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Several methods devoted to wow defect evaluation and compensation are discussed in the paper. The presented
algorithms utilize time- and spectrally-based audio processing routines. The newly proposed time-domain algorithm
takes an advantage of an autocorrelation analysis of short-term pitch variations. The spectraly based methods employ:
spectral peak picking techniques, analysis of spectral center of gravity, and some routines for tracking high-frequency
bias in magnetic recordings. Additionally, an algorithm utilizing AR-modeling of the sgna was employed to track
residual hum recorded on some archive media. Several interpolation methods for wow defect reduction were studied
and compared. The researched agorithms were tested employing some archival audio samples alowing their

effectiveness eval uation.

INTRODUCTION

One of problems related to audio recorded on archival
media is the parasitic frequency modulation originated
from driving mechanisms speed fluctuations, tape
damages, inappropriate editing techniques and others.
This kind of distortion is usually defined as wow or
flutter or modulation noise (depending on the frequency
range of the parasitic modulation frequency). As
particularly wow leads to undesirable changes of all of
sound spectral components, the authors studied the
problem thoroughly. The results we achieved were
described in some of our earlier publications [12-14]
and the newest algorithms we devised and tested are
presented in this paper.

1 AUTOCORRELATION BASED
VARIATION CURVE DETECTOR

Determination of wow disturbance based on the Fourier
spectra analysis may be very difficult or sometimes
impossible to perform. Fourier representation is suitable
for representing periodic signals, where all of the
harmonic partials have significant energies and can be
easily distinguished from the background noise or other
paraste signals of lower energy. However, wow
disturbance, or generally pitch deviations of periodic or
quasi-periodic  waveforms can be viewed as
disturbances of the periodicity properties of a signal.
Thus with the increase of frequency deviation, analysis
based on the Fourier spectra becomes more difficult.

PITCH

1.1 Frequency variationsin Fourier spectra

Difficulties related to the spectral peak picking based
approaches [1, 2, 3, 4] are caused by the fact that the
frequency varying sinusoidal partials represented by the
Fourier spectra are spread over a wide frequency region
(represented by many spectral bins) and in some
extreme cases they may be overlapping in the frequency
domain. This makes it impossible to accurately
determine frequency of the partials and to produce a
reliable Pitch Variation Curve (PVC) for wow
compensation. Figs 1-3 present spectra of the STFT
frame for a frequency-constant noisy signal with the
pitch equal to 400 Hz (Fig. 1), for waveform with
frequency varying from 400 to 500 Hz (Fig. 2) and for
asigna with the pitch varying from 400 to 600 Hz (Fig.
3). This example shows that with the increase of the
frequency variations, sinusoidal components become
blurred and difficult to detect, so that they cannot be
utilized for areliable frequency estimation.

1.2 Frequency variations as periodicity indicator

As was mentioned in Par. 1.1, pitch variations can be
viewed as a periodicity disturbance. This can be
observed in the autocorrelation sequence's envelope
properties, where the amplitude of higher-order lags
gently decreases for periodic signals, while for signals
with sgnificant pitch deviations the amplitude decreases
morerapidly.
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Figure 1: Fourier spectrum of 400 Hz harmonic signal.

Figure 2: Fourier spectrum of frequency-varying
(400 - 500 Hz) harmonic signal.

Figure 3: Fourier spectrum of frequency-varying
(400 - 600 Hz) harmonic signal.

Wow detection and removal

This property is illustrated in Figs. 4-6, where the
autocorrelation sequences have been calculated for the
same periodic signas (as presented in Figs. 1-3), i.e. the
autocorrelation sequence for a frequency-constant noisy
signal with the pitch egual to 400 Hz (Fig. 4), for a
signal with frequency-varying from 400 to 450 Hz (Fig.
5) and for a signal with the pitch varying from 400 to
600 Hz (Fig. 6).

Figure 4: Autocorrelation sequence of 400 Hz harmonic
signal.

Figure 5: Autocorrelation sequence of frequency-
varying (400 - 500 Hz) harmonic signal.
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Figure 6: Autocorrelation sequence of frequency-
varying (400 - 600 Hz) harmonic signal.

It can be observed that the value of lag O of both signals
isthe same, i.e. variance of al signalsisthe same, while
with the increase of the lag index, the difference
between local maxima and local minima is dightly
decreasing with reference to the value of lag O, in case
of the constant-pitched sound, and rapidly decreases in
case of the pitch-varying sound. This observation allows
one to formulate the periodicity indicator parameter p:

1
N mall? 1)
N-1
a

2

p:

where:@ — autocorrelation sequence, N — length of
N-1

autocorrelation sequence, —index of lag O of the

autocorrelation segquence.
The periodicity indicator is simply mean of absolute
values of the sequence normalized by the lag 0 value.

