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Licklider [Expcrientia 7, 128-133 ( 1951 } ] presented a theory of pitch highlighting the role of 
auditory-nerve interspike-interval timing information in the process of pitch extraction. His 
theory is simplified and amended and presented here as a computer implementation. This 
implementation has been successfully tested using simulations of a wide range of classical 
demonstrations of pitch phenomena including the missing fundamental, ambiguous pitch, 
pitch shift of equally spaced, inharmonic components, musical chords, repetition pitch, the 
pitch of interrupted noise, the existence region, and the dominance region for pitch. The theory 
is compared with a number of alternative theories and the physiological plausibility of a 
temporal model is considered. 

PACS numbers: 43.66.Nm, 43.66.Ba, 43.66.Hg [WAY] 

INTRODUCTION 

This article presents a detailed exploration of the prop- 
erties of a model of pitch identification based upon the ex- 
traction of timing information from auditory nerve activity. 
Specifically, the model uses autocorrelation analysis in a 
manner similar to that proposed by Licklider (1951). He 
proposed that pitch could be extracted from eighth nerve 
firing patterns by a running autocorrelation function per- 
formed on the activity of individual fibers. We have extended 
his suggestion in a model that combines the results of such 
analyses across a range of fibers sensitive to different sound 
frequencies into a summary autocorrelation function. Deci- 
sions about pitch are based exclusively on this summary au- 
tocorrelation function. These decisions are then compared 
to psychophysical results based on classical studies using 
human listeners. 

Licklider made his original suggestion in an attempt to 
explain the human ability to perceive the pitch of a complex 
tone even though that tone contained no spectral component 
corresponding to that pitch. He rejected the prevailing theo- 
ry (Fletcher, 1924) that distortion products of nonlinear 
cochlear responses could wholly explain the phenomenon. 
He pointed to the fact that the waveform envelope of unre- 
solved harmonic components could be used to extract pitch 
information if an autocorrelation analysis could be per- 
formed. He thought that this might be achieved by a delay 
line mechanism at a low level in the auditory nervous system. 

His theory depended on the idea that the harmonic com- 
ponents were not fully resolved so that the pitch period 
would be represented in the periodicity of the firing of the 
individual auditory-nerve fibers. Subsequently, however, it 
became clear that the most salient pitch percepts were based 
on complex stimuli where the individual harmonic compo- 
nents were widely spaced and almost certainly resolved by 
auditory fibers (de Boer, 1956) such that the periodicity of 
individual fibers would prove a poor guide to the pitch of the 
stimulus. This gave rise to a generation of new theories that 
emphasised spectral cues to pitch (Goldstein, 1973; Ter- 

hardt, 1974; Wightman, 1973a; Yost, 1982} based largely 
upon the resolved harmonics of the tone complex. 

Such theories were successful in explaining most results 
of psychophysical experiments in pitch perception but they 
sat uneasily alongside demonstrations of nonspectral pitch 
phenomena such as that arising from periodically interrupt- 
ed or amplitude-modulated noise (Miller and Taylor, 1948; 
Bums and Viemeister, 1976) and experiments showing that 
pitch could be heard even when only demonstrably unre- 
solved harmonics were present in the stimulus (Moore and 
Rosen, 1979). 

Houtsma and Smurzynski (1990) have recently ad- 
dressed this issue systematically and shown unequivocally 
the need for pitch extraction processing to occur with both 
resolved and unresolved harmonics of tone complexes. Their 
results show that unresolved harmonics can contribute to 

pitch identification in addition to resolved harmonics and 
that information from both sources is combined to generate 
the pitch percept. The model to be described combines peri- 
odicity information from both resolved and unresolved re- 
gions by a simple aggregation process and thus meets the 
requirements of recent psychophysical results. 

A second issue concerns the relative merits of spectral 
and temporal analysis of the stimulus. Of course, it is gener- 
ally accepted that the mechanical to neural transduction 
process at the cochlea effects a limited frequency analysis of 
the signal. The "place" theories of Goldstein, Terhardt, and 
Wightman use this resolution as the starting point for a pat- 
tern recognition process whereby a pitch is associated with a 
pattern of activity across a number of locations along the 
basilar membrane. Temporal theories, on the other hand, 
assume some form of analysis based on the time intervals 
among spikes in the individual AN fibers. Licklider's auto- 
correlation analysis is just one example of a range of possible 
temporal theories. Goldstein and Srulovicz (1977) and Sru- 
1ovicz and Goldstein (1983) developed a hybrid model that 
exploited temporal patterns of firing to extract enhanced 
spectral information which could then be used in a template 
matching system for identifying pitch. 
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Temporal analysis has been encouraged by physiologi- 
cal studies demonstrating phase locking of auditory-nerve 
(AN) fiber activity to tone period (Kiang et al., 1965) and 
using autocorrelation techniques to isolate pitch effects 
(e.g., Evans, 1986; Horst et al., 1986). The insensitivity of 
place methods of analysis to formant structure in high-am- 
plitude speech sounds (Young and Sachs, 1979) has also 
encouraged the development of ALSR (averaged localiized 
synchronous rate) temporal representations of AN activity. 

These ideas have been reflected in modeling activity 
which has concentrated on the temporal information in the 
signal (e.g., Broadbent, 1975; Moore, 1982; van Noorden, 
1982; Loeb et al., 1983; Lyon, 1984; de Cheveign•, 1!)86; 
Patterson, 1987; Lazzaro and Mead, 1989; Slaney and Lyon, 
1990). All authors have emphasised the advantages of tem- 
poral analysis in extracting pitch. Some voice-separation al- 
gorithms seek to use pitch difference between voices in order 
to select and enhance one voice at the expense of the other. In 
various ways these models use autocorrelation to identify the 
pitches of the voices (Weintraub, 1985; Gardner, 1989; Ass- 
mann and Summerfield, 1990; Meddis and Hewitt, 1990). 

A systematic examination of the properties of temporal 
models of auditory perception is clearly required at this 
stage. Unfortunately, the variety of models makes this ditfi- 
cult. However, we have developed one such model which is 
sufficiently close to the main stream of recent developments 
to make reasonable claim to be representative of the genre. 
The model performs autocorrelations on the activity of 
groups of simulated nerve fibers and aggregates these auto- 
correlation functions (ACFs) to produce a summary auto- 
correlation function. It will be shown that this summary 
ACF contains the necessary information for the purpose of 
simulating human listener performance in a wide range of 
psychephysical studies including ambiguous pitch, pitch 
shift of equally spaced harmonics, pitch of stimuli with in- 
harmonic components, pitch of musical chords, repetition 
pitch, and the existence and dominance regions for pitch 
perception. In a companion paper (Meddis and Hewitt, 
1991b), we explore the ability of the same model to simulate 
the human listener's sensitivity to stimulus component 
phase effects. 

I. MODEL DESCRIPTION 

A. Introduction 

The model outlined in Fig. 1 consists of a number of 
stages: ( 1 ) outer-ear frequency bandpass function; (2) mid- 
dle-ear low- and high-frequency attenuation; (3) mechani- 
cal filtering of the basilar membrane; (4) mechanical to •aeu- 
ral transduction at the hair cell; (5) refractory inhibition of 
firing of auditory-nerve fibers; (6) estimation of the distribu- 
tion of intervals among all spikes originating from fibers 
within the same channel; (7) summation of interval ,esti- 
mates across channels; and (8) pitch extraction by inspec- 
tion of the summary ACF. 

Each of these stages will be described individually. 
However, the following characteristics are valid throughout. 
The signal was sampled and the model updated 20 000 times 
per second. From stage 4 onward, we describe the process in 

PROCESSING SEQUENCE 

I stimulus input 

I Outer/middle ear combined 

bandpass filter 

128 IIR filter bank 

Patterson et al. (1988) 

hY• 
I u•o,•i• (t98•) I 

! 

refractory period 

time 

time 

? 
autocorrelograms 6. 

