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INTRODUCTIOR

Is it possible to develop a computer algorithm to separate the voices of
competing speakera? Normal-hearing listeners BsBegregates speech sources
routinely by using binaural and monaural cues, visual information and acoustic,
linguistic and articulatory constraints (1l). This paper addresses one aspect
of this formidable array of abilities, that of monaural segregation of
periodically-excited voice sources.

Why might a computer algorithm for segregating voices be of interest? The
sound of competing epeakers 18 one of the moat common forms of noise. It
produces a disproporticnate amount of interference in relation to its energy
becausa the noise rejection task involves segregating signals with similar
spactro-temporal properties. It may be posaible to improve the performance of
4 normal-hearing listener by pre-processing the signal. Moreover, such
pre-processing could be of significantly greator benefit to listenars with a
hearing impairment of cochlear origin, for whom suprathreshold limitationa on
apectro-temporal resolution {e.g. (2)) make the task of separating speech from
noise particularly difficult f{e.g. {3}). A voice sagregation algorithm would
be an attractive inclusion in a signal-processing hearing-aid. Production of
an aid of this processing power lies several decades away. However, assessment
of the physical principles, faagibility and cost benefit of the elements of
such a system are within the scope of present-day technoleogy.

A computational model of auditory monaural sound separation has been described
by Weintraub (1), We have evaluated two seignal-procesaing algorithms of
limited applicablity, which nonetheless might form part of a segregation
strategy. They are designed to separate tha voices of compating talkers
speaking with similar intensities. Tha algorithma operate only on voliced
spesch, that i3 those portions of apesch which have a regular harmonic
structure in the freguency spectrum. Por succeasful geparation there must be a
difference in fundamental frequency between the voices. Although they
constitute only ebout 50% of natural speach, the voiced portions of apeoch are
the obvious place to atart voice separation. They form the most intense parts
of the signal and are robustly coded againat interference because of the high
inter-correlation betwean frequency components created by the harmonic
structura.

The two algorithms illustrate contrasting approaches to voice separation. One
is a noise-reduction process. It attenuates the harmonic excitation of the
unwanted speaker in a cepstrum-like representation of the signal. The other is
a signal-extraction processs. It uses the method of harmonic selectien {4) to
group together harmonic peaka in the frequency spectrum that appear to
conatitute a veice and uses that information to reconstruct the vojice. The
second technique is computationally more expensive but has greater potential
and generality, since it exploits knowledae of the characteristics of speech
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aignals rather than of a specific noise.

The algorithms were evaluated both subjectively and in formal listening teats.
The tests addressed three questions:

1. Does a normal-hearing listener derive any benefit from
pre-processing by the algorithms?

2. Does a hearing-impaired listener derive any banefit?

3. wWhat is the relative performance of the two methods?

PROCESSING ARCHITECTURE

real-time, Both processing methods have the same overall structure. A gignal
containing two voices is low-pass filtered at 4.25kHz and digitised at a 10kMz
sampling rate with 12-bit amplitude quantisation. The digitised signal is
divided into 1/2-overlapping, 51.2ms, hanning-windowed segmants which are
procesged sequentially. The segment duration is large encugh to create an
amplitude apectrum in which the harmonic structure of the signal §s resolved,
whilst being short compared to many of the dynamic properties of speech. The
amplitude and phase spectrum of each segment are computed E£rom an FFT. The
amplitude apectrum, containing both signals, is processed to separate it into
the two constituent spectra. The two separatod amplitude spectra are each
combined with the original phase epectrum and are transformed back to the
time-domain by a raversal of the original segmentation procedure.

|
All processing was done on a DEC PDP11/60 minicomputer in greater than ‘
!

CEPSTRAL FILTERING
The first methoed of processing the amplitude spectrum employs homomorphic -
filtering (5). The rationale behind such a acheme, can be illustrated by
considering a single speaker. If spesch can be considered to be stationary
over the duration of a 51.2ms seyment, then the amplitude spectrum S(f) is the
product of the excitation e(f), in this case a harmonic series, and tha vocal -
tract transfer function v(£f)} (figlla)}.

S{f)ve(f).v(f) uuue (1)

In the logarithmic spectrum the product becomes additive, creating a linear
superposition of excitation and envelope (fig{lb)). If log S{f) is Pourier
transformed to produce a spectrum of the logarithmic spectrum fig{lc), then the
spasch envelops is modelled predcminantly by slowly varying oscillations and
the harmonic series by a rapidly varying component. These appear as a broad
peak near the origin and a sharper ‘pitch' peak in fig(lc). The new
reprasentation is vary aimilar to a cepstrum®* and will be referred to as such.
If two harmonic voice sources are present in the original signal, the simple
suparposition in the logarithmic spectrum no longer applies. However, the
copstrum has the same general appearance, and if the sources have different |

