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INTRODUCTION

The Problem: The computational problem facing en auditory model for spesch
recognition ia the same ao that faced by the human suditory eystem: To produce
a robust representation of those acoustic features of apeech signals necesaary
for their reliadle recognition. Theose features are likely to consist of
formants, periodicity and volcing information etc.. In addition, if the modsel
ia to have any use in a practical and general racognition asyatem, the
importance and consaquencea of the constancy of percept acheived by the ear in
apite of distortions end additions of sound from other eources must be fully
appreciated. York at cur laboratery (Darwin and Cardner [+]) has showm that
the raw acouatic input to the ear ia first subject to mechaalame that group
together coamponents of the sound according to general auditory principlea.
Thess include onsat and offset times, harmonicity and fundemental frequency.
Thua to be of use the model must, at the very least, create a represasentation
not only of the important acoustic features of the apsech, but ome which alee
pormitas the operation of grouping algorithms.

Rationale: The model is based on the assumption that knowledge of the neural
proceaping of speach is useful in the design of the acoustic procesaing stagea
of automatio speech recognition syetema. It geoms a reasonable approach when
wa consider the excellent parformance of the human apeech recognitlon aystem.
The model is not a literal modsl of the peripheral auditory system; that is, we
have not explicity incorporated every known property of periphersl auditory
processing in the model. What we have attempted is the simulation of those
properties that we feel are the key to solving the problems of representation.
Thess propertiea are the excitation and suppression of auditory neural
activity, and tha frequency tuning characteristica and cperating
characteristies, including thresholds, of thess processes. The model conasists
of an array of channels each of which can be regarded an aa suditory-nerve
fibre analogue, the output of each channel being a simulation of a
post-stimulus time histogram, which ia the distribution of nerve fibre firing
as & function of time after stimulus onmset. Like the auditory syatem the model
ratains information about the fine time structure of the aignal, as well as
information about the distribution of activity acrosa the array of channels
(place code}. This allows representations of the aignal to be created on the
bagis of place codea and time codos as woll as combined place/time codes.

¥ointraub [2] has implemented a computational modal of auditory sound
separation based on analysis of the fine-time information in auditory nerve
fibre activity and recent neuro-physiological resoarch has added weight to the
viev that this information forma the basis of the neural representation of
speech amounda. TPor example Young and Sachs [5] and Delgutte and Xiang [4] have
demonatrated that vowel apectra are woll represented in the distribution of
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activity phase-locked to individual harmonica of the stimulus (the average
localised synchroniasd rate or measure function, ALSR or ALSM). Thias form of
combined rata/tlns/place code is robust and haa a wida dynamic range due in
part to non-linear aapects of nerve fibre responees such as suppression
phenomena (Sacha and Young [51). The ALSR repregsentation aleo encodss
conaonanta, voicaless fricatives and vovels in noise (Delgutte and Kiang
[41;[61,T71]. Dalgutte [A] has suggested that the ALSR type of representation
iz the meann by vwhich the essential aspects of speech sounda are encoded by the
auditory systam. We (Palmer ot a1 [91) have evidence suggesting psychophysical
Judramsnta are hassd on ALSR-type representationas.

Suporeseion: We are primarily concerned with modelling the suppression
vhenomenon in order to enhance the primary acoustic features of speech signals.
™he vhenomencn of suppressicn ia Tound in auditory nerve fibres (eg. Javal et
al 1101) and hair-cells (Sellick. and Russell (111}, and in the auditory merve
takes two forms: (A} Rate suppreesion. The rate of firing to a single tone,
tha primary, usually at fibra 0P, is found to fall if = second more intense
tone ia preasnted simultanecusly within a certain range of fraequenciea beyond
the adgas of the fidre tuning-eurve. This second tone alone would not axcite
tha fihrs and ia thus said to have a purely muppresaive effect. It lies
tharafore in & frequency reglon where the excitatory and suppression rssponse
arsan of tha fibra Ao not overlap. (b) Synchrony suppression. The sscond tone
1ias within the excitatory tuning-curve and increases the overall rate aof
firing of the fibre. Analysis based on the phase-locked temporal response of
the fidbre shows that the activity synchronised to the primary i1s reduced in the
presence of the second tone. The sacond tone has thus weakened tha
repressntation of the primary in the temporal diacharge pattern of the nerve
fihra. Tn general tones falling within the response areas of a fibre will
exert a mutually supprassive effect upon each other to a degree dependent upon
their intensitv and frequency. The effect of thia non-linearity is en increase
in tha relative activity devoted to strong stimulus components {Javel et al
M107), which is not found in linear models of peripheral suditory activity
(Qinex and Geisler 121 ),

