Bibliography

[1] C. A. Mead, Analog VLSI and Neural Systems, Reading, MA, Addison-Wesley (1989). [2] C. A. Mead, “Neuromorphic electronic systems,” Proceedings of the IEEE, 78 (10), October 1990, pp. 1629–1636.

[3] E. Vittoz, “Analog VLSI signal processing: why, where, and how?” Analog Integrated Circuits and Signal Processing, 6, pp. 27–44, July 1994.

[4] F. Rieke, D. Warland, R. van Steveninck, and W. Bialek, “Spikes: Exploring the Neural Code,” Cambridge, MA, The MIT Press (1997).

[5] P. Furth, “On the Design of Optimal Continuous-Time Filter Banks in Subthreshold CMOS,” Ph.D. thesis, Johns Hopkins University, Baltimore, MD, 1996.

[6] R. Sarpeshkar, T. Delbrück, and C. A. Mead, “White Noise in MOS Transistors and Resistors,” IEEE Circuits and Devices, 9 (6), pp. 23–29, Nov. 1993.

[7] J. Hennessy and D. Patterson, “Computer Architecture: A Quantitative Approach,” 2nd ed.

San Francisco, CA, Morgan Kaufmann Publishers, Inc. (1996).

[8] D. Gabor, “Theory of Communication,” J. Inst. of Electr. Eng., 93, 1946, pp. 429–457. [9] C. Bingham, M. D. Godfrey, and J. W. Tukey, “Modern Techniques of Power Spectrum Estimation,” IEEE Transactions on Audio and Electroacoustics, AU-15 (2), June 1967, pp. 56–66.

[10] G. Strang, “Wavelets and Dilation Equations: A Brief Introduction,” SIAM Review, 31 (4), December 1989, pp. 614–627.

[11] S. Mallat, “A Theory for Multiresolution Signal Decomposition: The Wavelet Representation,” IEEE Trans. Pattern Analysis and Machine Intelligence, 11, 1989, pp. 674–693.

[12] P. P. Vaidyanathan, “Passive Cascaded-Lattice Structures for Low-Sensitivity FIR Filter Design, with Applications to Filter Banks,” IEEE Trans. Circuits and Systems, CAS-33 (11), November 1986, pp. 1045–1064.

[13] A. Grossmann, R. Kronland-Martinet, and J. Morlet, “Reading and Understanding Continuous Wavelet Transforms,” Wavelets: Time-Frequency Methods and Phase Space, Springer-Verlag (1989), pp. 2–20.

[14] A. Cohen and J. Kovačević, “Wavelets: The Mathematical Background,” Proc. IEEE, Special Issue on Wavelets, 84 (4), April 1996, pp. 514–522.

[15] N. Hess-Nielsen and M. V. Wickerhauser, “Wavelets and Time-Frequency Analysis,” Proc.

IEEE, Special Issue on Wavelets, 84 (4), April 1996, pp. 523–540.

[16] R. Bracewell, “Adaptive chirplet representation of signals on the time-frequency plane,” Electronics Letters, 27 (13), pp. 1159–1161, June 1991.

[17] T. Edwards and M. Godfrey, “An Analog Wavelet Transform Chip,” IEEE Int’l Conf. on Neural Networks, 3, 1993, pp. 1247–1251.

[18] R. T. Edwards and G. Cauwenberghs, “Analog VLSI Processor Implementing the Continuous Wavelet Transform,” Neural Information Processing Systems (NIPS), Denver, 1995.

[19] J. Lin, W. Ki, T. Edwards, and S. Shamma, “Analog VLSI Implementations of Auditory Wavelet Transforms Using Switched-Capacitor Circuits,” IEEE Trans. Circuits and Systems— I, 41 (9), Sept. 1994.

[20] R. T. Edwards and G. Cauwenberghs, “Oversampling Architecture for Analog Harmonic Modulation,” IEEE Circuits and Systems, 43 (8), Aug. 1996, pp. 696–698, Aug. 1996.

[21] R. T. Edwards and G. Cauwenberghs, “A VLSI Implementation of the Continuous Wavelet Transform,” Proc. ISCAS ’96, 4, 368–371, May 1996.

[22] C. -J. Pu and J. Harris, “Theory and Implementation of a Gaussian Decay Low-pass Filter,” Proc. ISCAS ’98, May, 1998.

[23] O. Moreira-Tamayo and J. Pineda de Gyvez, “Time-Domain Analog Wavelet Transform in Real-Time,” Proc. ISCAS ’95, 3, pp. 76–79, May, 1995.

[24] O. Moreira-Tamayo and J. Pineda de Gyvez, “Analog Computation of Wavelet Transform Coefficients in Real-Time,” IEEE Trans. Circuits and Systems I, 44 (1), pp. 67–70, Jan. 1997.

[25] P. W. Wong and R. M. Gray, “FIR Filters with Sigma-Delta Modulation Encoding,” IEEE Trans. Acoust., Speech, Signal Processing, 38, pp. 979–990, June 1990.