1.3 PVC egtimation using non-uniform resampling

The PVC (Pitch Variation Curve) estimation procedure
is based on a non-uniform resampling of short segments
of the input signal usng various PVC dopes. This
operation can be viewed as reversing the loca
frequency deviation, and increasing the value of the
periodicity indicator in the same time. Since the initial
frequency dlope (deviation slope) of the anayzed
segment is unknown, the estimation of local PVC slope
is performed iteratively, while initia minima and
maximal slopes are set to 0.5 and to 2. Theinitia values
indicate that maximum PV C change within the segment
cannot exceed 2 (p\/cm) and cannot be smaller than

05 (pvc,,, ) In the first iteration 2*N-1 values of
periodicity indicator parameters are calculated, with
regard to the initiadl PVC dope (Spyc) Settings, i.e
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tested dopes are equally spaced and are ranging from
PVC,, tolandfrom1toPVC __ asfollows.

PV C dope decrease:

1- PVC_. -1
Sevc [N =PVC, + ( leni%n ) J (2)

n=1..,N
PV C dopeincrease:
(PVCmax 3 l))(n_ l)

Spc[N+n-1 =1+ N-1 ' (3)

n=2,..,N

Non-uniform resampling of the analyzed segment with
regard to 1/Sp, dlows one to determine 2*N-1
periodicity indicator parameter p values obtained for
2*N-1 resampled signals, and also allows to determine
Spyc index n__ for which p reaches its maximum. For
the next iteration, PVC,,, issetto s - JJand

PVC, ., isstto s +1). After performing M

iterations, s¥ _[n, ] isassumed to represent the desired

PVC dope for the analysed segment. Fig. 3. shows p
values obtained for the signals presented in Fig. 1, for
N=20 and M=5.

The global PVC is constructed of local PVC dopes in
the following way:

PVC [ nmax

PVC [nmax

PV (m- 1) xN +n] = PVGP,[n],

n=1..N, m=1 (4)
PVC[(M- 1) N +n] = PVC[(m- 1)xN - 1 *PVC™., [,
n=1...N, m=2..M

where: M — number of segments, N — length of each
segment, PVC —global Pitch Variation Curve

Figure 7: Value of p for harmonic signals non-uniformly
resampled with regard to anayzed slope val ues.
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2 ALGORITHM OF PVC ESTIMATION BASED
ON ADAPTIVE ANALYSS OF SPECTRAL
GRAVITY CENTRE

In case of some recordings, the sonograms of the
recorded material reveal wow effects very clearly, and
then PVC function estimation is possible based on an
analysis of spectral moments of a single track. The
centre of gravity of the spectrum is a well-known
concept associated with the first normalized spectral
moment, which gives a possibility to estimate changes
of frequency of the selected tonal component. A series
of analyses is made employing information about
gtarting and ending point of a chosen track. This
information is defined by the operator and consists of
four values: two for time and two for frequency
corresponding to both points of the selected track. The
algorithm is also an adaptive one. The information
received from the previous frame is used by this
algorithm for the next one frame. Owing to that, the
range of analyzed spectrum is modified in each step
(from frameto frame).
In case of wow defect analysis the better frequency
scale is the non-linear logarithmic scale. Consequently,
in the octave scale the centre of gravity (normalized first
order moment) is calculated as follows:
f2
G(k)4og,(k)
Mn(l)[octave} = — fq (5)
G(k)

k=",

where: k — index of frequency, G(k) — complex
spectrum of point k, f; , f, — limit frequencies of the
band.

The Hann window is used to eliminate an influence of
other tracks, aresult of which can appear at boundaries
of the chosen spectral band. This window is defined in
case of thelogarithmic scale of frequency as follows:

W(F)=05x 1+cos\210% - 106 f,- oG, )0 ()
(lng fz' lng fl)

where: f — frequency in the range (f;, f,), other
denotations remain the same as above.

3 METHODS FOR  TRACKING HIGH
FREQUENCY BIAS IN MAGNETIC
RECORDINGS

The high frequency bias signa (HFB) is added to the
tape recorder’s head during the recording process. A
properly recorded magnetic tape contains the HFB
signal with stable frequency parameters. Assuming that
the wow disturbances were introduced during the
recording process, the HFB signal frequency
fluctuations analysis can lead to accurate PVC
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estimation. Unfortunately, the HFB signal is used only
during the recording process. Therefore, it is usualy
filtered-out by appropriate circuits of the tape recorder
or even they are not reproduced by the tape player’s
magnetic head. Additionally, the nominal frequency of
the HFB signa is unknown for a particular magnetic
tape, and it may be varying between 30kHz and more
than 400kHz..The direct digitization of the audio
material containing the HFB is amost impossible
because of the wide frequency range of HFB as well as
the tape player’s frequency characteristic limitations.
Thus, an appropriate method must be employed for
digitizing and tracking HFB signal. In this section 3
methods are proposed. Two of them require utilizing
wide bandwidth of the tape player’s head. In these cases
the recording device must be rebuilt and a dedicated
interface should be constructed and added. The third
method does not require any additional hardware
interface, so that the need for tape player's head
replacement is omitted.

