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0 Introduction

Audio recordings constitute an important part of cultural
heritage and a priceless source of information for several
research areas such as linguistics, anthropology, and mu-
sicology. Data transfer onto new media (re-recording) is
essential for preventing an irreversible loss of information
(whether partial or complete) due to the degradation of the
original signal [1]. Analog recordings require a digitiza-
tion process, although this process is not neutral. It can in-
troduce artifacts, and furthermore aspects concerning the
reproduction of the original source need to be considered
from a philological point of view, particularly with regard
to breaches in authenticity [2]]. In recent decades, the inter-
national community has placed considerable effort in dig-
itization, often with massive digitization projects. In some
cases, the digitization tasks were performed without audi-
tory supervision. This can lead to digitization errors, which
are sometimes not identified until months or years after the
task. If the error is detected after the digitization project,
it may not be possible to perform a new digitization due
to lack of funding and original carrier degradation. There-
fore, solutions to this issue are technically challenging and
of considerable cultural and historical importance.

The present research concerns digitization errors in
open-reel tapes. The main cause of error is the setting of the
tape machine, in particular the choice of the playback speed
and equalization standard. This problem is most frequent
in cases where a recording contains multiple equalization
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standards and/or speeds on the same tape. As reported in
[3] this issue is prevalent, with 16.7% of open-reel tapes
digitized at the Centro di Sonologia Computazional Uni-
versity of Padova from 2013 to 2020 containing multiple
speeds.

This article extends [4], and proposes a correction work-
flow and digital filters for restoring digitizations made with
incorrect speeds and equalization standards, providing a
tool to save (at least partially) the original content. Follow-
ing this, perceptions of similarity for these digital filters
are assessed through numerical analyses and a MUSHRA-
inspired test containing 24 participants.

1 Speed and equalization standards

Open-reel tapes can be recorded with different speeds:
30 ips (“inches per second”, equivalent to 76.2 cm/s), 15
ips (38.1 cm/s), 7.5 ips (19.05 cm/s), 3.75 ips (9.53 cm/s),
1.875 ips (4.76 cm/s) and 0.9375 ips (2.38 cm/s). A tape
recorder providing all these speeds in the same machine
does not exist [S)]. Higher recording/playback speeds are
usually adopted by professional machines, such as the one
considered in this work: the Studer A810. It covers the four
speeds noted above between 30 ips and 3.75 ips.

Another important parameter is the equalization. In ana-
log audio recordings, the equalization curve is used during
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the recording phase (pre-emphasis curve) for extending the
dynamic range [6] and improving the Signal to Noise Ratio
(SNR) [7]] of the recorded signal. During the playback the
inverse post-emphasis curve is applied in order to restore a
flat frequency response.

The magnitude response of the post-emphasis curve (ex-
pressed in dB) can be expressed as a combination of two
curves with the following formula:

1 2
N(w) = 20log,, (Wtu / 1:8{/2;2> (1)

where t1, t, are the time constants and W = 2p f is the an-
gular frequency in radians, where f is the frequency in
Hz [8]].

Table [1| shows the time constants adopted in this work.
They are the equalization curves used by the Studer A810
and they are the current standards as indicated in [S]]. As
can be observed, different standards exist for the same
speed and this can be a source of error. Additionally, the
equalization standard is strictly connected to the speed:
usually the curve varies when the speed changes.

In general, an error in the speed setting entails a loss of
information and, if not corrected completely, it can com-
promise the listening experience. Furthermore, an equal-
ization error deeply changes the frequency spectrum of the
original signal, compromising its authenticity. Considering
the strict relation between speed and equalization, a correct
restoration must consider both parameters.

2 Correction workflow

In general, the compensation in the digital domain of
speed and equalization errors made during the digitization
process of the analog tape should involve the following
steps:

1. The application of the inverse equalization curve used
during the reading phase, in order to remove the incor-
rect curve;

2. A re-interpretation of the sampling frequency (e.g.,
changing the original sample rate of a recording from

Table 1: Equalization filters time constants adopted by the
Studer A810.

Equalization  Speed [ips] #; or#z [us] # or #4 [ps]
AES (IEC2) 30 ¥ 17.5
CCIR (IEC1) 15 ¥ 35
7.5 ¥ 70
NAB (IEC2) 15 3180 50
7.5 3180 50
3.75 3180 90
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96 kHz to 48 kHz) in order to obtain the right playback
speed;

3. The application of the correct equalization curve related
to the right speed and equalization standard.

Step (2) is not necessary for cases that contain only an
equalization error. The re-interpretation of the sampling
frequency is essential for making the content audible when-
ever a speed error occurs, but it cannot recover the infor-
mation that is irrevocably lost during incorrect digitiza-
tion. Specifically, this loss of information could happen for
a digitization performed while reproducing the tape at a
speed higher than the one used during the recording phase,
since original frequencies are shifted to higher ones that
can exceed the audible threshold. The International Asso-
ciation of Sound and Audiovisual Archives (IASA) recom-
mends digitization at a minimum of 96 kHz and 24 bit [5]],
therefore with this format it is possible to store informa-
tion up to 48 kHz, the corresponding Nyquist frequency.
The Studer A810 exceeds the human auditory threshold
of 20 kHz and so it is able to read (although not linearly
due to hardware limitations) frequency content that would
otherwise be lost. In such problematic cases, the informa-
tion stored in non-audible frequencies is paramount for the
restoration of the original content. An alternative to the re-
interpretation of the sample frequency could be a sinc in-
terpolation algorithm (not tested in this study).

Figure[I] shows the five steps of the reading and correc-
tion process: the first two in the analog domain, the latter
three in the digital domain. In [4] the authors presented a
mathematical notation to describe the process.

Figure [I] also introduces a notation to identify the sub-
sequent manipulations that the signal x undergoes during
its elaboration: x refers to the signal recorded on the mag-
netic tape, therefore it is desired to obtain a signal y which
is closest as possible to x by exploiting the information con-
tained in x.