[26] A. Lu and W. Roberts, “A High-Quality Analog Oscillator Using Oversampling D/A Conversion Techniques,” IEEE Trans. on Circuits and Systems—II, 41 (7), pp. 437–444, July 1994.

[27] R. Gregorian, K. Martin, and G. Temes, “Switched-Capacitor Circuit Design,” Proc. IEEE, 71 (8), pp. 941–966, Aug. 1983.

[28] P. Horowitz and W. Hill, The Art of Electronics, 2nd ed. New York: Cambridge University Press, 1989, pp. 1030–1034.

[29] K. Martin, “Improved Circuits for the Realization of Switched-Capacitor Filters,” IEEE Trans.

Circuits and Systems, CAS-27 (4), pp. 237–244, 1980.

[30] J. Bor and C. Wu, “Analog Electronic Cochlea Design Using Multiplexing Switched-Capacitor Circuits,” IEEE Trans. Neural Networks, 7 (1), Jan. 1996, pp. 155–166.

[31] W. McC. Siebert, Circuits, Signals, and Systems. Cambridge, MA: The MIT Press, 1986, pp.

496–497.

[32] Q. T. Huang and G. S. Moschytz, “Analog FIR Filters with an Oversampled Σ–Δ Modulator,” IEEE Trans. on Circuits and Systems—II, 39 (9), pp. 658–663, Sept. 1992.

[33] D. Lancaster, “The Quest for Magic Sine Waves,” Circuit Cellar INK, issue 59, pp. 28–35, June 1995.

[34] A. Andreou and K. Boahen, “Neural Information Processing I: The Current-Mode Approach,” Analog VLSI: Signal and Information Processing, M. Ismail and T. Fiez, eds. McGraw Hill, Inc., 1994, pp. 311–357.

[35] B. Gilbert, “Translinear circuits: a proposed classification,” Electron. Lett., 11, pp. 14–16, 1975.

[36] E. Seevinck, “Companding current-mode integrator: A new circuit principle for continuoustime monolithic filters,” Electron. Lett., 26, pp. 2046–2047, Nov. 1990.

[37] R. Wiegerink, Analysis and Synthesis of MOS Translinear Circuits, The Hague, Netherlands, Cip-Gegevens Koninklijke Bibliotheek (1992).

[38] J. Mulder, A. van der Woerd, W. Serdijn, and A. Roermund, “General Current-Mode Analysis Method for Translinear Filters,” IEEE Trans. Circuits Syst. I, 44 (3), pp. 193–197, Mar. 1997.

[39] D. Frey, “Log Domain Filtering for RF Applications,” IEEE J. Solid-State Circuits, 31 (10), pp. 1468–1475, Oct. 1996.

[40] Y. Tsividis, “Externally Linear, Time-Invariant Systems and Their Application to Companding Signal Processors,” IEEE Trans. Circuits Syst. II, 44 (2), pp. 65–85, Feb. 1997.

[41] E. M. Drakakis, A. Payne, and C. Toumazou, “Log-domain filters, translinear circuits and the Bernoulli Cell,” Proc. ISCAS ’97, 1, pp. 501–504, 1997.

[42] M. Punzenberger, C. Enz. “A new 1.2V BiCMOS Log-domain integrator for companding current mode filters,” Proceedings of ISCAS 1996, Atlanta, Georgia, 1, pp. 125–128, 1996.

[43] D. Perry and G. Roberts, “The Design of Log-Domain Filters Based on the Operational Simulation of LC Ladders,” IEEE Trans. Circuits Syst. II, 43, No. 11, pp. 763–774, Nov. 1996.

[44] R. Fox, M. Nagarajan, and J. Harris, “Practical Design of Single-Ended Log-Domain Filter Circuits,” Proc. ISCAS ’97, 1, pp. 341–344, 1997.

[45] C. Toumazou, J. Ngarmnill, and T. S. Lande, “Micropower Log-Domain Filter for Electronic Cochlea,” Electronic Letters, 30, No. 22, pp. 1839–1841, Oct. 27, 1994.

[46] W. Serdijn, M. Broest, J. Mulder, A. van der Woerd, and A. van Roermund, “Low-voltage Ultra-low-power Translinear Integrator for Audio Filter Applications,” IEEE Journal of Solid State Circuits, 32, No. 4, pp. 577–581, April, 1997.

[47] W. Himmelbauer, P. Furth, P. Pouliquen, and A. G. Andreou, “Log-domain Filters in Subthreshold MOS,” Technical Report TR-96/3, ECE Department, Johns Hopkins University, Baltimore, MD, January 1996.

[48] R. T. Edwards and G. Cauwenberghs “Synthesis of Log-Domain Filters from First-Order Building Blocks” (to appear in) Analog Integrated Circuits and Signal Processing, special issue on translinear circuits.

[49] R. T. Edwards and G. Cauwenberghs, “A Second-Order Log-Domain Bandpass Filter for Audio Frequency Applications,” International Symposium on Circuits and Systems (ISCAS), Monterey, CA, June 1998.

