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ABSTRACT 
New algorithms were developed for discriminating wow from natural musical effects, such as: 
periodicity detection by means of autocorrelation signal, algorithm employing AR model for power line 
hum frequency detection and algorithm for estimating pitch variation curve employing wow tracking 
based on recording bias detection in magnetic recordings. Moreover. non-uniform resampling routine 
was implemented and applied to wow compensation. The developed algorithms were studied using real 
audio examples allowing a comparison of their effectiveness.  

 

1. INTRODUCTION 

An audio material can be contaminated by several 
distortions leading to sound quality deterioration or 
speech intelligibility loses. Among many defects present 
in analogue audio recordings wow is common and 
difficult to compensate [1]. It could be found in old 
gramophone recordings, wax cylinders, audio cassettes 
and also on the magnetic and optical sound tapes. These 
parasite phenomena can be introduced into the audio 
content at different production stages: recording, 
duplicating or even simple monitoring. As the sound 
carrier properties changes with time, aging brings 
additional risk of wow appearance.  

 

The main source of the defect is the irregular velocity of 
the sound carrier. However the motives for it 
appearance can be different. Some of them were 
mentioned in our previous paper presented at the 117 
AES Convention in San Francisco [6]. As wow leads to 
undesirable changes of all of the sound frequency 
components, algorithms utilizing methods adopted from 
sinusoidal sound analysis originally proposed by 
McAulay and Quatieri [2] were found to be very useful 
in the defects characteristic evaluation. In such approach 
tracks depicting tonal components changes are 
processed to obtain precise wow plots. Godsill in his 
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papers [3-5] proposed some statistical methods for 
tracks post-processing whereby the trajectories 
constitute the observation data of one physical 
phenomena (i.e. wow). Additional model parameters are 
evaluated regarding those observations. In such an 
approach the algorithm output estimates the parasite 
modulation pattern. In the methods dedicated to 
monophonic music materials, simple ML estimation 
was applied [3,4]. Bayesian estimation was used to 
polyphonic music pitch tracking [5]. The Bayesian 
approach may utilize additional 'a priori' knowledge 
about sound carrier nature. It can develop a more 
precise estimation of wow characteristics.   

Other approach utilizing sinusoidal analysis devoted 
mainly to accidental wow defects, was presented by the 
authors of this paper. We also proposed semi-manual 
methods utilizing algorithmic approach and additional 
manual refitting of the wow characteristic, regarding the 
visual presentation of the sound components. Details 
can be found in our previous paper [6]. 

Graphical based approach to wow extraction was also 
proposed by Nichols [7]. In his method the spectrogram 
of the contaminated audio sample is processed as a two-
dimensional signal (image) in which local peaks are 
found. All other elements of the signal are nullified. The 
spurious single peaks present among the remaining 
elements with no adjacent portions in previous or next 
time frame, are also excluded. The remaining elements 
are joined together in order to form tracks. In the next 
step of the analysis, time correlation between obtained 
tracks is examined. The scanning of two or more 
correlated tracks is enough for amplitude, phase and 
period estimation of a parasite wow. 

Also medium features (e.g. bias) were utilized in wow 
correction during the analogue tape transfer. In the 
paper presented by Howart and Wolfe a system 
combining both analogue hardware and software 
implementation of the non-uniform resampler was 
introduced [8]. Such approach assumes that the medium 
itself can provide sufficient information about the 
carrier velocity irregularities. Corresponding methods 
utilizing magnetic bias as well as hum-frequency 
analysis are presented in the chapters 3 and 4 of this 
paper.  

It is worth reminding that wow can be characterized by 
means of the time warping function fw(t) or equivalently 
by the pitch variation function pw(t):  

))(()( tfxtx ww =  (1 ) 

where xw  denotes distorted signal 

or by pw(t) depicting parasite frequency modulation 
caused by irregular playback: 

dt
tfd

tp w
w

))((
)( =  (2 ) 

Based on the foregoing characteristics wow restoration 
in digital time domain can be achieved by means of the 
incommensurate-ratio sampling rate conversion [9]. The 
non-uniform resampling routines were presented in 
detail by Marvasti [10]. Additional details are also 
demonstrated by Laakso et all [11]. 

