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ABSTRACT

In certain radio-surveillance applications, speech signals
with uncertain carrier frequencies may be detected. Be-
yond other disturbances, carrier mismatches distort the
demodulated SSB signals by frequency shifts Af.
Recently, a detection and correction of such errors
was presented [1], exploiting the harmonic structure of
voiced speech with a fundamental (or “pitch”) frequency
fp- Noise-robust, modified pitch-detection methods
[2, 3] were shown to be applicable, together with an it-
eratively corrected “coherent- superposition” algorithm
[4, 5]. Thereby, carrier errors are removed reliably
[1] though only within an a-priori unigueness range
AfI < fo/2.

In the following, the extension beyond this limitation is
presented. It emerges from a closer, statistical analysis
of the measurement errors: The measurement statistics
within this range are interpreted as a conditional
probability density function (pdf) pay(z|y) conditioned
on the actual pitch frequency, its combination with the
(measurable) pitch-frequency pdf py, (y) yields the joint
pdf pay,s, (7,y), and its integration gives the marginal
pdf pas(z). Its evaluation leads to an even narrower
reliability range |Af| < f,/3, first. The interpretation
of the uniqueness range as one period of an fp-periodic
repetition of the measurement statistics, however, leads
to the solution: After the same steps as sketched
above, the marginal pdf pas(z) shows a strong peak at
the true value Af without a (theoretical) restriction.
The resulting algorithm was successfully tested with
simulated and real data.

1 INTRODUCTION

In certain short-wave radio-channel surveillance scenar-
ios, speech signals from non-co-operative sending sta-
tions are detected at some uncertain carrier frequencies.
Beyond fading, additive noise, and strongly amplified
disturbances in speech pauses, carrier mismatches leave
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distortions due to a frequency shift Af of the demodu-
lated SSB signals. This is audible for |Af| > 5Hz for
noise-free signals and careful listening, it is more distinct
at 10 Hz, and it becomes annoying even when covered
by additive noise at 15 Hz and more.

Recently [1], an approach to the detection and cor-
rection of carrier errors was presented. It exploits the
fact that the harmonic structure of voiced speech sec-
tions is destroyed by a shift, whereas a regular line spec-
trum, equally spaced by the so-called pitch frequency
fp, is maintained. So, the well-known, large collec-
tion of pitch-detection methods [6] should offer a so-
lution; however, a method is needed which is both ro-
bust to the strong additive noise [2, 3] and modified to
be able and handle the frequency shift [4]. Two ver-
sions were presented in [1], one based on an idea similar
to “vector-quantization”, one using Atal’s “coherent su-
perposition” of cosines [5] with an “iterative correction”
[4], and especially the latter one was shown to yield re-
liable detections of carrier errors as long as |Af| is not
too large.

It can be seen easily from the line-frequency pattern of
a periodic signal with fundamental frequency f,, that a
shift by +f,/2 and by —f,/2 yield identical line pat-
terns (except perhaps for the line at zero frequency,
which, however, may be missing in the measurement, as
also any other line cannot be guaranteed to be found!).
Vice-versa, it is impossible to find the correct sign of
Af from a corresponding pattern. Due to measurement
uncertainties, already patterns close to the above situ-
ation become more and more unreliable (see [1]), and
cases with |Af| > f,/2 are mapped into this “unique-
nesss interval”, if the detection relies on the iterative
correction towards the closest harmonic grid.

In the following, a statistical analysis of the A f mea-
surement is carried out. It explains the above obser-
vation by a pdf limited to the range |Af| < fp/2.
While the qualitative error behaviour can be seen here
already, a formal description is achievable via some ad-
ditional considerations: Obviously, it depends on the



actual value of the fundamental frequency f,. Writing
the above pdf as a conditional pdf and multiplying it by
the pdf of the pitch frequency itself gives the bi-variate
pdf pay,s, (x,y) of general (Af, f,) pairs, from which an
integration over y ~ f, yields the (marginal) pdf of the
measurement Af.

