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Abstracts 

We present a detection-based automatic speech recognition (ASR) paradigm that is capable of 
integrating both the knowledge sources accumulated in the speech science community and the 
modeling techniques established in the speech processing community. By exploring this new 
framework, we expect that researchers in the Interspeech community can collaboratively contribute to 
developing next generation algorithms that have the potential to surpass current capabilities, and go 
beyond the limitations of the state-of-the-art ASR technologies. 
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Abstract 
The field of automatic speech recognition (ASR) has enjoyed a 
fast technology progress in the last three decades, due to the 
extensive use of statistical learning algorithms, the availability of 
a number of large collections of speech and text examples, and 
fast computing machines. However ASR advances have slowed 
down quite a bit in recent years.  It seems the success of the 
above knowledge-ignorant modeling approach can be further 
extended if knowledge sources available in the large body of 
speech science literature can be properly integrated into the 
statistical modeling paradigm and objectively evaluated. In this 
paper we explore a knowledge-rich, data-driven approach to 
ASR that serves as a candidate paradigm for developing next 
generation ASR techniques and systems. A few knowledge-
supplementary examples will first be illustrated. Some potential 
collaborative research scenarios will also be discussed. 

1. Introduction 
Speech is considered as the most natural means of 
communication among human beings. There is also a rich set of 
human information embedded in speech beyond just word 
transcription of the spoken utterances. Mining of speech 
information is therefore of great importance both in theory and 
in practice. One way to extract such information from spoken 
languages by machine is to convert speech to text through 
automatic speech recognition (ASR). With the increasing 
research and application interests, the field of ASR has enjoyed a 
fast progress in the last three decades, due to the extensive use of 
statistical learning techniques, the availability of large 
collections of speech and text examples, and fast computing 
machines. However ASR advances have slowed done quite a bit 
in recent years.  It seems the past successes of the prevailing 
knowledge-ignorant modeling approach can still be further 
extended if knowledge sources available in the large body of 
literature in speech and language sciences can be objectively 
evaluated and properly integrated into statistical modeling. In 
this paper we explore a knowledge-rich, data-driven modeling 
paradigm that is capable of going beyond the current limitations 
of the state-of-the-art ASR technology, and gradually bridging 
the performance gap between ASR and HSR (human speech 
recognition). The implied detection-based approach to ASR, 
taking advantage of both knowledge-based and data-driven 
modeling paradigms, serves as a candidate paradigm for 
developing next generation ASR algorithms and systems.  

2. Knowledge-Ignorant Modeling 
The statistical modeling approach to ASR is motivated by 
expressing spoken utterances as stochastic patterns. ASR is then 

accomplished by finding the sequence of words that maximizes 
the joint probability, P(S, W), of a given spoken utterance, S, and 
the corresponding word sequence, W, assuming that P(S, W) is 
known. Based on statistical decision theory, it can be shown that 
the above ASR solution agrees with the optimal Bayes rule that 
minimizes the total risk of the expected sentence, word, or phone 
error rates, depending on the underlying problems of interest [1].  

Next we consider the Shannon’s channel modeling paradigm 
that a given sequence of input symbols, I, is passed through a 
noisy channel, and converted into an output signal, O. We are 
interested in recovering I from O, by designing an optimal 
channel decoder that maximizes the joint probability of I and O, 
P(I, O)=P(O|I)P(I), where P(O|I) is the conditional probability 
of O given I, and P(I) is the prior probability of I.  Therefore the 
two ASR perspectives, one based on designing the optimal 
Bayes decision rule, and the other on optimal channel decoding 
[2], give the same solution in implementing the maximum a 
posteriori (MAP) decoding policy that maximizes P(W|S), or 
similarly P(I|O). This powerful tool has been applied to many 
speech and language processing applications. Since we don’t 
have an exact knowledge of the joint probability distributions for 
most practical problems, the forms of the distribution functions 
of P(O|I) and P(I) are often assumed, and their corresponding 
distribution parameters are then estimated from a large collection 
of application specific training examples. Therefore, the 
recognized input sequence is solved by implementing a plug-in 
MAP decoding policy [1] that plugs the estimated parameters 
into the assumed distributions in order to evaluate the required 
probabilities, or likelihood, in MAP decoding. Clearly, the 
optimal policy in decision and channel decoding no longer holds. 

