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1. INTRODUCTION

The autocorrclugram {AC6} of a sound is an informative representation in which pitch and timbre are displayed
orthogonally. Interest in ACGs him arisen for two reasons. First. ACG: are generated when some"ptuoe-ume"
accounts of pitch perception leg. 1.21am implemented as computational procedures {3,4,5}. Such models have been
shown recently to mount qualitatively for many of the classical phenomena of pitch perception Second. ACGs offer
a basis for explaining how listeners may use differences in pitch to segregate the sounds generated by compating
periodic sources. such as pairs of talkers producing concun-ent voiced speech sounds on dilIerunt fundamental
frequencies ((08) [6.7.8]. Thu paper is concerned with thesecond issue. It discusses strategies for segregating
competing sources of sound using A065 as the primary representation

2. COMPUTATEONAL PROCEDURES

The AC6: illmntted in this paper were
computed digitally in the following way.
The waveform in be analysed was filtered
by a sci of 64 overlapping band-puss filter:
will centre frequencies (cfs) ranging from
63Hz to 446le. The filters had the
frequenc y responses 01‘ au ditoty filters
measured psychoacousticaliy [9]. Their
centre frequencies (efs) were chosen to
correspond to 8 constant spacing along the
cochlear partition. The gain of the filmrs
reflected the variation 1n absolule
sensitivity with frequency found in
l'steners with normal hearing. Each
l‘tlteml wave form was presented to the
model of mechanical to neural
transduction at the hair-cell syrups: d5 ' “5’ 0"“
describod by Meddis [10]. The output of
this model is a limb-Varying probability of
neural discharge in each channel reflecting
the ratification. amplitude compression.
and restricted range of phase-locking observed in primary auditory nerve fibres The short-term atttucorrelalion
function of a Ell-ms segment of the waveform in ach channel was mmpuled. These "channel ACFs" show the
strengths of the different pcriudicitics prexnt in each channel. Finally. the channel ACFs were plotted as a waterfall
display with time (delay) on the x-axis and of (place) on the y-axis.
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Fig. 1: (A) ACG offs]. [flow-{1. (B) Pooled ACG.
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3. THE ACG OF A SINGLE VOWEL

Fig, HA) shows the ACG of a xteadyvstatc synthetic vowel: an exemplar all}! with {gloom F1=450Hz.
F2=1250Hz, and F3=2650Hzl The frequency axts has been scaled in units of the equivalent rectangular bandwrdths
(erbs) of the filters. Ono verb corresponds to a distance of about 0.85m along the cochlear partian The waveform in
each channel is composed ot harmonics of 1001-11 and so repeats itself every l0ms, among other periods. As a result.
there is a peak at a delay of 10m: in each Channel ACF. These peaks {arm the vertical "spine" visthle in the ACG
They reinforce each other t! the channel ACFs are summed, giving apeak at lOms. the period or the fundamentah in
the resulting "pooled AC5". as shnwn in Fig 103). The relative heighs and positions of peaks in pooled ACGs
provide good predictions of Lhe pitches that hslenEPS hear in complex sounds [3.4,SJA

Resolved harmnnics. and fut-manta at higher frequencies, are marked by channels with greater energy. Thus timbre
Cream horizontal structure in the ACG whtle ptlcll creates vertical structure.

47 THE ACG OFA "DOUBLE" VOWEL

Now consider the case when: two talkers
are speaking together, each producing a
periodic vowel. Fig 2(A) shows the ACG
of a mixture at‘twn vowels: the I]! with
5:100"; shown in Fig 1(A) has been
mixed with an exemplar ot fa] wiLh
[0:102 QB: (05 semitones above 100H2)
and with F12650H1.F2=950Hz. and
F3:295(lHa. Schefl'ers [It] was the first to
show that listeners often hear two talkers
producing vowels on different pitches
when listening to such ’doubit: vowels".
Compatihly. the pooled ACG (Fig. 2(8))
ctttttainsapttakatthepen‘odufeachfD v o to 20 JD
(lCLEhns and 9,7ms)and the ACG shows cf (ems)
evidence of the font-lama of both VOWCiS. W

q: l oy (ms)
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How should the ACG be pant'u'oned to
recover the two vowelsV thereby . I _ ,simulating the processes of purccttluat F'g' 2' (A) AC0 ammo—100m) + Imfwwmzl (E) Poemgrouping mat under“: me “win” of ACC. (C) Segregaan at 9.7m. (D) Segregation at mums.

listening to this stimulus?