The next chapters of this paper depict three methods for 
wow defect evaluation. The second chapter presents a 
newly developed time-based routine used for wow 
characteristics evaluation. The described method is 
related to Pitch Variation Curve (PVC) retrieval, based 
on autocorrelation analysis of short term PVC 
variations. The input signal is divided into short 
segments, and each of such segments is analyzed in 
order to determine linear PVC change, i.e. the total PVC 
signal is constructed of linearly approximated local 
PVC segments. Additionally Confidence Value (CV) 
describing local PVC values is provided, to allow post 
processing and manual PVC optimization, which could 
be performed by the user. Chapter 3 presents a 
technique for scanning the power-line hum frequency. 
The method is based on the assumption that deviations 
of frequency of power-line hum, that is present in many 
archival recordings, directly reflect the depth of 
frequency modulation caused by the wow disturbance. 
Consequently, it should be possible to estimate pw  flow 
through tracking hum frequency. The implemented 
method uses the AR-model for this purpose. The 
Chapter 4 describes the method for high frequency bias 
tracking in magnetic recordings. The engineered 
algorithm employs STFT analysis for detection of bias 
signal frequency changes. Based on the STFT approach, 
time-frequency representation of the signal is obtained 
and processed. Further, with an assumption that the 
wow disturbance affected the bias frequency properties, 
PVC detection is performed. A closer consideration of 
the defect reconstruction in terms of timing 
irregularities compensation is presented in the Chapter 
5. The Chapter 6 introduces an application combining 
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results generated by many algorithms. The application 
provides additional options for sound visualization and 
useful tools for manual refitting of the wow 
characteristics. The results of experiments with epitome 
wow restorations are presented in the Chapter 6 together 
with conclusions and further work directions. 

2. TIME-DOMAIN, AUTOCORRELATION 
PITCH VARIATION CURVE DETECTOR 

The determination of wow disturbance, based on time-
frequency analysis (STFT analysis of the spectrogram 
image) seems to be the most intuitive approach. One can 
observe in the spectrogram image harmonic tracks 
frequency variations which are affected by wow 
disturbance, and therefore roughly related to the 
frequency variations caused by the wow. However in 
practice, it is very difficult to accurately extract such 
frequency variations due to several reasons. One of the 
reasons is the fact, that with the increase of harmonic’  
order, frequency variations are more significant and 
therefore cannot be  represented properly by the Fourier 
spectrum, thus sinusoidal partials of the input signal 
with rapidly changing frequency are spread over 
relatively large frequency region and cannot be well 
located in the frequency domain. Another reason is that 
low order harmonics, which are only slightly varying in 
terms of frequency are often obscured by noise and by 
other, closely spaced spectrum components (leakage 
problem). This can cause deformation of the spectrum 
peaks representing the sinusoidal content affected by 
wow. Often such a deformation causes miscalculation of 
peak’s frequency and thus affects frequency 
determination possibility and leads to significant errors 
occurrence in the PVC function. It is important to 
notice, that in real life examples wow is usually 
aperiodic, thus statistical approach to enhance the Pitch 
Variation Curve (PVC) is difficult, or impossible to 
apply. The engineered method overcomes this problem, 
because it operates on time domain waveforms and 
utilizes periodicity of short time segments.  

 

2.1. Periodicity detection by means of 
autocorrelation signal 

The presented method utilizes the fact, that periodicity 
may be indicated by some properties of autocorrelation 
signal, i.e. increase of the frequency evolution in time 
domain increases periods duration changes, thus affects 

the autocorrelation sequence. Fig. 1 presents a 
spectrogram of synthetic harmonic signal of constant 
pitch equals to 1000 Hz (upper part of the figure), and 
the same signal (with the same phase and energy of 
harmonics), but with pitch varying in time (lower part of 
the figure). 

The autocorrelation sequences of il lustrated signals, 
obtained with regard to the formula: 
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where: ta  – autocorrelation sequence, x – input signal, 

are presented in Fig. 2, which upper part shows the 
autocorrelation sequence of the constant pitched signal, 
while the lower part presents the autocorrelation 
sequence of the pitch varying signal. 