3.1 Undersampling

The undersampling technique is mostly popular in
digita radio receivers (for example GPS receivers).
Employing the aliasing phenomena, it is possible to
digitize a signal within a specific bandwidth. The
sampling rate in such a process is not determined by the
highest frequency components of the signa, but by the
bandwidth of the input. For example, in case of 100 kHz
frequency bias signal, the wow defect may produce
variations from 96 to 120 kHz. The undersampling
technique may be applied in order to enable digitization
of the bias signal with analog-to-digital converter
(ADC). Fig. 8 shows the concept of undersampling for
the proposed signal in case of 48 kHz sampling rate.

Figure 8: Results of applying undersampling technique
for HFB.

This method however, has two major drawbacks. It is
essential for undersampling to disable the built-in
antialiasing filter of the ADC. Unfortunately, most of
the off-the-shelf audio converters does not support such
afunction. The other difficulty is the necessity of analog
bandpass filter bank development. According to the
example described above, 96-120 kHz bandpass
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filtering must be employed to prevent the aliasng of
other spectral components. In fact, assuming that the
bias frequency is no higher than 210 kHz and using 192
kHz sampling rate, the converter would permit to use
only two bandpass filters.

3.2 Heter odyne method

The concept underlying this kind of approach is shifting
the HFB signal down to the frequency suitable for the
ana og-to-digital conversion. In this approach the signal
from the tape player’s head is mixed with a locally
generated constant frequency sinusoidal tone. In fact,
tracking HFB employing the heterodyne method
requires involving a dedicated hardware interface [5].
This kind of an interface employs one mixer and one
stereo analog-to-digital converter only. It alows for
capturing the audio content and the HFB signal,
simultaneoudly. Unfortunately, the digitalization process
cannot be automated in this case, because the HFB
signal freguency is unknown. Before commencing the
digitalization process, some additiona tests must be
performed in order to determine the nominal frequency
of the bias signal and aso to calibrate the frequency of
the local oscillator. In practice however, the necessity of
determining the HFB nominal frequency could be
omitted by employing 3 mixers and 4 ADCs. Fig. 9
shows the block diagram of the proposed device and of
the associated PV C detector.

Figure 9: Proposed device and PV C detector for
heterodyne method.

The proposed device allows tracking HFB signal in the
bandwidth reaching 360 kHz. Its usage does not involve
a human operator to determine the HFB nominal
frequency. Obvioudy, the required capacity of a
temporary data storage system would be higher in case
of the off-line mode, but it could be easily reduced
when employing an appropriate algorithm for the on-
line PV C detection [6].

3.3 Tape speed reduction

A tape transport velocity reduction method may be
employed to overcome the problem of the tape player’s
head bandwidth limitation. This is an uncomplicated
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method for capturing both: the audio content and HFB
signal. The idea is to reduce the tape movement speed
during the playback (digitization). In result, the audio
signal bandwidth is compressed, and also the frequency
of the HFB signal is transposed downwards. If the tape
speed reduction rate is high enough, the player’s tape
head is able to reproduce the transposed HFB signal
which allows for capturing the time stretched audio
containing the bias signal. After the analog-to-digital
conversion process is completed, the origina time
relations of the audio content must be restored. Thereis
no need to involve any digita signal processing
technique to obtain this feature. In fact, the new value of
the sampling frequency must be set in the wave file
header. The idea is to increase the sampling frequency
with the rate corresponding to the inverted rate of tape
speed reduction. Unfortunately, the limited accuracy of
the speed reduction rate may introduce a parasite pitch
shift to the whole audio content.

4 TRACKING POWER-LINE HUM
FREQUENCY METHOD

Contemporary high-end studio equipment allows for
recording of audio signals with virtually no hum, but
that was not always the case. In fact, many of archival
sound samples, which were subject of authorsCanalysis
were contaminated with power-line hum. This signal,
usually perceived as an unwanted disturbance may
prove useful in the process of wow effect depth
estimation. For this statement to be true, a condition
must be met that power-line hum was introduced into
the audio path during the recording phase and was
subject to the same wow effect as the signal it is
contained in. This condition is fulfilled in most real-life
situations. The main advantage of using power-line hum
for this purpose is that this signa is relatively stable
with regard to its frequency and level, and in a typical
recording there is no or is very little musical content in
the frequency band occupied it. The main drawback is
that a signal of so low frequency is extremely difficult
to analyze with a satisfactory precision. Moreover, the
low power of hum signal makes the analysis highly
susceptible to accidenta disturbances.