THE MODEL

Rtage 1 - Tnitial frequency analysis: This consista of an array of 64 equally
aprosd, symmetrical, Putterworth 4th order linear bend-pass filters in the
.ranga SN - 50NN Hz. Thaese provide an analyeis of the input waveform into
fraquency componants. The bandwidtha of these fllters are egual and are
conptrained hy the need for an analysis detailed enough to separate the
harmenies of volcad aveech without losing signal onsets. We are currently
tagting a numher of bandwidthas for a range of representative apeech sounds.

Stage 7 - The model. The atimulus for the development of the model came from
the sugmestion of Javal et al F101 that the exclitatery potentiale of hair cells
ara produced by tha poaitive going polarity of a atimulating waveform and
suvovrassion hy the negative geing polarity. We were not concerned with the
axact machaniam of halr cell transduction but with the poasibility of
implemsnting the senme of the suggestion as the basis for our suppreassive and
axcitatory processes, at the same time moving closer to & more realistic
modsalling of the suppression phenomenon. Our approach differs radically from
modala of suppresaion using the BPNL approach {ag. Cooke [12]) whieh conaint
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of a compreasive non-linsarity pleced between two band-pasa filters, the second
of these having a narrower bandwidth than the first.

It follows from our scheme that at any time an input component will exercise an
excltatory or suppressive effect on a channel but never both. If a eignal
containa a number of frequency components then at any time, t, some of theae
components will excite the channel and some will exert sn opposite suppressive
influencea. If the total excitatory influence is grester than the conmbined
aupnresaive‘effects; and exceeds a threshold value, then the channel output
becomes non-zero at that time with a value given by the total resultant
excitation. The output of a channel can only be positive-going. 1In this,
initial implementation of the model, it is assumed that excitation and
puppression ere lnstantanecus &nd do not extend to adjacent time samples.

Fach channel has two band-pass filter functions associated with 1t; an
excitatory function and a wider (by a factor of 1.5) suppressive function.
Thase are of ekewed Gaussian form with steeper high frequency slopes. Each
chennel is defined by a characteristic frequeney (CP) which is the frequency of
component to which the channel produces marimum excitation or suppreasion at a
particular {ntenaity and a bandwidth. The general form of the function ims as

follows (see Pigure 1): R 2
y_x—cfcﬁ-ﬁ-) /276 <=t f R € CF
= . _ -
“ 4 h> e
vhera X is the amplituds of a component in dB

. jf is the output in 4B

C£- is the characteriatic frequency of the channel in He

F:; 1a the frequency of the component

b 1a the handwidth of the channel in He
¢ is the okew factor :

In the current implementation the formal bandwidth of the excitatory channels
is constant up to 1.5 kHz and from 1.5 KHz to 5 KHz is defined by (see Pigure

1): ,
be = (cg xBe ) /500

b - /'5[(05 x8B) /oo ]

_where 4. ia the excitatory bandwidth in Hz

bs 1is the suppression bandwidth in Hz
B, 18 the excitatory bandwidth below 1.5 kHz

55 l"l.s Be

vhere B_’s is the suppresaive bandwidth below 1.5 kig

and

The bandwidtha thus increase with inereasing CF. The initiai bandwidthe and
the slope of the CP-frequancy function are variable.

"™he computation of excitation and suppression 1a also determined by cperating

characteristics vhich define the output, in dB, of & channel as a function of
the input intensity, also in dB. In the current implementation theae are
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linear functions with variable slope and threshold (see Pigure 2):

d = (X ~ThyesnT )

vhere L’ ¥resf 1g the threshold in 4B
. 1is the slope

The calculation of the output of a particular channel is done on a gample by
sample basis in 50 msec. blocks as followsa:

{a) ™he amnlituda;[ar% at sample k of each component f is converted to dB.
F Loampl >0 X = 20 69,0 Jampiy
Qrap /. : R = -
Y lamela cO Sy - 20 ("Jm/["’“ﬂcb/

vhare 4 ia an excitatory sample
S;,‘ is a euppresaive sample

{v) The total suppreasion at sample k for channel j;g'k » is caleulated. That
18, the suppressive contributions of the individual negative- going components
at aswple k are caloulated ard surmed. The contribution of an individual
harmonic to thie total is & function both of the diatance in frequoncy of the
component from the characterietic frequency of the channel, and of the
intensity of the component in &B.

