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1. INTRODUCTION

The vocalisations produced bymost animals. including humans, exhibil temporal variations in amplitude
and lrequertcy. It seems likely, therefore, that a fundamental task at the auditory system must be to code

and analyse these amplitude modulations (AM) and frequency modulations (FM) in some way. This hypoth-

esis has been supported by physiological studies. which suggest that neural responses to complex sounds

become progressively specialised at successiver higher levels of the auditory pathway. in the auditory
nerve, AM and FM are coded as temporal and spatial variations in the pattern of neural firings. Consequent—
ly, there appears to be no specificity for modulated sounds at the level of the auditory periphery. However,

beyond the auditory nerve. in the higher auditory system. many neurons show selectivity for particular rates

and directions of amplitude and frequency change (Moller [12]; Flees at Moller [16]). Indeed at the highest
level of the auditory system. the auditory cortex, many neurons do not respond to static tones at all (Whitiield
& Evans [24]).

Higher auditory neurons that are tuned to a particular frequency oi AM, with regard to their degree of syn-
chronisation or average firing rate, can be described as having a best modulation lrequency or BMF

(Schreiner at Urbas I181). In the inferior colliculus of the cat. there is evidence for a topographic organisation
oi neurons according to their BMF. Such that AM is represented by the spatial distribution oi activity within
a neural array (Schreiner a Langner [15]), Here, we refer to such an arrangement as a modulation map.

It is proposed that a modulation map offers a novel computational means oi representing amplitude lluctu-

ations in the speech signal. and we present a computer simulation oi the map which will iorm part at an

integrated model of auditory processing. We also report our results irom using the map as a basis lor ex-
iracting the fundamental frequency of digitally recorded speech.

 

  2. APPROACHES TO MODELLING THE HIGHER AUDITORV SYSTEM

In comparison with the auditory periphery, our knowledge at the physiological mechanisms of higher audi-

tory processing is relatively incomplete and fragmented. Clearly. this lack cl detailed physiological iniorma-
tion has implications for the way in which the higher auditory system can be modelled. Below, we discuss
some oi the approaches that have been taken and assess their validity.

2.1 Feature Extraction Models

Much of the physiological literature on the higher auditory system attempts to classify single neurons ac-
cording to the pattern of their frequency or temporal response. Based on this information, some workers

have hypothesised that panicularcell types are extracting specific ieatures from the acoustic stimulus. A

typical example is the ON cell model employed by Wu er al. [25110 detect articulatory-acoustic events.

The problem with this approach is that the choice at 'ieaiures‘ which are ‘extracied' is largely arbitrary. be-
cause the transiorms that the higher auditory system periorrns on the acoustic stimulusare poorly under-
stood (Whitlield [23]). This difficulty is reflected in the diverse range oi functions that have been suggested
for cell types in areas such as the cochlear nucleus [Godfrey etal. [81). Until we have a sound knowledge
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ol the way in which the higher auditory system organises the input trcm such cells. leature extraction models
remain purely speculative. Consequently. the concept ol the auditory system as a hierarchical collection of
leature detectors is losing lavour. lntuitively. it seems unlikely that in an auditory system consisting cl many
millions ct neurons. specific feature extracting tasks will be assigned to small numbers ol a particular cell
type. Processing tasks are more likely to be distributed across a large number at cells.

22 Detailed Physiological Models

The structure of the cochlear nucleus. the first at the higher auditory nuclei, is now quite well documented.

Consequently. some workers have attempted to model this area as a network at neuron models that are
connected according to the known neural circuitry. This approach has been adopted by Pcnt [13]. who de-
scribes a computational model of the dorsal cochlear nucleus (DCN). This model avoids the dilticulties cl
attributing specific functions to auditory neurons, because it considers the response of the network as a
whole. However. even at the level at the DCN. the physiological data is still quite incomplete and the model
represents a simplified and probably inaccurate view ct higher auditory processing. For example. the model
described by Pont ignores the input from adjacent cochlear nuclei into the DCN.