4.1 Hum analysis

The DFT *“uncertainty principle’ rules this kind of
anaysis out of authorsOinterests, because it is not
possible to achieve required resolution in both time and
in frequency domain smultaneously with thistraditional
approach. The high spectral resolution is crucia when
anayzing frequency deviations of low-frequency signal
and this in turn requires the use of wide time windows,
affecting time resolution negatively. Hence, another
approach isrequired in this context.

In order to fulfill the resolution requirements of wow-
effect depth estimation a method based on
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autoregressive model of analyzed signal was proposed.
The AR-modeling bases on an assumption that observed
signal is a response of some IIR (all-pole) filter to an
excitation being a realization of white noise. The
problem resolving is finding the parameters (poles) of
thisfilter. There are many ways to achieve this goal, the
most common being so-called “autocovariance”, Burg
and Yule-Walker methods. They all share the common
quality that they are able to produce highly accurate
results based on extremely short observations, thus
yielding high resolution in both time and frequency
domain.

Thefilter poles represent tonal components contained in
the signal. It is assumed that if the order of a filter is
high enough, one of the poles should directly represent
hum. This assumption led to the development of an
algorithm utilizing AR-modeling of the input signal
split into short frames.

4.2 Hum tracking algorithm

The original full-band signal being analyzed apart from
power-line hum contains also other tonal components,
which typically have much higher power than hum. The
analysis of such a signal would require the use of a very
high order AR models. Thiswould make for a very high
computational overhead and could lead to some false
results due to an inclusion of so-called “spurious peaks’
which appear in the AR model when its order is too
high. The input signal is downsampled prior splitting
into frames in order to facilitate solution of these
problems. The optimal sampling frequency for the
analysis of hum is equa to 4 times the hum frequency.
This alows to eliminate the most of non-hum related
tonal components from the signal spectrum, thus
making it possible to use a very low-order AR model
and consequently short frames. The signal is bandpass-
filtered with pass-band boundaries around the hum
frequency to further reduce the influence of remaining
tonal components. The width of the filter pass-band is
relative to the expected maximal wow effect depth. This
filter boundary frequencies may be easily chosen based
on spectrogram of downsampled signal, whereby it
should be clearly visible what is the range of
frequencies the hum occupies.
The most important part of anaysis is the selection of
an appropriate filter pole. Current implementation of
algorithm supports two approaches:

choosing a pole with frequency and level

closest to these of poles chosen in previous

frames,

choosing a pole with frequency closest to the

original frequency of hum.
Both of those methods are applicable in certain
Situations. The first one better handles cases when
detuneisrelatively large and its changes are slow, but in
some cases can lead to algorithm “tuning” into other
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tonal components, consequently producing highly
erroneous results. Thisin turn may be avoided with the
appropriate choice of number of past frames taken into
account.

The second method proved to be more suitable for cases
when changes are fast but their amplitude is low (fast
oscillations around the origina frequency).

Current implementation of the algorithm includes some
attempts to perform dynamic filter order matching. If in
the current frame any pole was not found matching
frame-to-frame detune and the level change constraints,
the filter order is increased and the selection is
performed again until a match is found or the maximal
predetermined filter order is reached. This approach
improves significantly the selection quality but at
increased numerical cost, however.

The described selection process assigns to each input
signal frame two values: frequency and level of the
selected pole. Although the level is not correlated in any
way to the pitch variation curve flow, its plot might give
some visual clues about the selection correctness. It has
been observed that major changes (reflecting several
orders of magnitude) in levels flow may indicate regions
where analysis is flawed. This observation may lead to
the development of some kind of certainty measure
based on selected pole' slevel change.

The frequency vector normalized with regards to the
origina hum frequency represents directly the flow of
the pitch variation curve. It is a subject to some
smoothing performed after the selection process, first
with a median filter rgjecting possible extreme values
and then with a moving-average filter that smoothes the
“steps’ remaining after median filtering.

4.3 Hum tracking effectiveness

The described methods perform well when used with an
appropriate class of signals. Its important advantage is
that this method is relatively cheap, i.e. even a not
optimized Matlab implementation typically runs several
times faster than real-time. Although AR methods are
not very effective (in terms of numerical cost), this
algorithm’s ability to work on very short frames and
with very low model orders makes it run fast. Though
the algorithm has many “tunable’ parameters, it has
been found empirically that for most signals some
predetermined, default values yield correct results, so
only minimal amount of interaction is required, so that
the restoration process may be highly automated.