To increase the computational efficiency and to easily
implement this workflow with technologies such as Web
Audio API (where the speed parameter is located in the
source node [9])), it is possible to swap the speed change
with R ! filter and to design a filter equivalent to the cas-
cade of R 'and W !, as shown in Figure The design of
R 'and W ! filters follows the definition of the standards,
which considers a cascade of first order low pass and high

— — Digital Correction
Recording Reproducing
atvy, atvy
W(s) R(s) Ri(s) wls)
X X X2 X3 Xy y
-1 Speed 1
— W R Digitization R I change I W .
Pre-emphasis Post-emphasis Inverse Inverse

post-emphasis
filter at v,

pre-emphasis
filter at vy,

filter at vy, filter at vy VR — Vw

Fig. 1: General correction process scheme.
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— ’ — Digital Correction
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x Xy ] X3 Xy ¥
Speed -1 1
w R Digitization | change Rm°d w
Tnverse TInverse
Pre-emphasis Post-emphasis Vp — Vi

post-emphasis  pre-emphasis
filter at v filter at vy,

F(s)

filter at vy, filter at vy

Fig. 2: Alternative correction process scheme.

pass filters. Therefore, it is possible to identify the correc-

tive transfer function as:

_ 31 +st)(1 + s11)
1 (1 +st)(1 + s13)

Fs)=R ' w! )
where s 2 C, 11, 1, are the parameters of the reproducing
transfer function R and 73, 74 are the parameters of the
recording transfer function W.

However, this modification must consider the effects of
the R ! filter, since in the original schema it operates on
just the digitized signal, while in the new one it modifies
the re-sampled signal. The result of the two schemes can-
not be equal, since in the first case the filter operated on a
spectral content altered by the incorrect reproducing speed.
Therefore, R ! filter must be substituted by Rm; 4 a fil-
ter with time constants modified in direct relation with the
speed change and considering the definition of the equal-
ization standards presented in Table [I] The general strat-
egy is to multiply the time constants by the speed change

factor which, using the notation introduced in Figure|l] is
= V7R

my = JF.

3 Digital Filters

This work aims to create filters for compensating all
the different combinations of speed and equalization errors
during the digitization process. Considering the equaliza-
tion standards definitions in Table|l} it is possible to iden-
tify 30 different cases suitable for the application of a cor-
rection filter.

When creating such filters, the first problem that must be
taken into account is their stability: all possible combina-
tions of the four parameters ¢, fp, 3 and #4 must produce
stable filters. As can be seen from Table|l} # (and therefore
t3) can assume finite values or can be infinite. As observed
in [10], considering Equation[2]as a function with parame-
ters t; and 3, there are four cases:

* 11;13 < ¥: no change in the formal structure of (2);
. fifh — M- T — Itsty.

;13 = ¥: (2) becomes: | lérr!1¥F(s) sty 5
e 11 =¥and 1z < ¥: (2) becomes:

lim F(s) = (1 %sta)

1 ¥

(1+st)(1+s13)°

e 11 < ¥ and t3 = ¥: similarly: li'rgéF(s) = %
t3 1 h

All these filters except the last one are stable as they have
poles when s = é and/or s = %, which are both strictly
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negative. The fourth case gives an unstable filter with a pole
ins=0.

The case which corresponds to the unstable filter is rel-
evant in real applications, and so we need to approximate
the unstable filter with a stable one which is sufficiently
“close” to the first, to produce a similar equalization.

An earlier, related experiment [10] used a simpler de-
sign to approach this problem. In the current paper, we in-
stead consider the structure of the transfer function. Our
approach here is to translate the pole in s = 0 to a nearby
frequency, so that the overall trend is maintained. A solu-
tion was found when the pole was centered at 2 Hz, since
it solves the stability problem while altering the audible
frequencies only to a small degree. Figure 3] shows the ob-
tained results in one of the possible cases.

It is possible to notice that, for what concerns the mag-
nitude response, the alterations are all under 20 Hz; how-
ever, phase alterations are more visible. It is not completely
clear how phase alterations can be perceived [11], since the
effects are more or less audible depending on the content
of the signal: more for speech, less for music [[12]. Future
studies could deepen this particular matter.

Now that stability is guaranteed, it is possible to cre-
ate digital filters using two main approaches [[13[]: directly
designing a digital filter, or starting from the analog do-
main to design a filter and then transforming or mapping it
to the digital domain. In this paper, the second approach
was preferred: having the above definitions of the ana-
log filters, with this approach it is possible to easily ob-
tain digital filters having frequency responses similar to
the original ones. There are several digitization methods
existing in literature. Our decision was made after compar-
ing three of them: the Matching Pole-Zero (MPZ), the Bi-
linear (or Tustin’s method) [14] and the First-Order Hold

o
o

Analog

- - MPZ

—— Analog - Pole
= = MPZ- Pole

W
o
T

Amplitude [dB]
> 8

o
T

102 10° 10*

o
=)
o

Frequency [Hz]

-50

Phase [deg]

—— Analog - Pole
— = MPZ- Pole

,1 00 L L I
10° 10° 102 108 10*
Frequency [Hz]

Fig. 3: Results obtained with CCIR 30ips recording curve
and NAB 15ips reproducing curve. It is possible to notice
that the pole translation does not cause evident problems in
the digitization of the transfer function.
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(FOH Figure 4] shows an example, but similar results
were obtained for all cases: the MPZ was the best digitiza-
tion method for what concerns the magnitude response, the
Bilinear was the best for phase approximation, while the
FOH had performance in the middle among those two. For
what concerns the following experiment, the MPZ was the
chosen method, since greater importance was given to the
magnitude response. However, subsequent studies will be
needed to investigate this particular aspect to verify if this
approach is the best one, considering the used samples.

Zit.mathworks. com/help/control/ug/
continuous—-discrete-conversion-methods.
html, last accessed 12/11/2021
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(b) High frequencies particular.

Fig. 4: Results obtained with NAB 3.75ips recording curve
and CCIR 15ips reproducing curve. In (a), it is possible
to notice that all three digitization methods behaves well,
since they are all very close to the analog transfer function.
However, when zooming in to the high audible frequencies
in (b), the MPZ method is the one that best captures the
trend of the analog function magnitude response, while it
performs worst for phase.
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Filters were created by using MATLAB® software, after
which their impulse response was saved as an audio file in
.wav format to be used in a Web Audio API ConvolverN-
ode, which applies a linear convolution effect given an im-
pulse response [9]].

