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Abstract In the sound archive field, a long-term mainte-
nance of the collective human memory in its original form is
not sustainable. All physical carriers are subject to degrada-
tion and the information stored on such carriers is bound to
vanish. Only a re-mediation of the original documents can
prevent precious knowledge from being permanently lost. In
particular, ethnic music audio documents are often recorded
on non-professional carriers by means of amateur record-
ing system, or, more in general, in fieldwork circumstances.
Thus, the preservation of the carrier and the restoration of the
audio signal are crucial to avoid the permanent loss of the
musical heritage, which is already heavily corrupted. This
article describes the protocols defined, the processes under-
taken, the results ascertained from several audio documents
preservation/restoration projects carried out in the ethnic
music field, and the techniques used. In particular: (i) a num-
ber of recommendations are given for the re-recording pro-
cess, and (ii) an audio restoration environment (constituted
by three audio restoration tools), developed using the VST
plug-in architecture and optimized for different audio carriers
(cylinders, shellac discs, tapes) is detailed. The experimen-
tal results and the perceptual assessment presented show the
effectiveness of the restoration environment developed by the
author.
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1 Introduction

The analysis of Western music has been developed almost
exclusively on the basis of written scores, which represent
musical performance models, rather than the performance
itself.

This work refers to the audio documents preservation/res-
toration related to ethnic music, a genre characterized by
cultural processes rather than abstract musical types related
not only to the feudal, capitalist and some oriental societies
(e.g., Union of Soviet Socialist Republics, People’s Repub-
lic of China) but also to “primitive” and “popular cultures”
[1]. In ethno-musicology, music is part of a cultural con-
text and social life: the audio document contains information
about the whole context in which the document was pro-
duced. These audio documents are affected by the problems
of multiple carrier1 and formats.

Ethno-music archives and cultural institutions begin to
show a keen awareness both for the opportunities offered
by the new media to improve and spread their documentary
heritage, and for uncontrolled duplication and manipulation
risks arising from transfer onto digital carriers and to on-line
access. There have been several EU research projects on di-
gital curation2 of audio documents in different contexts and
from different points of view (IST, Culture2000, Mediaplus,
Interreg, eContentplus, etc.), but very few of them are focused
on ethnic music. Moreover, as it is well known, the multidis-
ciplinary research in a multicultural society preservation—of
which the (carrier and signal) restoration of audio documents

1 E.g., in analogue domain: wax cylinders, sonofils, discs, tapes, and
cassettes; in digital domain: magnetic tapes and optical discs.
2 Digital curation is the process of establishing and developing long
term repositories of digital assets for current and future reference by
researchers, scientists, and historians, and scholars generally [2].
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is an outstanding example—fits perfectly in the Sound and
Music Computing roadmap [3] (challenge 3) as defined in
the scientific community.

Despite the youthfulness of the musical recording technol-
ogies and the content, their preservation is already becoming
an important issue to avoid the loss of precious cultural her-
itage recordings. These documents have a shorter life span
compared to other cultural heritage materials and their main-
tenance and restoration introduce novel problems requiring
different and original approaches. Ethnic music, in particular,
is not based on score notation, thus the traditional Conser-
vatories of Music are unable to “preserve” the performance
praxis.

The ethnic music audio documents are particularly com-
plex in terms of preservation, signal restoration, retrieval,
and access. The ethnic-musical heritage is in danger of disap-
pearing, of being forgotten in some public archive or, in most
cases, a private collection, because of the poor quality of the
material on which the audio documents were recorded and the
rapid evolution of the recording formats—that make obsolete
and scarcely readable many old recordings: the ethnic music
recordings were often made with non-professional systems
(low-quality, poorly aligned and maintained—often by tech-
nically unskilled researchers—without generally accepted
standards and recording practices) or, more in general, in
fieldwork circumstances (that implies a low signal to noise
ratio (SNR) in the audio signal). Obviously, this has not been
the destiny of music repertoires of wider interest, such as
vocal or classical music, rock/pop, or jazz. In these cases, the
recording companies have re-recorded most of the audio doc-
uments, particularly those of high commercial value. Unfor-
tunately, the same has not happened to ethnic and traditional
repertoires.

The ethnic music audio documents are often the only
witnesses of disappeared oral cultures. Their preservation
requires procedures, detailed for every type of carrier, able
to preserve not only the recorded audio but also all the meta-
data and contextual information which can be useful for the
musicological research. In this sense, this field of study is par-
ticularly important to preserve the document and to restore
the audio signal in a musicologically correct way. It must
be noted that in the past the lack of musicological sever-
ity and attention to source consistency has already produced
several gross mistakes in the A/D transfer of musical audio
archives, producing yet more sources which often feature
disfiguring transmission errors. Interesting examples can be
retrieved in [4]. These actions presuppose the presence of
several highly skilled experts, since the damages of a bad
preservation or an inadequate (carrier and) signal restoration
are usually irreversible. Preservation and restoration activi-
ties should be planned and performed within agreed inter-
national standards and procedures and carried out within
institutional environments. This is a challenge in which signal

processing, sound and music computing, and ICT research
can contribute significantly.

By studying examples from this field, a broad range of
challenging problems has been discovered and analyzed.

For what concerns audio memories, preservation is divided
into passive preservation, meant to defend the carrier from
external agents without altering the structure, and active pres-
ervation, which involves data transfer onto new media. Active
preservation allows us to copy, handle and store the audio
documents in virtual spaces that can be remotely accessed by
large communities. Digitization is necessary to prevent the
documents from disappearing, and it is desirable because it
allows to distribute them on a wide scale. The commingling
of a technical and scientific formation with historic-philo-
logical and philosophical knowledge also becomes essential
for preservative re-recording operations, which do not com-
pletely coincide with pure A/D transfer, as is, unfortunately,
often thought. Three examples will be made, in different
music genres.

