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SYNTHETIC PHONEME PROTOTYPES AND SOURCE 
ADAPTATION IN A SPEECH RECOGNITION SYSTEM 

Mats Blomberg 
Dept. of Speech Communicatiott and Music Acoustics, KTH 

Abstract 

A recognition system based on a reference library of synthetic 
phoneme prototypes is described. The phoneme templates are speci- 
fied in terms of formant synthesis parameters. The vocabulary and 
grammar is described in a finite-state network where each state repre- 
sents a phoneme. A transition between two phonemes in the net is ex- 
panded to a number of new states using interpolation on the synthesis 
parameters or at the spectrum level. At each state, a 16channel filter 
bank section is computed from the synthesis parameters. Adaptation to 
each speaker's individual voice source spectrum is performed during 
recognition. Without adaptation, the average recognition for ten male 
speakers was 88% on an isolated-word task using a 26-word vocabu- 
lary. On a vocabulary of 3 connected digits, !he recognition rate for 
six male speakers was 87.7%. Adding the voice source adaptation 
feature raised the performance to 96% and 92.8%, respectively. The 
improvement varied considerably between the speakers, indicating the 
usefulness of the voice source adaptation for certain voices. 

INTRODUCTION 
Speech recognition of large vocabularies and speaker independent recognition are 
normally implemented by training on utterances spoken by one or several speakers 
reading part or all of the vocabulary that is going to be used in a particular application. 
The training procedure often requires much processing time and a large training 
material. In this paper, we try to eliminate the training procedure by expressing 
acoustic-phonetic knowledge in the top-down approach of a speech production system. 
This paper contains a comprehensive. presentation of the system. A more detailed 
description is given in Blomberg (1989). 

The use of speech synthesis for generating reference data in a speech recognition 
system was first reported by Woods & al. (1976). In previous reports we have used a 
speech synthesis system to build word templates for recognition by a dynamic-time- 
warping based isolated-speech recognition system (Blomberg, Carlson, Elenius, 
Granstrom, & Hunnicutt, 1987); Blomberg, Carlson, Elenius, Granstrom, & Hunnicutt, 
1988). 

NETWORK DESCRIPTION 
Every word in the vocabulary is specified by a phonetic net, defining different 
pronunciation alternatives. According to the syntax rules, the words are compiled into a 
finite-state network of phonemes. Every phoneme is represented by its corresponding 
synthesis parameters. Each state is then divided into varying numbers of sub-states 
representing transitions into and out of the phoneme. The parameters of the sub-states 
are computed by interpolation between the preceding and the following phoneme. The 
spectral prototypes are then computed from the synthesis parameters for each state. A 
default voice source spectrum is added to the transfer function of voiced phonemes. 





eliminates the possible advantages of the method must be determined by recognition 
experiments. 

Fricative amplitude adaptation 
The level of unvoiced sounds is normalized in the same way as normalization for voiced 
speech amplitude is achieved. A separate parameter is needed, since there is not 
necessarily a constant relationship between the fricative amplitudes and those of voiced 
sounds. The average level difference when matching to unvoiced phonemes adjusts the 
level of all such sounds in the library. 
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Fig. 1 .  Display of a recognized utterance, the Swedish word 'egendom'. Segments 
without labels have been classified as transitions. Spectral distance to the 
reference spectra and estimated source correction parameters are plotted 
along the utterance. Natural, synthetic and voice correction spectra fiom 
the first vowel is shown at the bottom. 

RECOGNITION EXPERIMENTS 
Recognition experiments have been performed on two sets of speech material. The first 
set is a vocabulary of 26 words pronounced in isolatiori by ten male speakers, repeating 
each word once. The sane material was also used in Blomberg & al. (1987; 1YS8), 
where a text-to-speech system provided training material for a dynamic-thne-warp, rnel- 
cepstrum based recognition algorithm. 

The second set consisted of strings of 3 connected Swedish digits spoken by seven 
male speakers. Each speaker read 100 strings, giving a total number of 700 strings and 
2100 digits. The recordings took place in a sound-proof room with low reverberation. 
No amplitude adjustment was performed during recording and digitization. The range 
between the strongest and the weakest voice was approximately 8 dB. 



The speech signal was digitized using a sampling frequency of 16 kHz and 
transformed to the spectral domain by an FFT procedure using a 25 ms analysis window 
and a frame rate of 10 ms. The frequency range from 200 to 5000 Hz was divided into 
16 bands in the same way as the synthetic spectra described above. 

RESULTS 
The recognition results of the isolated word set is shown in Table I. For comparison, 
two results from Blomberg & al. (1988) on the same material is included. In that report, 
the accuracy of the dynamic-time-warp (DTW) system was 89% when trained by the 
text-to-speech system. When training was done on one of the natural speakers and 
recognition on the other 9 speakers, the performance was 93%, averaged over every 
speaker being used as reference. The system described in this report achieved 94% 
recognition when all components except for the forward masking component were 
included. Adding this feature raised the result to 96%, which is better than both DTW 
results. Evaluation of the individual components show that both formant interpolation 
and voice source adaptation are very important for high recognition rate. Due to the 
limited size of the test material, small differences in the results are not significant and 
are more an indication of the effects of a certain feature. 

DTW, synthetic references 
DTW natural references 
FSN, all components 
FSN, no AFM 
FSN, no AFM, no interpolation 
FSN, no AFM, no voice adaptation 

Table I. Results of the 26-word vocabulary with difierent systems. Abbreviations: 
D W =  Dynamic time warp system, 
FSN = Finite-state network system, AFM = Auditory forward masking. 

The results of the connected-digit experiment are shown in Table 11. Speaker M1 is 
excluded from the average results, since his voice provided parameter data for some 
consonants in the phoneme library. For the other 6 subjects, the average recognition rate 
is 87.7% without voice source adaptation and 92.8% when it is included. The greatest 
improvement with adaptation occurs for the speakers with the lowest initial results. The 
best speakers get much smaller performance increase from the adaptation procedure. 
The errors for those subjects are probably due to deficiencies in the recognition system 
rather than to deviating voice source. 

Speaker M1 M2 M3 M4 M5 M6 M7 M2-M7 
No adaptation 95 96 94 75 87 89 85 87.7. % 
Adaptation 96 96 97 88 93 89 94 92.8 % 

Table 11. Recognition results for 3-digit sequences with and withuut 
the adaptation function. 

Many errors could be explained by a too simple production system. The speech 
pattern displayed regular, predictable behaviour which often was not generated in the 
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reference data. Basic rules for duration and coarticulation and also context-dependent 
phonological rules at word boundaries would probably have corrected several of the 
errors. Bad spectral match was found for several speakers at frequencies above the third 
formant in vowels. It could be caused by a too crude voice source adaptation or by 
errors in the higher formants. 

DISCUSSION 
The results show that it is possible to get high recognition performance in a system 
based on a speech production system. Better modelling of coarticulation effects and 
addition of durational and reduction rules is believed to increase the performance 
further. 

The introduced voice source adaptation technique improves the results considerably 
for certain speakers. Further studies are needed to optimize the adaptation parameters. 

A combination with statistical methods like Hidden Markov Models could be a good 
approach to model non-regular variation. In a combined system, the knowledge-based 
technique would be especially useful in situations that have not been sufficiently 
trained. 
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