  

St ASSMANN AND SUMMERFIELD'S SEGREGATJON STRATEGY

Assmann and Summetficld (ASLS) [TI noted that competing vownls are overlapping bmad-band signals, Lhus each
channel is likely to contain some evidence of both vowels. Accordingly. they implemented an example of the
principle of "conjoint allocation“ [12] in which some energy in each channel is assigned to each voice. A&S‘s
strategy involved three stages: (i) locate the delay of the largest peak in the pooled ACO; (ii) plot the amplitudes of
the channel ACFs at this delay as a spectrum. as in Fig 2(C): (iii) repeat steps (i) and (11) for the Second largeit peak.
generating a second spectrum at in Fig 2(1)). In this example. the strategy wot-1's well. The spectrum in Fig 2(C)
contains peaks near the Ft {12.l erhs) anti F2 (14.9 erbs) of the [at while the spectrum in Fig MD) contains peaks
near the F] (9.6erbs) and F2 (17.1 crbs) nltht: 13],
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Fig. 3 shows an exempt: where the strategy is Ms successful, The stimulus is composed of the same two phonemic
vowels as before. Once again the to of the [a] is lOOHz. but the {O orthe [a] is now 112.2H1, 2 semitones above
lOOHz. The two most prominent penis in the pooled AOG (Fig. 303)) are round at me periods of the vowels, 8.9m

and lGDms. Segregation at the 8.9-tns period of tire fat‘ provides a satisfactory reconstruction of the spectrum of that
vowel (Fig. 3(0). Hnwcven segregation at the lfl.0-ms period of the III (Fig. 3(D)) produces a spurious formant at

about 14.5 erbsGOOHz).

The spurious [mount is the result of the
problem of “ovetiapping harmonics" ['i].

The 9th harmonic of 100Hz and the 8th
harmonic of l IZZHz more-ur-less

overlap. The segregation strategy does not
possess the intelligence to deduce that
nearly all of the energy in the region of
90on derives from the source with the
pcn'od of 8,9ms. inappropriately. the
strategy assigns equal energy to each

source. resulting in the spurious formant in

the reconstruction of the bi.

spurious
" torment

(D)

My
t

Thesubsequentstages ofAdtS'smodcl - o to :40 30
used a formant-based template-matching cf (orbs)
strategy to label segregated spectra. The
model correctly prodiotedtheaccuracy of “'“V ("‘5’
listeners identification responses when the
oanstiruens of double vowels had to: . g _ _
mmlgd by 05 mm“ (a; in Fig 2)‘ Fla- 3» (A) AC0 ofmfg-100th) +lai£fo—t12Hz).(B) Pooicd
bm undumimmw melt perfume“: ACG‘ (C) Segregation at8i9tns. (D) Segregation at 10.0ms.

when the difference was 2 semitones (as in
Fig. 3). it is likely, ttierefore, that listeners can solve the. ptoblcm of overlapping harmonics How might they do it?
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6. MEDDIS AND HEWITT'S SEGREGATION STRATEGY

A segregation strategy with several attractions compared to AJLS's procedure has been devetopcd and evaluated by
Meddis and Hewitt (Mszll) [8). it is based on two impoflan! insights. First. the second pitch in some double vowels is
weal: and so provides an unreliable basis for segregation. Second. when sounds with peaked spectra are mixed.
energy from one or other source generally dominates each channel. As a result, any estimate of the contribution of the
non-dominant source to that channel is likely robe unreliable. Accordingly. Niki-l implemented an example ofthe
strategy of 'disjoint allocation“ [12]: (i) locate the most prominent peak in the pooled ACG; (ii) youp all those
chanmls whose indtvidttal ACF: cuntain a peak at this delay and treat them as evidence ofthe dominant voice; (iii)
ucat all the remaining channels as evidence orthe non-dominant voice.