5 WOW REDUCTION

The wow distortion can be characterized using different
descriptors. The pitch variation curve, denoted as PVC
or pu(t), is commonly used one. It describes parasite FM
(frequency modulation) caused by an irregular playback
(i.e. wow origin). Based on the p,(t) characteristic the
incommensurate sampling rate conversion can be
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applied to reduce the wow presence in the original
signal. Eq.7 presentsthe formula for the restored signal:
X(trec) = X(M) » X(torg) (7)
W( V\DW)
where : X(tre) is the restored signal, X(tre) is the
origina (not distorted) signal, tuow is the distorted time
axis, 1. is the reorganized time axis for the non-
uniform resamplig.
As the resampling can involve some different
interpol ation techniques the question arises which oneis
the best for the audio signal restoration. Therefore, an
experiment was performed to examine different
interpol ation methods chosen as follows:
Linear interpolation
Polynomial interpolation
Sinc interpolation
These methods overview ispresented in Par. 5.1 - 5.3. A
detailed description of the experiment as well as results
and conclusions derived can be found in the Par. 7.4.

5.1 Linear interpolation

This method can be interpreted as joining two
neighbouring signal samples by a straight line and
keeping the signal value along that line fragment. It isa
very rough type of interpolation.

5.2 Polynomial inter polation

An interpolating polynomial of the order N 1 for the
wow reduction can be created on the basis of given N
samples of the distorted signal X(twow). The interpolation
polynomial can be written as follows using the classical
Lagrange formula:

P, .. =
Xt ol 1)
(trec - twom[z]) >(trec - twom[3])(trec - twov\[ N]) (8)

(tod 11~ tod 2D Cod 1= Lol 3D o[ 1] Lo N])

+ot

X(tod NI) %

(trec_ twom[z])%trec_ t\NO\A[B])(ec- twov\[N])

(Cod NI = G It NI = £ 2]) - L N - £, N - 1])
Two polynomial-based methods were examined as
follows:

Piecewise cubic Hermite interpolation —
where the polynomial interpolates both
signal values and the first derivatives at a set
of nodes [7].

Cubic spline interpolation — similar to the
first method but chooses the node slopes
differently, in order to make the second
derivate of the polynomial continuous [8].
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5.3 Sincinterpolation

This method is closedly connected with the Shannon
sampling theorem [9]. In the past it was used for wow
reduction by the authors of this paper [10]. Eg. 9
presents the expression for the interpolation of the
sample x(¢,) delayed by -T<¢,<T relativeto X n] [9]:

Xt)=

m=- M

x[m]gwin(l:l_—”- m)sinc(g(l:l_—”- m) (9

where : M — is the number of neighbouring samples
involved in the interpolation of one output value, g- is
the number given by the minimum of number 1 and the
current sampling rate conversion factor, win —
represents the time-domain function for sinc
windowing.

6 NOISE REDUCTION FOR POST
PROCESSING OF DEWOWED SIGNAL

The reduction of parasite noise in archival recordings is
an important issue. It poses quite a different problem to
the paradte frequency deviation compensation. Real
archival recordings are amost always noisy, thus they
require the noise disturbance compensation. Hence,
considering compensation of both types of disturbances
(n0|se and frequency) several questions arise:

what should be performed first: wow

compensation or noise reduction?

is there any negative influence of previous

noise reduction / wow compensation?

can previous noise reduction increase the

quality of wow compensation and vice versa?
The answers to above questions are not straightforward
and depend on the situation. Mostly due to the fact that
in some cases the wow defect may have been introduced
before the additive noise disturbance was introduced.
This means that for the signal fragments affected by
wow, the noise is not stationary (if the disturbing noise
is not white). This means that frequency shifting of the
signal spectral components, which is introduced by the
parasite frequency deviations, aso affects spectral shape
of the noise, and therefore such distorted fragments
cannot be restored with the use of any preliminary
estimated noise print. Fig. 10 presents time-frequency
properties of a typical non-white noise, while Fig. 11
presents a spectrogram of the same noise affected by
WOW.
It can be observed in Fig. 10 and Fig. 11, that for around
1.6 -1.7 second, spectral components have been shifted
up in the frequency domain.
In such a case, it is necessary to perform the wow
restoration in the first stage, and noise reduction in the
second stage. In other cases however, the situation may
be opposite, i.e. the wow defect may have been
introduced first and the noise disturbance later. In such a
case noise must be reduced before applying the wow
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compensation algorithm, otherwise the noise will
become non-stationary locally due to spectral
components shifting introduced by the non-uniform
resampler.

Figure 10: Time-frequency properties of typical noise
disturbance.

Figure 11: Time-frequency properties of typical noise
disturbance affected by wow.

Both situations clearly show that wow compensation
affects noise reduction and noise reduction affects wow
compensation. Therefore both processes are mutually
dependent and the wow compensation system,
containing several algorithms dedicated to detection and
compensation of various types of wow should also
contain noise reduction algorithm, thus the complete
restoration scenario hasto include noise reduction.