(1) Stria (John Chowning, 1977): in the CCRMA version
(four-channels), there was a signal discontinuity in the
D/A conversion of the data at 6′ 29′′ (389′′) from the
original computation that was unintended. This caused a
sudden change of timbre and a consequent click: “[T]he
PDP-10 burped!” [5]. This imperfection in the com-
putation emerges slightly, but very clearly indeed, in
the audio source. John Chowning did not re-compute
the section to eliminate this problem. He rather learned
to accept it “as one does a birth mark or beauty mark
on ones skin…noticeable but of no substantive conse-
quence” [5]. The faulty, imperfect, and therefore fas-
cinating four-channel version is the version that John
Chowning now uses to play during the concerts. Con-
versely, in the commercial version (CD Wergo, WER
2012-50) this “burp” is missing. The audio is truncated
exactly at that point (6′ 29′′) with a fade out to the fol-
lowing section. This is an example of a lack of the phil-
ological attention during the re-recording process. For
a detailed description of this transmission error see [5].

(2) Y entonces comprendió (Luigi Nono 1970): it is a four-
channel music work. Luigi Nono produced also a ste-
reophonic version in a four-channel tape (A, B, C, D),
mixing the original four-channel tape (1, 2, 3, 4):
A = 1 + 3; B = 1 + 3; C = 2 + 4; D = 2 + 4. The Stereo Long
Playing Deutsche Grammophon DGG 2530436 (stereo:
X, Y) was mixed: X = A + C; Y = B + D. In this way,
a stereo version is reduced to a monophonic version,
because of a transmission error.

(3) The commercial audio discs, dating from 1894, have
been recorded following a large set of different carriers
and encodings. As for their physical composition, audio

123



The digital curation of ethnic music 123

discs can range from fragile forms such as rubber (the
earliest disc recordings), acetate, or lacquer (sometimes
with glass, aluminum, or cardboard backings), to more-
durable shellac and vinyl discs and the metal masters
used to stamp commercial discs. The distinct charac-
teristics of each disc type require different techniques,
often highly specialized, to coax the sound from the car-
rier. So, in this case several choices (in relation with the
phonographic disc history) are necessary to optimize
the extraction of the audio signal from the original car-
rier: the pick-up arm, the cartridge, the stylus, the speed,
and the replay equalization are all factors that influence
the result of the re-recording process.

This work aims at presenting the state of the art in the field
of preservation and signal restoration of ethnic music audio
documents considering several problems, that can be summa-
rized in the following question: “Where does the authenticity
of a musical audio document lie, when there are neither scores
nor a univocal and well-established performance praxis?”

Considering the term authenticity, a wide variety of pos-
sible meaning appears just by looking at the different study-
ing fields; from archaeology, philosophy, psychology, history
this concept is altered, measured and directed into the specific
focus fields. In this article the term authenticity will be dealt
in the field of musicology, and even more specifically: the
field of the musical recordings. Several sublevels of authen-
ticity will be enumerated: in particular one of these—let us
call it playback authenticity—is surely related with audio
documents preservation/restoration. Recording music does
not guarantee the identical sound when played back. All the
more, it is even impossible to recreate the audio signal 100 %
identical as the sounding source of the signal. Regarding the
way sound is captured, there are already—human inaudi-
ble—signals omitted because of the chosen recording capac-
ities. Recording (especially digital) can be seen as a bottle
neck: the selected values of sample rate and bit rate are the
maximum quality borders of the signal recorded. Irrecover-
ably cropped at the chosen bit rate and sample rate, the signal
cannot regain its original spectrum. Nowadays standards of
digitalization prescribe 24 bit and 96 kHz (or even 192 kHz)
because that covers sufficiently the range of the human ear
capacities. But speaking in purely physical terms is not pos-
sible to create the ultimate identical playback of a recorded
sound. However trying to aim for the best playback possible
contains already quite some challenges: speed determina-
tion, equalization, type of (analogue) playback machine, and
so on. For correct playback of a music, the author-intended
authenticity can come close to the meant sound, but simply
applied or wrong interpreted author intentions (composer-
made notations) are dangerous for misleading playback. For
music from oral cultures, there is no author guiding opin-
ion. So the musicologist has to make an objective decision in

variable settings of playback. Aiming at the objective best
playback—sounding as during recording—most analogue
audio carriers need study before re-recording can proceed
successfully. The multiple physical playback problems have
caused that this category is not assimilated into the author
intended authenticity. Enumerating some topics of the list of
possible dilemmas of playback, the exact speed determina-
tion of most older analogue recordings is very difficult. The
correct equalization of the sound is also very important for the
appropriate proportion of the low–middle–high frequencies
of the sound. With magnetic tapes great importance has to be
given to the type of head which was used during the record-
ing. Using another type of head will significantly lower the
dynamic range of the music. Other phenomena involved in
a correct playback are the azimuth (horizontal equilibration
of the head) and the sticky shed syndrome (polyester tapes
are slightly sticking because of chemical breakdown of the
binder, so cooking is necessary).

Section 2 summarizes the most significant positions of
the debate evolved since the Seventies inside the archival
community on the historical faithfulness of the active pres-
ervation. Section 3 proposes a preservation protocol defined
ad hoc for ethnic audio archives. The ethnic music audio
documents are usually recorded with a SNR. Thus, for their
appropriate fruition and/or for a suitable use of music infor-
mation retrieval (MIR) techniques, it is necessary to process
the audio signals by means of audio restoration techniques.
Section 4 details an audio restoration environment (consti-
tuted by three audio restoration tools), developed using the
VST plug-in architecture and optimized for different audio
carriers (cylinders, shellac discs, tapes). Experimental results
of these tools are presented in Sect. 5. In order to validate the
system, two analyses were carried out, to demonstrate the
effectiveness of the restoration environment:

(1) an objective comparison, measuring the gain intro-
duced by the tools developed by the author, in com-
parison with some standard filters at the varying of the
noisy signal SNR, considering 35 ethnic music docu-
ments;

(2) a perceptual assessment, using the EBU MUSHRA test
protocol [6] (Sect. 6).