Licklider (1951 ) time 

I I autocorrelogram 7. time 

pitch / timbre 
template matching 8. output • difference 

FIG. 1. Processing sequence of the model. 

terms of spikes and intervals among spikes. However, the 
computation was carried out exclusively in terms of the 
probability of a spike's occurring; we did not generate and 
monitor individual spikes. Our measure of the time intervals 
among spikes was also based on the time interval between 
each spike and all other spikes occurring within the same 
channel. 

Our stimuli are purely number sequences and have no 
physical dimensions but we use the convention that a signal 
rms of 1 is treated as 0 dB1 (decibel re: rms = 1 ). (This is a 
departure from previous publications, e.g., Meddis, 1986, 
1988, where a signal rms of I was treated as 30 dB.) Since the 
scale is arbitrary, we have chosen values that show a fairly 
close parallel with SPL ratings in psychephysical studies. On 
this scale, our standard auditory-nerve fiber to be described 
below has a threshold of 15 dB 1. 

Except where explicitly stated, signals are 100 ms in 
duration and the results represent the state of the model at 
the end of this time. For periodic stimuli, the stimulus length 
may be adjusted slightly to ensure that the stimulus ends at 
the major amplitude peak of the cycle. Signal waveforms in 
figures always represent the last 7.5 ms of the stimulus, 
which is three times the time constant of the model (see stage 
6). This time window represents the section of the stimulus 
that contributed to the final running autocorrelations. 

B. Stages I and 2: Outer- and middle-ear effects 

Sound entering the outer ear is subject to a pressure gain 
at the tympanic membrane relative to the entrance to the ear 
canal; this pressure gain is maximal in the region between 2 
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and 5 kHz (Wiener and Ross, 1946; Djupesland and Zwis- 
1oeki, 1972; Shaw, 1974). The middle ear, which couples 
sound energy from the external auditory meatus to the coch- 
lea also has a bandpass pressure-transfer function but, on 
this occasion, the peak is nearer I kHz and has a much 
steeper slope at the low frequencies (as shown by Nedzel- 
nitsky, 1980, for the cat). These two functions have been 
combined to obtain an approximately flat-topped bandpass 
function. The combined outer- and middle-ear functions are 

shown in Fig. 2. We implemented this combined function 
using a digital bandpass filter on the input.] 

C. Stage 3: Basilar membrane filtering 

The simulation of the bandpass filtering effect of the 
basilar membrane was achieved using a set of 128 digital 
critical-band (gammatone) filters supplied to us by Roy 
Patterson and John Holdsworth (Patterson et al., 1988). 2 
The center frequencies of the overlapping filters are equally 
spaced, approximately 0.25 equivalent rectangular band- 
widths (ERBs) apart (Fletcher, 1940), along a scale be- 
tween 80 Hz and 8 kHz. The theory behind these rounded- 
exponential (roex) filter shapes is given in Patterson and 
Moore (1986). The gammatone function provides a close 
approximation to the impulse response of the roex filters. 

The filters have been based on psychophysical studies 
but there has been a qualitative convergence of physiological 
results and psychophysical theory (Moore, 1986) to such an 
extent that the use of these filters in a physiological model 
can be justified. In this respect an ERB [which closely re- 
sembles a critical band (Zwicker et al., 1957)] represents a 
distance of approximately 0.9 mm on the basilar membrane. 
The Patterson and Holdsworth digital filters are "straight- 
sided" and therefore differ from physiological tuning curves 
that often display a tail at extreme low frequencies. How- 
ever, this divergence only occurs at 30 dB below the central 
tip of the filter. The filters are also linear and have the same 
bandpass parameters at all signal amplitudes, a feature that, 
it is becoming clear, is also at variance with the physiological 
performance of auditory-nerve fibers (e.g., Deng and 
Geisler, 1987). Despite these reservations, we believe that 
the filters work well as a first approximation. 3 

Figure 3(a) shows the output of the filters 4 given a 
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FIG. 2. Pressure gains at the outer and middle ear (see text). 
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FIG. 3. Model output at three stages of processing in response to a stimulus 
composed of the first ten harmonics of 200 Hz at 50 dB1 per component. 
Only the last 7.5 ms of the model operation is shown: (a) ½ochleogram, 
basilar membrane filter output. The graph on the right represents the power 
output of the filters (dBl/channel); (b) hair-cell response [the graph on 
the right represents the spike-rate profile (spikes/s) ]; and (c) the individ- 
ual spike-interval histograms (ACFs) and the summary ACF (see text)ß 
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pulsed stimulus composed of ten equal amplitude (50 dB 1 ) 
harmonics of 200 Hz. The vertical line graph to the right of 
the filter outputs in Fig. 3 (a) shows the power of the output 
from each filter expressed in dB per channel. Because of the 
wide range of stimulus intensities used, the cochleogram 
scale is changed from display to display and the vertical line 
graph is necessary for a proper interpretation of the figure. 
The stimulus in Fig. 3(a) has been chosen to allow a com- 
parison with the calculated excitation pattern given in 
Moore and Glasberg ( 1987, Fig. 6); there is little difference 
between the two. 

D. Stage 4: Mechanical to neural transduction 

The output of each filter was passed to a hair-cell simu- 
lator ( Fig. 4) which converted the mechanical motion of' the 
BM at that point to a probability of spike occurrence in the 
post-synaptic auditory nerve. The model and its properties 
are given more fully in Meddis ( 1986, 1988) and a computer 
program is given in Meddis et al. (1990). 

The model assumes that the probability of a spike occur- 
renee is linearly related to the amount of transmitter sub- 
stance in the synaptic cleft between the inner hair cell and its 
corresponding auditory nerve 

œ(t) = h c(t) dt, ( 1 ) 

where p(t) is the probability of a spike's occurring dm:ing 
the period t to t + dt, c(t) is the amount of transmitter in the 
cleft, h is a constant of the model and dt is l/sample rate 
(normally, 0.00005 s). 

Transmitter substance is released into the cleft from the 

hair cell in amounts that depend upon the permeability of the 
hair cell membrane. This permeability is modulated by the 
signal amplitude: 

k(t) = g dt [x(t) + A ]/[x(t) + A +B)], 

and 

for [x(t) -+-A ] >0, 

k(t) =0, for Ix(t) +A ] <0, (2) 

I factory 
•r Y[m-• 

free •c•l• 
[rans:ltter -I ' poe 

Ireprocessing ]:reuptake rc $twOre 
(1) dq/dt = y(m-q(t)) + xw(t) - 

e lost 
Ic 

fl Parameters A=5 
B = 300 

g = 2000 
y = 5.05 
I = 2500 
x = 66.3 
r = 6580 
m =1.0 

k(t)q(t) 

(2) dc/dt = k(t)q(t) - Ic(t) - rc(t) 

(3) dw/dt = rc(t) - xw(t) 

FIG. 4. Flow diagram, difference equations and parameters of the hair cell 
model after Meddis { 1988). 

where k(t) is the permeability of the membrane, x (t) is the 
instantaneous amplitude of the signal after filtering, and g, 
A, and B are parameters of the model. 

The amount of transmitter released into the cleft at time 

t is k (t) q (t) dt, where q (t) is the amount of transmitter in a 
free store lying close to the membrane. 

Transmitter is recovered from the cleft by reuptake into 
the hair cell at a rate r c (t). Some of it is, however, lost from 
the cleft and from the system altogether at a rate l c(t). This 
loss of transmitter from the system causes adaptation of the 
spike rate. Recovered transmitter is held briefly in a repro- 
cessing store [contents, to(t)], whence it is returned to the 
free transmitter store at a rate x w(t), where it is again avail- 
able for release from the cell; r, l, and x are parameters of the 
model. 

Most of the transmitter simply cycles through the free 
transmitter, cleft and reprocessing stores, but deficiencies in 
the amount of free transmitter (caused by the losses from the 
cleft) are slowly restored by manufacture of new transmitter 
from the "factory" at a rate y [m- q(t)]. Amounts of 
transmitter held in the free transmitter pool are expressed 
here as fractions of an arbitrary maximum value m, which 
has been set to unity in this implementation. 

