Without a 
broad integrated expansion of fundamental 
knowledge we cannot realise far reaching aims 
such as communicating with computers as freely 
as with human beings. To achieve this insight is 
not a matter of a single intellectual undertaking 
of finding the key of a code. Brilliant ideas can 
not substitute hard work. In quest of the speech 
code we need, in the first place, much more 
information from speech analysis. It requires 
multilevel investigations and modelling over a 
substantial period of time.  

Mankind is making much progress in 
mapping the genetic code. We need some of the 
same patience and persistence in mapping the 
speech code, and of course a more appropriate 
funding. The reward will be not only a sub-
stantial gain in design and performance of 
speech systems but also a more solid theoretical 
basis of linguistics and phonetics and appli-
cations in a vast field of human communication. 
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