3.1 Power Spectral Densities

To verify the performance of the filters, we computed the
Power Spectral Densities (PSDs) related to the stimuli that
will be used in our following Assessment of Perception, by
using MATLAB® method pwelch with an Hamming win-
dow of N = 1024 samples with N=4 overlapping samples.

An example of the findings is presented in Figure [5]
where it is possible to have an idea of the benefits given
by the application of the correction filters: the PSD of the
corrected variants (both in MATLAB® and Web Audio API
applications) are noticeably closer to the Reference variant,
when compared to the Incorrect variant. If the paper will be
accepted, we will provide the plots for the other cases in a
Zenodo repository. With this evidence, we are now ready
to set our Assessment of Perception to subjectively verify
if the correction is effective.

4 Method for Assessment of Perception

We conducted an assessment of perception, aimed to
evaluate perceivable differences between variants of music
and voice excerpts. The design of the experiment was in-
spired by the MUlItiple Stimuli with Hidden Reference and
Anchor (MUSHRA) test, a well-established method for
evaluating the quality of several variants of an audio stim-
ulus [15,[16]). For our purposes, the MUSHRA -inspired as-
sessment was conducted to quantify differences between
a stimulus recorded in magnetic tape and digitized with
a correct speed and equalization standard (‘“Reference”)
from (a) the same stimulus intentionally digitized with a
wrong speed and equalization standard and subsequently
fixed by re-interpreting its sampling frequency in order to
obtain the correct speed, without applying any other equal-

-50 T

Reference
Incorrect
Web Audio API
-60 [~ Matlab 1

-70

80

PSD [dB]

90

-100 -

110

-120 1 L
102 10° 10*
Frequency [Hz]

Fig. 5: PSDs of the versions of Carl Orff’s Carmina Burana
sample used in our experiment (See Section @
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ization Iter (“Foil”), (b) the Reference processed with a above), each with one training stimulus and four assess-
low pass lter (“Anchor”) and (c) the Foil subsequently ment samples (see Subsectjon| 4.3). Each excerpt was 10
corrected with the digital Iters proposed in the previous seconds in duration, and was provided in six different vari-
section|[10]. Details are provided in Subsecfior] 4.3. ants, namely:

Importantly, while MUSHRA tests typically use a 3.5
kHz low-pass Iter as the Anchor (which is at times ac- ¢ “Reference”: produced by using the correct equalization

companied by a second Anchor containing a low-pass lter

at or close to 7 kHz) [15], here we decided to examine thes

impact of only a single 7 kHz low-pass Iter Anchor. This

decision was made based on the ndings of prior research

[L7] which suggests that the use of a 3.5 kHz Anchor is
too easy to discern from other variants in a MUSHRA test,

and this may lead to a response in which differences bes

standard;

“Hidden Reference”: a copy of the “Reference” but hid-
den to the participant in the test phase;

“Anchor”: the “Reference” altered with a low-pass lter,
with pass band set at 7 kHz for music and 3.5 kHz for
speech;

“Foil”: an intentionally incorrect equalization, created

tween the less-discernible variants become comparatively by mismatching the recording and reading curves and

dif cult to perceive [18]. In such a case, we might expect

the Anchor to be rated at or near the extreme low end of the

rating scale, and ratings for many of the less-discernible

variants to occur in close proximity to each other at thee

opposite end of the rating scale [17]. To combat this, our
initial aim was to use a 7 kHz low-pass Iter Anchor for all

of our stimuli. However, we noted that, due to the compar-
ative lack of low frequencies in spoken voice, for the voice

resampled to the correct speed;

“Matlab correction”. the “Foil” variant corrected by
means of a MTLAB ® script [10];

“Web Audio API correction”: the “Foil” variant cor-

rected by means of aad hocweb interface adopting
Web Audio API, for simulating real-time correction in
web application [10].

stimuli a 7 kHz Anchor was too dif cult to discern from Both Reference and Foil variants were recorded and re-
the other variants. Therefore, we used a 3.5 kHz Anchoproduced with a Studer A810. The audio samples of the
for voice stimuli and a 7 kHz Anchor for music stimuli. experiment are available in a Zenodo repository (DOI:

Details are provided in Subsectipn}4.3.

10.5281/zenodo.5121844

)

4.2 Participants

4.1 Materials

Twenty-four participants who were Italian residents (21

As itis impractical to examine all 30 cases in a single ex-mgje, 3 female) took part in the experiment. Participant age
periment, is impractical to be tested on a single experlmentpanged 20-58 yearsM = 31.1, SD = 12.9). Participants
therefore we decided to concentrate our study on just thregare asked how many years they had spent playing an in-
pf them, choosmg those with most |mportan.ce. We are gosirument or singing (henceforth “Years playing” - range 5-
ing to denote with Case A, B and C, respectively, cases 14,4 yearsM = 17.0,SD= 10.7) and how many years they
13 and 9. Case A is signi cant, as the majority of profes- 5 spent receiving formal training on an instrument or

sional or semi-professional tape recorders that are adoptgghice (henceforth “Years training” - range 0-20 yedvs,
for digitization tasks provide setups with faster speeds, as 19 2 gp= 5.8).

opposed to 3.75 ips. Regarding Case A, our aim is to test

if the proposed correction work ow can compensate the

4.3 Procedures

lack of a speed standard in the reproducing tape recorder.