2 Historic overview

To date, the A/D transfer represents the only solution able
to efficiently contrast the eclipse of audio documents and to
guarantee content transmission. During the re-recording onto
the new media, the communication forms change, thus outlin-
ing a plurality of approaches to the audio documents, which
variously raise the typical philological problems related
to the authenticity and interpretation of the documents.
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A reconnaissance on the most significant positions of the
debate evolved since the Seventies inside the archival com-
munity on historical faithfulness of the active preservation
points out at least three different perspectives [7].

Storm [8] individuates two types of re-recording which
are suitable from the archival point of view: (1) the sound
preservation of audio history, and (2) the sound preservation
of an artist. The first type of re-recording (Type I) repre-
sents a level of reproduction defined as the perpetuation of
the sound of an original recording as it was initially repro-
duced and heard by the people of the era. The second type
of re-recording (Type II) was presented by Storm as a more
ambitious research objective: it is characterized by the use
of a different playback equipment than the original one, with
the intent of obtaining the live sound of original performers,
transcending the limits of a historically faithful reproduction
of the recording.

Schüller [9] and (cited in) [10] points directly towards
defining a procedure which guarantees the the best quali-
ty of the re-recording of the signals, minimizing the audio
processing as much as possible. He goes on to an accu-
rate investigation of signal alterations, which he classifies
in two categories: (1) intentional and (2) unintentional. The
former includes recording equalization, and noise reduction
systems, while the latter is further divided into two groups:
(i) caused by the imperfection of the recording technique of
the time (e.g., distortions), and (ii) caused by misalignment
of the recording equipment (wrong speed, deviation from
the vertical cutting angle in cylinders or misalignment of
the recording head in magnetic tapes). The choice whether
or not to compensate for these alterations reveals different
re-recording strategies: (A) the recording as it was heard in
its time (Storm’s Audio History Type I); (B) the recording as
it was produced, precisely equalized for intentional recording
equalizations (1), compensated for eventual errors caused by
misaligned recording equipment (2ii) and replayed on mod-
ern equipment to minimize replay distortions; (C) the record-
ing as produced, with additional compensation for recording
imperfections (2i).

Brock-Nannestad [11] examines the re-recording of
acoustic phonographic recordings (pre-1925). In order to
have scientific value, the re-recording requires a complete
integration between the historical-critical knowledge which
is external to the signal (ancillary information) and the objec-
tive knowledge which can be inferred by examining the car-
rier and the degradations highlighted by the analysis of the
signal.

3 Preservation protocol

Starting from the positions listed in Sect. 2, let us define
the preservation copy as a digital data set that groups the
information carried by the audio document, considered as an

artifact. It aims at preserving the documentary unity, and its
bibliographic equivalent is the facsimile or the diplomatic
copy. Restoration processes are allowed only when they are
finalized to the carrier restoration. Differing from the Schül-
ler position, my belief is that—in a preservation copy—only
the intentional alterations should be compensated (correct
equalization of the re-recording system and decoding of any
possible intentional signal processing interventions). On the
contrary, all the unintentional alterations (also those caused
by misalignments of the recording equipment) could be com-
pensated only at the access copy level (i.e., in a duplication
of the preservation archive copy) these imperfections/distor-
tions must be preserved because they witness the history of
the audio document transmission.

The A/D transfer process should represent the original
document characteristics as it arrived to us. According to the
indications of the international archive community [12,13]:
(1) the recording is transferred from the original carrier; (2)
if necessary, the carrier is cleaned and restored so as to repair
any climatic degradations which may compromise the qual-
ity of the signal; (3) re-recording equipment is chosen among
the current professional equipment available in order not to
introduce further distortions, respecting the original mechan-
ical analogies; (4) the sampling frequency and bit rate must
be chosen in respect of the archival sound record standard
(at least, 48 kHz/24 bit, following the slogan: the worse the
signal, the higher the resolution3); (5) the digital audio file
format should support high resolution, and should be trans-
parent with simple coding schemes, without data reduction.

The process of active preservation produces a particularly
large and various set of digital documents, which are made up
of the audio signal, the metadata and the contextual informa-
tion (the term metadata indicates content-dependent informa-
tion that can be automatically extracted by the audio signal;
contextual information indicates the additional content-inde-
pendent information).

In order to preserve the documentary unity it is there-
fore necessary to digitize contextual information, which is
included in the original document and the metadata which
comes out from the transfer process: the information written
on edition containers, labels and other attachments should be
stored with the preservation copy as static images, as well as
the photos of clearly visible carrier corruptions. A video of
the carrier playing—synchronized with the audio signal—
ensures the preservation of the information on the carrier
(physical conditions, presence of intentional alterations, cor-
ruptions, graphical signs). The video file should be stored
with the preservation copy. The selected resolution and the
compression factor must at least allow to locate the signs and
corruptions of the support. In the author’s experience, the res-
olution of 320 × 240 pixels and a DV JPEG compression,

3 George Brock-Nannestad: a personal oral communication.
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with no more of 65 % of quality is considered a satisfactory
tradeoff. In this way, it is possible to use the metadata extrac-
tion methods to describe the carrier corruptions presented in
[14].

Finally, a descriptive sheet (consistent with the database
of the audio archive) with all the information on the A/D
equipment used and the original document, should be stored
in the preservation copy in order to simplify the access to
data and to avoid concurrency problems.