The operation of the model is simulated using the per- 
meability equation [ Eq. (2) ] and the three differential equa- 
tions that are given in Fig. 4. The parameters of the model 
are also given in Fig. 4 and these have been chosen to yield a 
high spontaneous-rate fiber (60 spikes/s). This fiber has a 
saturated rate of 95 spikes/s, a rate-intensity threshold of 15 
dB1 and a dynamic range of 25 dB1. 

This model simulates a number of the crucial properties 
of auditory-nerve firing (Fig. 5). The steady-state rate-in- 
tensity function in response to pure tones is sigmoidal with a 
limited dynamic range. In response to a short tone burst, the 
firing rate shows adaptation which can be characterized by 
the sum of two exponentials having time constants of 75 and 
7.7 ms (at sound intensities 20 dB above rate threshold) and 
a recovery rate (following stimulus offset) of 46 ms. The 
model also shows phase locking to stimulus fine structure up 
to 5 kHz. This latter property is crucial to the phenomena 
discussed later in this article. Further details of the model's 

performance can also be found in Meddis ( 1986, 1988) and 
Meddis et al. (1990). The properties of the hair-cell/AN 
fiber are not based on observations of any one neuron but are 
typical of high-spontaneous fibers which make up the major- 
ity of fibers in the auditory nerve. 

Figure 3(b) shows the activity of a bank of hair cells 
expressed in terms of the probability of spike occurrence 
within the population of fibers innervating the channel. Note 
that for channels carrying a high-amplitude filter output, the 
hair cell response is approximately a compressed, half-wave 
rectified version of the filtered input. For low-amplitude fil- 
ter outputs, however, the output follows the input with little 
obvious rectification or compression (see, for example, 
channels with center frequencies in the region of 2.5 kHz). 
This is also characteristic of recordings from the auditory 
nerve itself. The vertical line graph to the right of Fig. 3 (b) 
shows the rate profile (spikes/s) across channels for the pre- 
ceding 7.5 ms. 
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to create an absolute l-ms refractory period. More elaborate 
functions for Wit) are available (Gaumond et al., 1982). 

Note that Fig. 3(b) represents the "drive" of the hair 
cell and is prior to any refractory effects in the auditory- 
nerve fibers. For the stimuli used in this study (medium 
intensity, continuous stimuli), refractory effects make very 
little difference to the probability of firing. As a conse- 
quence, no figure is offered to show the result of including 
the refractory effects. 

(c) adaptation time constants 
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FIG. 5. Some properties of the hair cell model: ( a ) rate-intensity function at 
onset ( i ms) and during steady state; (b) rate response to a l-kHz, 300-ms 
tone pulse; (c) time constants of rapid and short-term adaptation; and (d) 
phase locking to stimuli in the range 1-5 kHz. 

Only one hair cell is implemented per channel. How- 
ever, the model assumes that a large number of identical hair 
cells are present within each channel and that the probability 
function for one cell is the same for all. This is an assumption 
made in the interest of computational speed. However, real 
fibers do show a variety of different properties, particularly 
in spontaneous rate and dynamic range. That variety has not 
been modeled in this implementation. Greenberg (1986) has 
argued that medium and low spontaneous-rate fibers may 
offer an even better basis for the kind of analysis reported 
below. 

E. Stage 5: Refractory effects 

The probability of spike generation in a fiber depends on 
the recent history of firing of that fiber. This effect was ap- 
proximated by the following formula 

p'(t,=p{t)(!--•p'(t--T)W(t--T)), (3) 
where T= i dt, p'(t) is the probability of spike occurrence 
after adjustment for refractory effects, pit) is the unadjusted 
probability ( based on the amount of transmitter in the cleft), 
and Wit) is an empirically derived weighting function. Note 
that the values ofp'(t -- T) must be calculated beforep'(t) 
can be evaluated. 

We set 

IV(t-- 7') ----- 1, for t-- T<0.001 s (4) 

F. Stage 6: Distribution of time intervals 

A histogram of the time intervals among spikes was gen- 
erated separately for each filtered channel. Intervals be- 
tween each and every spike were used (not just successive 
spikes)fi This is convenient computationally because the 
probability of observing a time interval of length 6t between 
two spikes, one of which begins at time t is 

Hit, 6t) =p'(t) p'(t-- 6t) dt. (5) 

We have n fibers operating within the channel: 

hit, •t) = np'(t) p'(t -- 60 dt. (6) 

However, the value n is a constant; it has no significant influ- 
ence on what follows and it will be omitted. We assume that 

n is large enough to justify a smooth approximation to the 
spike-occurrence function. 

In principle, we could study interspike intervals of any 
length but in the examples below we shall arbitrarily restrict 
6t to values between 6t = 0.00005 s (the smallest model ep- 
och length) and 6t = 0.01667 s; the latter period corre- 
sponds to a pitch of 60 Hz. 

Licklider specified that the summation over time should 
be limited by a time constant 11, of approximately 2.5 ms. 
The histogram entry for the interval 6t at time t for channel k 
can be found as follows: 

hit, 6t, k) = • pit- T) p(t- T--tt) e- r/n dt, (7) 
i=1 

where T = i dt. 

The computation of the interspike interval histogram is 
in the form of a running autocorrelation calculation. Lick- 
lider (1959) formally demonstrated the autocorrelation na- 
ture of his system. We shall, therefore, call the histograms 
autocorrelation functions (ACFs) to emphasize the point. 
In this way, we shall also avoid confusion with the more 
regular use of the term "interval histogram," which is used 
almost exclusively, by physiologists, to refer to intervals be- 
tween successive spikes. Licklider does not explain why the 
time constant should be 2.5 ms but more recent work by 
Viemeister (1979) on the temporal modulation transfer 
function suggests a similar value (3 ms). 

For T> 311, expression (7) returns only very small val- 
ues. Accordingly, the histogram was, in practice, computed 
only over a 7.5-ms period (i.e., from t to t -- 0.0075 s). Ex- 
amples of the ACFs can be seen in the body of Fig. 3 (c). 
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G. Stage 7: Summation across channels 

Channel ACFs are not used individually but are aver- 
aged across channels to generate a summary correlogram: 

428 h(t, &, k) (8) s(t, &)= • 128 ' k=l 

where h(t, •t, k) is the running ACF h(t, •t) for the kth 
channel sampled at time t. 

Figure 3(c) shows the summary ACF at the bottom of 
the figure. Because the the scale is given in terms of time 
interval, frequency must be read from right to left with low 
frequencies on the right-hand side of the figure. 

H. Stage 8a: Pitch extraction 
The highest point of the summary ACF is used as a 

simple indicator of the perceived pitch. For many purposes, 
this gives a satisfactory result. For example, in Fig. 3 (c), the 
summary ACF gives a clear peak at the pulse repetition fre- 
quency of 200 Hz (period, 5 ms) and this matches our per- 
ception of a clear pitch quality at that frequency, when a 
number of equally high peaks are present, the peak with the 
shortest lag (highest frequency) is used. 

II. PITCH STUDIES 

A. Missing fundamental 

Figure 3 (c) illustrates the pitch extraction ability of the 
model for a pulse train. The stimulus is composed of a funda- 
mental and a set of successive and equal-amplitude harmon- 
ics in cosine phase. However, listeners perceive the satme 
pitch even when the fundamental component is missing. Fig- 
ure 6 illustrates the response of the model to a stimulus com- 
posed of only the 3rd, 4th, and 5th harmonics of a 200..Hz 
fundamental at 50 dB1 per component. The summary ACF 
shows a clear peak at a period of 5 ms which corresponds to a 
frequency of 200 Hz even though there is no component 
present at that frequency in the stimulus. 

The mechanism of this effect is easy to see. The ACFs 
for channels in the region responding to the 600-Hz compo- 
nent show peaks at 1.66, 3.33, 5.00, 6.67, 8.33,..., ms, wlhile 
the ACFs for the channels close to the 4th harmonic have 

peaks at 1.25, 2.5, 3.75, 5.0, 6.25 ..... ms and those close to the 
5th harmonic have peaks at 1, 2, 3, 4, 5, 6,..., ms. When the 
ACFs are summed vertically, the presence of a peak at 5 ms 
in all active channels creates a major peak in the summary 
ACF. 