6.1 Psychoacoustic noise reduction algorithm

The most popular noise suppression methods do not
consider any properties of the human auditory system,
which have been successfully exploited in some audio
coding standards. However, applications of
psychoacoustics principles for signal enhancements
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have been demonstrated by researchers in terms of
perceptua filtering [11]. Employing human auditory
system models for parasite noise reduction may be very
effective, asit was reported in earlier works [12, 13, 14,
15].

In the utilized perceptual model total excitation is
treated as a sum of particular excitations of the Basiliar
membrane. Additionally, a significant role in the
modelling process plays the tonality descriptor of
spectrum components. Thetonality is represented by the
Unpredictability Measure parameter [16]. The masking
offset for the excitation of b, Barks at the frequency of

b, Barksis given by the formula:
O, =a; 14,5+ bark(x)) +(1- a;)>*6,5 (10)

The tonality index g, of the excitation of b, Barksis
assumed to be directly related to the Unpredictability
Measure parameter c| :

a, =c (11)

where CL is calculated in the following way:

 _loost; - ieosf +(osing; - s/ (12)
re +|f

and r; denotes magnitude and 7 denotes phase, both at
timet, while rkt and 7! arethe predicted values of those

denotations, and they are referred to the past
information (calculated for two previous frames):

At _  t-1 t-1  t-2 rt o t-1 12
fe=nc +(d - ) N =20 - 1™ (13)
Pt otl, gpt-l g2 2t opt-l gt-2
fe=fm+(fi - 17) f =2f7- Fy

Thus, the masking threshold of the membrane,
stimulated by the single excitation of b Barks and

magnitude equal to S_ is calculated with regard to:

— »Sp(bx»h)/lO»Om
Ti,x - SI 40 ’ bx £ bl (14)

- 5,%Xb;-b,)/10-O
T,, =S, 200 0 g >p

X
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and the global masking threshold is defined by:

N/2 2lg
(Tj,x)gl2 + (Ti,x)gl2 (15)
i=x

x-1
T, =
j=1

where, S, and S, represent slopes of the deformation
anditisassumedthatg = 2.

An effective masking procedure used for obtaining the
noise reduction filter is achieved by decreasing spectral
power of the useless (noisy) components. The noisy
(useless) components are the spectral components which
are placed below the initially calculated global masking
threshold for a rough estimate of the reconstructed
signal (obtained with standard spectral subtraction noise
reduction approach).

In the perceptual noise reduction system (Fig. 12), it is
assumed that noise is of an additive type, i.e. the
corrupted signal y(m) isrepresented by:

y(m) = x(m) + n(m) (16)

where x(m) is the undisturbed signal and n(m) isthe

disturbing noise. Additionally, it is assumed that the
noise is statistically stationary. Because the complete
information about the corrupting noise is unknown, the
system operates on noise estimate n(m) , which can be

Figure 12: General lay-out of the noise reduction system

Because noise suppression in this approach is based on
masking of some spectral components of the disturbing
noise, it is necessary to determine which components
should be masked and which should act as maskers. For
this reason, so called rough estimate X' (ju) of the

clean dgnal’s spectrum is obtained with accordance to
spectral subtraction method [17]. The Decison System
module is responsible for determining which
components are going to be treated as maskers U (useful
components), and which are going to be masked D
(useless components). Such classification is carried out
asfollows:
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gathered from empty passages of the input signal. The
method described operates in the time-frequency
domain and the input signa is divided into blocks and
each block is fed to the system. The spectral
representation of the noise estimate N(ju) is calculated
with a reference to n(m), and can be given by the
formulas[17, 18]:

N(im) = ENGm] @NGw| = [N, Gw] @D

with an assumption that n(m) can be divided into K

frames. Additionally N(jw)is smoothed by a |ow-pass
filter [19].

D ={Yi; \)Z;ef ETUY|ETY,1£i £ N/2} (19)

where i denotes spectrum component indexes, U and D
are sets containing useful and useless information.

T isthe measking threshold caused by X' (ju), and

Y
T is the masking threshold of the input signal:
Y™ (in)-

U={%=: R T o> T 181 £ N/ 2) (18)

Above approach alows to limit the influence of the
reduction filter on the input signal resulting in less
distorted output and more natura sound. Since the
method is dedicated to stationary noise reduction, it is
suitable for applying as an supplementary method in the
WOow compensation system.
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7 EXPERIMENTSAND CONCLUSIONS

7.1 Autocorrelation-based PVC estimation followed
by noise reduction

The PVC estimation employing this method as well as
the noise reduction have been performed on some real
archival recordings contaminated with wow and noise.
Fig. 13 presents an input signal’s spectrogram with the
PVC curve obtained with the wow compensation
software, while Fig. 14 presents a spectrogram of the
signal with the compensated wow defect. Fig. 15
presents a spectrogram of output (completely restored)
signal after applying the noise reduction algorithm.