4 Access copy

The ethnic music audio documents are usually recorded with
a SNR. Thus, for their appropriate fruition and/or for a suit-
able use of MIR techniques it is necessary to process the
audio signals by means of audio restoration techniques. This
section presents an audio restoration environment (consti-
tuted by three audio restoration tools), developed using the
VST plug-in architecture and optimized for different audio
carriers (cylinders, shellac discs, tapes).

Differing from the Schüller position, I propose four dif-
ferent approaches that can be adopted in a combined way
with audio restoration algorithms, in accordance with the
final purposes of the access copy:

– Documental approach: in this case, the de-noise algo-
rithms only concern the cases in which the internal evi-
dence of the degradation is unquestionable (e.g., noise
due to the carrier degradation), without going beyond the
technological level of that time.

– Aesthetical approach: it pursues a sound quality that
matches the actual user’s expectations (for both new com-
mercial editions and to arrange the signal before the use
of MIR techniques).

– Sociological approach: it has the purpose of obtaining a
historical reconstruction of the recording as it was lis-
tened to at the time (see Storm, Type I in Sect. 3).

– Reconstructive approach: it has the objective to preserve
the intention of the author (see Storm, Type II in Sect. 3).

In order to achieve one or more of these aims, it is neces-
sary to have at disposal several audio restoration instruments.
The audio restoration algorithms can be divided into three
categories [15]:

1. frequency-domain methods, such as various forms
of non-casual Wiener filtering or spectral subtraction
schemes and recent algorithms that attempt to incor-
porate knowledge of the human auditory system; these
methods use little a priori information;

2. time-domain restoration by signal models such as
extended Kalman filtering (EKF): in these methods a

lot of a priori information is required in order to esti-
mate the statistical description of the audio events;

3. restoration by source models [16]: only a priori infor-
mation is used.

The advantage of frequency-domain methods is that they are
straightforward and easy to implement. However, the lim-
itations are as follows: musical noise (short sinusoids ran-
domly distributed over time and frequency) is unavoidable;
the results depend on a good noise estimation. Restoration by
source model is limited to very few cases (e.g., only mono-
phonic recordings) and it is not generalizable. The EKF is
able, in principle, to simultaneously solve the problems of
filtering, parameter tracking and elimination of the outliers,
but it is very sensitive to parameter setting (i.e., the order p
of the AR model; the length q of the signal vector, the length
of the initial training segment in the bootstrap procedure, the
adaption speed λ, the forgetting factor γ , the threshold μ for
detection of impulsive noise).

The author developed innovative algorithms, using the
VST plug-in architecture, able to offer satisfying solutions to
the problems, connected with the multiple carrier, peculiar to
ethnic music recordings. The algorithms are detailed in the
next subsections:

– Canazza REstoration Audio-extended Kalman filter
(CREAK): A de-noise and de-click system based on
EKF, dedicated to the restoration of audio signal
re-recorded from shellac discs: SNR, clicks, pops, crackle.

– Canazza-Mian Suppression Rule (CMSR): A de-noise
algorithm based on STSA (Short Time Spectral Atten-
uation), dedicated to the restoration of audio signal re-
recorded from wax and amberol cylinders and shellac
discs: low SNR.

– Perceptual audio restoration (PAR): A de-hiss based on
perceptual algorithm for reel-to-reel tapes and cassettes:
high SNR.

Of course, regardless their dedications, in a real restoration
work it is opportune to combine these tools in order to obtain
the better results.

4.1 CREAK: a de-noise and de-click system dedicated
to shellac discs

In this tool, we employ an algorithm whose objective is
to simultaneously solve the problems of filtering/parameter
tracking/elimination of the outliers (“clicks”) by using the
EKF theory, as proposed by Niedzwiecki and Cisowski [17–
19]. In particular the algorithm in [19] can be interpreted as
the nonlinear combination of two Kalman filters: the first is
used to follow the slow variations of the signal time-vary-
ing AR model parameters, while the second takes part in
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the reduction of background and impulsive noise. Because
the old analogue discs (in particular: shellac discs) are cor-
rupted by a broadband noise and by a large amount of impul-
sive disturbances (pops, clicks, and crackle), this algorithm is
suitable for these carriers. In order to achieve maximum per-
formance from the EKF, it is essential to optimize its imple-
mentation. For this purpose, to cope with the non-stationary
nature of the audio signal, we used two properly combined
EKF filters (forward and backward), and introduced a boot-
strapping procedure for model tracking. The careful combi-
nation of the proposed techniques and an accurate choice of
some critical parameters, allows to improve the performance
of the EKF algorithm. The problem statement as well as some
improvements on the filter stability and the tracker part are
detailed in [20]. Here, we describe some improvements suit-
able for the restoration of shellac discs.

4.1.1 Bootstrap procedure

The first problem we deal with is the choice of the filter ini-
tial conditions. To this purpose, let us notice first that start-
ing the algorithm from scratch implies an initial transient
of the parameter tracker during which the EKF noise reduc-
tion capabilities are greatly reduced. To solve the problem,
I have found useful to introduce a bootstrap procedure: the
first 100 ms of the signal are time-reversed and fed to the
filter. This way, parameters for a proper initialization of the
model are estimated and restoration of the “true” signal will
use these values as initial conditions.

4.1.2 Forward/backward filtering

The non-stationarity of the audio signal has an important con-
sequence: the results of the forward and backward (reversing
the time axes) filtering can be different. The algorithm is
directional for its nature, that is, it uses the whole past his-
tory plus a finite number of future samples, depending on the
model order. A provision that improves the algorithm perfor-
mance is given by the use of two properly combined EKFs
operating forward and backward on the signal [21].