This derivation is exposed in section 2, together with
an evaluation in terms of gross errors (“outliers” with
errors above 20 Hz). An even narrower usability range
|Af| < fp/3 results. In section 3, however, a different
interpretation of the range-limited measurement pdf is
introduced, leading to its periodic repetition with a pe-
riod fp. Starting from here and following the same steps
as above yields a marginal pdf finally which does con-
tain a strong maximum at the correct value A f without
a range restriction. An algorithm using this result and
exploiting random variations of the pitch frequency in
consecutive voiced speech segments is validated in sec-
tion 4. Section 5 contains a summary and conclusions.

2 Basic Algorithm and Statistical Analysis

Robust Pitch Detector: Voiced-speech signal blocks are
(quasi-) periodic, therefore characterised by integer mul-
tiples of a fundamental frequency, usually termed pitch
frequency f, , which is in the order of 60 Hz (male, low)
to 300 Hz (female, high, or child). Many pitch-detection
algorithms [6] were developed in the past, mainly in the
context of speech coding. Especially for an application
in forensic pitch-contour determination from very noisy
signals, an approach was worked out [2, 3] which is based
on two main ideas:

e A high-order (n > 20) linear prediction yields a
polynomial A(z), whose zeros include some para-
sitic points, but also at least some of the harmonics
of f, as their position angles in the z plane. By
means of a simple (“Bistritz-”) test, it is possible
to find the “relevant” zeros with low computational
effort, since they are close to the unit circle z = 2.

o The first zero with ) > 0 should give f, directly,
as its angle; however, the zeros are not immediately
evaluated as such. Instead, following an idea of Atal
[5], cosines of all detected frequencies are simply
added. For an infinite number of correct harmon-
ics, this “coherent superposition” should yield an
impulse train with pulses separated by 1/ f,. For at
least some (...3...) roughly correct harmonics, still
“smoothed” pulses with low-error distances result
(see Fig. 1), and with some additional refinements,
this was shown to work even at an SNR = 0 dB
2, 3].

Problem: If the speech signal contains a frequency shift,
however, the superposition does not add cosines of fre-
quencies A - (fp + Af),\ € Z, but components at
(Af + X - fp), which does no more yield a pulse-like
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Figure 1: Coherent superposition of 3 harmonics.

sum with a simple relation to the shifted fundamental
frequency.

Solution: Of the two approaches discussed in [1], the
following one is preferable: If, assuming Af > 0, after
a first superposition a second one with slightly smaller
frequencies is calculated, the sum signal becomes “more
pulse-like”-i.e., the second maximum value increases
and approaches the first maximum. Else, the second
maximum is reduced—so the test has to be repeated with
a set of slightly higher frequencies. An iteration results
in the correct value f, , and the sum of the changes gives
the shift Af.

Measurement Statistics: Fig. 2 depicts a histogram
of Af estimations measured from simulations with
Af =0. According to [4], this may be modelled as a su-
perposition of 3 GAUSSian components. (For the sake
of simplicity, only one term will be written and sketched
explicitly, in the following.) As can be seen easily from
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Figure 2: Histogram of Af estimations for a true
Af =0 and approzimating sum of 8 GAUSS pdf’s.

the line-frequency pattern of a periodic signal with fun-



damental frequency f,, shifts by +f,/2 and by —f,/2
yield identical zero patterns in the above analysis. So,
for a true shift Af # 0, the pdf of Fig. 2 is not only
shifted by Af , but also “aliased” with its tails into the
range |Af| < fp/2 (see Fig. 3). It is obvious from this
schematic that there is a growing probability for a wrong
estimation Af' = A f= f,, if the limits of the uniqueness
range are approached or even exceeded. As f, itself is
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Figure 3: Estimation pdf’s with aliasing into the range

IAf] < fo/2.

varying with time (even for one single speaker) and may
be described by a pdf py, (y), the above sketched pdf ac-
tually is a conditional pdf pas(z|y) conditioned on f,.
From measurements on a large set of female and male
speakers, it was found that f, variations around the in-
dividual average pitch frequencies can be described by
a LAPLACE pdf py,(y) (see Fig. 4). Then, the joint
pdf of the shift and pitch frequency variables is found,
finally, as the product (where the internal summation is
due to the “mirrored” tails of Fig. 3)

parf,(®,y) = pag(ly) -pr,(y) =
I (@ =Af -k fp)?
7\/ﬂgAf kz exp( 2U2Af )

