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1. Introduction

The sound characteristics of musical instruments have been constantly growing in importance.
Consequently, several congresses, workshops, and conferences have been organized in the last ten years.
The studies on musical instruments, their mechanical behavior, sound emission, and characteristics
started thousands of years ago, and among the physicists and mathematicians that addressed this
matter, we should at least remember Leonardo da Vinci, with his experimental water organ, and Ernst
Chladni, who discovered the nodal patterns on rigid surfaces, such as soundboards. The growing
awareness of our intangible cultural heritage and the need to better understand our roots in the field
of music have contributed to increasing the efforts to extend our knowledge in this field, defining
new physical parameters, extending the analysis to other musical instruments, and developing new
methods to synthesize sound from musical instruments using a simple keyboard.

These motivations led us to the proposal of a special issue called “Musical Instruments: Acoustics
and Vibration” since we believe in the importance of musical acoustics within modern acoustics studies.
In total, 13 papers were submitted and 8 of them were published, with an acceptance rate of 61.5%.
Among all the papers published, one of them was classified as a review paper, while the rest were
classified as research papers. According to the number of papers submitted, and the specificity of the
musical acoustics branch within acoustics, it can be affirmed that this is a trendy topic in the scientific
and academic community and this special issue on “Musical Instruments: Acoustics and Vibration“
aims to be a future reference for the research that is to be developed in the next few years.

2. Musical Instruments: Acoustics and Vibration

Human beings started to play early musical instruments in the Neanderthal age [1], a fact that
helps us to understand the importance of music for the world.

The sound characteristics of musical instruments, as well as their vibrational behavior, represent
one of the most important and fascinating fields of acoustics, or even of applied physics.

This aspect is sometimes neglected (or at least not investigated enough) during the restoration of
ancient masterpieces, even though it is well known that their sound production is something without
equal and of inestimable value.

Following this concept, this special issue aimed to contribute to the knowledge of the acoustics of
musical instruments. This goal was reached by proposing (or applying) new methods for characterizing
the acoustics of musical instruments, by presenting studies on some specific art pieces, or by trying to
illustrate some applications in sound synthesis.

The paper by Turk et al. [1] gives an interesting review of the historical debate about the findings
of the “Neanderthal musical instrument” from the “Divje Babe I Cave” (Slovenia), one of the most
ancient finds related with musical instruments, at least in Europe. This paper gives a proper idea about
the ancient origin of this matter.

Appl. Sci. 2020, 10, 3294; doi:10.3390/app10093294 www.mdpi.com/journal/applsci1
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The two papers by Tronchin et al. [2,3] analyze completely different musical instruments. Starting
from the definition of a new vibro-acoustical parameter called the intensity of acoustic radiation
(IAR) [2], which was initially proposed for kettledrums, the studies were carried out to contribute to
the knowledge of special and rare musical instruments. The first paper reports the results of both the
modal analysis and IAR measured in a thar, a sithar, and a santoor, three important Persian musical
instruments [3]. These outcomes give an idea of their behavior in response to increasing demand for
knowledge of those musical instruments. The second paper describes the outcome of an experimental
analysis carried out on a carabattola, a largely unknown ethnic Italian musical instrument, which
used to be played in the Romagna region until the Second World War [4]. The analysis includes
modal analysis and IAR measurements. It gives a unique contribution to the knowledge of this
unique instrument.

The paper by Ibáñez-Arnal et al. [5] shifts the discussion to the physical properties of the material
utilized for the realization of musical instruments, focusing on the carbon fiber reinforced epoxy (CFRE)
prepregs, which could be used for new prototypes of new musical instruments. Undoubtedly, the
physical characteristics of the materials strongly contribute to the overall assessment of the sound
quality of the instruments.

The other papers focus on the application of the physics of musical instruments in the emulation
of their sound production, especially during synthesis or recording. The paper by Moore [6] proposes
a method for analyzing the dynamic range of sounds and music, whilst the paper by Papetti et al. [7]
applies the outcomes of their previous studies into a new audio-tactile piano sample library, which is
useful for real-time performances.

The last two papers analyze some specific aspects of this intriguing matter, especially from the
signal processing perspective. In their paper, Jiang et al. [8] analyze the timbre perception features
in musical motifs, whilst Ziemer and Plath [9] describe a method for simulating sound radiation
using a microphone and loudspeaker array, going into detail about the necessary signal processing;
the techniques used in both of these papers could be implemented when analyzing the non-linear
components of the sound quality of musical instruments [10,11].