Also. there are problems with extending this method beyond the cochlear nucleus. Although there is data
describing the response properties cl neurons beyond the DCN. there is very little intormation concerning
their connectivity. Clearly. there is a limit to the applicability ol this approach until the detailed physiology of
higher auditory nuclei is known.

2.3 Representational Models

Given the problems ot the two approaches described above. It seems that the best way to proceed is not to
attach a tunction to single cells. or to attempt to replicate the physiology at a detailed level. Rather. we
should be confirmed with modelling transformations that the higher auditory system might apply to the
acoustic stimulus. The nature of the higher auditory representation should be guided by our knowledge at
the cell types that provide the basis tor the sensory analysis. and the important leatures ct speech that the
auditory system is likely topreserve.

Several models of auditory processing have been described which use concepts trom neurophysiology.
These include the cross-correlation model described by Deng et al. [7]. and the lateral inhibition network of
Shamma [21]. Other models propose higher auditory representations cl the synchrony between auditory
nerve firings, such as the synchrony/mean rate model of Senelt [20] and the synchrony strand analysis de-
scribed by Cooke [5].

in this work. we adopt a representational approach that is based on the concept of a modulation map.

3. MODULATION MAPS

A concept that has recently emerged in neuroscience is the computational map. a term which describes the
transformation ol inlormation into the topography of a neural array (Knudsen el al. {101). A map consists ot
a parallel array ct neural processors that are tuned to slightly ditlerent values of the same parameter. so
that there is a systematic. place—coded representation at the parameter across the map. This organisation
enables rapid processing of intormaticn. and codes it into a term that can be processed by simple schemes
cl connectivity. such aslateral inhibition. It is likely that computational maps represent the most elficient way
that the brain can represent and process intormaticn.

Most oi the maps identified so far have been in sensory areas. including several in the auditory system.
Whilst many have been identified in birds and bats. which have highly specialised hearing, maps have also
been identitied in other animals such as the cat. It seems, theretore, that the computational map is a lairty
general concept ot neuronal organisation.
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Schreinar and Langner [19] describe a map at AM rate in the interior oolliculus oi the cat. which we reter to

as a modulation map. The interior colliculus consists ot sheets at cells. called laminae. in which all the neu-

rons are tuned to a similar best lreouency. Within each lamina. neurons with a similar EMF are systemati-

Cally arranged into oontours. with high BMFs represented in the middle ot the lamina and low BMFs

represented on the circumterence. Thus. there is a two-dimensional arrangement oi neurons in which tre-
quency is represented on one axis and BMF on the other. The distribution of modulation frequencies present
at a particular best trequency is coded as peaks of activity in the neural map. Currently. there are no phys-
iological reports at a map tor FM rate. However. sinoe FM appears to be a parameter at some relevance to

the auditory system. it is quite possible that such maps exist.

We believe that computational modelling ot modulation maps is a novel means at representing amplitude
and trequency modulations in the speech signal. It is proposed that the maps should be used in two ways.

3.! Fundamental Frequency Extraction

Given the mapped representation at AM rates across the auditory nerve fibre population, it is possible to
estimate the tundamental trequenq ot a speech stimulus. This can be achieved by building a distribution
at AM rates over all best frequencies. within a time trame. and selecting the modulation rate which occurs
most otten. Note, however. that this is a 'signal processing' approach which does not retlect the psycho-
physical properties at periodicity (residue) pitch.

3,2 Formation ot Auditory Objects

it is usually the case that speech is heard against a background oi other. conflicting, sounds. Consequently.
the auditory system must be able to separate out those spectral components which belong to the same
voice. One way in which it appears to do this is by grouping components which have common amplitude
and trequency modulations (Bregman etal. [2]; McAdams [11]).