 

 

Fig. 1 Spectrograms of constant and of varying pitch 
harmonic signals 
 

The difference between amplitude envelope properties 
of the autocorrelation signals, presented in Fig. 2. is 



Czyzewski et al. New Algorithms for Wow and Flutter Detection 
and Compensation in Audio

 

AES 118th Convention, Barcelona, Spain, 2005 May 28–31 

Page 4 of 14 

significant. It can be observed that value of lag 0 of both 
signals is the same, i.e. variance of both signals is 
identical, while with the increase of lag index, the 
difference between local maxima and local minima is 
slightly decreasing with reference to the value of lag 0  
in case of the constant pitched sound, and rapidly 
decreases in case of the pitch varying sound. Such an 
observation allows to formulate the periodicity indicator 
parameter p: 

 

 

Fig. 2 Autocorrelation sequences of constant and of 
varying pitch harmonic signals 
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where:a  – autocorrelation sequence, N – length of 

autocorrelation sequence, 
2

1-N  – index of lag 0 of the 

autocorrelation sequence. 

The periodicity indicator as above represents the mean 
of absolute values of the sequence normalized by the lag 
0 value. 

2.2. Local PVC slope detection 

As described earlier, input signal is divided into equally 
spaced segments of the same lengths. It is assumed  that 
the fastest wow local increase/decrease has duration no 
shorter than the chosen segment. Such an assumption 
requires interaction with the user, who has to specify an 
appropriate segment size. Each segment is analyzed in 
order to determine maximum value of the periodicity 
indicator parameter. The analysis is based on non 
uniform resampling of the segments employing various 
PVC slopes. The choice of local PVC slope is 
determined in an iterative procedure, while initial 
minimal and maximal slopes are set to 0.5 and 2. The 
initial values indicate that maximum PVC change 
within the segment cannot exceed 2 (

maxPVC ) and 

cannot be smaller than 0.5 (
minPVC ). In the first 

iteration 2*N-1 values of periodicity indicator 
parameters are calculated, with regard to the initial PVC 

slope ( PVCs ) settings, i.e. tested slopes are equally 

spaced and are ranging from minPVC to 1 and from 1 
to

maxPVC : 

PVC slope decrease: 

Nn
N

nPVC
PVCnsPVC

,...,1

,
1

)1()1(
][ min

min

=
-

-×-
+= (6 )            

PVC slope increase: 

Nn
N

nPVC
nNsPVC

,...,2

,
1

)1()1(
1]1[ max

=
-

-×-
+=-+  (7 )                       

Non-uniform resampling of the analyzed segment with 

regard to 1/ PVCs  allows to determine 2* N-1 periodicity 

indicator parameter p values obtained for 2* N-1 

resampled signals, and allows to determine PVCs the 

index maxn for which p reaches its maximum. For the 

next iteration, minPVC  is set to ]1[ max -nsPVC and 

maxPVC  is set to ]1[ max +nsPVC . After performing M 

iterations, ][ maxnsM
PVC  is assumed to represent the 

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

 

Fig. 3 Periodicity indicator p for non-uniformly 
resampled harmonic signals with regard to analyzed 
slope values 

2.3. Periodicity confidence value 

As presented in Fig. 3, p values calculated with regard 
to harmonic signals, for various PVC slopes form a 
deltoid shape with maximum value related to PVC slope 
matching the desired pitch variation curve of the input 
signal. In case of non-harmonic signals with chaotic 
phase, where pitch cannot be determined, p values form 
irregular shape, as presented in Fig. 4. In such a case it 
is necessary to omit detection results for the noisy 
segment while constructing a global PVC function. 
Thus, based on symmetry properties, detection results 
for each segment should be described with an 
appropriate parameter (c), describing confidence of the 
local PVC detection. The parameter c is formulated in 
the following way: 
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where: c – symmetry indicator (confidence value), p – 
periodicity indicator parameter, maxn – index of the 

maximum p value, M – number of p values surrounding 
maximum value of p. 

 

Figure 4 Periodicity indicator p for non-uniformly 
resampled noise signal with regard to analyzed slope 
values 

2.4. Global PVC extraction 

The global PVC is constructed of local PVC slopes in 
the following way:  
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where: M – number of segments, N – length of each 
segment, PVC – global Pitch Variation Curve 

The global PVC is constructed with reference to 
confidence level threshold set by the user, i.e. local 
PVCs with confidence values below chosen threshold 
are set to 1, or interpolated based on surrounding PVC 
with confidence values exciding the desired threshold. 
Since the global PVC is constructed in recursive 
manner, as shown in eq. 8, thus manipulating local 
slopes may significantly affect the global wow 
reconstruction.  