In most speech and language processing problems, the input 
symbol sequences, such as words, concepts, or part-of-speech 
tags, can often be approximated by Markov chains, while the 
output observations are either continuous signals, like speech, or 
discrete signals, like word sequences. Due to the fact that the 
input symbols are hidden and not directly observed Markov 
sources, the output observations can now be considered as 
discrete or continuous density hidden Markov models (HMMs) 
[3]. This partly explains the success of using HMMs in many 
recently reformulated pattern classification applications, even if 
the observed signals are not necessarily generated by hidden 
Markov sources. Designing the channel decoder, or computing 
the acoustic model, P(S|W) and language model P(W), demands 
modeling of P(O|I) and P(I), which is often accomplished by 
collecting a large training set of input-output pairs, and applying 
statistical learning techniques to estimate all the distribution 
parameters required to evaluate the two probabilities, P(O|I) and 
P(I). It is clear that the abovementioned approach does not 



require any detailed specifications of the input symbols being 
decoded. With such a knowledge-ignorant modeling approach, it 
is now quite straightforward to demonstrate ASR capabilities of 
new tasks for almost any spoken language, without using 
detailed descriptions about the language. There are now 
available a vast collection of speech and language corpora, 
sponsored by many business and government-funded projects in 
many countries. Advances in hardware, algorithms and data 
structures have also made implementation of large vocabulary, 
continuous speech recognition (LVCSR) systems affordable.  

3. Advances in Hidden Markov Modeling 
Knowledge-ignorant modeling is considered as one of the most 
fruitful areas in characterizing speech and language in recently 
years. Key advances [1, 4] can be summarized in three broad 
topics, namely: (1) Detailed Modeling - Software packages [5] 
are available now in public domains to establish acoustic models 
with hundred of thousand Gaussian mixture components, and 
language models with hundred of million of n-gram 
probabilities. The previous limitation imposed by the curse of 
dimension, widely known in the pattern recognition community, 
was alleviated with many advanced modeling techniques that 
take parameter sharing into account, such as the commonly-used 
tied-state tree learning strategy in phone modeling; (2) Adaptive 
Modeling - Adaptive learning of HMM parameters, such as MAP 
adaptation for parameters of phones and their corresponding 
structures, is now a standard practice in many systems. Online 
adaptation of HMM parameters has also been developed to 
improve learning efficiency and effectiveness with little data; 
and (3) Discriminative Modeling – Using learning criterion that 
is consistent  with speech recognition and verification objectives, 
minimum classification error (MCE) and minimum verification 
error (MVE) learning algorithms for HMM parameters have 
been shown quite effective in improving model separation, 
system accuracy, and performance robustness.  

4. Limitations with Knowledge-Ignorant Models 
Based on the above statistical modeling paradigm we have 
learned a great deal about how to build practical ASR systems 
for almost any spoken language without the need of a detailed 
understanding of the language. However these existing systems 
are often overly restrictive, requiring that their users have to 
follow a very strict set of protocols to effectively utilize spoken 
language applications. Furthermore, the ASR system accuracy 
often declines dramatically in adverse conditions to an extent 
that an ASR system becomes unusable, even for cooperative 
users. When compared with HSR [6], the state-of-the-art ASR 
systems usually give much larger error rates even for rather 
simple tasks operating in clean environments. In highly noisy 
conditions, such as those in moving vehicles, ASR often gives an 
error rate more than one-two orders of magnitude higher than 
HSR [7]. Such a performance gap is unacceptable to users and 
makes the work of application designers extremely difficult.  

