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GR/D15904 & GR/E64695, £275k, 1985-1988.  

Book Chapters: 
1. C. Gilliam, M. Brookes, and P. L. Dragotti. “Image based rendering and the sampling of the 

plenoptic function”. In F. Dufaux, B. Pesquet-Popescu, and M. Cagnazzo, editors, Emerging 
Technologies for 3D Video: Creation, Coding, Transmission and Rendering, chapter 12, pages 
231–248. Wiley, 2013. 

Journal Publications: 
1. N. D. Gaubitch, M, Brookes, and P. A. Naylor. Blind channel magnitude response estimation in 

speech using spectrum classification. IEEE Trans. Audio, Speech, Language Processing, 
21(10):2162–2171, October 2013. doi: 10.1109/TASL.2013.2270406 
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rendering. IEEE Trans. Image Proc., 22(9):3405–3419, September 2013. doi: 
10.1109/TIP.2013.2268939 

3. G. Hilkhuysen, N. Gaubitch, M. Brookes, and M. Huckvale. Effects of noise suppression on 
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10.1109/TPAMI.2004.1265865 
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19. Bound, J. P., P. W. Harvey, and D. M. Brookes, "The Incidence of Anencephalus in the Fylde 
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7. Y. Wang and M. Brookes. Speech enhancement using a robust Kalman filter post-processor in the 
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19. M. Jahangir and M. Brookes. Practical challenges of tactical change detection. In Proc Sensor 
Signal Processing for Defence, London, Sept. 2011 
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30. P. A. Naylor, N. D. Gaubitch, D. Sharma, G. Hilkhuysen, M. Huckvale, and M. Brookes. 
Intelligibility estimation in law enforcement speech processing. In Proc ITG Conf on Speech 
Communication, Bochum, Germany, Oct. 2010. 
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45. Bhunjun, V. & Brookes, M. “Perceptual Gain Function For Eigenspectral Domain Speech 
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Warping," Proc Inst of Acoustics, vol. 18 Part 9, pp. 259-266, Nov 1996. 

69. Sanches, I. and D. M. Brookes, "Compensando-se Modelos de Hidden Markov Para O 
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Digital Audio Broadcasting Receivers”, PhD Thesis, University of London, 2004 
10. Bouganis, C.-S., “Multiple Light Souce Detection with Application to Face Recognition”, PhD 

Thesis, University of London, 2004 
11. Dante, A, “Real-Time Distance Estimation and 3D Scene Reconstruction From Image Sequences”, 

PhD Thesis, University of London, 2004 
12. Barnes, H., “Speech Enhancement using Microphone Arrays”, PhD Thesis, University of London, 

2004 
13. Shields, D.C., “Speech Enhancement using Bayesian Estimation with Signal Dependent Prior 

Distributions”, MPhil Thesis, University of London, 2001 
14. Alexopoulos, K., “Phase Spectral Representation for Low Bit-Rate Speech Coding”, PhD Thesis, 

University of London, 2001 
15. Wiewiorka, A., “Speech Recognition using Hidden Markov Models with Exponential 

Interpolation of State Parameters”, 1997 
16. Wilson, R. J., “Noise Source Cancellation in Audio Recordings”, PhD Thesis, University of 

London, 1997. 
17. Chan, D. S. F., "Speech Production Modelling based on Glottal Inverse Filtering," PhD Thesis, 

University of London, 1994. 
18. Sanches, I., “Improved Speech Recognition Through the use of Noise-Compensated Hidden 

Markov Models”, PhD Thesis, University of London, 1994. 
19. Ayer, C. M., "A Discriminatively Derived Linear Transform Capable of Improving Speech 

Recognition Accuracy," PhD Thesis, London University, 1992. 
20. Naylor, P. A., "A Model of Voiced Speech Production Incorporating Source-Tract Interaction and 

its Application to Speech Analysis and Synthesis," PhD Thesis, London University, 1990. 