It is clear that, with broadband noise, sharp changes in
dynamics of the music signal are treated in a more effective
way if they are “covered downhill” (i.e., passing from loud to
soft intensity), independently from the direction of the filter.
This is due to the fact that the estimate of the EKF benefits
from having a signal segment with a better local Signal to
Noise Ratio, before the transition loud/soft.

The comparison between the residuals of the forward and
backward filtering shows that the former works better than
the latter at the end of the restored segment, and that the
opposite situation holds in the initial zone.

Furthermore, the forward/backward strategy improves the
detection of impulsive disturbances: indeed, it can happen

that the clicks are identified (and removed) in a more effec-
tive way in one direction than in the other [22].

Since the two filters give different signal estimates, ŝ+(t)
(forward) and ŝ−(t) (backward), we found it effective to com-
bine them according to:

ŝw(t) = σ̂ 2
ε−(t)

σ̂ 2
ε+(t) + σ̂ 2

ε−(t)
ŝ+(t) + σ̂ 2

ε+(t)

σ̂ 2
ε+(t) + σ̂ 2

ε−(t)
ŝ−(t)

(1)

The basic idea is to weigh ŝ+(t) and ŝ−(t) in a way that
is inversely proportional to signal variance σ̂ 2

ε .
With such a provision it is possible, in the author’s experi-

ence, to effectively remove broadband noise in audio signal
with low SNR and, since we have two different click detec-
tors, the effectiveness in removing impulsive disturbances is
also improved. In this sense, it is particularly well-suited for
the restoration of analogue discs.

4.2 CMSR: a de-noise algorithm dedicated to wax
and amberol cylinders and shellac discs

The most widespread techniques (Short Time Spectral Atten-
uation, STSA) employ a signal analysis through the Short-
Time Fourier Transform (which is calculated on small
partially overlapped portions of the signal) and can be con-
sidered as a non-stationary adaptation of the Wiener filter in
the frequency domain. The time-varying attenuation applied
to each channel is calculated through a determined suppres-
sion rule, which has the purpose of producing an estimate
(for each channel) of the noise power. A typical suppression
rule is based on the Wiener filter [22]: usually the mistake
made by this procedure in retrieving the original sound spec-
trum has an audible effect, since the difference between the
spectral densities can give a negative result at some frequen-
cies. Should we decide to arbitrarily force the negative results
to zero, in the final signal there will be a disturbance, con-
stituted of numerous random frequency pseudo-sinusoids,
which start and finish in a rapid succession, generating what
in literature is known as musical noise.

More elaborated suppression rules depend on both the rel-
ative signal and on a priori knowledge of the corrupted signal,
that is to say, on a priori knowledge of the probability distri-
bution of the under-band signals [22]. A substantial progress
was made with the solution carried out in Ephraim and Malah
[23], that aims at minimizing the mean square error (MSE)
in the estimation of the spectral components (Fourier coef-
ficients) of the musical signal. The gain applied by the filter
to each spectral component does not depend on the simple
Signal to Noise Ratio (Wiener Filter), but it is in relation
with the two parameters Yprio (SNR calculated taking into
account the information of the preceding frame) and Ypost

(SNR calculated taking into account the information of the
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Fig. 1 The audio signal transformation from “outer to “inner repre-
sentation. The signal x(n) is first windowed by the w(n) window and
transformed in the frequency domain. The short time spectral power is

transformed from Hertz ( f ) to Bark (z) scale, band-limited and spread
both in time and frequency

current frame). A parameter (α) controls the balance between
the current frame information and that of the preceding one.
By varying this parameter, the filter smoothing effect can be
regulated. Yprio has less variance than Ypost: this way, musical
noise is less likely to occur (see [23,24] for details).

Unfortunately, in the case of cylinders or shellac discs an
optimal value of α does not exist, as it should be time-varying
(because of the cycle-stationary characteristics of the cylin-
der/disc surface corruptions). Considering this, the author
has developed a new suppression rule (Canazza-Mian4 Sup-
pression Rule, CMSR), based on the idea of using a punctual
suppression without memory (Wiener like) in the case of a
null estimate of Ypost, according to:

α =
{

0.98, if Ypost(k, p) > 0

0, otherwise.
(2)

The experiments carried out confirm that the filter per-
forms very well, with a noise removal decidedly better than
other suppression rules (e.g., classic EMSR) and with the
advantage of not introducing musical noise, at least for SNR
∈ [0 ÷ 20] dB (a typical value in the audio signal re-recorded
from the cylinder and shellac discs). Furthermore, the behav-
ior in the transients is similar of the EMSR filter, without
having the perceptual impression of a processing “low-pass
filter” like.

4.3 PAR: a de-hiss perceptual algorithm dedicated
to reel-to-reel tapes and cassettes

This tool considers the perceptually relevant characteristics
of the signal. This way, within model fidelity, only the audi-
ble noise components are removed in order to preserve the
signal from possible distortions caused by the restoration pro-
cess. In this sense, this method is particular suitable for the
restoration of signals with a high SNR (SNR > 20 dB).

4 Mian (1942–2006) was a professor of Digital Signal Processing at
the Dept. of Information Engineering, University of Padua, a leading
researcher in our department, and an outstanding teacher whose bright-
ness and kindness I will always remember. These results are affection-
ately dedicated to his memory.

To filter the noise in a perceptually meaningful way, it is
necessary to transform the audio signal from an “outer” to
“inner” representation, i.e., into a representation that takes
into account how the sound waves are perceived by the audi-
tory system. The device used is the Beerends and Stemerdink
model [25], sketched in Fig. 1. The signal x(n) is first win-
dowed by the w(n) window and transformed in the frequency
domain. The short time spectral power is transformed from
Hertz ( f ) to Bark (z) scale, band-limited and spread both in
time and frequency.