In this example, the three stimulus components are re- 
solved, i.e., separated by the filter bank. However, the model 
produces appropriate pitch estimates even when the compo- 
nents are not resolved. Figure 7 shows the model's response 
to a three-component stimulus harmonic complex where the 
component tones are the 14th, 15th, and 16th harmonics of 
200 Hz. Here, the individual components are not resolved by 
the filters. The model produces an ACF peak at 200 Hz. 

Virtual pitch is clearer for resolved harmonics; unre- 
solved harmonics give rise to a more diffuse pitch sensati•on. 
This is reflected in the multiplicity of peaks in the vicinity of 
the highest peak at 200 Hz. We shall return to this issue 
below in connection with the "existence region" of virtual 
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FIG. 6. Model output in response to resolved harmonics. The stimulus con- 
sists of the 3rd, 4th, and 51h harmonics of a 200-Hz fundamental. 
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pitch. The important point here is that the model identifies a 
pitch in both circumstances and it does so within the same 
explanatory framework. Both kinds of pitch percept arise 
from the same mechanism--the aggregate of a set of inter- 
spike interval histograms. 

B. Ambiguous pitch 

Many stimuli with a pitch quality yield a number of 
discrete pitch matches in matching experiments. Schouten et 
al. (1962) presented to their listeners a stimulus consisting 
of a 100% amplitude modulation of a 1990-Hz carrier by a 
199-Hz sine function (i.e., a stimulus composed of the 9th, 
10th, and 1 lth harmonics era 199-Hz fundamental). Their 
subjects were asked to match the pitch of this stimulus with a 
second harmonic stimulus of variable pitch. Pitch matches 
were observed in the discrete regions of 145, 160, 178, 198, 
and 220 Hz. Between these values, there were regions where 
pitch matches were absent. 

Figure 8 shows the summary ACF for this stimulus; it 
has peaks at 152.5, 166, 181, 199, and 221 Hz. The valleys 
between these peaks represent regions in which pitch 
matches would not be expected. We shall discuss the discre- 
pancies in pitch estimates below. The first point to note is the 
model's property of generating a number of discrete candi- 
date pitch percepts. 

The pitch matches of Schouten et al. are slightly differ- 

-7.5 -5.0 -2.5 0.0 

'nine (ms) 

ent from those predicted by the model. The two lowest 
matches ( 145 and 160 Hz) are substantially lower than pre- 
dicted by the model ( 152.5 and 166 Hz). This effect is be- 
lieved to be caused by nonlinear effects in the cochlea which 
generate combination tones lower in frequency (but har- 
monically related) to the component tones. These additional 
components appear to blend with the original stimulus and 
alter the frequency of the ambiguous virtual pitches on either 
side of the predominant (fundamental) pitch. 

As a first approximation to this nonlinear effect, we in- 
troduced an additional component at 1592 Hz correspond- 
ing to the eighth harmonic of the series (in phase with the 
other harmonics and at the same amplitude), a component 
likely to be present as h nonlinear distortion product. It cor- 
responds to the combination tone 2fl --f• for the 9th and 
10th harmonic as well as the combination tone 3f, -- 2f• for 
the 10th and 11 th harmonics. The resulting summary ACF 
looks very similar to that in Fig. 8 but the peaks have shifted 
slightly to the new values of 144.5, 157.5, 179, 199, and 223 
Hz. The biggest discrepancy between the data and the mod- 
el's response is now less than 3 Hz. We have not pursued this 
line of investigation further, in this article, because the ap- 
propriate method for modeling the nonlinearities introduced 
by the cochlea remain controversial. 

C. Pitch shift of equally spaced components 

Inharmonic equally spaced tone complexes can also give 
rise to virtual pitch percepts (Walliser, 1969; de Boer, 1956; 
Schouten et al., 1962; Plomp, 1976). We can think of these 
complexes as harmonic complexes whose components have 
all been shifted in frequency by the same amount. Inhar- 
monic stimuli such as these are important theoretically be- 
cause the envelope of the stimulus is not affected by the fre- 
quency shift. 

Figure 9 shows the response of the model when we apply 
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FIG. 8. Discrete pitch matches (Schouten el al, 1962). The stimulus is the 
9th, 10th, and 1 l th harmonics era 199-Hz fundamental. The marked peaks 
in the summary ACF suggest that pitch matches could be made at 152.5, 
166, 181,199, and 221 Hz. 
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Frequency (Hz)500 250 167 125 100 83 71 62 

FIG. 9. Pitch of stimuli with (inharmonic) equally spaced components. 
The stimuli consist of a six equal-amplitude harmonics of 100 Hz with a 
common shift added to each component. The major peaks of the summary 
ACFs in the region of 100 Hz indicate possible pitch matches. 
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25-Hz shifts to all six tone components of a complex initially 
consisting of the first six harmonics ofa 100-Hz fundamen- 
tal. For the initial condition, a clear peak can be seen in the 
region of 100 Hz. The same is true when the components are 
all shifted by 25 Hz but the major peak is shifted to a shorter 
period, i.e., the complex is expected to have a slightly higher 
pitch. When a 50-Hz shift is applied, the summary ACF 
shows two peaks of equal amplitude on either side of the 100- 
Hz point. The 75-Hz shift condition yields a dominant peak 
slightly lower than 100 Hz but a 100-Hz shift again brings 
the components back into a harmonic relationship (2nd-7th 
harmonics of 100 Hz) and the dominant peak is again at 100 
Hz. 

Figure 10(b) shows the dominant pitch matches artsing 
from a more complete exploration of the effect of shifts. The 
stimulus is again composed of six tones separated by I00 Hz. 
Successive stimuli have a 25-Hz shift applied to all six com- 
ponents. The sequence begins with a stimulus whose lowest 
component is 100 Hz (harmonic number is 1 ). After the first 
four 25-Hz shifts, the stimulus becomes harmonic again 
(harmonic number is 2). The x axis refers to the harmonic 
number of the lowest harmonic in the complex. The pitch 
estimates are restricted to a region between 90 and 100 Hz 
and oscillate between these extremes, always returning to 
100 Hz when the stimulus is harmonic. These results are 

essentially the same as those reported by Patterson and 
Wightman (1976) on whose study these explorations are 
based. 

Figure 11 plots the pitch matches for a similar inhar- 
monic series based on a 400-Hz fundamental. In this case, 

however, we have used both six and twelve harmonics. Here, 
the pitch matches oscillate within a region bounded by 340 
to 460 Hz but the pattern is basically similar to the 100-Hz 
series. In both cases the slope of the lines joining points in 

400Hz fundamental; 
model 

460 

440 

'• 420 
'•. 

• 400 

34o 

6 and 12 harmonics 

• a n=6 
ff ; ß n=12 

harmonic number of lowest 
component 

FIG. I 1. Same as Fig. 10. The stimuli are equally spaced, equal-amplitude 
components with a 400-1iz spacing. The points plotted indicate the major 
peaks of the summary ACFs in the region of 400 Hz. Both 6 and ! 2 harmon- 
ics were used. 

each segment gets less from left to right. This is a feature that 
is widely reported. 

Patterson and Wightman (1976) also claim to have 
found a consistent if small tendency for the slope for 6-com- 
ponent stimuli to be steeper than for 12-component stimuli. 
This effect is present in our results but is so slight as to be 
hardly measurable. We take this to be consistent with the 
small size of the empirical result. 

They observed a clear tendency for the slope of the lines 
in the 400-Hz condition to begin (at low harmonic 
numbers) higher than those for the 100-Hz condition but to 
become similar at higher harmonic numbers. Figure 12 illus- 
trates that this also is true of the pitch-match predictions of 
the model. 