t=0‘l5uf
Sk = 2 10552he /20 2 2
=1 ~clce -F /271 A)»
[su_’__.)t& . a‘s [(S* . c 5 ) (:J) _[tfaﬂj-‘&l ‘

where Ns.ye 18 the number of suppressive componentes
[H,'wg,]_’ia the suppression threshold

@G,"ls the slope of the suppression operating
characteriastic

{c)} T™he resultant excitation, é.')k + produced by a single poaltive-going
component at sample k is calculated, as a function of the distance in frequency
of the component from the C¥ of the channel. Th total excitation is then

. . 4

calculated, fexc IZ.J: "‘?e xdk e < CF; _}-:)’/27(60_)5 @Y &e;, |

fem - <

' EJ c = :“;; Lexeilliy /200 _ ¢
vhere[#£r:/) 10 the exdiVation threshold

Gy is the alope of the excitation cperating
characteristio ‘

heek i the number of excitatory components

{4) The total resultant excitation, e_jn:; for the channel at sample k ig ia |

calculated from the excitatory operating characteristic. |
Rjk z 'E.m Sk 1

{e) T the total resultant excitation at sample k is greater than gero the

value is asmsigned to the channel output at that sample.
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Figure3. Plots of model output for the vowel /e/ spoken by Roy
Cardner. The darker the gray-scale the greater the activity in the
channel at that point. The vertical axic represents the frequency
range 50 — 5000 Hg on a linear soale, the horisontal axise O - 50
maecs.Bandwidth for initisl linear filters iz 120 Hp Bandwidth B of
exoitatory filters ie 100 Az, (a) Eaw model output without any
suppression, (b) again no euppression but with the the excitatory
threshold set at 20 dB. Both plots show clearer the positions of
the main apectral featurea of the vowel. Anslysis of the temporal
pattern of activity in channels shows dominance of thess patteras by
components nearest the channel CF. (c) and (d) ehow output with
suppreepion. In both cases tha threshold of suppreseion is est to
gero as is that of the exeitation. The slopes of the suppressive
operating characteristic are 1.0 and 0.5 respeatively. fo) showa an
extreme cass of suppression leaving only the bare bones of the
spactrum of the vowel. F4 has &disappoared channels in the thia
region remponding to the P3 component if at all. The general
ploture io that temporal patterns of activity become dominated by
the dominant spestral components (at the formanta) of the eigmal.
This spread of the influence of these domisant components is a
funotion of the bandwidth of the chammels. Channel cutputs also
code the 0 of the signal.
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[owt]y =Ky it KO0
Lok Tk =0 4 R < 0
vharel?ktzk is the activity in channel j at sample k

{£) The channel output ia low-pass filtered (moving average) to aimulate the
loas of vhase-locking to high frequency components found in auditory nerve
fibrea.

PROCRSKING OF THE MODEL OUTPUT:

At the time of writing we are assessing various ways of processing the raw
model output to create representations approprriate to our objectives. These
inecluds: -

{a) Place code processing - the position and bandwidth of maximum activity in
the channel array {s dofined at some point in time. This gives entimates of
formant frequencies over tims.

(b} Dominant component analyais - The dominant conponent in the temporal
vattern of activity of a particular channel is defined by auto-correlatioen.
Plots of dominant component against channel CF give estimates of the dominant
apectral components of the eignal (ses Dogutte fQ]).

{c) ALSM snalysis - = measure of a component’s amplitude is calculated by
taking the average measure of the activity eynchronised to the component in a
range of channels with CFa close to the component frequency.

{4) Time code processing - the level of the CP component of a particular
channel is determined from suto=-correlation functions.

(e) Fxtraction of PO - the output of almost all channnels is modulated by the-
PO component of volced apeech as evidenced from the vertical bands in the raw
mocdel output. This allows a running measure of PO to be ecalculated, and a
diacrimination of the voiced~unvoiced didtinction.

() The apectral-temporal pattern of activity in the array of channels is
subjected to lateral inhibitery procesaing {cf Shamma [15]) to enhance dominant
spectral features of the signal.

(g) Auto-correlation and coincidence funotions are calculated to provide the
material for Weintraub's [2] grouping algorithms.

TMPLEMFRTATION:

A1l programs are written in PORTRAN 77 and run on a DEC VAX-11/780 machine.
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