As a result, the outer frequency domain representation
Y (p, f ) = X (p, f ) + D(p, f ), with X and D signal and
noise spectrum estimates, is transformed into the internal rep-
resentation Ỹ (p, z) ≈ X̃(p, z)+ D̃(p, z), defined in the Bark
domain, band-limited and processed taking into account the
spreading both in time and frequency. Finally, the Ỹprio and
Ỹpost terms (see Sect. 4.2) are calculated according to the
inner representation and the gain G̃(p, z) is derived. Figure
2 shows a representative example: a sinusoid with broad-
band noise (top) and after the perceptual de-noise (bottom),
in which it can be noticed that only the audible noise com-
ponents are removed.

Fig. 2 A sinusoid with broadband noise (top) and after the perceptual
de-noise (bottom). Only the audible noise components are removed.
X-axis: frequency normalized to the Nyquist frequency; Y -axis: power
spectrum magnitude (dB)
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Fig. 3 Top The waveform of
the original (corrupted) audio
extract. Bottom The
reconstructed data by CMSR.
The increase of SNR can be
noticed. X-axis: time (s). Y axis:
amplitude (normalized)

5 Experimental results

We conducted a series of experiments with real usage data
from different international audio archives. In this section
we present our experimental results of applying the above
described techniques related to audio restoration. As first case
study, Fig. 3 shows a restoration of a wax cylinder by means
of CMSR (see Sect. 4.2). The song is My Mariuccia take-
a steamboat, performed by Billy Murray (vocal tenor) in
1906. Edison Gold Moulded Record: 9430; cylinder length:
2’ 13”. It is a comic song in Italian dialect with orchestra
accompaniment. In Fig. 3: at the top there is the waveform of
the original (corrupted) audio extract, at bottom, the restored
data by means of CMSR. Only a de-noise is performed. An
increase of SNR can be noticed.

Considering impulsive disturbances, the Fig. 4 shows a
de-click of a shellac disc by means of CREAK (see Sect. 4.1).
The song is La signorina sfinciusa (The funny girl), per-
formed by Leonardo Dia. Shellac 78 rpm 10”, Victor
V-12067-A (BVE 53944-2); disc length: 3’ 19”. The lyrics
are in an Italian dialect, with the musical accompaniment
of a mandolin (Alfredo Cibelli) and two guitars (unknown
players). Recorded in New York, July, 24, 1929. In Fig. 4 is
pointed out a click, before (top) and after (bottom) the audio
restoration performed by CREAK.

In a third case study, a tape recording (unpublished) of
Portuguese fado music (from the audio archive of the Uni-
versidade Nova de Lisboa, Faculdade de Ciencias Sociais

e Humanas, Portugal5) is considered. In this case we per-
formed only a de-noise by means of PAR tool. Figures 5
and 6 show the corrupted (top) and restored (bottom) signals
respectively in time and frequency domains of two different
(representative) excerpts of the musical piece.

Finally, an example of a combined methods is presented.
We consider the shellac disc Nofrio e la finta americana,
performed by Giovanni De Rosalia and Francesca Gaudio
(vocals). Shellac 78 rpm 10”, Victor 72404 B (B 22911-2);
disc length 2’ 40”. Recorded in New York, June 11, 1919. In
this case, we carried out de-click and de-noise by means of
CREAK. Because of the low SNR (SNR ∼ 5 dB), we pro-
cessed the signal also with CMSR. In this way, we obtained a
SNR = 40 dB6, without introducing particularly audible dis-
tortions (musical noise). Figures 7 and 8 show the corrupted
(top) and restored (middle and bottom) signals respectively
in the time and frequency domains.

5.1 Comparison

Figure 9 shows the gain trend introduced by the filters
described above in comparison with some standard filters
(Wiener filter, Power Subtraction [22], EMSR [23,24]) at

5 The author would like to thank Salwa Castelo Branco for sharing the
audio documents of the archive.
6 The measuring of noise power is made by taking the noise print in an
interval where there is only background noise.
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Fig. 4 Top The waveform of
the original (corrupted) audio
extract. Bottom The
reconstructed data by CREAK.
The click removal can be
noticed. X-axis: time (s). Y -axis:
amplitude (normalized)

the varying of the noisy signal SNR, considering 35 carriers
of ethnic music (20 shellac discs recorded from 1910 to 1930,
6 wax cylinders recorded from 1900 and 1914, and 9 open-
reel music tapes recorded from 1960 to 1975). The term gain
indicates the difference between the de-noised signal SNR

and the input signal SNR. As can be noticed, all the three
filters have a good performance, in particular CMSR for sig-
nal with low or medium SNR, CREAK for SNR [15 ÷ 30]
dB and PAR seems adapt to reduce the noise in audio signal
with a good SNR.

Fig. 5 Top the waveform of the
original (corrupted) audio
extract. Bottom the restored data
by PAR. X-axis: time (s).
Y -axis: amplitude (normalized)
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Fig. 6 Top the spectrum of the
original (corrupted) audio
extract. Bottom the restored data
by PAR. X-axis: time (s).
Y -axis: frequency (Hz)

Fig. 7 Top the waveform of the original (corrupted) audio extract. Middle de-clicked and de-noised by CREAK. Bottom de-noised by CMSR.
X-axis: time (s). Y -axis: amplitude (normalized)
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Fig. 8 Top the spectrum of the original (corrupted) audio extract. Middle: de-clicked and de-noised by CREAK. Bottom de-noised by CMSR.
X-axis: time (s). Y -axis: frequency (Hz)

Fig. 9 Gain trend introduced
by the filters in the frequency
domain at the varying of the
input SNR (SNRout-SNRin vs.
SNRin in dB). The three filters
have a good performance:
CMSR for signal with low or
medium SNR; CREAK for SNR
[15 ÷ 30] dB; PAR for high
SNR

6 Assessment

To validate the system, a listening test was carried out.

