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Duke undergraduate experience distinct  in the world of elite 
higher education.

Now she makes one step forward..



DUKE KUNSHAN UNIVERSITY provides a historic opportunity to 
create  something truly innovative and  world leading for 21st century 
– even better than the Duke curriculum, and Duke faculty took on this 
challenge.

Kunshan 
Government

• Sino-US Joint Venture University with independent legal status
• Duke-standard education and research
• Comprehensive and small



Security & custom care

speaker, language,

gender, age, emotion, 

channel, voicing, 

psychological states, etc.



paralinguistic speech 
attribute recognition

Speech signal not only contains lexicon information, but also deliver various

kinds of paralinguistic speech attribute information, such as speaker, language,

gender, age, emotion, channel, voicing, psychological states, etc. 

http://compare.openaudio.eu/

The core technique question behind it is utterance level supervised learning based on 
text independent speech signal with flexible duration
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General framework

http://compare.openaudio.eu/


General framework

• time varying property 

-> short time frame level features

• generative model for data description ->

features (supervectors) in model parameters’ 

space for classification



Generative model, adaptation, supervectors

• Gaussian Mixture Model (GMM) serves as the generative model

• model adaptation from universal background model (UBM)

• MAP adaptation, large dimensional GMM mean supervector

• Maximum Likelihood Linear Regression (MLLR) adaptation

• The statistics vector for a set of features on UBM

• 0th order statistics vector N,centered 1st order statistics vector F

Mapping from a set of feature vectors to a fixed dimensional supervector
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Factor analysis based dimension reduction
• Factor analysis on the concatenated 1st order statistics vector

• Total variability i-vector, ෩𝑭 → Tx (Dehak et.al, IEEE TASLP, 2011)
T: factor loading matrix; x: i-vector

• Joint factor analysis (JFA), ෩𝑭 → Vx+Uy (Kenny et.al, IEEE TASLP, 2007)
V: Eigenvoices, U: Eigenchannels, x: speaker factor, y: channel factor
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Variability compensation, modeling
• Variability compensation

• Linear discriminant analysis (LDA)
• Within-class covariance normalization (WCCN)  (Hatch et.al, Interspeech, 2006)
• Whitening and  length normalization (Garcia-Romero, Interspeech, 2011)

• Verification modeling
• Probabilistic linear discriminant analysis (PLDA) (Prince et.al, ICCV, 2007)

• 𝒙𝒊𝒋=m+𝚽β𝒊 + ϵ𝑖𝑗
• ϵ follows N(0, Σ),  β follows N(0,1) (Garcia-Romero, Interspeech, 2011)

• ϵ follows N(0, Σ/𝑇𝑗), (Ming Li, Interspeech 2015)

• Hypothesis testing based scoring
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General framework

Commonly Used Methods

Feature

extraction

MFCC, PNCC, GFCC, CQCC, SDC, LLD, Tandem, Bottleneck,

Acoustic-to-articulatory inversion, subglottal, etc.

Representation GMM-MAP,GMM-supervector,GMM-Ivector,HMM-

Ivector,Auto-encoder,DBN, Statistic Measurement, etc.

Variability

Compensation

WCCN, JFA, LDA, NAP, NDA, LSDA, LFDA, etc.

Backend

classification

SVM, PLDA, NN, ELM, Random Forest，Cosine Similarity, Joint

Bayesian, Sparse Representation, etc.



End-to-end 

framework

feature extraction

representation

backend classifier



End-to-end 

framework

backend classifier

representation

feature extraction



Typical encoding layers

Encoding layer



Results on NIST LRE 07
language identification

Weicheng Cai,Wenbo Liu, Zexin Cai, Ming Li(*). "Insights into end-to-end learning scheme for language 
identification”, ICASSP, 2018.



Results on NIST LRE 07
language identification

Weicheng Cai,Wenbo Liu, Zexin Cai, Ming Li(*). "Insights into end-to-end learning scheme for language 
identification”, ICASSP, 2018.



Attention based CNN-BLSTM

Encoding layer

Weicheng Cai, Shen Huang and Ming Li (*), “utterance-level end-to-end language identification using 
attention-based cnn-blstm”, ICASSP 2019



Results on NIST LRE 07
language identification

Weicheng Cai, Shen Huang and Ming Li (*), “utterance-level end-to-end language identification using 
attention-based cnn-blstm”, ICASSP 2019
Jinkun Chen, Weicheng Cai and Ming Li(*), “End-to-end Language Identification using NetFV and NetVLAD”, 
ISCSLP 2018.



Loss design

Weicheng Cai, Jinkun Chen, Ming Li(*). "Exploring the Encoding Layer and Loss function in End-to-End
Speaker and Language Recognition System”, Odyssey, 2018.

Angular loss, center loss, softmax loss

Liu, Weiyang, Yandong Wen, Zhiding Yu, Ming Li, Bhiksha Raj, and Le Song. "Sphereface: Deep 
hypersphere embedding for face recognition." CVPR, vol. 1. 2017.



Length normalization layer

The proposed framework with length normalization layer

Conventional pipeline



How to tune Alpha

Weicheng Cai,Jinkun Chen, Ming Li(*). "Analysis of Length Normalization in End-to-End Speaker 
Verification System”, Interspeech, 2018.

For voxceleb1, C=1211, p=0.9, then Alpha_low=9



Length normalization layer

Weicheng Cai,Jinkun Chen, Ming Li(*). "Analysis of Length Normalization in End-to-End Speaker 
Verification System”, Interspeech, 2018.



Results on Voxceleb1 data



Results on SITW data



Results on NIST SRE 2018



Results on Voices 2019 fixed condition



Results on Voices 2019 fixed condition



Results on OLR 2018 dev dataset



Challenges & opportunities for the end-to-end 
speaker and language recognition task

Network structure

Data augmentation

Loss function design

Transfer learning

Joint learning & multitask learning

…



Thank you very much!

ming.li369@duke.edu

https://scholars.duke.edu/person/MingLi
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