In addition to the robustness problem with adverse acoustic 
mismatches, in most real-world environments spoken messages 
are usually conveyed with spontaneous speech which is often 
“ill-formed”, with many utterances containing out-of-task, out-
of-grammar, and out-of-vocabulary speech segments. Since we 
don’t have a complete specification to characterize all possible 
ways of such spoken expressions using finite state network 
representations of all needed knowledge sources, the commonly-

adopted MAP decoding policy for ASR is no longer applicable 
to this so called “open-set” robustness problem with adverse 
linguistic mismatches. Therefore the conventional ASR notion, 
of a complete word transcription of any spoken sentence by any 
person speaking in any acoustic condition with any language, 
cannot really be achieved using the current state-of-the-art ASR 
paradigm. Instead, we need to explore new formulations that can 
facilitate partial understanding of spoken languages, just like in 
the case of human speech understanding without the need of 
recognizing every single sound in a spoken utterance.  

However efforts in integrating detailed knowledge, from 
acoustics, speech, language and their interactions, are hampered 
by the current ASR formulation as a “blackbox” of models 
trained to “remember” the training data, because it is not 
straightforward to integrate all available knowledge sources into 
the current top-down, knowledge-ignorant modeling framework. 
This makes it difficult for the ASR community to take advantage 
of the vast body of literature developed in the speech and 
language science communities to improve the performance and 
robustness of ASR systems. Thus, a collaborative paradigm is 
needed to facilitate innovations and lower entry barriers to ASR 
research for every single individual or group interested in 
contributing to ASR advances.  

5. Knowledge-Supplemental Modeling 
In the last few years, we have witnessed an increasing awareness 
of attempting to integrate limited knowledge sources into state-
of-the-art HMM-based ASR systems to improve recognition 
accuracy. Three such examples are illustrated as follows, 
namely: (1) “Sound-Specific” Features [8] - A single voice 
onset time measurement, or VOT, was shown to be more 
powerful than 39 spectral features for discriminating a stop pair, 
such as /d/ vs. /t/. By re-ordering recognition candidates 
according to VOT, a two-stage alphabet recognizer gave a 50% 
error rate reduction over state-of-the-art ASR results; (2) Key-
Phrase Spotting Mimicking “Foreign Ears” [9] - Human 
listeners are very good in detecting relevant keywords, buried in 
utterances of a foreign language. This suggests using a detection 
approach to mimic keyword spotting by “foreign ears”, or poor 
ASR systems. For a spontaneous speech application, such a 
combined keyword detection and utterance verification [10] 
strategy maintained good accuracy for in-grammar utterances 
and greatly reduced errors for ill-formed sentences; and (3) 
“Knowledge-Based” Front-End [11] - An LVCSR system was 
built based on speech attributes produced by artificial neural 
network detectors. These “knowledge-based” features were then 
used to train a set of HMMs. By merging the MFCC baseline 
system with systems built with 60 attributes and 44 phone 
features using a ROVER combination [12], we obtained a word 
error rate of 3.7% for the WSJ 5K test used in Nov92 evaluation, 
about 20% relative error reduction over the best baseline system.  

Other notable efforts include two 2003 symposiums and a 
recent study at the JHU Summer Workshop: (1) Perspectives on 
Speech Separation, http://www.ebire.org/speechseparation/; (2) 
Symposium on Next Generation Automatic Speech Recognition, 
http://www.ece.gatech.edu/~chl/ngasr03; and (3) Landmarks-
Based ASR, http://www.clsp.jhu.edu/ws2004/groups/ws04ldmk/. 
 