=—0Q

Taor -ez‘p(—'ya_pr), 2| < £,/2,
lz| > fp/2, (1)

parf(@,y) = 0,
as to be seen in the 3-D plot of Fig. 6.a). From Eq. (1),
an integration over y ~ f, yields the marginal pdf

oo

paf(z) = / PAL,f, (T, Y)dy, (2)

y=—00

where the integration can be carried out numerically
over a finite interval, because of the physical limits of
possible pitch frequencies. This pdf describes the er-
ror probability for a fixed true shift Af, as depicted in
Fig. 5. It becomes visible again that there are gross er-
rors with increasing Af, and that no reasonable result
is obtained if Af is close to or above half the speaker’s
average pitch frequency. Defining “gross errors” as mea-
surements deviating by at least 20 Hz from the true shift
Af, we find a reliability range even smaller than the

uniqueness range: The approach is limited to roughly

Af € (=fp/3:+fp/3)
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Figure 4: Histogram and LAPLACE pdf for pitch varia-
tions of various speakers after subtraction of individual
average pitch frequencies.
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Figure 5: Measurement pdf’s for Af = 40Hz and
Af =125Hz, assuming a speaker with an average pitch
fp = 150H 2, varying according to « LAPLACE pdf with
oy, =24Hz.

3 Periodic PDF Interpretation and Range Ex-
tension

The inversion of the above-sketched chain of arguments
shows a way to overcome these narrow restrictions,
which would be very severe especially for low-pitch
male speakers: The reason for the original limitation
to |Af| < fp/2 was the fact that a measured value Af
is not unique-it may as well be replaced by Af + f,.
The same holds for any multiple of f,. This means,
however, that Fig. 2 can be interpreted as just one pe-
riod of an f,-periodic pdf pas(z|y)-and f, is known as
a side-result of the algorithm. Inserting this function
into Eq. (1) leads to Fig. 6.b): The “mountain” of
Fig. 6.a) is replaced by “many mountains” along star-
formed lines following the increasing pitch frequencies’
harmonics— and now: one of these “mountains” is situ-
ated on the exact frequency shift value A f. Therefore,
the integration of Eq. (2) applied here again, leads to
a summation of (near-)maxima only at Af, while for
all other points z random values add up: The resulting
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Figure 6: Bivariate pdf’s pay,s,(2,y) assuming the same
speaker parameters as in Fig. 5 and a) Af = 125Hz,
with range limitation as in Eq. (1), b) Af = 150Hz,
with periodic interpretation for |z| > fp/2.

marginal pdf shows a distinct maximum at the correct
frequency shift, as can be verified from Fig. 7.
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Figure 7: Estimation pdf pas(x) based on a periodically
repeated conditional pdf (with parameters as in Figs. 5
and 6), a) Af =70Hz, b) Af =150Hz.

4 Results

An algorithm following the above lines, namely, pitch-
detection via high-order prediction, harmonic superpo-
sition with iterating correction, periodic interpretation
of the measurement pdf and evaluation of a pdf, i.e.
in practice, a histogram over L consecutive frames of
voiced speech, is described in detail in [4]. It was found
from simulations both with artificial and real data that
L = 30 voiced segments of length 40 msec each suffice

to estimate Af € (—300,300)Hz with a gross-error rate
below 8 % even for an SNR = 0 dB with both a bias
and and rms error below audibility (see Fig. 8).
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Figure 8: Bias and standard deviation of Af-
measurements in dependence of the true shift Af.

5 Concluding Remarks

The pitch-estimation based method for the detection
of a carrier-frequency mismatch of SSB-demodulated
speech signals proposed in [1] was extended beyond the
uniqueness range |Af| < f,/2 (and the even smaller
reliability range range |A f| < fp/3 resulting from a sta-
tistical analysis) by exploiting just the non-uniqueness
feature. The remaining limitation to a range |Af| <
300H z, visible in Fig. 8, is a practical one, stemming
from some details of the realisation in [4], especially an
analysis-band limitation to roughly 1200 Hz for reasons
of computation time.

Above, it was observed that a histogram over L = 30
voiced segments suffices for a reliable detection. The
corresponding signal duration of 1.2 sec means that even
slowly drifting carrier frequencies can be tracked by the
same method.
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