The results achieved with above algorithm application 
will be discussed in the Experiments and Conlusions 
section.  
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3. ALGORITHM FOR TRACKING POWER-
LINE HUM FREQUENCY 

3.1. The characteristics of hum 

The power-line hum is a common phenomenon in 
archival audio recordings. Its causes typically include 
poor power supply stabilization of vacuum-tube-era 
recording equipment and improper shielding of sensitive 
microphone cables. The parasite hum signal was very 
hard to eliminate from the recording using analogue 
filtering due to its rich harmonic structure and relatively 
low frequency, requiring the use of large, expensive and 
bulky high-inductance coils. This, together with the fact 
that its frequency is typically lower than frequencies of 
useful audio components, makes it particularly good 
carrier of information concerning parasite frequency 
modulation. 

Some assumptions about characteristics of power-line 
hum signal are listed below: 

·  It is assumed that hum was introduced in the 
audio path during the recording phase and was 
subject to the same wow distortion as the 
useful signal contained in. 

·  Hum frequency was stable throughout the 
recording process. 

·  Sound material being restored was played-back 
and digitized with modern high-class audio 
equipment that introduces only negligible level 
of hum. 

These assumptions are met in most real-life situations. 

In all European countries power-line frequency equals 
50Hz. In Americas it equals typically 60Hz and always 
one of these two numbers in all other countries. In 
majority of archival recordings this frequency is slightly 
below or at the edge of useful audio band. It has 
relatively low level compared to useful signals. If 
caused by poor power-supply stabilization, power-line 
hum includes also lots of harmonics (rectification 
effect) that make for the particularly unpleasant 
listening experience. Sometimes also sub-harmonics are 
included. Harmonics in excess of 100Hz are hardly 
visible in the spectra because they are masked by 
overlapping useful components. 

3.2. The DFT-based approach 

It is assumed in subsequent deliberations that target 
frequency resolution for analysis is 1%. Given the hum 
frequency of 50Hz this puts a requirement on DFT 
resolution of 0.5Hz, what effectively fixes DFT frame 
length at 2 seconds worth of samples. This order of time 
resolution is unacceptable in the context of wow effect 
estimation. Although it is possible to increase it using 
frame overlapping, the resolution gain wouldn’ t be 
justified by computational overhead. Though, it is 
possible to down-sample the input signal prior to 
analysis, it would not affect time-frequency resolution 
in any way (see Fig. 5); the only gain would be 
decreased numeric cost. 

Despite these drawbacks, DFT-based spectrogram in 
connection with downsampling is stil l useful tool for 
visualizing wow phenomenon providing valuable 
information for possible human operator of restoration 
utility. 
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Fig. 5 Spectrogram of sound example contaminated 
with power-line hum being subject to wow effect 
(down-sampled to 100Hz )  

3.3. AR-pseudospectrum estimation 

As a consequence of deficiencies of DFT with regard to 
hum tracking another method was chosen. This method 
is based on autoregressive model of signal being 
analyzed. The modeling is based on the assumption that 
observed signal is a response of some IIR (all-pole) 
fi lter to an excitation representing white noise. This so-
called AR-model is simply a set of parameters of the IIR 
filter. 



Czyzewski et al. New Algorithms for Wow and Flutter Detection 
and Compensation in Audio

 

AES 118th Convention, Barcelona, Spain, 2005 May 28–31 

Page 7 of 14 

Consequently, the problem resolves to finding the 
values of these unknown parameters, and there are 
many methods allow to achieve this aim. Their common 
features  are: 

·  high frequency-domain resolution even for 
relatively short observation instances 

·  good results for short observations visible also 
in high time-domain frequency 

·  correct choice of model order is extremely 
important 

The model order directly corresponds to a number of 
poles of IIR filter’ s transmittance. When a model order 
is too low, not all tonal components of the spectrum are 
detected and the hum-related one may be omitted due to 
their low level. When it is too high – spurious peaks 
appear that do not really exist in the signal and may 
reduce analysis accuracy. 

The presented algorithm in its current implementation 
consists of 4 phases outlined in Fig. 6. These phases are: 

·  Preprocessing – input signal is downsampled to 
sampling frequency equal to  the hum 
frequency multiplied 4 times. This allows to 
reject unnecessary tonal components with 
frequencies higher than hum frequency and 
significantly reduces numerical cost. The 
signal is then fed into a band-pass filter with 
central frequency set to expected hum 
frequency and band width externally 
controlled. 