The presented result as well as listening tests show that
the engineered agorithm is robust enough to deal with
noisy and complex real-life audio signals. Additionally,
as described in Par. 6 a post-processing noise reduction
is performed. The restoration scenario assumed wow
compensation in the firgt stage, and the noise reduction
procedure at the second stage of signal processing.

Figure 13: Input signal with estimated PV C curve.

Figure 14: Input signal with compensated wow.

Wow detection and removal

Figure 15: Input signal with compensated wow and
reduced noise.

7.2 PVC estimation based on adaptive analysis of
spectral centre of gravity

Fig. 16 shows a sonogram of a sound from which one
track which was used for constructing PV C function. As
aresult of subsequent iterations, the values of the centre
of gravity calculated for subsequent frames provided a
basis for precise defining anaysis bandwidth.. as
illugtrated in Fig. 17.

Figure 16: Sonogram of recording with digtinct tracks
revealing changing speed of carrier.

Figure 17: Fragments of sonogram from Fig. 16 with
chosen tracks (above), congtituing a basisfor PVC
function creation (below).
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In above example the value 1.0 was selected as PVC
function’s default value. PVC sections were computed
from marked tracks. In particular, this approach could
be used in Stuations where for some reasons more
universal dlgorithms would not be able to work
efficiently with a recording fragment. A retouch of a
fragment dewowed employing other methods can be
performed with this spectral centre of gravity algorithm.

Figure 18: Sonogram of adaptive spectral centre of
gravity algorithm output.

This method may be utilized for detection of the
begining and the end of tracks of tonal components. It
should be based on the analysis of second central
normalized spectral moment, containing information
about the width of the spectrum. The suitable formulais
asfollows:

fa
~ ‘G(kx {lo%(k)- Mn( [oktava)
Mnc(z)[oktava = <h f

Glk)
K=l (20)

where: k — index of frequency, G(k) — complex
spectrum of point k, f; , f, — boundary frequencies of the
band, Mn(1)joqae - CENtre of gravity of spectrum in
octave scale.

It is necessary to stress that formula (20) uses
logarithmic frequency scale.

7.3 Methods for tracking HFB in magnetic
recordings

The tape was played back during the experiments using
the Kudelski Nagra 111 reporter’s tape recorder, and also
the Revox B77 studio master tape recorder. An archive
audio signals (originating from 1970's) stored on the
Y4’ magnetic tapes were utilized. The digitalization was
performed with the M-Audio 1814 professional sound
card allowing sampling the analogue signals with 192
kSa/s. speed. In the first attempt the HFB digitalization

Wow detection and removal

process was performed employing heterodyne
technique. Unfortunately the bias signal was not
reproduced by neither Nagra IIl nor Revox B77.
Therefore, the tape speed reduction method was applied.
in order to overcome the problem of magnetic head’s
bandwidth limitations,

It is possible to switch the tape rate from 3.75 through
7.5 to 15 inches per second with the Nagra Il recorder.
The audio material contaminated with wow effect,
recorded with 15 inches per second rate was played
back with 3.75 inches per second rate. In result, the
signal bandwidth was compressed, and the frequency of
the HFB signal was transposed down to the frequency
reproducible by he player’s head. It was detected that
the bandwidth of Nagra Il tape player’s head does not
exceed 25 kHz, therefore the 48kS/s sampling rate was
found high enough to digitize the stretched audio signal.
Sampling of 4 times stretched audio material sampled
with 48kS/s sampling rate can be treated as equal to
sampling of the same signal with 192kS/srate, if played
with the origina speed. The initia time relations of the
digitized audio content were restored by increasing the
value of the sampling frequency to 192kHz in the wave
file's header. In further experiments the Revox 77B
recorder was employed to playing the audio material,
recorded with the tape running at 7.5 inches per second.
In this case the sampling frequency was equal to 96kHz
and the tape was running a 3.75 inches per second
during the digitalization process. Consequently, in the
last step the initial time relations of the sampled audio
material wererestored.