Case B is relevant for examples in which larger speed dif-
ferences (e.g., 4) occur between the original recorded sig-
nal and the digitized one. In this case, considering 96 kHz
format, a speed correction through the re-interpretation o
sample frequency results in a 24 kHz le, therefore, in-

dependently by the tape recorded frequency range, all the
frequencies above 12 kHz are lost. For this reason, the pro-

The experiment was presented to the participants in three

different sections (Sets A, B, and C), as outlined below:

. Set A contained ve music stimuli (Table 2), which

were produced by writing a magnetic tape with NAB
pre-emphasis curve at 3.75 ips. The Foil variant used an
incorrect CCIR post-emphasis curve at 7.5 ips;

posed method could be useful for speech recordings butnge S€t B contained ve spoken-word audio excerpts, with

for music. Case C simulates a common eventuality, where

there are portions of the same tape recorded in multiple
speeds (i.e. a tape containing sections recorded at 7.5 an
15 ips, but read at 15 ips) that are not correctly digitized.
The experiment used 15 audio stimuli: 6 excerpts of
popular music, 4 excerpts of electroacoustic compositions,
and 5 excerpts of Italian-speech audio. The label “popu-
lar” refers broadly to well-known Western styles of mu-
sic, rather than speci cally to Western “pop music”. The

each excerpt being a sentence spoken in Italian coming
from the “Orthophonic corpus” of the CLIPS projéct

dThe training stimulus was an excerpt spoken by a
male, while the test stimuli consisted of two female
excerpts and two male excerpts concerning two iden-
tical phrases. The samples were recorded with NAB at
3.75 ips. The Foil variant used an incorrect CCIR post-
emphasis curve at 15 ips;

experiment was presented to participants in three different
sections (Set A, B and C, corresponding to the three Cases 3clips.unina.it
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3. Set C contained ve music stimuli (Table 3), which stimuli within each set were presented in random orders
were produced by writing a magnetic tape with NAB between participants, to counter any possible ordering ef-
equalization at 7.5 ips. The Foil variant used an incor-fects, although the training stimulus was always presented
rect CCIR post-emphasis curve at 15 ips; as the rst stimulus in a set. For this upper section of the

page, participants were instructed to listen to the Reference

The web interface for the test was created with BeaqleJS, @ariant and the remaining variants in any order and as many

framework based on HTML 5 and Javascript [19]. times as they wished. The aim was to compare differences
In each set, every stimulus received its own test page thah the overall sound between the Reference and each vari-

was split into two sections. The upper section of the pagant, and to rate the Similarity of each variant to the Refer-
contained the six variants of that stimulus - Reference, Hidence using the provided 100-point rating scale (see Figure
den Reference, Anchor, Foil, Web Audio API correction, 6). Participants were informed that if they had trouble hear-
and Matlab correction. According to MUSHRA protocol ing differences between the variants, to focus on the high-

[15], the Reference variant was always presented rst angkst and lowest frequencies as this was where the changes

labeled, whereas the remaining variants were randomizeshould be most apparent.

and unlabeled. The exception to this was the training stim- In the lower section of each page participants rated an

uli, for which all variants were labeled. The sets and theadditional four variables for the two music sets (Sets A

and C), but only an additional one variable for the voice
_ o set (Set B). For the music sets, participants rated the Fa-

Table 2: First test groups (Set A). Stimuli with NAB 3.75 mjjiarity, Complexity, and Unusualness of the Reference

ips pre-emphasis curve and CCIR 7.5 ips post-emphasigyriant, as well as the overall Task dif culty for that entire

curve. page. For the voice set participants only rated the overall
Task dif culty for that page. Variables such as Familiarity,
Complexity, and Unusualness are commonly included in
Stimulus Genre Phase experiments on responses to music stimuli (e.g., [20], [21],
[22] and [23]), and so they were included here to help ex-
Richard Wagner - plain anomalous results, and also to allow investigation of
Popular Training s S
Ride of the Valkyrie whether or not these intrinsic aspects of the music in u-
. enced ratings of Similarity. However, as these three vari-
Taylor Swift . .
Popular Test ables are not relevant to speech stimuli, they were excluded
Shake It Off from Set B. As with the Similarity ratings, these additional
Queen responses were each made on a 100-point rating scale as
Popular Test - . -
We Will Rock You shown in Figure 7. The time that participants spent on each
test page was automatically calculated in seconds, and in-
Bruno Maderna ) X .
_ Electroacoustic ~ Test cluded in the dataset for analysis.
Continuo
Luciano Berio .
Electroacoustic ~ Test 5 Results and Discussion

Differences

While 24 participants took part in the study, some re-
sponses were removed prior to analysis after examining the

Table 3: Third test groups (Set C). Stimuli with NAB 7.5 ime elapsed on each test page. All cases in which a partic-

ips pre-emphasis curve and CCIR 15 ips post-emphasi

curve.
Stimulus Genre Phase
Carl Orff .
] Popular Training

Carmina Burana

The Weeknd
Popular Test

Save Your Tears

Eagles
Popular Test

Hotel California

Bruno Maderna . Fig. 6: Screenshot of the MUSHRA-inspired test, show-
Electroacoustic  Test . .

Musica Su Due Dimensioni ing one of the four test samples. The Reference is labeled,

Bruno Maderna _ while I—_||dden Reference, Anc_hor, F0|I,_ Web Audio API

. Electroacoustic  Test correction, and Matlab correction are hidden and random-
Syntaxis ized

6 J. Audio Eng. Sco., Vol. 1, No. 1, 2021 November
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ipant's time on the page was less than 20 seconds wereffective, although the MrLAB® variant produced the
removed, although these were done case-wise rather thdyest result.

removing that participant from the entire dataset. Twenty- The Set B ANOVA was signi cant for both piece
three responses were retained for each test page in Set f(3;60) = 8:84,p<:001;h?=:307) and variant

twenty-one responses were retained for each test page (f(4;80) = 83.71;p <:001;h? = :807), although
Set B, and twenty-one responses were retained for each tegle interaction of piece variant was not signi -
page in Set C. cant (F(12240 = 091, p= :476h? = :044). Sidak-

corrected post hoc tests comparing variants for each piece
(see Supplementary Table 2 and Figure 9) indicated that
for each piece participants rated both the Foil variant and
o ) also the Anchor variant signi cantly lower in Similarity
For each set, a separate within-subjects two-wayhap the Hidden reference. Additionally, ratings were not
ANOVA was run, with Similarity ratings used as the gjgnj cantly different between the Hidden reference and
dependent variable, and containing piece (4 levels) andjther the Web Audio API correction variant or the Matlab
variant (S levels, i.e. “Hidden Reference”, "Anchor”, .qrection variant, indicating that both correction methods