6. Human-Based Models for Speech Processing 
It is interesting to note that human beings perform HSR by 
integrating multiple knowledge sources from bottom up. It has 
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long been postulated that a human determines the linguistic 
identity of a sound based on detected evidences that exist at 
various levels of the speech knowledge hierarchy, from acoustics 
to pragmatics. For example, Klatt [13] studied the so-called 
acoustic landmarks that are assumed invariant to changes in 
speakers and speaking environments. Stevens [14] and Fant [15] 
have consistently advocated the approach of detecting and 
recognizing distinctive features in speech sound from an 
acoustic-phonetic framework. Indeed, people do not 
continuously convert a speech signal into words as an ASR 
system attempts to do. Instead, they detect acoustic and auditory 
evidences, weigh them and combine them to form cognitive 
hypotheses, and then validate the hypotheses until consistent 
decisions are reached. This process has been successfully 
demonstrated in spectrogram reading by trained experts based 
on knowledge in acoustic-phonetics [16]. Furthermore, a 
phonological parsing paradigm [17] for ASR has been proposed 
by assuming all the distinctive features can be exactly detected. 
However these features are not widely used in speech 
recognition due to the fact that they cannot be reliably detected 
in continuous speech, especially in adverse acoustic conditions.  

In order to bridge the performance gap between ASR and 
HSR systems, it seems clear that the narrow notion of speech-to-
text in ASR has to be expanded to incorporate all related human 
information “hidden” in speech utterances. This collection of 
information includes a set of fundamental speech sounds and 
their linguistic interpretations, the speaking environment that 
describes the interaction between speech and acoustics, a speaker 
profile that encompasses gender, accent and other speaker 
characteristics, such as the emotional state, etc. Collectively, we 
call this set of speech information, speech attributes. They are 
not only critical for ASR but also useful for many other 
applications, including speech coding, speaker recognition, 
language identification, speech perception, and speech synthesis. 
Based on this set of speech attributes, ASR can be extended to 
Automatic Speech Attribute Transcription, or ASAT, a process 
that goes beyond the current notion of just word transcription. 

7.  A Detection-Based ASR Paradigm 
The above human-based model of speech processing suggests a 
candidate framework for developing next generation speech 
technologies that have the potential to go beyond the current 
limitations. The missing link in utilizing acoustic and linguistic 
knowledge sources to recognize speech lies in designing a bank 
of feature detectors that is mathematically rigorous and capable 
of producing consistent detection results, even in adverse 
conditions. These robust event detectors are designed using 
acoustic-phonetic knowledge but are stochastic in nature so that 
the principles of statistical hypothesis testing and data-driven 
modeling techniques (as successfully adopted in the top-down, 
knowledge-ignorant ASR systems) can be extended to such a 
bottom-up, knowledge-rich modeling approach. These detected 
“events” can then be combined into higher level knowledge and 
evidences for phone and word recognition in a probabilistic 
manner, using hypothesis testing theories and computationally 
efficient algorithms. Furthermore, there is no need to restrict 
feature extraction at a fixed frame rate. Analog detectors and 
other related biologically-motivated processors [18] can also be 
incorporated into this flexible framework. The methodology 
distinguished itself from prior acoustic-phonetic approaches [13] 
practiced in the 1970’s in the consistent use of data-driven 

designs for speech event detection and in the way the detected 
cues are fused into higher level evidence in linguistic knowledge 
integration with hypothesis testing and pattern verification [19]. 

A block diagram of the proposed ASAT paradigm for 
collaborative speech research is shown in Figure 1. It outlines a 
four-fold proposition that: (1) We can build a bottom-up speech 
recognition system that combines information from articulatory 
and acoustic-phonetic features to form phones, words, and word 
sequences; (2) We can do it in a modular fashion that can 
facilitate plug-‘n’-play interoperability, allowing for close 
collaboration across a wide range of groups; (3) We can 
encourage new speech applications beyond the traditional notion 
of word transcription, such that researchers in both speech 
science and speech processing communities can contribute to 
technology advances; and (4) We can continue to practice the 
objective evaluation methodology [20] commonly adopted in the 
ASR community to track technology progress by developing 
similar evaluation strategies for individual modules and overall 
system to monitor detection performance, evidence combination 
effectiveness, as well as feature, phone and word accuracies.  

