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Introduction: Automatic Speech 
Recognition (ASR)
 The Task:  to accurately convert an acoustic signal 
into  a word sequence, independent of speakers and 
environments

 The Challenges: 
 Phonetic variability: co‐articulations, accent, …
 Speaker variability: speaking style, vocal tract length, 
speaking rate, emotion, …

 Environment variability: noise, microphone, telephone, …
 The Applications: dialogue systems, voice search, 
speech translation, tutoring, …
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Introduction: Speech Production
 LTI model: a source signal goes through a vocal tract, 
producing a speech signal

formants

F1

F2



Introduction: Spectrogram 
comparison

Spectrograms for the sound /uw/ in digit “two” from an adult male speaker (left) 
and a child speaker (right)



Introduction: Speaker Normalization
Cross‐speaker robustness is a major issue for 
ASR

 Inter‐speaker variability causes ASR’s 
performance to vary significantly from speaker 
to speaker

To reduce inter‐speaker variability:
 Speaker adaptation: tune acoustic models to a 
specific test speaker (e.g., MLLR, MAP)

 Speaker normalization: transform test features to 
match training data through frequency warping(e.g. 
VTLN)
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Limited Data Challenge
 Typical speaker adaptation and normalization 
methods require enough data to be effective, because 
they apply statistical parameter estimation

 To lessen the dependency on the amount of data:
 Apply knowledge‐based information (e.g., formants 
normalization, subglottal resonance normalization)



The subglottal system
• The acoustic system below the 
glottis consists of the trachea, 
bronchial, and lungs.

• Similar to the vocal tract, the 
subglottal system is 
characterized by poles and 
zeros. The poles are referred to 
as subglottal resonances (Sg).

From Gray (1918)



Coupling of subglottal system

 Introduces pole‐zero pairs in the vocal tract transfer 
function

 Causes the formants to be discontinuous in frequency



Illustration of F2 track 
discontinuity 

The solid line corresponds to the most prominent spectral peak, which has a 
jump in frequency when F2 is crossing Sg2.



Automatic detection of Sg2



Subglottal resonances
 Theoretically, subglottal resonances remain constant 
for a given speaker, independent of speech sounds 
and spoken languages



Implications of Sg2 invariability
 Sg2 is content‐independent Speaker normalization 
using Sg2 will be robust for various amounts of 
adaptation data  Suitable for limited data 
normalization

 Sg2 is language‐independent  Cross‐language 
adaptation based on Sg2 is possible Useful in ASR 
applications for second‐language learning



Experimental results: on TIDIGITS
 Acoustic models trained on adults and tested on 
children’s speech

Word recognition accuracy (%) with normalization data varying from 1 to 15 digits



Experimental results:cross‐language

 On Tball database, children’s speech
 Acoustic models trained and tested on English

Method English adaptation 
data

Spanish adaptation data

VTLN 86.85 82.35

Sg2 86.59  85.97

Word recognition accuracy (%) with three normalization words



Conclusions
 Sg2 normalization performs better than or 
comparable to VTLN, especially for limited data

 Sg2 normalization produces more robust results than 
VTLN when performing cross‐language adaptation.
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