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AbstracH Recent advances in computing and auditory l PEC 846 |
neuroscience have now made it possible to produce high 10.12
resolution, reaktime simulations of major portions of the human
auditory pathway, including high resolution, reattime models of ‘TZFI'BH PB ‘ ‘ PP ‘
the cochlea, major celtypes of the cochlear nucleus, lateral and I—1 I
medial superior olivary complex, as well as polyphonic pitch AL ® ML ® CL J
perception based on combinatiorsensitive cells measured in
inferior colliculus and auditory cortex, all running live on a = R m A1 M CM
notebook computer. These technologies are the foundation of L 1
Audience's VoiceProcessor chip, which provides advanced two i
microphone noise reduction for celphones. The design of the
simulated system required many careful decisions about what MGB
biological details to include, in order to preserve functional ICx
biological realism, while meeting the constraints of realtime | |
implementation and commercial product realization. IcC

I.  INTRODUCTION L +|

The field of Machine Hearing is concerned with building
artificial systems that can hear, often drawing on o
understanding of biological hearing systenfor both
inspiration and guidance as to how to achieve hi
performance on any particular hearing task. The hum
auditory pathway consists of many organs and different br:

[Bvir]

{ VNTB |
regions[1], as shown in Figl. It has taken about a centyry ' GBCE LSO [=GBC |

| Cochlea

from the tlB 9 Qi Hévélap, a thorough (Q l ?
understanding of the cochlea alone, including the mechanis MSO SBC
underlying its travelingvave behavior, compressive

nonlinearity, afferent and efferent neural signals, etc. This

understanding has led to a numbetrfficient computational Figure1l. Human AuditoryPathway, highly simplified. [1]

models capable of matching biologicaheasurements complexes (LSO and MSO) amelated parts of the Central

Similarly, the cochlear nucleugcontaining the Dorsal ycleus of thelnferior Colliculus (ICC), which perform the
Cochlear NucleusOCN), Octopus Cells @C), Multipolar  pinayral spatial localization computationdiad become

SBC

Cells MC), Globular Bushy Cells GBC), and Spherical g ficiently welkunderstoocby t h e | [4][5] ehat W@ 9 0 o

Bushy Cells $BC) as siown inFig. 1) has been described by.5n puild
Gordon Shepherd as fAone of yihe
b r a[R2]n Bhe basic circuit of the cochlear nucleus is given

in [3]. We have indeed been able to build detailed models of The advent of 1GHz processars about the year 2000
each of these cell assembliespable of matching biological made it possible to run these biologically accurate models in
measurements And finally, the Lateral and Medial Olivary reattime on inexpensive personal computers. And with

%fficient models of them that mgtch the biological
est understoo regl ons
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hardware acceleration -power Aulr lmth the doshleadrrltpolar syistend and tleevbinaural
Voice Processor chips, it became possible in 2007 to ree theystem, it was necessary to make choices about the level of
sophisticated signal processing algorithms in-tisa in a abstraction of the modeFor example, the human cochlea has
cell-phone, consuming less than 30mW of power. At each 2000 inner hair cells, whereas our cochlea model had only 600
these stages of development, it was necessary to make cafédfat stages. The choice of 600 filters gave us frequency
choices about what level of detail and abstraction to maintaiasolution of 5 points/musical semitone, sufficient to tell if a
to enswe sufficient biological realism to get the desirednusical note was in tune within 20 ceritsnot as high
hearing performancen the chosenask while meeting the resolution as an expert listener, but sufficiently accurate that
constraints of the implementation meditand commercial we felt we ve r e n & t mi ssing any esse
application computation, and at 600 filters, we could display the output on
commercial computer displays, and run the algorithm in real
time on the notebook computers of 2001.

II.  BIOLOGICALLY ACCURATE COMPUTATIONAL MODELS Also, the cochlea/multipolar system did not eiqifly
. model transduction to spikes by the inner hair dekgveral
A.  Cochlea and Multipolar Cells neuroscientists specializing in the cochlea and cochlear
Thecochl ea model u s e-cksolition nAdledsi advisedeu$ that doingtb this level of detail would
biological simulations is based on the P@lro Filter simply slow down the computation and not provide any
Cascade (PZFC) modeleveloped by Lyon[6][7]. With additional essatial insights or performance improvement to
careful tunng, we were able to match the critical bandwidthsur model. The compressive nonlinearity in our cochlea
and latencies of the human hearisgstem, providing the model is a simple squareot compressionwithout the
optimal timefrequency resolution tradeff as a foundation explicit time-constants and amplitude dependent frequency
for building a machine hearing system with hunrtewel shifts as observed in the real cochlea] preserved in more
performance. The system shown in Fig. 2 and Fig. 3 uses 8@@histicated cochlear models [7]. We felt that choice of
filter stages, spanning 20F2OKHz, or 10 octaves, with 60 abstraction level was sufficiently accurate to provide a
filter stages per octave (5 filters per musical semitone), afudindation for the highelevel processes of binaural
runs at CD quality sampling rate of 44.1 kSamples/second. localization, stream separation, and speech recognitiorinand
) ) fact, including those additional complexities would have made
B. Binaural Hearing System it harder to build those highdgvel processes. We speculate
The model of the binaural system is an efficient cochle#hat the biological system compensates for those effects, and
domain evenbased binaural comparator, which captuthe that we would not lose much, if anythiray, the system level,
essential computations performed by the SBC, GBC, LSO amdsimply leaving them out.
MSO cell assemblies [8] The output of this binaural system
is shown in Fig. 3.
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Figure3. Output of binaural &aring model, showing the IntAural Time

Delay (ITD) and Normalized Intekural Level Difference (ILD) computed in
the MSO and LSO, respectivelpr a sound source coming from tight.