A weakness of M&H‘s strategy is that listeners often do hear two clear pitches in a double vowel and can indicate
correctly which constituent has the higher and which the lower pitch. Nonetheless. the stralcgy correctly assigns
iorrnanrs to voices in many cases where AdtS's strategy generates spurious fonnartts. The subsequent stages of
Mer's model one a template-matching suatogy based on the lowaimc part of the pooled AUG to predict listeners’
identification responses. Overall, in some important respects. their model comes closet to predicting the pattern oi
tistnners' identification responses to double vowels than does AJLS's model. However, the example in Fig. 3 has been
chosen deliberately to illusuate a possible limitation of MdtH's strategy. The largest peak in the pooled AOG (Fig.
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3(5)) camsportds to the 10-ms period ofthefal. Fig. 4 shows the channels whose irtdivjduaI ACFr contain peaks at

this delay. Channels near the F1 (450Hz) and F2 (1250142) of the N have been selected. along with channels neat

900Hz. once again representing the spurious formant

The spurious formant arises here became the vowel with the dominant pitch (Isl in this cane) contains less energy at

the frequency of the ctmhppcd harmonics titan the non-dominant vowel, The strategy groups the formant-dominated

channels appropriately ii' the pattern of dominance is reversed by raising the level of the In! by 4:13 to make it the

domrnaut vowel. Channels excited by the Fl and F2 of the [a]. including channels close to 900Hz. are now grouped

tngedter. and the remaining channels mainly contain energy from the N.

Experience of liSLming _

to double vowels
suggests that perception

is not as dependent on

the relative levels of the

constituents as this

example suggests it
might be. Accordingly,

we have explored I
heuristic procedure for
avoiding the problem of

overlapping lumnonicsl

7t PARTITIONING

ACGS WITH GABOR
FUNCTIONS
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The rationale for the
procedure mu be

understood by

considering again the
ACG of the single vowel

I3} Shown in Fig. 1(A).
The "architocture" ol' the
ACG consists of the ACE Delay (ms).

spine montitmcd irt

Section 3 and a set of

cuth-d "arches" [13]

which flank the spine.

We refer to this
patterning as lch "ti-cc
stnxture". The spine is

located at a delay ol

lilo. The arches arise

because the harmonics in each Channel necessarily have frequencies close In the cfnl’ that channel. Thust IhC'

waveform in will channel tends to rcpcat isclr at intervals or approximame licr, giving rise to a succession bl peaks

in the channel ACF at integer multiples of llcf. Orv: of these peaks falls at ltlu. Thus. the nearest arches to the spine

are located at approximately (1110“ch and at (UFO-U20. The fact that the tree stnrcture is displayed coherently

across tho entire frequency range in this example indicates that a single hannonic source is pnescnl.

 

Fig. 4 Channels contributing to the 'dominant pitch" segregated from Fig. 3(A} using

tin: slrntcgy described by Mcdd‘ts and Hewitt. 510 Proc.l.0.A. Vol 12 Part 10 (1990) 
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Now consider the ACG shown in Fig. 5(A), The stimulus here was composed nf the first 5 harmonics of 100m and
the BLT: ta the 215tharmnnics or 133m. The tree. structure is disjoint with a break between flue lower and upper parts
of the trunk at about zkl-Iz. The stimulus gives Ihe impression of two sources. one defined in the higher spectral
frequencies with a higher pitch. the other defined in the lower spectral frequencies with a lower pitch. What
computation ran du-ive this description of the stimulus from the structure visible in the ACG?
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The strategy we have explored is derived from work by Gabor [14]. The ACG is convolved with an opcrutor Which
describes the local appeannce ofthe true structure. The aim is to reduce the complex Est-mg: of the AC6 to a set of
straight lines that trace out the Spine of the tree.

To achieve tltis goal, the operator consists of five sinusoids each shaped by a Gaussian window (Fig. 5(a)). The
vertical spacing at the sinusoids is the same as the spacing of the channels in the ACG. The frequency of each
sinusoid is the cf of the channel with which it is aligned, The standard deviation of the Gaussian is lief. mus. the
operator describes the local shape of the tree suucture, When 0-: operator is aligned with the spine of the tree. the
convolution gives a large product. When it is misaligned. the product is smaller.

As described so far. the procedure is flawed since it also produces relatively large values when the operulnr is aligned
with an arch rather than a spine, thereby producing appreciable ripple in the mulls of the convolution. The ripple can
be removed by convolving the ACG with two different operators one composed of sine functions and the other of
cosine functions. lfthe results of the hat) ccnvolutions that are computed at each point are squared and summed, the
relationship, sin2+cusz=l . ensures that the result is a smooth function with peaks located on the spines of the tree.