3. Conclusions

All the results presented and published in this special issue suggest that the acoustics and vibration
of musical instruments is a relevant and popular topic in the scientific community. The results reported
by all the authors increase the knowledge in this subject and contribute to a further understanding
of this matter. This issue could become a starting point for further developments in the area of the
physics of musical instruments.
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Abstract: The paper is a critical review of different evidence for the interpretation of an extremely
important archaeological find, which is marked by some doubt. The unique find, a multiple perforated
cave bear femur diaphysis, from the Divje babe I cave (Slovenia), divided the opinions of experts,
between those who advocate the explanation that the find is a musical instrument made by a
Neanderthal, and those who deny it. Ever since the discovery, a debate has been running on the
basis of this division, which could only be closed by similar new finds with comparable context,
and defined relative and absolute chronology.

Keywords: Palaeolithic; Mousterian; Neanderthals; musical instrument; Divje babe I

1. Introduction

Discoveries that shed light, directly or indirectly, on the spiritual life of Neanderthals always
attract great attention from the professional and lay public. One such find was unearthed in 1995 in
Mousterian level D-1 (layer 8a), as a result of long-lasting (1979–1999) excavations in the Palaeolithic
cave site of Divje babe I (DB) in western Slovenia, conducted by the ZRC SAZU Institute of Archaeology
from Ljubljana. It was a left femur diaphysis, belonging to a one to two-year-old cave bear cub with
holes (inventory no. 652), which resembled a bone flute (Figure 1). The object was found cemented
into the breccia in the immediate vicinity of Neanderthal hearth, placed into a pit [1,2].

The excavation leader, I. Turk, proposed two possible explanations soon after its discovery: An
artefact or a pseudo-artefact in the form of a gnawed and teeth-pierced femur diaphysis [1]. According
to the first explanation, this find would be the oldest musical instrument [2–10]. The main surprise was
not the great age of the find (at first 45,000 years, later 50,000–60,000 years), determined with 14C AMS,
U/Th, and ESR on accompanying finds of charcoal, cave bear bones and teeth [8,9,11], but its undeniable
attribution to Mousterian culture, i.e., Neanderthals. As such, it would represent significant evidence
for existence of musical behaviour, long before the spread of anatomically modern humans across
Europe that occurred roughly 40,000 years ago. In the last two decades, our view of Neanderthals
has changed radically, but at the time of discovery, the idea of the existence of music in Neanderthal
culture still seemed revolutionary.

Appl. Sci. 2020, 10, 1226; doi:10.3390/app10041226 www.mdpi.com/journal/applsci5
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Figure 1. The perforated femur diaphysis no. 652 from Divje babe I with two complete (nos. 2 and 3)
and two partially preserved holes (nos. 1 and 4). Soon after discovery, the question arose whether it
was a Neanderthal musical instrument or simply a bone pierced and gnawed by a carnivore (photo
Tomaž Lauko, NMS).

2. Contestable Explanation of the Carnivore Origin of the Holes

The explanation of the find as a pseudo-artefact was immediately unilaterally taken over by F.
d’Errico and colleagues [12], G. Albrecht and colleagues [13], P. G. Chase with A. Nowell [14], and later
some others [15,16]. Thus, they negated the potential multilateral significance the find could have had
for archaeology and other sciences. Advocates of the carnivore origin of the holes have not rested in
the years since the discovery of specimen no. 652. They published a series of articles on the same topic.
Among them, d’Errico was the only one who micro-scoped the find and explained the findings of
the microscopy in accordance with his previous estimate [12], published in Antiquity in 1998 [17–19].
I. Turk with colleagues [10,20–25] (see also [26]) continuously argumentatively claimed that some
of their statements, regarding their explanations about the origin of the holes and damages on the
perforated bone, are incorrect [13,14,16,27–29]. To obtain more accurate explanation of the find, I. Turk
and colleagues performed and published a series of experiments on perforating fresh brown bear
femur diaphyses, using models of wolf, hyena, and bear dentitions (Figure 2), as well as replicas of
Palaeolithic tools that were present in various Mousterian levels in DB [20,21,30,31]. Various musical
tests of the find were also performed, which was reconstructed several times for this purpose [7,32–37].