·  Frequency selection/tracking. The signal is 
divided into frames with 50% overlap. The 
frame length provides one of the method 
parameters and satisfactory results has been 
obtained with lengths as low as 16 samples. 
Each frame is assigned frequency deviation 
value using algorithm described below. Output 
of this block is a vector of frequency deviation 
values providing the estimate of  pw function. 

·  Filtering – resultant pw vector is fi ltered to 
reduce influence of erroneous estimate values. 
Current implementation employs median 
filtering as it was tested to produce audibly 
better results. 

·  Reconstruction – filtered pw vector is used to 
drive irregular resampling routine and based on 
it original signal is reconstructed. 

 
� track_freq_dev_ar()

interp

preprocessing selection
filtering /smoothing

reconstruction
 

Fig. 6 Hum tracking/reconstruction phases 

The most important part of the described process is 
selection/tracking block. Its task is to select which AR-
model pole is responsible for hum frequency in each 
frame based on frequencies and amplitudes of poles 
selected for previous frames. In order to achieve this 
goal model order is dynamically adjusted until pole that 
meets frame-to-frame frequency/amplitude change 
boundaries is found or maximal allowed model order is 
reached. Appropriate choice of input parameters allows 
one for precise and cost-effective analysis, as it will be 
shown in the Experiments  and Conclusions section. 

4. ALGORITHM FOR HIGH-FREQUENCY 
BIAS TRACKING IN MAGNETIC 
RECORDINGS 

4.1. The characteristic of high-frequency bias 

During the recording process, high frequency bias  
(HFB) signal is generated by an appropriate components 
of the recording device. Such technique allows avoiding 
distortions related to the magnetization process of the 
tape. Since the bias frequency is initially constant, 
therefore wow disturbance may be reflected by 
deviations of the HFB signal and easily used to retrieve 
the disturbance’s time domain properties (i.e. depth of 
the parasite frequency modulation, etc.) and further, 
utilized in the restoration process. This kind of approach 
was recently presented in an AES Convention paper [8], 
however the approach presented in this paper is 
different.  
The frequency of the bias signal is related to the type of 
the material used for tape manufacturing. Therefore 
depending on the recording device and the time when 
the recording was made, the bias frequency may be 
varying between 30 kHz and 435 kHz. Tracking of such 
a high frequency components in the signal’ s spectrum 
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requires using a wide bandwidth sensitive playback 
head and a dedicated hardware interface, which allows 
digitization with the use of A/D converters designed for 
audio purposes [8]. In practice however, the HFB signal 
frequency does not exceed 100 kHz and therefore may 
be digitized with the use of off-shelf high quality sound 
cards. 

4.2. Principles of operation 

The developed algorithm allows determination of the 
pitch variation curve, based on the high frequency bias 
properties. It has to be assumed however, that the 
disturbance was introduced after the HFB signal was 
recorded, and also that the audio material has been 
digitized with an appropriate sampling rate. Since the 
bias signal is of high frequency, STFT analysis seems to 
be suitable tool to deal with the problem of detecting its 
time-frequency variations. The diagram illustrating the 
engineered algorithm for HFB-based, PVC detection is 
presented in Fig. 7. 
 

 

Fig. 7 Pitch variation curve detection algorithm 

In the first stage, the input signal is divided into short 
segments (in accordance to the STFT analysis concept). 
The length of the blocks has been set to 5.33 ms (1024 
samples for 192 kHz sampling rate), without overlap, 
and weighted by the Hamming window (in practical 
operations the window length and overlap may be 
adjusted by the user, with accordance to the bias signal 
properties). Further, Fourier spectrum for each block 
has been calculated (with the use of FFT algorithm), 
resulting in spectrogram matrix, representing time-
frequency properties of the signal. The spectral 
components representing frequencies below 25 kHz are 
set to zero. Such operation can be viewed as high pass 
filtering. It is necessary to remove high energy 
components, which are related to the useful signal and 
may be obscuring the HFB signal. Additionally each 

spectrum (each column of the spectrogram 
representation) is weighted by an appropriate 
preemphasis curve, allowing to enhance high frequency 
components. The curve properties (slope) also may be 
controlled by the user according to the formula. 
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where: 

y – preemphasis curve, 

N – (block size)/2 + 1, 

p – slope ratio. 