6.1 Material

Three music pieces recorded in clearly different supports
were used (see Sect. 5 for the details of these audio docu-
ments):

(1) Cylinder: My Mariuccia take-a steamboat.
(2) Shellac disc: La signorina sfinciusa.
(3) Tape: unpublished recording of Portuguese fado music.

In order to minimize the fatigue and maximize the atten-
tion of the participants, the first 20 s of each track were
selected. Since the task was more a comparison than an indi-
vidual analysis, those short extracts seemed to be sufficient.
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Restoration of the noisy stimuli was performed by CRE-
AK in de-click mode, then using CREAK, CMSR and PAR
as well as through the following commercial products:

(1) X-Click and X-Noise of Waves Restoration bundle
(Waves V6 Update 2);

(2) De-click and De-noise of Sonic NoNOISE plug-in suite
(a software tool ables to offer the same algorithms
found in the SonicStudio version);

(3) Declicker and Denoiser (enable its Musical noise sup-
pression filter) of iZotope RX v1.06;

(4) Auto Declick and Auto Dehiss of CEDAR Tools;
(5) Adobe Audition 3.0;
(6) Audacity 1.3.6 (an open source software for recording

and editing audio signals).

The plug-ins by Sonic NoNOISE and by CEDAR are used
in a Pro Tools HD 2 system. The parameters used to control
the different systems were subjectively set to obtain the best
tradeoff between noise removal and music signal preserva-
tion. This way, 27 restored stimuli were produced.

6.2 Test method

The tests were conducted using the EBU MUSHRA test
method [6], which is a recommended evaluation method
adopted by ITU [26]. This protocol is based on “double-blind
triple-stimulus with hidden reference” method, which is sta-
ble and permits accurate detection of small impairments. An
important feature of this method is the inclusion of the hid-
den reference and two bandwidth-limited anchor signals (7
and 3.5 kHz).

6.3 Training phase

The purpose of the training phase, according to the MUSH-
RA specification, was to allow each listener: i) to become
familiar with all the sound excerpts under test and their qual-
ity-level ranges; ii) to learn how to use the test equipment
and the grading scale.

6.4 Listeners

Two subject groups were selected: 12 researchers of Univer-
sities of Padua and Udine and 14 students of the Multimedia
Communication Degree (University of Udine). All the sub-
jects were musically trained.

6.5 Equipment

The audio signals were recorded at 96 kHz/24 bit (uncom-
pressed sound files) and played through Apple iMac Intel

Core 2 Duo with 2 GB 800 MHz DDR2 SDRAM (D/A con-
verter: RME Fireface 400), and headphones (AKG K 501).
The listeners could play all the stimuli under test any order
they liked, including the hidden reference and the two band-
width-limited anchor signals.

6.6 Test duration

The training session for each listener took ∼ 1 h, including
an explanation about the tests and equipment, and a practice
grading session. The grading phase consisted of 3 test ses-
sions (one for each music piece), each one containing 12
test signals (1 noisy signal, 9 restored signals, 2 anchors).
Each session took, on average, about 10 min. Subjects were
allowed a rest period between each session, but not during a
session.

6.7 Main results

The statistical analysis method described in the MUSHRA
specification was used to process the test data. The results
are presented in Table 1 as mean grades. The results from
two listeners were removed because the mean of their rates
(in absolute value) on hidden references was greater than
+/ − 0.5.

In My Mariuccia take-a steamboat CEDAR and CMSR
are the only restoration system with a score > 3; the other
software produced lower scores, with fair quality assess-
ments. The anchor at 7 kHz obtains a score greater than
0 (similar to those of a few commercial products). The
quality range between the best and the worst restoration
system is 2.60. CMSR produces scores greater than No-
NOISE; CREAK and noNOISE achieve the same score.

Table 1 Mean for restored stimuli and anchors, 24 subjects

Restoration system S1 S2 S3 Grand average

CMSR +3.10 +3.55 +2.80 3.15

CREAK +2.90 +3.95 +3.00 3.28

PAR +2.00 +1.20 +4.45 2.55

CEDAR Tools +3.20 +3.70 +4.25 3.72

NoNOISE +2.90 +1.78 +4.00 2.89

iZotope RX +2.40 +1.70 +2.40 2.17

Waves +2.30 +1.55 +3.45 2.43

Audacity +0.60 +1.25 +3.20 1.68

Adobe Audition +0.60 +0.55 +2.25 1.13

Anchor 7 kHz +0.50 +0.00 −2.50 −0.67

Anchor 3.5 kHz −1.00 −4.00 −5.00 −3.33

Stimuli: S1 = My Mariuccia take-a steamboat; S2 = La signorina
sfinciusa; S3 = Unpublished tape recording
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The best restoration systems for La signorina sfinciusa
are CEDAR, CREAK and CMSR. The anchor at 7 kHz pro-
duces scores equal to 0. The quality range between the best
and worst restoration system is only 3.45.

The best restoration systems for the stimuli recorded on
tape are PAR and CEDAR; all the other software produced
similar scores, with low quality assessments. The anchors
produces scores below 0. The quality range between the best
and worst restoration system is only 2.2.

6.8 Discussion

It is possible to make some important comments:

– Observing the quality range between the best and worst
restoration system, it seems reasonable to conclude that
all the restoration algorithms work quite well (i.e., the
user’s evaluation is good enough) with high SNR signals
(SNR > 30 dB) as well as with very low SNR stimuli
(SNR < 10 dB): see the scores achieved with the My
Mariuccia take-a steamboat and the tape stimuli.