“Foil”, “Matlab correction”, “Web Audio API correction”)  \yere effective at compensating for digitization errors for
as independent variables. Descriptive statistics for eacl)yice stimuli.

piece, separated by variant, are reported in Supplementary The set ¢ ANOVA was signi cant for both piece
Table 1 stored in the following Zenodo repository: DOI (F(3:60)= 10:98, p<:00Lh2= :354) and variant
- 10.5281/zen0do.5118708 . The Set A ANOVA (F(4;80) = 4255 p<:00Lh2 = :680), and produced

was signi cant for both piece H(3,66) = 449 p= 3 gignj cant interaction for piece variant F(12;240) =
:Ooahz =:169) and variant K(4,88) = 711Lp<  gg1.p<:00%1h2= :301).Sidak-corrected post hoc tests
:00Lh* = :764), and produced a signi cantlnzteractlon for comparing variants for each piece (see Supplementary
piece variant £(12264) = 418 p<:00Lh< = :160).  Taple 2 and Figure 10) produced mixed results. These

Sidak-corrected post hoc tests comparing variants for eacfugts indicated that for the two popular pieces participants
piece (see Supplementary Table 2 and Figure 8) indicated

that for each piece participants rated the Foil variant sig-
ni cantly lower in Similarity than the Hidden reference,
and that the 7 kHz Anchor variant was rated signi cantly
lower in Similarity for three of four pieces (with the excep-
tion beingContinuq although this produced a marginally
signi cant result atp = :055). Additionally, ratings were
not signi cantly different between the Hidden reference
and the Web Audio API correction variant for three of four
pieces (with the exception beirghake it off, and ratings
were not signi cantly different between the Hidden refer-
ence and the Matlab correction variant for all four pieces.
This suggests that for Set A both correction methods were

5.1 Analysis of Similarity Ratings by Set, Piece,
and Variant

Fig. 8: Plotted mean ratings for each stimulus used in Set
A, separated by variant. Error bars = +/-1 SE.

Fig. 7: Screenshot of the MUSHRA-inspired test, showing
the Familiarity, Complexity, Unusualness and Task Dif - Fig. 9: Plotted mean ratings for each stimulus used in Set
culty ratings. B, separated by variant. Error bars = +/-1 SE.
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rated both the Anchor and Foil variants signi cantly lower have led to dif culty in differentiating between variants for
in Similarity than the Hidden reference, whereas the twocertain stimuli.
correction variants produced non-signi cant results, in- These two anomalous ndings in Set C show the need
dicating that they were not discernible from the Hiddenfor further examination of the impact of various Anchor
reference. For the two electroacoustic pieces, none diypes in MUSHRA tests, and may also be useful as a cau-
the variants produced signi cant differences in Similarity tionary example for future studies that consider the inclu-
compared to the Hidden reference, indicating that parsion of only a 7 kHz Anchor. However, when examining
ticipants were not able to reliably distinguish any of theall music stimuli by genre a clear trend is observable in
variants from each other for these two pieces. Thus, wevhich the four popular stimuli received more “correct” rat-
cannot infer whether or not the correction variants perdngs (i.e., the Hidden reference and Correction lIters pro-
formed as intended for these two electroacoustic pieces, atucing higheM values of Similarity, and the Anchor and
not. Foil Iters producing lowerM values of Similarity) and the
Our ndings above suggest that theAViLAB® imple-  four electroacoustic stimuli produced more “incorrect” rat-
mentation of the correction work ow and digital lters is ings (i.e., the Anchor and Foil Iters producing highkt
an effective tool for compensating digitization errors (em-values of Similarity than they had for the popular stimuli).
bodied by the Foil variant), as it was rated statistically iden-This trend suggests that the genre of music may play a sub-
tical (p >:05) to the Hidden reference variant for all 12 stantial role in MUSHRA test performance, with electroa-
stimuli across all three sets. Similarly, the results suggestoustic music seemingly increasing dif culty to discern au-
that the real-time correction implemented with Web Au- dible differences between variants. With this in mind, we
dio API is an effective tool for compensating these errorshext examined ratings of the additional variables between
although for one music stimuluS$kake it ofj this correc-  pieces with the aim that these variables may help explain
tion variant was rated statistically lower in Similarity than this trend.
the Hidden reference. This suggests that the Matlab cor-
rection is slightly more effective than the Web Audio API
correction, although further examination and replication is5.2 Analysis of Additional Variables by Set and
necessary for a thorough comparison. The Foil and AnchoPiece
variants were rated signi cantly lower than the Hidden ref-  Descriptive statistics for each additional variable (Famil-
erence variant for 10 out of 12 stimuli, indicating that the iarity, Complexity, Unusualness, Task dif culty, and Time)
participants were able to reliably differentiate between theare reported in Supplementary Table 3, split by Piece and
incorrectly produced and correctly produced variants moreSet. A MANOVA was performed for each Set; for Sets A
than 80% of the time. However, for the remaining two stim-and C the dependent variables were Familiarity, Complex-
uli, which were the two electroacoustic stimuli used in Setity, Unusualness, Task dif culty, and Time, and the inde-
C (Musica su due dimensigrandSyntaxi$, the 7 kHz An-  pendent variable was Piece. For Set B the dependent vari-
chor and the Foil variant were rated as statistically identi-ables were Task dif culty and Time, and the independent
cal to the Hidden reference and the two correction variantsvariable was Piece. The results of each MANOVA (con-
Thus, for these two pieces we cannot make concrete corsisting of an omnibus test as well as a main effect for each
clusions as to perceptions of the two correction variantsdependent variable) are reported in Supplementary Table 4,
These anomalous results may have been a by-product aihd the mean values are also plotted in Supplementary Fig-
the fact that a 7 kHz Anchor was used for the music stim-ure 1. The MANOVAs for Sets A and C each produced a
uli, along with the speci c stimuli that were chosen. While signi cant omnibus test, as well as signi cant Main effects
a 3.5 kHz Anchor may produce a range equalizing biasedpr the variables Familiarity, Complexity, Unusualness and
it is possible that the use of a 7 kHz Anchor by itself may Task dif culty; for each of these MANOVAs the variable
Time did not produce a signi cant Main effect. That is,
participants spent an equal amount of Time on each test
page for Sets A and C. Set B did not produce a signi -
cant omnibus test or any signi cant main effects, and so
we conclude that for Set B participants found the task dif-
culty equal for each piece, and spent an equal amount of
Time on each test page.