Above operations lead to modified time-frequency 
representation with enhanced components representing 
the HFB signal. Since the time influence on the analog 
recordings degrades the bias signal, causing significant 
irregularities in amplitude, therefore detection of the 
spectral peak representing the HFB may be difficult, or 
even impossible for some of the STFT segments. Thus, 
an appropriate smoothing is necessary. In practical 
experiments a moving average filter operating in 
frequency domain (smoothing each column of the 
spectrogram), and operating in time domain (smoothing 
each row of the spectrogram) allows to limit the 
amplitude irregularities and makes possible determining 
the bias frequency peak in each processing block’s 
spectrum. Experiments (Section 7.3) showed that time 
averaging over 16 ms windows (3 consecutive spectra) 
and over 750 Hz in frequency domain (along 
spectrogram columns, with the filter size set to four 
bins) is suitable. After such operation, the highest 
energy peaks are the HFB peaks. Additionally, to 
enhance frequency detection accuracy, each peak is 
interpolated with a parabolic curve, and normalized by 
the median value of the bias frequencies estimated for 
all blocks, resulting in accurate PVC representation.  

5. NON-UNIFORM RESAMPLING 
TECHNIQUE AS A WOW RESTORATION 
PROCESS 

The obtaining of the pw(t) curve allows for 
reconstruction of the disturbed input. Since the degraded 
signal can be viewed as a non-distorted input sound 
sampled with a non-uniform sampling process, the 
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reconstruction can be achieved similarly to known 
resampling techniques [9,10,11], considering however 
sample rate changes over time. The  signal becomes 
restored with regard to the pitch variation curve: 

)
)(

()'(
tp

t
nxntx

w
wr =  (11 ) 

where t represents time-varying sampling interval, wx is 

the disturbed signal and rx  is the reconstructed output. 

The truncated 12+×M  order sinc kernel based 
interpolation is carried out with regard to: 
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where fw  is the time domain windowing function, 
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a  is the band limiting (to Nyquist 

frequency) factor, 
wn is the nearest disturbed sample to 

the output n-th sample and  )'(' tnfnt ww-=t  denotes 

time delay. 

As we already successfully employed this resampling 
routine in previously presented wow restoration 
algorithms [6] and because of its close relation to the 
Shannon sampling theorem it seemed an obvious choice 
for the defect reconstruction tool. However it is worth 
mentioning that Howarth and Wolfe [8] have claimed 
that other digital signal processing techniques were 
found to be useful in the defect removal e.g cubic 
Hermite or spline interpolation methods.  

6. APPLICATION COMBINING PRESENTED 
ALGORITHMS AND GRAPHICAL 
METHODS FOR WOW COMPENSATING 

6.1. General description of the application 

As was mentioned above, we have developed various 
algorithms for pitch variation curve estimating. 
However, the lack of an appropriate tool for fast and 
convenient algorithms testing and comparing made it 
difficult to validate the results. That is why we found it 
necessary to develop an application for wow restoration. 

By design the application should provide methods for 
fast algorithms testing during the development and for 
the implementation phase. It should also provide a 
graphical user interface optimized for the proposed 
algorithms. The ultimate solution should work within 
the popular VST specification. Thereby it could be also 
utilized as a process hosted by a chosen audio 
restoration system (e.g. WaveLab). Fig. 8 presents the 
diagram of the proposed application. A sound sample 
distorted by a wow defect can be loaded to the program. 
There it can be scanned for the wow presence. After 
evaluation of pitch variation curve the restoration 
process could be applied. At the end the restored sound 
sample can be monitored or exported as a wav file. 

 

Fig. 8 Functional diagram of the wow restoration 
application 

6.2. Graphical User Interface functionality 

The application GUI meets three main expectations. 
First, it provides some simple methods for importing, 
monitoring and visualizing distorted sound samples. 
Secondly, it handles wow evaluation algorithms. 
Finally, it provides an access to automatic and manual 
supported methods for wow compensating. 
Additionally, it contains an option for results exporting.  

Detailed application functionalities can be listed as 
follows: 

• Main routines :  

- I/O operations; 

- Wow evaluation; 
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- Wow compensation. 

• Visualization : 

- Spectrogram; 

- Synchronized zoom; 

- Presenting different PVC plots (generated by 
different algorithms). 

• I/O Operation involves : 

- Importing sound files; 

- Exporting restored sound sample to wav file. 

• Wow Evaluation involves : 

- Algorithm for tracking sinusoidal components 
changes [6]; 

- Time domain, autocorrelation Pitch Variation 
Curve detector; 

- Algorithm for tracking power-line hum frequency; 

- Algorithm for high-frequency bias tracking in 
magnetic recordings; 

- Externally evaluated PVC; 

- Manual PVC fitting by the operator. 