The influence of the passing time affects negatively
magnetic recordings quality and degrades the HFB
signal causing irregularities of its amplitude. Therefore,
an appropriate agorithm for tracking HFB should be
applied. The detection process of the bias signal
frequency is based on the smoothed spectrogram.
Smoothing of the spectrogram image is performed in
time and frequency domain [6]. An appropriate high-
pass filtering is performed to prevent influence of low
frequency components on the signa during the HFB
detection,. Additionally, each spectrum (each column of
the spectrogram matrix) is weighted by the preemphasis
curve. Some HFB tracks, are presented on the smoothed
spectrogram imagesin Fig. 19. It can be noticed that the
detection of HFB frequency fluctuations alows for
nearly perfect estimation of the PVC. It is to mention,
however, that the tape speed reduction method for
tracking HFB may introduce some additional distortions
to the audio content. The audio signal is filtered
according to the frequency characterigtic of the whole
signal chain of the tape recorder during the playback
with reduced speed,. This effect is mostly perceived for
low frequency components of audio signal, which are
usually transposed beyond the useful bandwidth of the
electronic circuits of tape recorders. The effects can be
viewed as low-pass filtering. However, in practice this
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difficulty could be omitted by applying inverse digital
filtering. The engineered method for tracking HFB
could be an effective way to capture an audio content
containing a bias signal. It could be applied with an
assumption that rebuilding of the tape recorder is
undesirable and the nominal frequency of HFB does not
exceed 100kHz.

Figure 19: HFB tracks.

7.4 Interpolation methods for wow defect reduction

Fig. 20 presents a diagram of the processing chain used
for the evaluation and comparison of the robustness of
different resampling routines, presented in Par. 5.

Digital sweep signal
Sepl

v

Non-uniform resampling
Sep 2

¢ Xdw

Audio distortionsanalysis
Sep 3

Figure 20: Block diagram for comparison of different
resampling methods aimed at wow reduction.

Wow detection and removal

The evaluation method is based on three processing
steps. In step 1 a synthetic audio input signal x,, is
generated. The digital sweep tone was used for this
purpose which frequency was varying from 1 kHz to 2
kHz. The signal was build a 8 kHz sampling rate.
Secondly, the resampling routine generates a tone
whose frequency, 1kHz, is well suited to the needs of
audio distortion measurements. The second processing
step involves one of the investigated interpolation
techniques (see Par. 5). The third gtep is the audio
distortion anaysis block. It involves three standard
audio distortion measures [20]:

Total Harmonic Distortion (THD)

Total Harmonic Distortion plus Noise

(THD+N)

The Signal to Noise Ratio (SNR)

Fig. 21 presents spectrograms of the signas Xgw
obtained using the examined interpolation techniques.
Different distortions can be noticed while observing the
analyzesin Fig. 21.

Tables 1 and 2 present the objective results. The first
one table presents ‘ short’ interpolation techniques which
involved no more than 5 neighbouring samples for one
output sample computation. In the linear interpolation 2
neighbouring input samples were used for one output
sample computation, wherein in the cubic and spline
techniques 4 samples were used, and in the ‘short’ sinc
interpolation 3 samples (M=1) and 5 samples (M=2)
wereinvolved.

Table 1: Audio distortions measured for investigated
methods of non-uniform resampling involving less than
5 samples.

Audio Short’ interpolation

distortion
measure

Windowed | Windowed

Linear | Cubic | Spline | &\ 17| Gine M=2

THD [%)] |0,67462]2,56364|0,05825| 1,22855 | 0,08022
TT‘!/?); N 1,65586(3,05301|0,12263| 3,12105 | 0,24188

SNR [dB]| 35,62 | 30,305 | 58,228 | 30,144 52,353

Tab. 2 presents ‘long’ interpolation results obtained
based on the windowed sinc technique with more than
20 (M3 10) samples involved. In experiments the Hann
widow was used.
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Table 2: Audio distortions measured for investigated
methods of nonuniform resampling involving more than

20 samples.
Audio ‘Long’ interpolation
distortion
measure Windowed Windowed
sinc M=10 sinc M=100
THD [%] 0,04791 0,04777
THD+N [%)] 0,04793 0,02161
SNR [dB] 66,173 73,306

The results indicate that in terms of ‘short’
interpolations the spline technique is the most suitable
for wow cancellation. However, when the number of
samples involved increases, the distortions generated by
the windowed sinc technique decrease and become
smallest.. However, it should be mentioned that the
computation time becomes much longer than for the
‘short’ interpolation techniques in this case. For the
windowed sinc the number of neighbouring samples
(M) is very important to achieve the desired high SNR.
A relatively high number of window samples must be
applied for resampling. Notwithgtanding that, because
the reduction of the wow defect can be performed
offline (when the computation time is not important) the
‘long’ sinc-based interpolation technique seems to be
the most appropriate one for wow reduction (expressed
in terms of low audio noise level among the four
interpolation techniques considered here).

The subjective rating of experiments on real sound
samples also indicated better results for @ng&inc-based
methods in terms of the precision achieved. However,
for fast results gathering the @hort€spline method was
found to be sufficient enough.

The experiments with real archive sounds demonstrated
practical applicability of proposed and implemented
methods to wow detection and compensation. However,
due to the complex nature and unpredictability of audio
signals, the algorithms have to be used by the operator
in an interactive mode, thus the collection of the
algorithms should be treated as a certain kind of
“algorithmic toolbox” assisting the sound restoration
process.
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