Furthermore, the proposed bottom-up detection paradigm 
implies a new approach to solving the robustness problems by 
using a “divide and conquer” strategy. It also enables us to take 
advantage of the vast body of literature developed outside the 
ASR community. Knowledge in speech production and auditory 
processing and perception can also be applied to detection-based 
ASAT and ASR. By providing a plug-‘n’-play platform, we hope 
to encourage the many researchers that have worked on the rule-
based induction, acoustic-phonetic feature detection, and 
machine learning techniques in ASR and other speech areas to 
combine their efforts into such a single system. The proposed 
approach, when applied to auditory processing, attempts to 
simulate the human auditory process by assuming that speech is 
first converted to a collection of auditory response patterns 
(feature detection), each modeling the probabilistic activity level 
of a particular acoustic-phonetic event of interest. Knowledge 
sources and computational models in neuroscience [21] can also 
be extensively utilized. Detection of the next level of events or 
evidence, such as phones and words, is accomplished by 
combining relevant features. Each activity function can be 
modeled by a corresponding neural system. Both the activation 
levels and firing rates have been used in neural encoding. 
Artificial neural networks [22] provide a convenient tool to 
model neuron combinations. Feedforward neural networks have 
been used to encode and decode temporal information. Recurrent 
neural networks have also been used to provide feedback loops 
to simulate neural processing. Simulating perception of temporal 
speech events is of particular interest. 

 
Figure 1 Bottom-up ASAT based on speech attribute detection, 

event merging and evidence verification 



8. Summary 
In summary, the ASR community is now at a crossroad 
searching for new directions. We are exploring a new 
knowledge-rich, data-driven modeling approach to next 
generation automatic speech recognition under a recently 
awarded NSF ITR grant: Automatic Speech Attribute 
Transcription (ASAT): A Collaborative Speech Research 
Paradigm and Cyberinfrastructure with Applications to 
Automatic Speech Recognition. It is clear that we have a long 
way to go before we can develop a complete ASR system that is 
competitive with the state-of-the-art performances. However, we 
do believe such a detection-based paradigm is flexible and rich 
in features, and provides an excellent vehicle for collaborative 
speech research. To facilitate such a community effort we intend 
to develop an open and sharable platform, and make all the 
system modules and tools available to the broader speech 
research community.  

It is believed that by incorporating knowledge sources into 
speech modeling and processing, the set of recognized attribute 
sequences, event lattices, and evidences for decision in Figure 1 
provides an instructive collection of diagnostic information, 
potentially beneficial for improving our understanding of speech, 
as well as enhancing speech recognition accuracy. From some of 
our preliminary results, we found that the recognized errors 
produced in knowledge-based, data-driven modeling systems 
often corresponded to more meaningful confusion of sounds in 
the same broad phonetic class than those errors obtained with 
knowledge-ignorant modeling systems, although the features are 
not necessarily more discriminative in classifying these speech 
sounds. Based on this set of information, we believe a better set 
of attribute detectors can be designed and they will contribute to 
improving both modular and overall system performances.  

It is also noted that the performance in the proposed system is 
“additive”. For example a better module for a feature will not 
produce poorer performance for the individual module and other 
modules related to this attribute, including the overall system. To 
facilitate a community effort to monitor research progress we 
will design a collection of evaluation sets for each speech 
attribute. Corresponding performance history will also be 
documented. Everyone is welcome to participate in this effort. 
We hope to eventually obtain a collection of “best” modules 
collectively provided by the community for all the needed 
features, so that they can be collaboratively incorporated into the 
“best” overall ASR system of the next generation. 
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Abstracts 