Figure2. Output of model of Cochlea and Multipolar Cells for the utterance
fiso afadafert haou gohtt 0.
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Ill.  COMMERCIAL PRODUCT CEVELOPMENT B. Hardware Acceleration

A. Algorithms The Audience A1010 Voice Processor has been optimized
Fio. 4 sh h lorithmic block di ¢ hto efficiently run the most common and computationally

19. shows the algorithmic Dblock  diagram of g0 ngjye algorithms. The Fast Cochlea Transform (FCT), is
Audience A1010 Voice Processor. In the transmit dlrectlog, good example of an important operation which is
the_ inputs to the system are the wo mm_rophongar)d_ % computationally intensive, so that hardware acceleration is
which are analogous to the two eafi$ie microphone signals iustified. The ECT 5, a cascade of biquiters (PoleZer
are transformed into the ;Fﬁ’te‘? (Césf:aﬁegn alprofitidthry imﬂﬂe%nén'?aﬁ’on, éfe‘ﬁ%llye nce

proprietary Fast Cochlea Transform (FCT), which WaSined t tch h hearing f h
carefully designed to model the detailed properties of tri}g}eig_; match htiman hearing freqagnesponses, as shown

human cochlea. The two outputs of the FCT are analyze
and conpared in Fhe Featurg Extraction  block, Wh.'Ch The core operations of parallel multiplies and adds in
performs the essential computations that are computed iNfh€ i e nce 8 s proprietary i mpl eme

cochlear nucleus, olivary complex, and inferior COIIiCUIuﬁrgplemented in dedicated hardware to provide accelerated

The Ar?alyze Sourcf:es block d de;;rrlrglnes éhe aIIocat!on 8 rformance at reduced power consumption for this critical
spectral energy to foreground abdckground sources In a,,eration,  |n addition, therare dedicated instructions for

way that is mod(_aled after the_ attent_lon _mechamsms er common nonlinear operations sucka@s log, exp etc.
auditory cortex, ultimately producing a figgained mask to

apply to the microphone signals in the Modify Spectrum i
block, such that the foreground speech is preserved, and he Voice Processor Hardware
background noise is attenuated. The modified spectrum is Fig. 6 shows the hardware block diagram of the Audience
then passed to the Inverse Fast Cochlea Transform (IFCAL010 Voice Processor. It runs on B8V power supplies,
which converts the spectral representation back into a tivéth optional 1.2Vcore power input. It is packaged in a-48
domain audio waveform X where it can be encoded forpin ChipScale Package (CSP), with 0.4mm ball spacing.
radio transmission by tHeaseband processor. Active current consumption is 1¥®mA, depending upon
which features are enabled. t consumes 30&¢gA c

Note that the Inverse Fast Cochlea Transform is the orifysleep mode.
computational element in the transmit pathway that is nnt
modeled after a real brain regidnit is an engineering Magnitude of Displacement [dB) vs. Frequency
requirement to convert the spectrum back into a so °° ' ' ' ' ' T ' T '
waveformto create a functional telecommunications produ

In the receive direction, the decoded signal from -
baseband processorgXs transformed into the spectr:
domain using another FCT, and monaural noise reductic
applied in the Receive Noise Supmies (Rx NS) block.
Note that the Rx NS block takes an input from the trans
pathwayi the Voice Processor is already analyzing the lo
noise environment in which the device is being used, so it
adjust the incoming signal for optimal volume andctpal
shape relative to the local noise. Finally, another IF
converts the noiseeduced receivgide spectrum back intc

sound signal Xto be played through the handset speaker. Figure5. Transfer functions of the FCT.
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Figure4. Al gor i t hmi c bl ock di agrPecessorf A upglresn BldRiKDfagrdmloPtAeRudiéreé A1@10 Voice Processor
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Fig. 7 shows the die plot of the A1010 Voice Processor. Fig. 9 shows
The die size is.Z x 3.5 mm. The chip was fabricated on thamprovement with the Audience A1010 Voice Processor, as a
function of input Signalfo-Noise Ratio (SNR), using the
methodology described in ITFU standard P.835 Amendment
| Appendix Il [9]. The average improvement is 0.77 MOS.

TSMC 130nm process.

D. Noise Reduction Performance
Fig.o8 shows the effect of

t

he Voice

reduction on a real recording made on a busy street. The top

panel shows the spectrum of the original aigat the primary

the measured Me@pinionScore

Processor 6s noi se

IV. CONCLUSION

_ Audience has developed a sophisticated-tiesd model
microphone on a canelyar format phone. The bottom panebf the human auditory pathwagnd used it as the foundation
shows the spectrum of the noiszluced signal. Notice thatfor a commercial

celphone noise reduction product.

there has been a dramatic reduction in the energy of ¥gccess in this endeavor remuai a detailed study of the
background noise sources, including the-stationary noise neuroscience, and careful choices of abstraction level of the
sources such as the unwanted background voice and the Gilhdel, so as to meet the constraints of the implementation
medium and commercial application.

phone ringtone.
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Figure7. Die Plot of the A1010 Voice Processor.
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