When frequency shifts are applied to equally spaced 

100Hz fundamental; 6 harmonics 

{a) Subje• MH, PaEerson and Wightman (1976) (b) model 
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g lOO g lOO 

90 90 ß , 
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FIG. 10. Pitch of stimuli with (in- 

harmonic) equally spaced compo- 
nents. Pitch-match results for stimu- 

li consisting of six equal-amplitude 
harmonics of 100 Hz with a common 

shift added to each component. The 
points plotted [Fig. 10(b)] indicate 
the major peaks of the summary 
ACFs in the region of 100 Hz. The 
results are the same as the empirical 
results [Fig. 10(a)] of Patterson 
and Wightman (1976). The x axis 
shows the frequency of the lowest 
component in the tone complex di- 
vided by the frequency spacing. 
When the gtimulug ig harmonic, thig 

corresponds to the harmonic num- 
ber. 
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FIG. 12. Slopes of the predicted pitches in Figs. 10 and 11 ( 100- and 400-Hz 
spacing) given as a function of harmonic number of the lowest component 
of the complex. The results are similar to those of one of the two subjects 
studied by Patterson and Wightman (1976). 

components, the envelope of the signal is unaffected. Ac- 
cordingly, the success of the model in predicting human re- 
sponses to such stimuli demonstrates that the model is not 
responding directly to the signal envelope but to the stimulus 
fine structure within the envelope. 

D. Musical chords 

Terhardt (1979) showed that his model could simulate 
an important aspect of the perception of a musical chord. He 
used a C-major triad produced on an electronic organ. The 
triad is composed of three separate tone complexes with fun- 
damental frequencies 392, 523.2, and 659.2 Hz correspond- 
ing to G 4, C 5, and E 5, respectively. His complex consisted of 
the first four harmonics of 392 Hz and the first three har- 
monics of 523.2 and 659.2 Hz. 

Figure 13 shows the summary interval ACF that results 
when this complex is presented to the model. The most nota- 
ble feature is the prominent peak at 130 Hz. This peak corre- 
sponds to the musical note C 3 which is the root note of the 
chord, a note that is not present in the chord but that defines 
the identity of the chord and explains its harmonic quality. 
This demonstrates a congruence between our model and 
Terhardt's model on this point. 

E. Repetition pitch 

When a broadband noise stimulus is delayed and added 
to itself, the resulting stimulus has a pitch that falls as the 
delay increases (Bilsen, 1966, 1970; Bilsen and Ritsma, 
1970; Fourcin, 1965; Yost, etal., 1978). If the delayed noise 
is added to itself with positive sign (cos + stimulus), the 
pitch of the stimulus is normally judged to be 1/t Hz, where t 
is the delay in seconds. However, if the noise is added back 
with negative sign (cos - stimulus), the pitch is weaker and 
also ambiguous; it may be reported as either slightly higher 
or slightly lower than 1/t Hz. Figures 14 and 15 show the 
output of the model for cos + and cos - stimuli with a delay 
of 0.002 s. The weakness of the effect is entirely consistent 
with observations using human listeners. The time constant 
of integration (tl) of the autocorrelation is only 2.5 ms in 
this implementation. As a consequence, a single summary 
autocorrelogram reflects the activity of the model over a pe- 
riod of less than 7.5 ms. Because the effect is weak and vari- 
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FIG. 13. C-major triad. The stimulus consists of the first four harmonics of 
392 Hz (G •) and the first three harmonics of 523.2 Hz (C 5) and 659.2 Hz 
(ES). The summary ACF has a peak at 130 Hz corresponding to the note 
C -•, which is the root-note of the chord. 

able from stimulus to stimulus, we have repeated the analysis 
many times to establish the reliable features. We assume that 
listeners average this weak percept over a long period which 
involves many samples of the stimulus. Each figure shows 
six example summary ACFs in response to six different noise 
stimuli. 

cos + 

Period (ms) '• ½ 6 8 i0 i2 i½ i6 
Frequency (Hz)500 250 167 125 •00 83 71 62 

FIG. 14. Repetition pitch. Six example summary ACFs produced by the 
model in response to stimuli consisting of Gaussian noise that has been de- 
layed by 2 ms and then added to itself. Note the peaks in the summary ACF 
at 2 ms (500 Hz). This peak is consistently present for all stimuli, while 
other peaks are inconsistent. 
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FIG. 15. Repetition pitch. Six example summary ACFs produced by the 
model in response to stimuli consisting of Gaussian noise that has been de- 
layed by 2 ms and then subtracted from itself. Note the dip in the summary 
ACF at 2 ms ( 500 Hz). This (lip is consistently present for all stimuli, while 
other peaks are inconsistent. The weak peaks on either side of the dip can be 
identified as approximately 550 and 450 Hz by averaging the ACFs for a 
number of stimuli. 

L cos -t- stimuli 

For the cos + stimulus, the summary ACFs all show a 
peak at a period of 2 ms (Fig. 14), corresponding to a pitch 
of 500 Hz. This is not the only peak in the summary ACE' but 
it is the largest and is consistent over every sample of 
cos + noise that we have tested while the other peaks vary in 
height and location from sample to sample. Figure 16(a) 
shows how the location of this pitch peak in the average of 30 
summary ACFs varies as a function of the delay t. It is a 
straight line function giving a pitch equal to 1/t in agreement 
with the empirical results of Yost et al. (1978). 

This result is hardly surprising. Cos + noise has a long- 
term ripple spectrum with spectral peaks at frequencies I/t, 
27t, 3/t, etc. In the long run, therefore, this stimulus should 
behave like a harmonic stimulus with a fundamental fre- 

quency of 1/t. In the short run, the spectrum is highly vari- 
able and, as a consequence, the pitch will be weaker. While a 
single summary ACF shows a number of competing candi- 
date peaks, in the long run the peak at 1It emerges as the 
consistently highest peak. 

2. cos- stimuli 

The picture is even less clear for the cos- stimulus 
(Fig. 15). The main feature here is a consistently observed 
dip at the lag of 1/t. On either side of the dip are poorly 
defined peaks. In order to compare the model results with 
those of Yost et al. (1978), 30 different ACFs were comput- 
ed for each delay and averaged. The pitch predictions given 
in Fig. 16(b) represent the two highest peaks in the averaged 
summary ACE within -t- 20% of the location of the main 

dip at 1/t. The straight lines show the fit suggested by Yost et 
al. (1978) for their empirical data. They suggest slopes of 
1.1It and 0.97t. The model results fit these values well. 

Like cos + noise, cos - noise also has a long-term rip- 
ple spectrum with spectral peaks at k/t 4- 1/2t, i.e., it has 
much in common with an inharrnonic complex of tones 
equally spaced midway between the corresponding harmon- 
ics. We have already seen (Fig. 9) that such inharmonic 
complexes give rise to an ambiguous pitch percept that offers 
a choice of two weak pitches on either side of the fundamen- 
tal of the corresponding harmonic series. Accordingly, our 
autocorrelation approach would be expected to produce a 
prediction of an ambiguous pitch percept for both cases. 
While these considerations are true for the long-term spec- 
trum of cos - noise, the random fluctuations in the stimulus 
over time do mean that short-term sampling gives rise to an 
insecure pitch estimate. 

The exact value for the pitch percept for cos - noise and 
its strength depends on the bandpass characteristics of the 
noise (Yost etal., 1978). The reason for this, in terms of the 
autocorrelation method, is that each spectral peak produces 
an autocorrelation peak in the region of I/t+ l/(2kt). 
While the dip is constant across components at a period of 
l/t, the location of the adjacent autocorrelation peak varies 
with the harmonic number k. For high harmonic numbers 
this peak is close to l/t but at low harmonic numbers it is 
well separated from 1/t. A wide-band signal, therefore, gen- 
erates a pitch that is a compromise over a number of values. 
A narrow-band signal will reduce the range of the locations 
of peaks on either side of the dip at 1/t. The results in Fig. 
16 (b) were collected. using broadband noise which would be 
expected to produce the least clearly defined percept. 