Phonetic symbols have an important role to play in phonetics, linguistics, language teaching, speech 
pathology and speech sciences in general, and linguists and phoneticians have tried to devise 
appropriate phonetic alphabets. Notable among them are Sweet, Bell, Jespersen, Pike, etc. The most 
successful and popular phonetic alphabet today is no doubt the International Phonetic Alphabet. The 
International Korean Phonetic Alphabet (IKPA for short) is a system of phonetic symbols that has been 
devised by the author on the basis of the articulatory phonetic(organic) principles exploited by the 
Korean King Sejong in creating the Korean alphabet of 28 letters in 1443. The Korean alphabet is not 
merely a phonetic alphabet of arbitrary nature but a highly sophisticated system consisting of sets of 
interrelated organic phonetic symbols, each set representing either the shape of the organs of speech, i.e. 
lips, tooth and velar etc. or their articulatory action. The Korean alphabet is, in a true sense of the word, 
a set of phonetic symbols designed to represent the organic visible speech of the human being. The 
author has applied the organic phonetic principles much more extensively and systematically in 
devising IKPA than the King had done. Consequently the IKPA symbols are just as systematic, 
scientific, easy to learn and memorize as the Korean alphabet, quite unlike the IPA counterparts which, 
having been derived mainly from Roman and Greek letters, are mostly unsystematic and arbitrary. The 
IKPA symbols visualize or mirror the actual speech organs or their action and thus tell us exactly what 
sort of an articulatory action is involved in producing sounds. It is in this sense that the IKPA deserves 
to be called a "Universal Visible Speech", which is to be shared by all. 
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From X-ray or MRU Data to Sounds through Articulatory Synthesis: towards an Integrated View of the 
Speech Communication Process 

Jacqueline Vaissière, Laboratoire de Phonétique et de Phonologie 

 

Abstracts 

This tutorial presents an integrated method to simulate the transfer from X-ray (or MRI) data to 
acoustics and finally to sounds. It illustrates the necessity of an articulatory model (hereby Maeda’s 
model) so as to:  
1. Construct realistic stimuli (sounds that human beings could really  produce) for psychoacoustic 

experiments.  
2. "hear" what kind of sounds the vocal tract of a man or a woman, of a new-born or a monkey 

could produce and  inversely, what vocal shapes could produce a sound with given acoustic 
characteristics.  

3. Study the correlation between the observed subtle articulatory and acoustic differences and  the 
choices of preferred prototypes in the realisation and perception of the same API symbol by 
native speakers of different languages.  

4. Modelise vowels and consonants in context, and differentiate between transitional gestures 
which are necessary in a co-articulation process, but not essential in order to differentiate 
phonemes.  

5. Simulate the acoustic and perceptual consequences of the articulatory deformation realized by 
the singers (e.g. singing formant), or in case of pathological voices. 
Emphasis is put on the work done in our laboratory, and more generally by different teams in 
France (Grenoble, Aix-en-Provence, Strasbourg and Nancy).  

 
 

Biographical Sketch 

After a thesis on speech synthesis about the introduction of prosodic 
parameters into diphone speech synthesis for French, the latter being 
prepared in 1970 at the IBM Research Center, La Gaude (France), and the 
Centre d!/Etudes pour la Traduction Automatique, Grenoble, Jacqueline 
Vaissière joined, as a visiting scientist, the Speech Communication Group at 
MIT, directed by Ken Stevens. After her journey in the US, in 1975, she 
became affiliated for 15 years with le Centre National d!/Etudes des 
Telecommunications, Lannion (France), where she worked on automatic 
speech recognition and automatic directory services. She was elected 
Professor of Phonetics in 1990 at the University - Sorbonne Nouvelle in Paris. She is currently director 
of the Laboratoire de phonétique et de Phonologie, associated with the Centre National de la Recherche 
Scientifique (CNRS). She is also director of the Ecole Doctorale, « Langage et Langues » in the same 
university. She has worked as a consultant at the Compagnie Générale d!/Electricité, in 1973, at Bell 
Laboratories (Murray Hill, New Jersey, USA) in 1983, and spend 9 months as an invited scientist at 
MIT, Speech Communication Group, USA in 1985, and at the Advanced Telecommunication Research, 
Kyoto, Japan, both summers of 1992 and 1993. 

 