– the behavior is in connection with the results of the objec-
tive comparison carried out (see the results showed in
Sec 5.1). Summarizing: CMSR for the low and medium
SNR, CREAK for medium SNR and PAR for high SNR.

– The best single tool is CEDAR, with a grand average
equal to 3.72 (see Tab. 1). However, let us consider the
three tools CREAK, CMSR, and PAR as a single restora-
tion environment (it could be called CARE tool: CAnazza
REstoration or Csc Audio REstoration7): in this sense, the
grand average of CARE is 3.83. This result explains the
expedience to develop (and to use, of course) different
tools, in relation to the supports considered.

7 Concluding remarks

The opening up of archives and libraries to a large telecoms
community represents a fundamental impulse for cultural
and didactic development. Guaranteeing an easy and ample
dissemination of some of the fundamental moments of the
musical culture of our times is an act of democracy which
cannot be renounced and which must be assured to future
generations, even through the creation of new instruments
for the acquisition, preservation and transmission of infor-
mation. This is a crucial point, which is nowadays the core
of the reflection of the international archival community. If,
on the one hand, scholars and the general public started pay-
ing greater attention to the recordings of artistic events, on

7 CSC stands for Centro Sonologia Computazionale, the international
laboratory of the University of Padua, leader in the Sound and Music
Computing field since 1979.

the other hand, the systematic preservation and access to
these documents is complicated by their diversified nature
and amount.

Ethno-musicologists, scholars, audio archives personnel
usually need to use a large—hardly manageable—number of
sources stored in different media: outlines and annotations,
scores, theater programmes and critical reviews, setting pho-
tos, audio signal and video footages. Although over the past
few years the European Union has provided fundings for
many projects focused on text codification and the creation
of editions in electronic format, in most cases, modeling the
traditional ecdotics methods, these studies apply technology
without a real sharing of models and methodologies already
in use by the information science [4]. In the last few years,
the great success of the Web has made the idea of using
the hypertextual philosophy, on which it is based, attrac-
tive; so, many people have adopted, uncritically at times,
ill-organized hypertextual structures with intrinsic problems
of confusion and cognitive overload: the models, which have
been used by human science so far, do not allow the user to
separate structure and contents, or to compare different media
at various abstraction levels, or to use the system in a person-
alized and adaptive way, or to aggregate the data for generat-
ing new knowledge. For this purpose, the author proposed a
new model, called PSYCHO-MAD, a Powerful SYstem with
Charming Hypermedia Objects for Music Audio Documents.
This is a not-hierarchical hypermedia model for handling the
information stored in the audio memories based on an exten-
sion of zz-structures. The cooperation activities of different
classes of actors allow the user to create new virtual hyper-
documents and dynamic views (useful, for example, in ethno
music events). The model connects, without preconceived
limitations, documents stored in different media: annotations
made by the author, scores, room programs, critical reviews,
setting photos, sound recordings and video shootings. PSY-
CHO-MAD aims to organize and manage data and knowl-
edge using a distributed, agent-based extension of innovative
data structures, the zz-structures [27,28] and it is conceptu-
ally based on:

– the idea of the musical work as an open system, that is, a
multidimensional object made up of the text, event, tra-
dition, interpretation, fruition and reception;

– the hypertextual perspective: the used hypermedia model
connects, without any previously formed restrictions, the
contextual information recreated in the musical work
from an historic-musicological, biographical and phil-
ological points of view and allows the user to listen
different texts and interpretations of the same musical
work and to compare them to scores (and other direct or
indirect sources), musicological analyses and audiovisual
recordings.
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Please see [4] for a detailed description of the model and
some case studies related to ethnic music.

The main goal of this paper is to stress that the archiv-
ing process of digitized audio documents is complete only
when it includes all the ancillary information, in particular
the contextual information of the original carriers. In this
sense guidelines to the A/D transfer are detailed in Sect. 3, in
order to minimize the information loss and to automatically
measure the unintentional alterations introduced by the A/D
equipment. The author strongly believes that the restoration
process must start from the analysis of the ancillary informa-
tion, in order not to remove intentional signal. Moreover, it is
particularly important to have at disposal several restoration
tools, customized to different kind of audio recordings (in the
same way that audio engineers use different microphones for
different musical instruments). This work has presented:

– The CARE tool (Sect. 4). The ethnic music audio doc-
uments are usually recorded in non-professional carriers
by means of amateur recording system. Thus, for their
appropriate fruition and/or for a suitable use of MIR tech-
niques is necessary to process the audio signals by means
of audio restoration techniques.

– Four different case studies (Sect. 5), carried out using
different carriers.

– An objective comparison, in order to validate the system,
of the CARE tool with some standard filters at the vary-
ing of the SNR, considering 35 ethnic music documents
(Sect. 5.1).

– A perceptual assessment, using the EBU MUSHRA test
protocol [6] (Sect. 6).

The extensive tests, carried out to investigate the effective-
ness of the suggested algorithms when applied to a variety of
audio data, show that the tool presented outperforms standard
approaches to restoration. Listening tests (Sect. 6) confirm
practical usefulness of the proposed solutions. The algorithm
are implemented as a plug-in based software tool, which can
be used as an added module to the most commonly used
audio editors.

This work summarizes a number of experiences in sev-
eral research/applied project on ethnic music audio archives,
carried out by the author, including: “Electronic Storage and
Preservation of Artistic and Documentary Audio Heritage
(speech and music)” funded by the National Research Coun-
cil of Italy (CNR); “Preservation and Online Fruition of the
Audio Documents from the European Archives of Ethnic
Music” funded by the EU under the Program Culture2000;
“Preservation and Access of the Fugazzotto Archive: the
songs of Italian immigrants”; Archives of popular tradition:
preservative re-recording and cataloguing of popular music
collection in “V. Joppi” Civic Library of Udine.
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