The grouping of spectral components into contributions lrom the same source at any particular time instant

is defined as simultaneous grouping by Bregman et al. [3]. Spectral components are more likely to be
grouped together if they share a common AM rate. independent at whether they are harmonically related.
Clearly. a map at AM rate would provide the intormation about the modulation rates present at ditterent best
frequencies which is necessary lor this process. Additionally, a map of AM rate could torm the basis tor an
investigation at the mechanisms of comodulation masking release. This term describes the ability ot the au-
ditory system to separate out a masked tone by correlating amplitude fluctuations in the background spec-
trum,

Model of the Auditory Per hery f
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Figure 1, Summary ot proposals tor using modulation maps in a model at auditory processing.

Bregman el al. also define a second type ol grouping. sequential grouping. which determines which spectral
components have arisen over time from the same source (this is rather similar to the correspondence prob»

Proc.l.O.A. Vol 12 Pan 10 0990)

     

           



Proceedings of the institute of Acoustics

EXTRACTING AMPLITUDE MODULATION FROM AN AUDITORY MODEL

lam in vision) A map ol FM could provide a description of the way in which spectral components are moving

in time. which would form a basis for this type of grouping.

A summary ol these proposals is given in Figure 1. We intend to incorporate AM and FM maps into an in-

tegrated model oi auditory processing (Cooke et al. [6]), which will embody a wider range of grouping prin-

ciples together with a post-streaming analysis.

4. THE MODEL

The model presented here is based firmly on the concept of a map for AM rate, but ignores some oi the

physiological details lor reasons of elflciency. Neural maps are highly redundant. and contain many cells

that are broadly tuned to similar values oi the mapped parameter (Knudsen er al. [10]). This redundancy

confers resistance to the topological variations that occur in biological neural networks. but is not a neces-

sary feature 0! a computer model. Hence. we use a much smaller number of modulation detectors.
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Figure 2. Schematic diagram oi the model.

The structure at the model is shown in Figure 2. The auditory periphery is modelled by a bank of bandpass

lilters tuned to frequencies between 100Hz and SODDHz, which simulate the ellects oi the mechanical lilter-

ing action of the basilar membrane at a number at points along its length (Cooke [4]), We use anHR lilter

based on the gammatone function. This is an analytic expression tor the impulse response at an auditory

nerve libre derived lrom reverse correlation (deBoer and deJongh [1]), and has the term

gtr) «ln'ltxp(—21rbl)cos(2nwrf+0) for (:20)

Here. n is the order of the filter, b is the bandwidth. wuis the centre lrequency and e is the phase (in radians).

Our model ol the periphery does not include a hair cell transduction stage. because adaptation oi the audi-

tory nerve has a negligible ettect on the subsequent modulation extraction. instead. we extract the instan-

taneous envelope at each gammalone tiller output.

lnlormation about AM rate is extracted lrom the periphery by processing the envelope at each auditory

nerve channel with a parallel array of bandpass lilters. These are tuned to lrequencies between 50H: and

500H1, to rellect the physiological range ol BMFs in the interior ootliculus (Schreiner and Langner [19]).

Rather than using. (or example, 450 lilters tuned in 1H: increments within this range, the computational load

can be reduced by employing to lilters with overlapping bandwidths and calculating the instantaneous ire-

quency to which each is responding. This is achieved by employing a form ol the gammalone filter (which

is used simply for convenience). lrom which the instantaneous lrequency is calculated as
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um =% w
d _ 1Imam!) Mild/(0H!)

C! I2 (I) e R2 (r)
Here. R0) and I“) are the outputs of the real and imaginary parts of the gammatone filter (a derivation of
this equation is given in Cooke [5]). By extracting the frequency compenents of each envelope in this way.
we effectively determine the modulation frequencies present in each channel.

5. FUNDAMENTAL FREQUENCY EXTRACTION USING THE MODEL

Fundamental frequency is an important parameter for many speech processing applications. such as
speaker verification and identification systems. This is reflected in the large number at algorithms that have
been proposed for fundamental frequency estimation (Hess [9]).