The proposed wow restoration application GUI is 
presented in Fig. 9. 

 

Fig. 9 Application GUI 

The application provides also some additional manual 
methods for PVC refitting. The user, using appropriate 
zooming tools, can choose a point on the PVC plot and 
manually change its position. Thereby, one can reshape 
inexact or false curves being algorithmic calculation 
results. The curve regarding sound components 
variations is presented synchronously to the wow 
characteristic (e.g spectrogram in Fig. 9). Additionally, 
only some parts of the distorted signal can be util ized in 
wow extraction. The user can chose some time-
frequency regions of the signal contaminated by the 
wow. Those parts constitute an input for the spectra-
based algorithm presented in our previous paper [6]. 

The useful sound visualization techniques are included 
within the application. For example: the presented PVC 
plot is automatically rescaled according to the actual 
time-frequency zoom. The user can move the PVC 
curve in order to compare precisely the wow 
characteristic with the tonal components variations 
presented on the spectrogram.  

7. EXPERIMENTS AND CONCLUSIONS 

7.1. Time-domain autocorrelation pitch 
variation curve detector 

Two sound samples have been chosen for the 
experiments, where one is disturbed by slowly changing 
wow and the only playing instrument is piano, while the 
second one is contaminated with rapidly changing wow, 
where natural pitch changes are not present, both 
sampled with 44100 Hz sampling rate. In both cases the 
PVC deviations were supposed representing wow 
disturbances.  

The segment length for the piano sound sample has 
been set to 8192 samples, and segment length for sound 
example containing rapidly changing wow has been set 
to 2048 samples. Fig. 10 presents spectrogram of the 
sound sample containing piano melody (upper part) and 
local PVC slopes (depicted in lower part of the figure). 
Fig. 11 shows the computed global PVC (lower part) 
and the spectrogram of the restored signal (upper part). 
Consequently, Fig. 12 shows spectrogram of the sound 
sample contaminated with a rapid wow (upper part), and 
its local PVC slopes (lower part), while Fig. 13 presents 
computed global PVC (lower part) and the signal after 
restoration (upper part). 
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Fig. 10 Spectrogram and local PVC slopes of the piano 
sound example 
 

 
Fig. 11 Global PVC and spectrogram of restored piano 
sound example. 

The engineered algorithm is very effective in terms of 
detecting wow disturbances in a noisy background and 
in case of recordings containing complex structures 
(several instruments playing at the same time), with an 
assumption that the wow does not occur at the same 
time with natural pitch changes. The presented method 
is computationally expensive and requires an interaction 
with the user to set an appropriate segment sizes as well 
as requires manipulation of the confidence threshold 
level to obtain optimal results.  Such an interaction is 
possible through the software application described in 
section 6.  
 

 

Fig. 12 Spectrogram and local PVC slopes of the sound 
example with rapid pitch changes 

Fig. 13 Global PVC and spectrogram of restored sound 
example with rapidly changing PVC 
 

7.2. Algorithm for tracking power-line hum 
frequency 

All presented results refer to the same piano sound 
sample that was used during the evaluation of Time-
domain, autocorrelation PVC detector. A preliminary 
DFT analysis (65536 samples window size, averaged 
over whole observation with 80% overlap) confirms the 
presence of 50Hz hum signal  (Fig. 14), although it’s 
not noticeable during a typical listening session.  
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Fig. 14 Fragment of averaged spectrum of piano sound 
sample indicating presence of 50Hz hum 

Prior to further analysis the sound sample was subjected 
to downsampling. Some tests were conducted to qualify 
sampling frequency that would yield best results. As the 
frequency of signal being tracked is typically just on the 
verge of the “musical”  band, sampling frequency equal 
to 130Hz was used in order to include as little of these 
“useful” components as possible. The experiments with 
changing sampling frequency showed that it is possible 
to obtain better sounding results when the sampling 
frequency is fixed to 4 times of the expected hum 
frequency and the bandpass filtering is used. This led to 
the idea that for best fitting of used filter a visual tool 
should be used, that would allow to “drag”  bounds over 
the zoomed spectrogram. The spectrogram zoom 
function was implemented in DeWower application for 
this purpose.  