Sidak-corrected post hoc tests were run for the four
signi cant variables (Familiarity, Complexity, Unusual-
ness and Task dif culty) for Sets A and C. The signi -
cance of each test is reported in Supplementary Table 5.
Broadly, we can see that the popular music stimuli were
rated signi cantly more familiar, less complex, and less
unusual than the electroacoustic music stimuli. However,

) ) . . when two stimuli belonging to the same genre were com-
Fig. 10: Plotted mean ratings for each stimulus used in Seﬁared for these variables, 10 out of 12 comparisons were
C, separated by variant. Error bars = +/-1 SE. non-signi cant; only the comparison for Unusualness be-
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tween Continuo and Differencesand for Familiarity be- is a much weaker relationship than observed for the other
tween Save your teargnd Hotel california reached sig- variables.
ni cance. When Task dif culty is examined, all signi cant Next, we performed two similar Multiple Linear Regres-
comparisons across the two music Sets occurred betweesions to those above, but limited the data to the two mu-
stimuli belonging to different genres (i.e., when comparingsic sets. This enabled us to include additional independent
a popular piece with an electroacoustic piece) and in allvariables that were only collected for the music stimuli,
of these cases the electroacoustic stimuli were rated sigvith the complete list of independent variables as Familiar-
ni cantly higher. With this in mind we can infer that Fa- ity Complexity, Unusualness, Task dif culty, Time, Age,
miliarity, Complexity, and Unusualness of examined musicYears playing, and Years Training. Multicollinearity was
does have a relationship to performance (i.e., rating abilobserved between Familiarity and Unusualness{.808)
ity) within an MUSHRA test. Speci cally, when we exam- and also between Complexity and Task dif culty<.748),
ine ratings increased Familiarity, reduced Complexity, andand so separate analyses were performed with one of these
reduced Unusualness appear to lead to the prevalence péirs of variables replaced by the other. Both the analy-
“correct” MUSHRA ratings (as de ned above). This sug- sis on the Hidden referenc€(7;168 = 2:10; p = :046)
gested relationship is mirrored by the ratings for Task dif-with adjustedR? = 0.03, and on the FoilF(6;168) =
culty; stimuli that were less familiar, more complex, and 9:70; p < : 001) with adjusted?? = 0.23 produced signi -
more unusual were rated signi cantly higher in Task dif- cant ANOVAs.
culty. Importantly we cannot infer from this analysis the  For each variable the coef cient and signi cance are re-
causality of the relationship between these variables angorted in Supplementary Table 7. As the analysis on the
MUSHRA performance; we aim to do this in the following Foil variant was again able to explain a substantially higher
subsection. proportion of the variance than the analysis on the Hid-
den reference (as indicated by tRévalues) we focus on
the Foil analysis. Four independent variables (Task dif -
5.3 Predictive analysis by variable culty, Time, Age, and Years playing) indicated a signif-
In this subsection a series of Multiple Linear Regres-icant relationship with the Foil variant, whereas for all
sions are run, allowing us to examine which variables carother variableg > : 05. Additionally, no signi cant inter-
signi cantly predict a “correct” or “incorrect” MUSHRA  actions were observed. As above, Years playing produced
performance, referring to high ratings of the Hidden ref-the largest coef cient. As this relationship was negative
erence or Foil variants, respectively. First we perform twothis indicates that experience in playing a musical instru-
analyses with all three sets collapsed: the rst analysis usethent helped participants score correctly in the MUSHRA
the Hidden reference variant as the dependent variable, aridst. Also similar to the earlier analysis, Age produced the
the second analysis used the Foil variant as the dependesgcond largest coef cient, and as this relationship was pos-
variable. For both of these analyses the independent varitive we can infer that older participants performed signi -
ables were Task dif culty, Time, Age, Years playing, and cantly worse in the MUSHRA test. Additionally, the more
Years Training. No multicollinearity was detected betweencomplex and also dif cult a stimulus was perceived, the
these independent variables. Both the analysis on the Hidworse participants scored (i.e., the higher they rated the
den referenceR(8;251) = 5:18; p < :001) with adjusted Foil).

R? = 0.11, and on the FoilF(5;254) = 15:18; p < :001) With the results of the Multiple Linear Regressions in
with adjustedR? = 0.21 produced signi cant ANOVAS. mind, we conclude that the most important aspect for per-
For each variable the coef cient and signi cance are forming “correctly” in our MUSHRA test for music and
reported in Supplementary Table 6. As the analysis orvoice stimuli was having a high level of experience in play-
the Foil variant was able to explain a substantially highering a musical instrument (but not in training on a musical
proportion of the variance than the analysis on the Hid4nstrument). Thus, future researchers in this area should
den reference (as indicated by tRévalues) we focus on aim to match participants as best they can for this vari-
the Foil analysis. Four independent variables (Complexityable, and should try to recruit participants with musical
Task dif culty, Age, and Years playing) indicated a signi - experience. Similarly, younger participants performed the
cant relationship with the Foil variant, whereas Years train-best. This might be explained by the gradual decrease in
ing was non-signi cant. Additionally, no signi cant inter- our high-frequency hearing response as we age [24], and
actions were observed. As above, Years playing producetesearchers should keep this in mind when recruiting. As

the largest coef cient, and as this relationship was negativiCcomplexity and Task dif culty also impacted MUSHRA
this indicates that experience in playing a musical instruPerformance, researchers should also be careful to balance
ment helped participants score correctly in the MUSHRAstimuli for the intrinsic attributes of the stimuli.

test. Age produced the next largest coef cient, and as this

relationship was positive we can infer that older partici-

pants performed signi cantly worse in the MUSHRA test. 6 A posteriori Spectral Analysis

Additionally, the more dif cult a stimulus was perceived,

the worse participants scored (i.e., the higher they rated the.1 LTAS of Reference and Foil Filters