[50] B. Gilbert, “A 16-channel array normalizer,” IEEE J. Solid-State Circuits., SC-19, pp. 956– 963, 1984.

[51] W. Liu, A. G. Andreou, and M. H. Goldstein, Jr., “Voiced-Speech Representation by an Analog Silicon Model of the Auditory Periphery,” IEEE Trans. Neural Networks, 3 (3), May 1992, pp. 477–487.

[52] A. van Schaik, E. Fragnière, E. Vittoz, “A Silicon Model of Amplitude Modulation Detection in the Auditory Brainstem,” Neural Information Processing Systems (NIPS), Denver, 1996.

[53] M. H. Goldstein, W. Liu, and R. E. Jenkins, “Speech Processing by Real and Silicon Ears,” Johns Hopkins APL Technical Digest, 12 (2), 1991, pp. 115–128.

[54] F. J. Pineda, K. Ryals, D. Steigerwald, and P. Furth, “Acoustic Transient Processing using the Hopkins Electronic Ear,” World Conference on Neural Networks, Washington, D.C., 1995.

[55] F. J. Pineda, G. Cauwenberghs, R. T. Edwards, “Bangs, Clicks, Snaps, Thuds, and Whacks:

An Architecture for Acoustic Transient Processing,” Neural Information Processing Systems (NIPS), Denver, 1996.

[56] F. J. Pineda, G. Cauwenberghs, and R. T. Edwards, “Bang, click, thud, or whack?,” Johns Hopkins APL Technical Digest 18 (2), pp. 244–253, April–June, 1997.

[57] R. T. Edwards, G. Cauwenberghs, and F. J. Pineda, “A Mixed-Signal Correlator for Acoustic Transient Classification,” Proc. ISCAS ’97, 1, pp. 621–625, Jun. 1997.

[58] R. T. Edwards, G. Cauwenberghs, and F. J. Pineda “Optimizing Correlation Algorithms for Hardware-based Transient Classification,” Neural Information Processing Systems (NIPS), 1998.

[59] R. T. Edwards and G. Cauwenberghs “A VLSI Processor for Acoustic Transient Correlation” (to appear in) IEEE Journal of Solid-State Circuits.

[60] R. Coggins, M. Jabri, B. Flower, and S. Pickard, “A Hybrid Analog and Digital VLSI Neural Network for Intracardiac Morphology Classification,” IEEE Journal of Solid-State Circuits, 30, pp. 542–550, 1995.

[61] E. R. Fossum, “Wire Transfer of Charge Packets Using a CCD-BBD Structure for Charge- Domain Signal Processing,” IEEE Transactions on Electron Devices, 38, Feb. 1991.

[62] Panasonic, Inc., Audio Signal Delay BBD Series Data Book, 1994.

[63] A. Pavasović, A. G. Andreou, and C. R. Westgate, “Characterization of of Subthreshold MOS Mismatch in Transistors for VLSI Systems,” Journal of VLSI Signal Processing, 1994.

[64] Analog Devices, Inc., “Self-Contained Audio Preamplifier” SSM-2017 Data Sheet, Rev. C, 1997.

[65] F. Jelinek, Statistical Methods for Speech Recognition, Cambridge, Massachusetts, MIT Press (1997).

[66] F. Itakura, “Minimum prediction residual principle applied to speech recognition,” IEEE Transactions on Acoustics, Speech, and Signal Processing, Vol. ASSP-23, pp. 66–72, 1975.

[67] A. Waibel, T. Hanazawa, G. Hinton, K. Shikano, and K. Lang, “Phoneme Recognition Using Time-Delay Neural Networks,” IEEE Trans. on Acoustics, Speech, and Signal Processing, 37 (3), pp. 328–339, March 1989.

[68] K. P. Unnikrishnan, J. J. Hopfield, and D. W. Tank, “Connected-Digit Speaker-Dependent Speech Recognition Using a Neural Network with Time-Delayed Connections,” IEEE Transactions on Signal Processing, 39, pp. 698–713, 1991.

[69] K. P. Unnikrishnan, J. J. Hopfield, and D. W. Tank, “Speaker-Independent Digit Recognition Using a Neural Network with Time-Delayed Connections,” Neural Computation, 4, pp. 108– 119, 1992.

[70] K. Wang and S. Shamma, “Representation of Acoustic Signals in the Primary Auditory Cortex,” IEEE Trans. Audio and Speech Processing, 3(5), pp. 382–395, 1995.

[71] A. J. Bell and T. J. Sejnowski, “Learning the higher-order structure of a natural sound,” Network Computation in Neural Systems, 7(2), pp. 261–267, 1996.

[72] A. J. Bell and T. J. Sejnowski, “The ‘Independent Components’ of Natural Scenes are Edge Filters,” Vision Research 37 (23), pp. 3327–3338, 1997.

[73] V. N. Vapnik, The Nature of Statistical Learning Theory, New York, NY, Springer-Verlag (1995).