F. Sinusoidally amplitude-modulated noise 

Miller and Taylor (1948), using interrupted broadband 
noise, reported accurate pitch matches at the rate of inter- 
ruption of the noise. Unlike cos 4- or cos -- noise, the spec- 
tra of interrupted-noise stimuli contain no spectral peaks at 
either the perceived pitch frequency or its harmonics but are 
invariant with respect to modulation frequency. The pitch of 
interrupted noise offers a serious problem, therefore, to pitch 
theories that extract patterns from spectral representations. 
The existence of this pitch effect was one of the phenomena 
encouraging the development of temporal accounts of pitch 
perception. However, the percept is weak and the interpreta- 
tion of empirical results can be problematic for technical 
reasons (see Burns and Viemeister, 1976, for a review). 
Many of these technical problems can be dealt with by using 
amplitude-modulated (AM) noise, and Burns and Viemeis- 
ter (1976) showed that the pitch percept is weak. but at least 
strong enough for the recognition of melodies and musical 
intervals. 

The model was therefore tested using broadband noise 
100% amplitude modulated at a :range of frequencies be- 
tween 100 and 400 Hz. Initial testing showed that the peaks 
in the summary ACF occurred in roughly the expected 
places but were small and inconsistent. The same method as 
described above for cos + and cos - noise was used to get a 
clearer picture; for each AM frequency, 30 stimuli were pre- 
sented to the model and the resulting summary ACFs were 
averaged. Figure 16(c) shows the values of the highest peaks 
in the averaged summary ACFs between 80 and 400 Hz. 
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FIG. 16. Pitches for noise stimuli: (a) best pitch matches for cos + signals 
as • function of delay using the average of the summary ACFs for 30 cos 
+ noise stimuli (see text); (b) best pitch matches for cos - signals as a 
function of delay using the average of the summary ACFs for 30 cos 
-- noise stimuli (see text); the lines represent the best fit functions for the 
psychophysical data collected by Yost et al. ( 1978 ); and (c) possible pitch 
matches for 100% AM noise using the average of the summary ACFs for 30 
AM noise stimuli at each AM frequency (see text). 

the model correspond to the observation that pitch matching 
is difficult with AM noise. 

G. Existence region for virtual pitch 

Ritsma (1962) explored the existence region for pitch 
using amplitude-modulated signals. He found that a clear 
pitch percept was limited to carrier frequencies below 5 kHz 
and that pitch values were limited to a region between 60 and 
800 Hz. Using the ratio of the carrier frequency to modula- 
tion rate as the harmonic number of the stimulus, he also 
showed that the pitch percept weakened as the harmonic 
number increased. 

We presented 100% amplitude-modulated carriers to 
the model using hartconic numbers 5,10,15,20,25 applied to 
carrier frequencies (fc) of i,2,3,4, and 5 kHz. The stimuli 
used were computed as follows: 

x(t) = 0.5. sin[2•(n -- 1)ft ] d- sin[2•'nft ] 

+ 0.5 sin[2rr(n + l)fi ], (9) 

where n is the harmonic number and f(=fc/n) is the fun- 
damental of the set of harmonics. The resulting summary 
ACFs are shown in Fig. 17. 

As the carrier frequency of the signal increases, there is a 
reduction in the prominence of the individual peaks in the 
ACF; i.e., the peak/trough ratio declines; clear peaks are 
visible at 1-kHz carrier frequency but the ACF descends to 
little more than a ripple at 5 kHz. This occurs in the model 
because, at high frequencies, phase locking to the fine struc- 
ture of the waveform is dramatically reduced. 

As the harmonic number of the stimulus is increased, 
the number of candidate pitch peaks increases in the region 
of the pitch value of the stimulus. The percept, therefore, 
would be expected to become weaker because of the greater 
difficulty in selecting between adjacent peaks. This effect 
was anticipated by Moore (1977) in his analysis of the prob- 
lem. 

These two results are therefore consistent with Ritsma's 

results because they predict a weakening of the pitch percept 
as the harmonic number increases and as the carrier frequen- 
cy increases. However, the model predicts no attenuation of 
the low pitch percept for very low fundamental frequencies. 
As long as the interval ACF is extended to cover longer per- 
iods, the model will accommodate lower pitches. 

To accommodate this limitation, the model would need 
to be elaborated with some ad hoc principle. However, it has 
been suggested (Moore, personal communication) that low 
pitch can be heard as low as 30 Hz. Accordingly, it may be 
appropriate to delay any change to the model until a consen- 
sus emerges on this point. 

First, the highest peak was identified and then any other 
peaks within 5% of the highest peak were noted. The picture 
is obviously confused, but it can be seen that peaks were 
always observed that correspond to the AM frequency. It is 
important to remember that pitch matching is extremely dif- 
ficult for these stimuli. Bums and Viemeister were forced to 

use the recognition of musical intervals in their study for this 
very reason. It is possible that the weak results obtained with 

H. Dominance region 

The pitch of harmonic complexes is generally clearer 
when lower harmonics are present. This effect has been sys- 
tematically studied by Ritsma (1967), Plomp (1967), Bil- 
sen (1973) and, more recently, Houstma and Smurzynski 
(1990). For fundamental frequencies below 400 Hz, har- 
monics lying between the 3rd and the 5th contribute most to 
the strength of the pitch percept. Plomp (1967) suggested 
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FIG. 17. Virtual pitch existence region. The stimuli consist of 100% ampli- 
tude-modulated tones characterized by five values of harmonic number (n) 
and five carrier frequencies (f•). The major pitch peak becomes more diffi- 
cult to define precisely as the harmonic number increases and the carrier 
frequency increases. 
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that cenier of the dominance region falls as the pitch of the 
complex rises. 

It was decided to compare the model's perform,'mce 
with the results of Plomp's study because he covers the wi- 
dest pitch range. Where the pitch range overlaps, his results 
can be shown to be consistent with Ritsma's and Bilsen's 

studies ( Plomp, 1976, p. 117). Plomp asked subjects to com- 
pare two stimuli and say which had the higher pitch. One 

stimulus was a harmonic complex 

12 

x(t)--a • cos(2rrnft). (10) 

For the second stimulus, he shifted harmonics 1 to m 
down by 10% in frequency and harmonics m + 1 to 12 up in 
frequency by 10%: 
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x(t) = a • cos[2rrn(O.9)ft ] 
n=[ 

12 

+a • cos[2rrn(1.1)ft]. (11) 
n--rn+l 

The issue was whether the upward-shifted harmonics 
would dominate the downward-shifted harmonics in deter- 

mining the perceived pitch. Plomp found that a small num- 
ber of low harmonics shifted downward would outweigh the 
upward shift of the rest of the higher harmonics; that is, 
stimuli where the low and high harmonics were equally bal- 
anced would typically be characterized by a low value of m. 

When testing the model we used the second stimulus 
only [ Eq. (12) ] and noted the height of the two peaks corre- 
sponding to the shifted pitches. These two peaks were always 
on either side of and close to the single peak generated by the 
standard stimulus. If the higher pitch peak was bigger than 
the lower pitch peak, we treated the predicted pitch percept 
as higher in pitch than the standard stimulus and vice versa. 

Figure 18 illustrates the procedure with a 300-Hz funda- 
mental. The first stimulus (m = 1 ) consists of 1 lowered 
component (270 Hz) and 11 raised components (660, 990, 
1320 ..... Hz). The summary ACF shows a single prominent 
peak in the region of 330 Hz. The stimulus for the top row 
(m = 4) consists of four lowered components (270, 540, 
810, 1080 Hz) and eight raised components (1650, 1980, 
2310 ..... Hz). Its summary ACF has its highest peak at 270 
Hz. The dominance crossover point occurs just above 
m = 2. On interpolating the numerical representation of the 
figures, we can specify a crossover point at tn = 2.4. 

Figure 19 shows the results for a range of fundamental 
frequencies (200, 300, 450, and 675 Hz); the points on the 
graph indicate the point at which the lower harmonics came 
to dominate the higher harmonics. Plomp's ( 1976, Fig. 45, 
p. 116) results and the model data follow a parallel course 
and demonstrate a clear low harmonic dominance in the 

working of the model. 