*
A true cepstrum is defined as the INVERSE Fourier transform of the log
spectrum. In the filtering operation on the spectrum, we use the seaquence FFT,

FILTER, IFFT rather than the true cepstral seqguence IFFT, FILTER, FFT. |

|
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fundamental frequencies, two pitch peaks are observed, corresponding to the two
constituent harmonic series. Removing the pitch peak of one voice can enhance
the voice whose pitch peak remains. In the processing an FFT is performed on
all of the logarithmic amplitude spectrum excepting the D.C. term and the
magnitude and phase of the transform are computed., Attenuation is applied to
the cepstrum magnitude. In its present implementation the algorithm must be
told which region of the cepstrum is to be attenuated. It is assumed that the
campeting voices occupy non-overlapping pitch ranges.
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Removing the cepstral pitch peak of a voice attenuates the harmonic excitation
of that voice. For highly harmonic sources, such as the synthesised vowels
used in the perceptual experiments reported below, pitch peaks alsa occur in
the cepstrum at submultiples of the fundamental frequency £0, £0/2..... .
Whera the amplitude of the £0/2 peak was significant it was alsc attenuated.
In examples using natural speech, where the ovarall tegion containing the pitch
peak of the unwanted speaker was known, that whole region was zerced.

An example of cepatral filtering separating two concurrent, synthesised vowels
is illustrated in the frequency domain in £igi2). The two vowels, AH and EE,
hava fundamental frequencies of 120Hz and 151Hz respectively figs(2a,2b}. In
the combined spectrum (fig(2c)) the two vowels are heavily overlappad. In the
post filtering - spectra {figs(2d,2e)) the first impression is that the
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FIGURE 2. Log amplitude spectra of a) synthegised AH, fO = 120 Hz

b} synthesised EE, £0 = 151 Hz c¢) combined AR and EE d) vecovered AH,
cepstral filtering e) recovered EE, cepstral filtering f) recovered AH,
harmonic selection g) recovered EE, harmonic selection

122 ' _ Proc.L.O.A. Vol 8 Part 7(1986)




Proceedings of The Institute of Acoustics

CEPSTRAL AND SPECTRAL APPROACHES TO SEPARATING CONCURRENT VOICES

regularity which characterised the original separate spectra has been
destroyed. However, comparison between the fundamental Erequencies and formant
frequoncies of figs(2a,2b,2d,2e) reveals that the recovered speoctrum of Eig{2d)
iz similar to that of the AH, and that of fig(2e) is comparable to the EE. In
fact, the recovered asignals are perceived clearly as AH and EE. On examples
containing naturally spoken harmonic speech the effect of the filtering is to
reduce the unwanted voice to a hoarse whisper. The amount of attenuation is
less than for synthesised sources, due to the reduced harmonicity in a natural
voice. :

HARMONIC SELECTION

Harmonic selection (4) is a form of ‘'harmonic vocoding', in which the amplitude
spectrum is reduced to & table containing the centre frequency and amplitude of
all harmonic peaka. Subsequent to a pitch determination, this information is
used to resynthesise the constituent voices. ’

The centre fraquency of resolved harmonic peaks and of significant shoulders on
peaks due to unresolved harmonics is determined by successive differentiation
of the amplitude spectrum. The amplitude of each feature is datermined from a
parabolic least-sguares fit to the four samples nearest to its centre
frequency. Features are subjected to four quality tests, which involve
moasures o©f the phase stability across a feature and of the proximity and
ralative amplitudes of neighbouring features. The quality of a feature is used
as & weighting factor in subsequent operations.

The heart of the harmonic selection method iz & pitch determination algorithm
which is capable of extracting the pitches of simultanecus veices using the
table of peaks. There are many pitch determination techniques (6} but in
general they are designed for a single speaker in situations with a high aignal
to noise ratio. We have used a modified Schroeder histogram (4,7) but but have
realised it in a 1log2 matrix (c.f, the spiral pitch processor {8)). The
algorithm is constrained to a single octave pitch range from 100 to 200Hz, To
determine the pitches of two voices the algorithm is used -wice. When the
tirst pitch has been calculated those features which are consistent with this
harmonic series are flagged. The pitch determination is rapeated using only
unflagged peaks and those features consistent with the second piteh are
flagged. It is posaible for a peak to be flagged as belonging to both series.

The individual amplitude spectra of the two voices are constructed using the
informatiocn in the peak tables. For each voice, those features which hava been
flagged as belonging to only that voice are used. A Hanning window lineshape
(9) is used to create harmonica of the relevant centre frequencies and
amplitudes. The central ten sample points of each harmonic are calculated and
the phase at the peak centre is taken from the original FFT phase spectrum and
imposed across the peak. In this way & fragmentary spectrum is created, with
many ‘missing' harmonics whose centre frequency can be calculated, but whose
amplitude is wunknown. The amplitudes of missing harmonics are linearly
interpolated from nearest neighbours. Having constructed the two signal
segments, they must each be attached to the appropriate output signal sequence.
In allocating the segments, Parsons (4} invoked pitch continuity with previous
segmenta. To date, our implementation is less sophisticated ang simply sends
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the higher-pitched voice to one sequence and the lower-pitched voice to the
other.