The result of this double convolution is shown in Fig. 5(C). A peak picker has then selected the first major pcalt in
each charmel to generate the "simplified ACG' plotted in Fig 5(D). The amplitude of each peak is the amplitude at
the concspondirtg point in the ACG shown in fig. 5(A). The simplified AC6 contains two lines of peaks. Their
horizontal locations indicate the {as present in the stimulus. Their vertical ranges indicate the spectral frequencies

over width each [0 is defined. Tim. the distribution of "local pitches" in the stimulus has been computed and could
be used to group the channels that conti-ibute to uch f0.
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Fig. 6 illustrates the application of the strategy to the double vowel which gaverise to the problem of overlapping
harmonics in Fig, 3. It is composed of an [iti with fo=lOOHt and art flat] with [0:1122Hz. The main panel in Fig. 5(A)

shows the simplified ACO. The panel beneath shows the "pooled simplified ACG". it contain prominent pea}: close
to the periods of the two fps. The Mitt step is to group those channels which contain peaks in the simplified ACG at
the delay of the most prominent period. That ltth hm done to produce Fig ((8) which contains channels near the Fl

(-150 Ht) rmd PI (1250 lie] of the is}. The final step is to group those channels containing peaks in the simplified
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ACG at the delay orthe Second most prominent period. That has been done to produce Fig. 6(C) which contains

channels near the in, F1 (650). and F2 (950) or the la}.

ThusI by simplifying the ACG, it hasbeen possible to group

the channels comaining the rust two forwards ofthe vowels
appropriately, and to avoid creating spurious fonnanu.

8. LIMITATIONS

To date, we have computed the simplified AOGs of only a
subset of the double vowels whose perception was modelled

by A&S and M&H. The procedure requires wider
verification and it is likely that the parameter values

specified above could be optimised- further. A weakness of
the procedure is its reliance on tile simplifying assumption
that the arches irt ACGs follow smooth paths. This
assumption is realised across channels excited by harmonics
above about the 10th Where filter bandwidths are broad. in
relation to the spacing of adjacent harmonics. It is not
realised at lower frequencies where harmonics are resolved.
The procedure works adequately when only one source is
present in the low frequencies. as Fig. 5 shows. However. it
sometimes fails to locate del of one constituent ofa
double vowel iflhat {Omani is defined by only one or two

resolved harmonics which are surrounded by harmonics of the competing vowel.

 

9. DISCUSSION

The strategy for segregating periodic sources hy partitioning a simplified autocorrelogram is not intended as a
descripan of how the auditory system might work. Rather. it is an exploration of the computational consequences of
two assumptions about auditory analysis. both of which could be incorrect.

The first assumption is that ACGs underlie pitch perception and source segregation. One reason for caution in
accepting this mumpu'on is that ACGs are oompuuuimalty expensive Physiologically, their derivation would
require the intervals between all spikes occurring in a channel to be measured [15]. Licklider [1] demonstrated that
this computation could be carried out by a delay line and a set of coincidence detectors for each channel. Such neural
mflchtm underlies binaural localisation “6.171, but has not been found in structures thought to be involved in pilch
perception. Concern for these issues has promptm the SMICII for alternatives to ACGs whose neural computation
could be more feasible [18].

The second assumption is that the auditory system preferentially groups a component which could be a member of
either of two concurrent harmonic series with components that are adjacent in frequency rather than remote, This
assumption is plausible since it means that the adjacent harmonics which define a formant peak will generally be
grouped together. However. it requires a solution to the problem of overlapping harmonics, The present paper
demonstrates that procedures as elaborate as cross-channel convolution may be necessary to solve this problem.
Therefore. the assumption may be wrong and auditory analysis may involve a ditTercnt, simpler. strategy for
partitioning channels.

Froc.l.O.A. Vol 12 PB" 10 (1990) 5‘3  



 

Proceedings of the Institute of Acoustics

MODELLING AUDIka SCENE ANALYSIS

One possibility. which often achieves the desired partitioning, is M&H's strategy [81. described in Section 6. An
alternative could be to reduce the computational cost or simplifying the entire Act} by first establishing candidate
pitches from the pooled ACG and candidate formats from penis in the distribution of excitation across channels.
Computationally expensive processes. such as cross-channel convolution, could then be applied locaIly to establish
the pitch underlying each peak.
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