Period (ms) 2 4. 6 8 10 12 14. 16 
Frequency (Hz)500 250 167 125 100 83 71 62 

FIG. 18. Summary ACFs for four stimuli consisting of the m lowest har- 
monics of 300 Hz shifted 10% down in frequency and (12 -- m) highest 
harmonics shifted 10% up. As m increases, the major pitch-peak shifts from 
330 to 270 Hz The transition point occurs between m = 2 and m = 3 and is 
numerically estimated as m = 2.4 for the purpose of Fig. 19. 

harmonics dominant in virtual pitch 
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FIG. 19. Transition points in Plomp's dominance experiment (see Fig. 18 ) 
for 200-, 300-, 450-, and 675-Hz fundamentals. Plomp's data are interpolat- 
ed from his results (Plomp, 1976, p. 116, Fig. 45). 

The effect, in the model at least, appears to result from 
two underlying causes. In a competitive situation, such as 
that devised by Plomp, the lower frequencies dominate the 
summary ACF because the density of the channels is much 
greater at lower frequencies. As a result, more of these chan- 
nels contribute to the summary ACF. On the other hand, 
low-frequency components are subject to greater relative at- 
tenuation at the outer and middle ear. For low-frequency 
components, around 100 Hz, this relative attenuation may 
outweigh the advantage gained by the increased number of 
channels in this region. As a result, it is harmonics above the 
first and second that will dominate for a fundamental near 
100 Hz. 

As the fundamental frequency increases, however, there 
is less attenuation of low-frequency components due to mid- 
dle-ear effects, while the relative number of contributing 
channels remains roughly constant. This gives a clear advan- 
tage to the lower frequency components which are more 
richly represented. As a consequence, the region of domi- 
nance shifts toward the lower harmonic numbers. In this 

way the model offers an explanation for Plomp's result 
which shows the center of dominance declining as funda- 
mental frequency rises. 

Evans (1986) and Greenberg (in the discussion to Ev- 
an's paper), review this matter in the context of actual nerve- 
fiber recordings. Both emphasize the role of fibers midway 
between two harmonics which often show a periodicity at 
the fundamental due to the interaction of the two adjacent 
harmonics (even though the harmonics are resolved in the 
activity of fibers at their own center frequencies). This offers 
an alternative explanation of the dominance region which 
emphasizes the need to have adjacent harmonics high 
enough to permit interaction. The phenomenon of "central 
pitch" (Houtsma and Goldstein, 1972) to be discussed be- 
low suggests that harmonics which cannot interact with 
each other at the level of the AN (because they are presented 
to different ears) may still contribute to the pitch of the stim- 
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ulus. Harmonic interaction cannot, therefore, be a complete 
explanation of the dominance region. Nevertheless, har- 
monic interaction does have a role to play and this should be 
captured by the present model if the filter functions are real- 
istic. 

III. DISCUSSION 

A. Modeling pitch 

We have supplemented a model of the auditory periph- 
ery with a modified version of Licklider's ( 1951 ) suggestion 
that auditory-nerve fiber interspike intervals be aggregated 
in a manner that is mathematically similar to autocorrela- 
tion functions. The only novel feature in the model was the 
principle of aggregating information across frequency-selec- 
tive channels. With this amendment, his approach has prov- 
en satisfactory as a model of human listener's pitch percep- 
tion. 

Below we shall explore the similarities and differences 
between this model and established theories of pitch. The 
similarities will be much more prominent than the differ- 
ences. The model has the merit of being able to deal with 
pitch percepts arising from both resolved and unresolved 
signal components while offering an explanation for the 
dominance of low-frequency harmonics in giving rise to the 
sensation of "low pitch." In so doing, it combines insights 
from two rival schools of thought, championing, respective- 
ly, place and temporal theory. We may note in this context 
that Licklider's original concept of a "duplex" theory was 
aimed at this very goal. 

The major departure from Licklider's theory concerns 
the cross-channel combination of information. While he was 

content to pass some of the more difficult aspects of pitch 
extraction up to higher "learning centers," we have shown 
that the simple expedient of adding his running ACFs to- 
gether to form a summary ACF provides us with an effective 
way of predicting a wide range of pitch phenomena. This 
means that a periodicity which is common to a number of 
channels will be clearly represented in the summary, 
whether or not that periodicity is most prominent in any 
individual channel. 

The use of a short time constant (2.5 ms) for the run- 
ning ACF followed Licklider's original suggestion. It has 
relatively few implications for the extraction of pitch from 
continuous and unchanging tone complexes. Such a short 
time constant does imply that only very short exposures to 
stimuli are necessary to perceive pitch. While this may be the 
case for some stimuli, repetition pitch for noiselike stimuli 
may require considerably longer stimulation (Buunen, 
1980). The model was not very successful in handling cos- 
ripple pitch and interrupted noise using this time constant; 
much longer integration periods were required to achieve 
satisfactory results. To simulate this longer integration peri- 
od to help define the weak noise pitches, we averaged sum- 
mary ACFs over 30 stimuli. This implies a second integra- 
tion principle in addition to and following the 2.5-ms time 
constant of the ACFs. 

B. Physiological parallels 

The biggest conceptual difficulty with the time interval 
detection approach is knowing how it is achieved physiologi- 
cally. There is a considerable gap between the knowledge 
that timing information is available and identifying a nu- 
cleus in the nervous system that does the job. We accept this 
and would prefer to present the model as a statement that the 
nervous system (a) extracts pitch using timing information 
and (b) pools this information across filtered channels. 

It is known that the central nervous system can create 
and make use of delays. Goldberg and Brown (1969) have 
shown that cells in the medial superior olive in the brain stem 
are responsive to time disparities between signals presented 
to the left and right ear. Yin and Chan(1988) have demon- 
strated the viability of a cross-correlation hypothesis of 
sound source localization on the basis of a temporal analysis 
of single-cell activity in the inferior colliculus. Nevertheless, 
we do not know for certain of any location in the central 
nervous system where Licklider's scheme of auditory delay 
lines is manifestly active. 

It is possible that the timing information, which is cen- 
tral to Licklider's model, is preserved but dealt with in a 
different way from his proposal. The ventral cochlear nu- 
cleus and the inferior colliculus are two nuclei containing 
cells that fire in response to the periodicity of the stimulus 
(e.g., Frisina, 1983; Rees and Palmer, 1989; Kim and Leon- 
ard, 1988). Frisina even reports cells showing a bandpass 
modulation transfer function for stimuli of moderate intensi- 

ty. Schreiner and Langner (1988) report tonotopically ar- 
ranged cells within the central nucleus of the inferior collicu- 
lus which have best modulation frequencies between 100 and 
500 Hz. Within each frequency-selective lamina of the nu- 
cleus, the best modulation frequencies were arranged con- 
centrically with higher modulation frequencies located more 
centrally. This mapping of modulation frequency to place is 
the best candidate for the physiological basis of the ACFs 
discussed above. Unfortunately, their research does not 
make clear the way in which the information is combined 
across channels. 

The mechanism behind the sensitivity to amplitude 
modulation in cochlear nucleus cells remains unclear but it 

may involve inhibitory delays along the neural pathways 
(Manis and Brownell, 1983) or be caused by a nonlinear 
response to the AN rectification of the filtered waveform. 
Whether physiological delay lines can be found to support 
Licklider's simple scheme seems doubtful since no very long 
delays have ever been reported. Suga (1990), however, has 
presented suggestive results implying temporal coding of 
pitch in bats; while these need not apply to human listening, 
they do demonstrate related specializations of nervous sys- 
tems. 

The model, therefore, remains neutral on the exact 
mechanism whereby temporal information is extracted from 
the activity of the AN fibers although it clearly reflects the 
work of neurophysiologists such as Evans (1989) and Horst 
et al. (1986), who have shown for many stimuli that single- 
fiber recordings contain enough information in their tempo- 
ral firing patterns to explain many psychoacoustic discrimi- 
nations. 