An estimate of fundamental frequenw can be derived from the modulation map by forming a distribution of
the modulation frequencies that occur within a time frame. and selecting the rate which occurs most often.
This is achieved by summing the instantaneous amplitude of each instantaneous frequency filter (IFF) into '
a bin that corresponds to the frequency. I, at which it is responding.

 

t

p m = ZIFFIU) for (so sfs 500)
0

Over the time frame. the fundamental frequency will correspond to the bin pm with the largest value.

This approach bears some similarity to the correlogram proposed by Slaney and Lyon [22]. which accounts
for many of the attributes of psychophysical pitch. However. cur map is purely a ‘signal processing‘ ap-
proach that extracts lundamental frequency perse. and does not attempt to model the mechanisms of pe-
riodicity pitch. Consequently. although the map correctly predicts the pitch of harmonic complexes. it does
not predict the psychophysical pitch of inharmonic stimuli.

Here. we test how the accuracy of the fundamental frequency estimates derived from the modulation map
degrades in noisy conditions. For the purposes of a preliminary study. comparisons are made with an auto-

correlation pitch detector. This is based on the autocorrelation method described by Rabiner and Shafer
[14]. and includes center clipping and simple logic to detect continuity errors such as pitch doubling. A
voiced/unvoiced decision is made by thresholding the peak in the autocorrelation funclion. The modulation
map does not currently employ a voicing detector. so only those frames that are declared voiced by the au-
tocorrelation pitch detector are used in the comparison.

The comparison of the two techniques was made over a selection of 32 utterances from the TIMIT database.
consisting of two male and two female speakers from each of the 8 dialect regions. Pitch contours were de-
rived for the clean utterance. and for five noisy conditions. Random noise was added to each utterance to
give signal-to-noise ratios (SNR) ranging from 10 dB to -10 dB. in 5 dB steps. The pitch tracks from both the
autocorrelation and modulation map were median smoothed. using a window size of 3. In all tests. the au-
Iocorrelation pitch contour for the clean utterance was used as the reference for the comparison.

6. RESULTS

In order to quantify the error between the two pitch extraction Iechniques. we consider gross errors rather
than small variations in the fundamental frequency contours. For a particular frame. a gross error is consid-
ered to have occurred when the quantity '
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exceeds 10%. Here. {.95. is the map or autooorrelation estimate tor the pitch ol the noisy utterance. and I,“
is a reterence autooorrelation pitch estimate tor the clean utterance, in which obvious contintu errors have
been corrected manually. The percentage gross error for the whole pitch contour is then given by the sum
of all the individual errors divided by the number of voiced lrames. A lrame length of 30 ms is used. and
pitch estimates are calculated every 10 ms (hence there is a 20 ms overlap).

Currently. t6 auditory tilter channels are used in the modulation map. Using more channels improves the
smoothness of the pitch contours very slightly. but this is not significant enough to justify the extra compu-
tational expense.

j l_
m... u - . in t"

 

.——.—.—.____
nn- .. I - .u .u

SN! (-1!) SNR (as)

Figure 3. Deterioration of the map (triangles) and autocorrelation (squares) pitch detectors for the male (tell)
and temale (right) speaker sets.

Figure 3 shows a plot at the gross percentage error between the two techniques. for the male and female
speaker sets. For male speakers. the modulation map clearly shows a better pertormance in noisy condi-
tions, For the lemale speaker set. the pitch estimates trorn the map have a higher initial error than the au—
tocorrelation. but still degrade less in noise. Currently, we are unable to explain the poor initial perturmance
ol the map for lemale speakers. but it may be due to the use of autocorrelation as a relerence.
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7, FURTHER WORK

Further work will concentrate on implementing a map for FM sounds, and on making the AM map more
physiologically accurate. For example, Rees & Palmer [1 51 report that the BMF of modulation sensitive neu-
rons changes depending on the intensity of the stimulus and the presence 0! noise. Eventually. the models
will be incorporated into an integrated simulation of auditory processing.
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