Foil). Time produced a signi cant positive relationship al- The nal analysis type for this paper examined Long
though the coef cient was very close to zero, and so thisTerm Average Spectrum (LTAS) plots, that were produced
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for the Reference variant and also for the Foil variant for6.2 Web Audio API ltering inspection

each music stimulus. This approach allows quanti cation The results given by the experiment highlighted that
of the spectral differences between these versions, and mayfere were perceptual differences between the Matlab and
give an insight into why participants were able to reliably Web Audio API correction variants for the stimul8sake
differentiate between variants for some stimuli (namely theit off. We therefore adopted a different Web Audio API
popular pieces) yet why other stimuli (namely the electroacorrection process to verify if we can improve its perfor-
coustic pieces in Set C) produced anomalous results. Eaghance. Instead of using a ConvolverNode with the cor-
LTAS was a Welch spectrum produced inWM.AB ®, using  rection lter impulse response, we implemented an lIRFil-
a 256-point Hann window. The “Findpeaks” function was terNode by using the Iter transfer function coef cients ob-
used to take a reading of the Amplitude of the frequency atained with the MPZ digitisation method. To compare their
each interval of 2.5kHz (or as close to that interval as thq)erformance, we Computed the Power Spectra| Densities
Findpeaks function would allow). The frequency spectrum(psD) estimates of each approach, the Reference and the
for each of the two variants, for each music stimulus, is pre+oil versions of each stimuli by using AtLas® method
sented in Supplementary Figures 2 and 3, for Sets A and @welch with a Hamming window ofN = 1024 samples
respectively. Within the gures you can see the frequencyandN=4 overlapping samples. In Figure 11 it can be seen
and dB reading at each interval. that, for example for Bruno Maderna's Continuo stimulus,
Upon cursory visual inspection the popular stimuli ap-the performance of the IIRFilterNode is not equal to the
pear to contain substantially higher frequencies within thepne of the ConvolverNode, and it is not clear which Web
range of 5 to 10kHz, and this is most visually apparent foraudio API correction process performs the best. Therefore,
Set C. Based on this visual examination we hypothesizgue computed the Root Mean Squared Error (RMSE) be-
that when the Foil variant augmented the equalization otween the Reference and (1) the ConvolverNode correction
each stimulus, it augmented more frequencies in this 5 tand (2) the IIRFilterNode correction PSD magnitudes for
10kHz range for the popular stimuli (especially in Set C) each sample, and then we computed the mean of all RM-
and this led to participants being able to more easily dif-SEs. Mean PSD RMSE values for the ConvolverNode and
ferentiate between variants for the popular stimuli. Thus||RFilterNode methods were 2.38 dB/Hz and 2.23 dB/Hz,
in the following spectral analysis we examine dB values atespectively. When examining the spectral plot for each
each 2.5kHz interval in an effort to support our visual hy- method, at certain frequencies each approached performed
pothesis. Two analysis approaches taken, as detailed belowarginally better than the other. However, as the overall
In approach 1, we compared the differences in amplitudgjifferences had an average of 0.003 dB, we conclude that

(dB) between the Reference and Foil variants for each stimfrom a perceptual standpoint the two approaches can be
ulus, measured at frequency intervals of 2.5kHz. Followingconsidered equal.

this, aM andSDdifference value between the variants was
produced for each piece, shown in Supplementary Table &3 Inspection of Bilinear transform
Spectral differencéM values for the four popular stimuli

ranged from 13.0 to 17.0, whereas values of the electroa- Following the exper_iment., we further investigatgd the
coustic stimuli ranged from 8.5 to 12.9. This distinction be_performance of the discretization methods by using the

tween the styles of music suggests that the popular stimufiQMS.E’ an objective evaluation method which we'set tp
received slightly more spectral augmentation than the elecgon5|qler also the phas_e response of the lters. \.N'th this
troacoustic stimuli, although the difference between music e asion. we also con3|dereq| the frequency warping effect
) . of the Bilinear transform, which causes the frequency re-
styles is relatively small.
As the majority of the equalization augmentation ap-
pears to occur above 5kHz (based on the earlier visual in-
spection), in approach 2 we only examined spectral dif-
ferences above 7.5kHz. These difference values are also
shown in Supplementary Table 8. Th difference val-
ues ranged from 6.97 (fdpifference$ to 20.78 (forHo-
tel california). A noticeable difference is evident between
three of the electroacoustic stimubifferencesMusica su
due dimensioniandSyntaxi$ and three of the four popular
stimuli, which produced a spectral differeridevalue close
to double that of three of the four electroacoustic stimuli.
Thus, this spectral analysis supports our visual hypothesis
that the popular stimuli received more frequency augmen-
tation from the Foil variant, which is a viable explanation
for the anomalous results observed in Set C. Based on this,
we recommend that future studies match their stimuli on
a spectral level prior to MUSHRA testing in an effort to
match stimuli as closely as possible and prevent anomalo

Jg9. 11: Inspection of the Web Audio API approaches
results. PSDs.
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sponse of the digitized Iter to be "compressed” along thedeeply investigated in further studies also for cases with
frequency axis. It is possible to compensate this effect byower m,s.

"pre-warping” frequencies with the following formula: If the paper will be accepted, in the Zenodo repository

2 T will be stored the PSDs related to all the considered cases.
Wy = T arctar(wai) 3)

wherew, represents a lter frequency in continuous time, 7 Conclusion

T represents the sampling period amgrepresents the cor- Thi ined K d | dicital It
responding lter frequency in discrete time. This compen- . IS paper examined a work ow and novel digital ters
aimed to compensate errors that occur in the digitization

sation is particularly useful when the analog lter presents ¢ it Th th h
a salient characteristic, since it permits to match the angPOCcess Of open-reel tapes. 1hese errors can occur throug

log lter frequency response in a speci ¢ frequency, but in a mismatching of the intended eq.ualization stan.dards and
our analog Iters there are none. Nonetheless, we invespl""yb"’mk speeds used in the reading and recording phases,

tigated if by prewarping frequencies it is possible to im_thus impacting the authenticity of the digitized sound and,

prove the performance of the Bilinear trasform. Therefore " SOME Cases, making the content inaudible. The correc-

we found the best frequency by choosing the one with the'o" work ow and the d'g'tal_ lters aim to prod_ucad hqc
lowest RMSE between the analog Iter frequency responsecompe.n.satlons for Fhese m'S’T“".‘t.C hes, meaning thatin cases
and the corresponding bilinear digitization frequency re_vv_here I |s.not poss.|ble tore-digitize th? 0”9'”"’?' analog au-
sponse, obtained by looping the matching frequency in thg,'o recordings (which may have deteriorated in the mean-
range of [20, 20k] Hz. Afterwards, we computed the RM- time or been lost) they can be use_zd to access t_he content.
SEs between the analog lter frequency response and the In our assessment of perception we examined several