An example of harmonic selection separating the same twe concurrent synthesised
vowels previously discussed for cepstral filtering is shown in fig(2}. The
racovered spectra (figs(2f,2g)) are considerably more similar to the originals

(figs(2a,2b)) than are the cepatrally filtered versions. Separation of.

naturally spoken harmonic sentences also producad good results. Subjectively
the geparation achieved by harmonic salection ia superior to that of cepstral
filtering. The recovered voices are intelligible, both for synthetic and
natural speech, and in the latter case the voices are unmistakably human and
the speakers are identifiable. Unlike the cepstral filtering which attenuates
but does not completely remove the unwanted voice, harmonic selection produces
a signal which centaina only one source, since the synthesis creates only one
harmonic series. The success of the process is largely dependent upon the
efficiency of the pitch determination algorithm. Given two harmonic sources,
erroxs are wusaually isolated and confined to the second piteh to be found in a
segment.

PERCEPTUAL EXPERIMENTS

The algorithms wera evaluated using & test involving the separation of
concurrent vowels. Stimuli were created using a cascade formant synthesiser
(10). Five vowels AH, EE, 00, OR and ER were synthesised on pitchas of 120,
122, 124, 127, 135, 151, 171 and 191 Hz. The same intensity of harmonig
excitation was used for all vowels, resulting in natural differences in overall
amplitude between the vowels. The, vowels were paired in all posaible
combinations, containing one vowel on 120 Hz and one chosen £rom a higher
pitech. The vowel paira were processed to enhance either the high- or
low-pitched vowel by boeth processaing methods. Synthesised stimuli were used to
provide an invariant spectral envelops for a vowel, whilst allowing freedom in
the choice of pitch. The sacrifice in using this method is to create stimuli
which are more regular and overtly harmonic than naturally spoken vowels. The
test results may therefore reflect an absolute performance level rather than an
average performance for naturally produced tokens.

Four normal-hearing and four impaired listeners were tested. The impajired
subjects had moderate to severs, symmetrical, sensorineural losses, making them
candidates for future signal-processing aids. The identification task was run
in two conditiona. In the £first condition, subjacts were presented with a

randomised sequence of unprocessed vowel-pairs and pairs processed by cepstral

filtering or harmonic selection to enhance the low-pitched vowael. Subjects
were asked to identify the low-pitched vowel in each pair, In the second
condition the high-pitched vowels were enhanced and subjects were asked to
identify the the high-pitched vowel. In order to observe an increasse in
performance level created by the processing it is necessary to establish a
significant error rate for the unprocessed stimuli. This was achieved by using
a stimulus duration of 100ms for the normal-hearing subjects and 280ms for the
impajred subiects.

The test data for the normal and impaired subjects in the two conditions of the
tagk are shown in figs(3a,3b,3c,3d). Each graph shows the percentage of errors
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Figure 3Ja. figure 3b.
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FIGURE 3. Results of the vowel separation teat for a) and b) normel-hearing
subjects ¢) and d) hearing-impaired subjects
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made in the identification task, veraus the fundamental frequency of ths
high-pitched wvowel in the pair. Thus the x-axis represents increasing pitch
separation betwaen the vowels in the pair. Each gzaph shows three performance
rates; for unprocessed vowal-paira, for pairs processed by cepatral filtering
and for pairs processed by harmonic selection. Results have been averaged cver
the four asubjects within each group, but are representative of the data
obtained from each subject. The major difference betwaen subjecta in a given
group was in their absolute performance levele. For both normal and impaired
listeners, the proceasing improved porformance for a pitch separation of
greater than 1/2-semitone [(J%). Tha harmonjc selection process gave a larger
increase in performance than the cepsatral filtering. In the case of the
unprocessed paira, the normal listeners reported that they were frequently able
to hear both of the vowels in the pair and choose batween them. The impaired
listaners reported that they were unable to thia.

CONCLUDING REMARRS

The results of the evaluation of the two voice separation algorithms
demonstrate that both are capable of improving the performance of
normal-hearing and hearing-impaired listenezrs in & voice separation task. The
vowal separation tesat and subjective 1listening suggest that the harmonic
selection method produces the better rasults. It 1is encouraging that this
approach is more successful since it has greater potential for further
davelopment. The practical application of the algorithms is extramely limited
at present. If thay are to progress further, to natural speech signals, then
at the very leaast a pitch tracking mechanism of the type used by (4) must be
introduced. In the cass of harmonic ealection a voiced/unvoiced/silent
categorisation is required for each of the competing voices.
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