2879 J_ Acoust_ Soc. Am_. Vol. 89, No. 6. June 1991 R. Meddis and M. J. Hewitt: Phase model 2879 



C. Existing pitch theories 
While the model is exceedingly computationally inten- 

sive, its handling of the auditory-nerve spikes is very simple; 
it merely requires that time intervals among spikes within 
channels be aggregated across channels. All of the properties 
of the model demonstrated above are a consequence of this 
principle. It is of interest to see how this principle compares 
with other theories of pitch. 

Goldstein's (1973) theory of pitch is concerned only 
with resolved components of a complex signal. At the heart 
of his theory is a system that takes a resolved tone compo- 
nent, say 600 Hz, and postulates a number of possible pitch 
values for the complete stimulus. These are submultiples of 
the harmonic, viz., 300, 200, 150, 120 Hz,..., etc. Another 

harmonic, say 750 Hz, suggests pitch values of 375, 250, 
187.5, 150, 125 ..... etc. The only value they have in common 
is 150 Hz and the system estimates that this is the most likely 
value for the pitch. 

Goldstein's theory is considerably more subtle than this, 
however. It takes into account the likely error in estimating 
the frequency of the signal components and the conse- 
quences this will have for the pitch estimates. However, the 
essence of the system is the discovery of a common submulti- 
ple or an approximation thereof. For resolved harmonics, 
our physiological model is reasonably faithful to this pre- 
scription. The individual ACFs for the two channels featur- 
ing the 600- and the 750-Hz components will have peaks at 
periods corresponding to the candidate pitches indicated 
above. When the two ACFs are added together, the coinci- 
dence of peaks at a period corresponding to 150 Hz will 
result in a prominent peak at this point in the summary 
ACF. 

We differ, however, in our explanation of the dominance 
effect whereby low harmonics dominate the pitch percept. In 
Goldstein's theory, this is explained in terms of the accuracy 
of estimation of the frequency of individual components, 
while in our model it emerges as a trade-off between the 
amplitude attenuation of low-frequency components and the 
greater salience of lower harmonics caused by the higher 
density of the low-frequency channels. 

Goldstein's theory is a "central" theory in that the pitch 
effects require an explanation beyond the cochlea. We intend 
our version of Licklider's ideas to be a central theory too 
because the autocorrelation calculations are neural. While 

the model has been presented as monaural, we anticipate a 
binaural version where the spikes from two ears are com- 
bined centrally. Such a model could embrace the demonstra- 
tion by Houstma and Goldstein (1972) that two harmonics 
presented dichotically can produce a pitch sensation. It is a 
feature of the model that it combines information from dif- 

ferent channels within the same ear and a simple extension to 
a binaural version would allow it to combine information 

from two ears and generate a "central pitch." 
Terhardt's theory of virtual pitch (Terhardt, 1974, 

1979, 1980), like Goldstein's, uses submultiples of isolated 
signal components but, unlike Gbldstein, he assumes that 
the pitch is identified using a pattern recognition system 
based on extensive learning. This is in sharp contrast to our 
model which has an explicit mechanism for extracting pitch 

information owing little to learning or experience. Lick- 
lider's theory was itself dependent on a learning system and 
therefore can be considered a precursor of Terhardt's view. 
However, in our version of Licklider's model, we have aban- 
doned the learning component in favor of a more direct com- 
putational mechanism. 

The theories of Wightman, (Wightman, 1973a, 1973b; 
Wightman and Green, 1974) and Yost (Yost and Hill, 1978, 
1979; Yost et al., 1978; Yost, 1982) involve performing an 
autocorrelation on the spectral profile representing the ener- 
gy output of the filter bank. They are successful in predicting 
many of the same phenomena as the other theories. Indeed, 
de Boer (1977) has shown a family similarity between 
Wightman's theory and those of Terhardt and Goldstein. 
They have not, however, been shown capable of explaining 
the weak pitch associated with interrupted noise. A critical 
feature of these models is their insensitivity to phase, which 
will be discussed more fully in a companion paper (Meddis 
and Hewitt, 199 lb). Spectral profile theories are not sensi- 
tive to phase, while the modified Licklider model is sensitive 
to phase. 

Temporal models in the tradition of Schouten, Lick- 
lider, Ritsma, Moore, and van Noorden are clearly much 
closer to our account. Early attempts to predict pitch on the 
basis of the filtered signal envelope or time intervals between 
signal function peaks have been abandoned--largely be- 
cause of their inability to combine information across chan- 
nels. Because virtual pitch can be heard using widely spaced 
low-frequency (and hence resolved) components, theories 
based on single channels must prove inadequate. 

Moore (1977, 1982) saw that, in a physiological ac- 
count, the time intervals would need to be based on individ- 
ual spikes in the auditory nerve. In his "crude sketch" and 
elsewhere he anticipated many of the pitch effects described 
above. Our model is clearly closer to this view than any other 
model and his supporting arguments sustained us during the 
development of our system. There are numerous differences 
in detail and our account is more complete but the essential 
components are broadly similar. 

Patterson's (1987) pulse ribbon model is also similar to 
our own, not least because we use his filter bank and we both 
work with neural events precisely located in time. Our use of 
spike probabilities is only a superficial distinction from his 
use of discrete spikes. We agree strongly with Patterson on 
the importance of the pattern of the nerve impulses. An im- 
portant difference, however, is the introduction in our model 
of an explicit mechanism for specifying the pitch heard and 
for measuring the degree of perceptual similarity between 
stimuli with similar frequency components but phase differ- 
ences. Patterson's pulse ribbon provides a clear visual insight 
into the phenomena while our model attempts a more pre- 
cise numerical prediction. This stylistic difference does not, 
in itself, imply a fundamental difference of approach. 

One point does merit attention, however. In Patterson's 
theory the traveling wave delays introduced by the cochlear 
filtering are troublesome. These delays impair the visual ap- 
peal of the pulse ribbon and make patterns difficult to identi- 
fy. He aligns the ribbon so that the peak of each waveform 
occurs at the same time and clear patterns can be distin- 
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guished which provide better insights into the effect of Phase 
changes. By contrast, our model makes no such adjustment 
and yet suffers no obvious penalty. 

The propagation delay produces effects that are obvious 
only across channels. However, Licklider's model measures 
intervals only within channels; measurements that are, as a 
consequence, blind to the actual cochlear delay that applies 
to that channel. The cochlear delay is therefore discounted 
at the level of the interval ACFs before the cross-channel 
summation occurs. Accordingly, cochlear delay is not a 
problem that needs to be addressed directly. Of course, it 
may be that Patterson's suggestion that "the auditory system 
accommodates for the propagation delay in the cochlea" 
may be essentially the same as our view that the problem 
does not arise because of the nature of the processing ar- 
rangements. A full comparison with Patterson's model will 
have to wait until detailed numerical predictions based on 
his approach are forthcoming. 

Despite these minor differences, our model and those of 
Moore, van Noorden, and Patterson sit comfortably togeth- 
er as a class which emphasize the explanatory power of tem- 
poral relationships among auditory-nerve fiber spikes. As 
such, they form a subset of temporal theories that feature 
directly the auditory-nerve response, a tradition explicitly 
adopted by Licklider (1951), whose original insights in- 
spired the work reported above. 
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• The following digital filter coeficients were used: 

Yi = 0.8878x• -- 0.8878xi 2 -- 0.2243y• • + 0.7757y• 2. 

2 Much of the early development of the model was based on a similar •,,et of 
filters supplied by Martin Cooke, Department of Computer Science, Shef- 
field, UK. 

3 The filters work with 12-bit accuracy ( + 2047). To optimize accuracy in 
practice, the stimulus was rescaled to make the peak instantaneous a•npli- 
rude equal to 2047 before filtering. Later, the output amplitude w•.s re- 
stored to its original scale. As a result, the sensitivity of the filters was a 
joint function of the 12-bit resolution and the amplitude of the highest peak 
of the input signal. 

• For clarity of presentation, only one in every three filter outputs is shown. 
•This histogram is not the same as an interspike interval (ISI) histogram, 
which only measures time intervals between successive spikes. 
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