External Examining 
1. External Examiner: Cambridge University, Engineering Dept – Part IIA, 2006 – 2009 
2. External Examiner: University College London, Phonetics & Linguistics Dept, 1987-1991 



PhD Examining 
1. PhD: Philip Harding: “Model-Based Speech Enhancement”, Univ or East Anglia, 2013 
2. PhD: Belinda Schwerin: “Modulation Domain Based Processing for Speech Enhancement”, 

Griffith University, Queensland, Australia, 2013 
3. PhD: Can Ozelci: “Tracking and Estimation Algorithms for Bearings Only Measurements”, 

Imperial College London, 2012 
4. PhD: Andriy Gelman: “Delay Compression of Multiview Images using a Sparse Layer-based 

Representation”, Imperial College London, 2012 
5. PhD: Justin Wong: “Delay Measurements and Self Characterisation on FPGAs”, Imperial College 

London, 2011 
6. PhD: Mai Xu, “3D Scene Interpretation with the Tower of Knowledge”, Imperial College 

London, 2010 
7. PhD: Mark Thomas, “Glottal-Synchronous Speech Processing”, Imperial College London, 2010 
8. PhD: Varit Chaisinthop, “Centralized and Distributed Semi-Parametric Compression of Piecewise 

Smooth Functions”, Imperial College London, 2010 
9. PhD: Chandra Raut, “Discriminative Adaptive Training and Bayesian Inference for Speech 

Recognition”, Cambridge University, 2010 
10. PhD: Jimi Wen: “Reverberation: Models, Estimation and Applications”, Imperial College 

London, 2009 
11. PhD: Georgios Tzimiropoulos: “A fast gradient-based approach to image template matching”, 

Imperial College London, 2009 
12. PhD: Qiang Liu: “Data Reuse and Parallelism in hardware compilation”, Imperial College 

London, 2008 
13. PhD: Andreas Varnevas: “Signal Processing Methods for EEG Data Classification”, Imperial 

College London, 2008  
14. PhD: Arantza del Pozo: “Voice Source and Duration Modelling for Voice Conversion and Speech 

Repair”, University of Cambridge, 2008  
15. PhD: Christina Orphanidou: “Voice Morphing”, University of Oxford, 2007  
16. PhD: Alastair Smith: “Heterogeneous Reconfigurable Architecture Design: An Optimisation 

Approach”, Imperial College London, 2007  
17. PhD: Pancham Shukla: “Sampling Schemes for Multidimensional Nonbandlimited Signals”, 

Imperial College London, 2007  
18. PhD: Nicolas Chetry: “Computer Models for Musical Instrument Identification”, Queen Mary, 

Univ of London, 2006  
19. PhD: Khe Chai Sim: "Structured Precision Matrix Modelling for Speech Recognition", Univ of 

Cambridge, 2006  
20. PhD: Nina Thornhill: "Detection and Diagnosis of Distributed Disturbances in Chemical 

Processes", University College London, 2005  
21. PhD: Andy Khong: "Adaptive Algorithms Employing Tap Selection for Single Channel and 

Stereophonic Acoustic Echo Cancellation", Imperial College, 2005  
22. PhD: Daniel Povey: "Discriminative Training for Large Vocabulary Speech Recognition", 

Cambridge University, 2004  
23. PhD: Henry Styles: "Compilation and Modelling of Reconfigurable Data Systems", Dept of 

Computing, Imperial College, 2004  

Lecturing 
1. “Mathematics” – Ug1 course, 2013- 
2. “Digital Signal Processing and Digital Filters” – Ug4/MSc course, 2011- 
3. “Analysis of Circuits” – Ug1 course, 2008- 
4. “Information Theory” – Ug4/MSc course, 2003-2007 
5. “Real-Time Digital Signal Processing” – Ug3/MSc course, 1997-1999 
6. “Speech Processing” – Ug4/MSc course, 1994-2000 
7. “Digital Citcuits II” – Ug2, 1991-2010 
8. “Electrical Engineering” – Ug1, 1984-1992 



Awards 
1. Engineering Faculty Teaching Award 2010 

External Professional Activities 
1. Papers co-chair AES Audio Forensics Conf 2014 
2. Track chair  EUSIPCO 2012 
3. TPC member EUSIPCO 2011 
4. Track chair EUSIPCO 2008 