Further experiments were conducted to designate best 
values of frame length and overlapping. The “ ideal”  
frame length depends heavily on sampling frequency 
used. It was evaluated that for sampling frequency of 
130Hz it is possible to obtain satisfactory results with 
frame lengths as low as 8 samples, best performing at 
16, while 200Hz sampling frequency requires the use of 
16 – 20 samples frame. It was observed that 50% 
overlapping gives good results of analysis and no 
further increase in quality was observed beyond that, 
while computational cost rises significantly. It is worth 
noting that the AR-analysis, which has computational 
complexity of O(n3), where O(n2) results from the use of 
Levinson-Durbin recursion, performs well for such  a 
small frames, so that the described algorithm runs faster 
than real-time.  

The crucial part of frequency tracking is the selection of 
appropriate pole of modeled AR-filter. This selection is 
based on past values. First approach relied only on 
tracking of frequency of poles. Some experiments were 
conducted to evaluate selection based on both frequency 
and amplitude. It was determined that inclusion of 
amplitude tracking did not increase selection quality 
noticeably, yet slightly stabilized algorithm behavior 
with regard to changing input parameters, like filter 
bandwidth, and maximal allowed frame-to-frame 
frequency deviation. Consequently, it is possible to 
control the importance of both factors. 

During the post-processing phase filtering is used to 
smooth obtained PVC curve. Both MA and median 
filtering were evaluated, with the latter giving audibly 
better results (but also posing higher computational 
cost). 

The implemented algorithm performs very well, both in 
terms of quality and efficiency, when used on 
appropriate class of signals. It is possible to manually 
“ tune” various aspects of the described method to better 
suit various recordings, but for most cases 
predetermined, empiric default values yield satisfactory 
accuracy, so only minimal user interaction was required, 
which may be further simplified through the use of 
intuitive user interface.  

7.3. Algorithm for high-frequency bias 
tracking in magnetic recordings 

An archive audio material recorded in 1979 on the ¼” 
magnetic tape running at a 7.5 inches per second rate 
was utilized for algorithm evaluation purposes. The 
nominal value of the bias frequency was equal to 80.5 
kHz. The tape playback was conducted using the Revox 
B77 tape player. The main difficulty of the 
digitalization process was the playback head bandwidth 
limitation, which made it impossible to sample both the 
audio content and HFB signal, simultaneously. 
Therefore, to overcome this problem, the tape speed had 
to be reduced (in the experiments, the speed was 
decreased by two). In result, the audio signal bandwidth 
was compressed, the HFB frequency was transposed 
down in order to be reproduced easily by the tape 
player’s head. 

The duration of each STFT block was set to 5.3 ms, 
bringing suitable time-frequency resolution for pitch 
variation curve estimation. Additionally, to decrease 
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computational complexity, the overlapping was not 
applied. The value of p parameter, which controls the 
slope of the preemphasis curve (Eq. 9). was set to 2. An 
example spectrogram with estimated pitch variation 
curve, showing performance of the algorithm is 
presented in Fig. 15.   

 

Fig. 15 Resulting PVC displayed by the DeWower 
program on the background spectrogram representation  

The result reveals an accurate PVC estimation (i.e. PVC 
without any frequency drops and discontinuities). It is 
worth mentioning that smoothing of the spectrogram, 
both in time and in frequency domain allowed reducing 
influence of the HFB amplitude irregularities on the 
frequency detection. Fig. 16 shows a spectrogram of a 
restored sound example, where PVC was estimated with 
the use of described method, while restoration was 
performed with the use of non-uniform resampling 
algorithm described in Section 5.  

 

Fig. 16 Spectrogram of restored sound sample displayed 
by the DeWower program 

It can be noted from the spectrogram image that the 
frequency of the bias signal remains constant over time. 

The proposed PVC estimation method is not fully 
automatic, i.e. an initial calibration of a few parameters 
needs to be performed by the operator, if necessary. It 

allows one to tune the PVC detector settings for any 
particular case. A higher time-domain resolution 
analysis should be provided by setting shorter length of 
the STFT frames for magnetic recordings contaminated 
with rapidly changing wow, and also by increasing the 
overlap length. On the other hand, very old magnetic 
recordings usually suffer from very high irregularities of 
the bias amplitude, and for this reason employing longer 
frames might be necessary. Additionally, if the energy 
of the HFB signal is very low, it might be necessary to 
increase the value of the p parameter influencing the 
preemphasis slope. 
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