MPZ and FOH frequency responses. We found that in alyanants for. a mixture of music and voice st|mul|., allow-
the three cases considered in our experiment the best di 19 comparison of the effectiveness of the correction lters

itization method is indeed the Bilinear with a prewarping or e?)(l:h mg%ltum. The %ata |nd|c?1te|_t|h§1(tj partl?lpants were
coef cient, presenting RMSEs of 8.6 mW/Hz on averagjenOta e to differentiate between the Hidden reference vari-

while MPZ RMSEs were of 0.9 mW/Hz on average ant and Matlab correction variant for all 12 stimuli. The
Differently from our evaluation, the RMSE also consid- Web Audio API correction variant performed similarly,

ers the phase response of the lters, and this means tha?nd could only be differentiated from the Hidden reference
overall, the Bilinear with a prewarping coef cient is objec- variant for one stimulus. While both correction lIters pro-

tively the best digitisation methods. However, doubts re-vVided promising results, additional study with greater sam-
main when we consider our application eld, where the ple sizes are needed before more concrete conclusions can

importance of the phase is still uncertain. be made_. _ o
The stimuli we used also allowed examination of 3 spe-
ci ¢ mismatches of playback speed and equalization: for

) ) . Set A, mismatching of music at NAB 3.75 ips and CCIR
As a continuation of the work related to this paper, we; g ips; for Set B, mismatching of voice at NAB 3.75 ips

decided to examine the performance of the ltersinthe 27,4 ccIR 15 ips; for Set C, mismatching of music at NAB

cases not contemplated by the experiment. We have cony ips and CCIR 15 ips. The ndings of this study demon-

Y ) o
puted the PSDs of the stimuli by using the sameTiAB strate the effectiveness of the work ow and digital correc-
methodpwelch , but with a wider Hamming window of

N = 4096 samples and=4 overlapping samples to speed
up the computation, since the used samples had a duration
of about 6 minutes, if played at the correct speed. Note that
these samples contain both music and speech excerpts. Fig-
ure 12 shows the PSD of the Reference, Incorrect and Cor-
rected variants of the samples recorded with NAB equal-
isation at 7.5 ips and reproduced with NAB equalisation
at 15 ips. The gure clearly depicts that the two Corrected
variants are spectrally closer to the Reference than the Foil
is. This indicates that, as intended, both Correction meth-
ods are able to alter the Foil variant and produce an out-
come that is closer to the correctly produced Reference
variant. Based on these embryonic ndings, we can expect
that, from a perceptual point of view, the action of the I-
ters in these cases could be effective. However, there are
also other cases where, in the middle frequencies, the Cor-

rect version seems to be more distant from the Reference, _
than the Incorrect, some of them with, = 4: while this  F19- 12: PSD of Reference, Incorrect and Corrected ver-

could be related to the loss of information caused by such §10ns Of the samples recorded with NAB equalisation at
great speed difference, this evidence should be nevertheles® IPS and reproduced with NAB equalisation at 15 ips.

6.4 PSD analysis for other cases
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tion filters across all three proposed cases. In general, when
the tape reading speeds were doubled (Sets A and C) it
seems that the corrections were perceptually close to the
correct digitization, with signals also including high fre-
quencies. In cases of quadruple speed, the results were also
close for speech (low and mid frequencies only). In order
to confirm these results, additional combinations should be
tested in further research.

We also examined the impact of two Anchor variants,
with all music stimuli (Sets A and C) containing a 7 kHz
Anchor, and the voice stimuli (Set B) containing a 3.5 kHz
Anchor. The use of a 7 kHz Anchor was based on sugges-
tions that a 3.5 kHz Anchor can lead to a range equalizing
bias [17], although it was necessary to retain the 3.5 kHz
Anchor for the voice stimuli. This was because it was dif-
ficult to discern a 7 kHz Anchor from other voice variants
due to the lack of low frequencies within the voice stimuli.
The use of the 7 kHz Anchor in the music sets led to mixed
results; for the popular stimuli the Anchor variant was con-
sistently rated low in Similarity, yet for the electroacoustic
stimuli the Similarity ratings for the Anchor were higher
than expected. As the Anchor ratings for the electroacous-
tic stimuli were also higher than those observed in an ear-
lier, related experiment that used a 3.5 kHz anchor for mu-
sic stimuli [10] we conclude that our inclusion of a sole 7
kHz Anchor negatively impacted MUSHRA performance,
specifically for the electroacoustic stimuli. Based on this,
we recommend adherence to existing MUSHRA protocols
for Anchor variants, being either a sole 3.5 kHz Anchor or
both a 3.5 kHz and 7 kHz Anchor in tandem.

Furthermore, the Multiple Linear Regression analyses
indicated that the variables Age and Years playing were
able to significantly predict performance in the MUSHRA
tests. Specifically, increased Age was associated with in-
correct scores in the MUSHRA tests, whereas increased
Years playing an instrument was associated with correct
scores in the MUSHRA tests. This relationship with Age
may be due to reduced higher frequency response for older
participants, although additional study should aim to con-
firm this relationship with a larger sample size. Regardless,
researchers utilizing the MUSHRA paradigm in future may
find it beneficial to focus on younger participants and to
prioritize the number of years spent playing an instrument
over the number of years spent learning on an instrument.
This may also prove useful when considering the prior ex-
perience of participants in fields such as audio engineering
and mixing live sound. That is, a similar relationship may
exist in which years spent working in these fields are a bet-
ter predictor of MUSHRA performance than years spent
training in these fields.
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