After I. Turk and colleagues contested the arguments for the carnivore origin of the holes in
numerous publications and offered arguments for their anthropic origin, it was up to advocates
of the carnivore origin to refute their findings argumentatively, which they have not done so far.
Their discussion of the find is distinctly one-sided and, with one sole exception [13], included no
experiments. They presented certain erroneous claims to support their explanation, e.g., about the
number of holes [14,19,27], contra [20,22,23], how the holes cannot be made in any other way than
by drilling [13,28], contra [10,21,30], the placement of holes on the thinnest parts of the cortical
bone [13,14,16], contra [22–24], actual possibilities of teeth grip in connection to holes and gnawing
marks [13,14,16,18,19], contra [20,24,25], the sound capabilities of the musical instrument, if that is what
the find actually is [19,27], contra [7,36–38], the inappropriateness of a cave bear femur as a support for
a musical instrument in comparison to the supports from bird bones [29], contra [7,36–38], and about
the frequency of gnawing marks [18] (Figure 9 from Reference [18]), Ref. [19], which in certain cases
can also be explained as corrosion formations [10,39]. Corrosion was found to be especially strong in
the layer containing the find [10,40].
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Figure 2. Experimental piercing of a fresh femur of a young brown bear using a bronze model of
hyena’s dentition and the ZWICK/Z 050 machine for measuring compressive force (photo Ivan Turk,
ZRC SAZU).

Supporters of the anthropic origin of the holes were also mistaken; e.g., about the original number
of holes [4] and the original length of the musical instrument [35]. The first reconstructions of the find
intended to research its musical capabilities, which places the mouthpiece into the large notch on the
distal metaphysis, and which consequentially did not consider the opposite hole (at the time supposed
to be a thumb hole because of its proximity to the mouthpiece), were also erroneous [31,32,34]. Due to
the wrong orientation, the capability of the find as a musical instrument was reduced, and a remnant
of the straight edge sharpened from both sides on the proximal part of the diaphysis, which functions
on the musical instrument as the cutting edge of the mouthpiece, was overlooked [10,37] (Figure 9
from Reference [10]). It should be noted that we are dealing here with the first example of a bevelled
mouthpiece edge. A bevelled mouthpiece edge, which enables better musical performance of the
instrument is not known in later Upper Palaeolithic wind instruments, which are made of mammal
limb bones. At already thin bone cortex of bird bones, the additional sharpening of the mouthpiece
edge is not necessary to achieve better sonority.

When defining the holes on the femur diaphysis no. 652, which are the key component of all wind
instruments, we have to start from certain findings of research of all cave bear finds, acquired with
wet sieving of all sediments during the excavations of I. Turk, as well as from the findings of his fresh
bone piercing experiments. In DB, the main damage to the bones was, in addition to humans, made by
wolves (all remains belong to 30 individuals at the most) and not cave hyenas (zero specimens and no
indirect proof, such as coprolites and digested bones) [25], contra [16]. The complete and partial holes
on the femur diaphysis are undoubtedly of mechanical origin. Namely, both have a funnel-shaped
inner edge, which occurs during piercing with a tooth or a pointed tool. Experiments show that the
compression of the diaphysis with sharp (unworn) teeth or striking it with a pointed tool result in
the longitudinal cracking of the compact bone [20]. Longitudinal cracks are present on some of the
fossil bones that were undoubtedly pierced by carnivores [16] (Figures 5 and 6 from Reference [16]).
Thus, the femur or some other tubular bone, with removed meta- and epiphyses, usually breaks in half
longitudinally during piercing and widening of the hole(s) [16] (Figure 6 from Reference [16]). This is,
however, not true for compression and piercing with strongly worn teeth and blunt pointed tools.
A crack on the posterior side of the femur diaphysis no. 652 (Figure 1), which zigzags longitudinally
from one end to the other is only superficial, and occurs during weathering in the course of fossilization.
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It is significantly different from the continuous, rectilinear in-depth crack that occurred on fresh bones
during experimental piercing with metal models of carnivore dentition. Since the femur diaphysis
no. 652 is not cracked in this way, solely worn teeth or blunt pointed tools can be considered to have
produced the holes.

Both partial holes, which advocates of the carnivore origin of the holes considered to be evidence
of bites, can be explained differently. V-shaped fractures start on both ends of the diaphysis in the
partial hole, meaning that the holes came first and both fractures followed (Figure 1). If the fractures
had been made simultaneously with the holes, three cracks would certainly have occurred: Two
connected to the fracture and the third one on the diaphysis, with its starting point in the remains of
the hole [13] (Figure 10.3 and p. 8, point 4 from Reference [13]). There is no third crack on either of the
partial holes. Among 550 cave bear femur diaphyses without epiphyses, similar in size to specimen no.
652 from various layers in DB, only two are pierced and none with the V-fracture and a partial hole.

Judging from the shape and size of the holes, we agree with F. d’Errico [12,18] that they could
have been pierced primarily with canines (Figure 3). C. Diedrich [16] believes that all holes in the bones
of cave bear from different sites were made exclusively by premolars and molars. According to the first
explanation, primarily an adult cave bear is possible, while, according to the second, it would have to
be an adult cave hyena which was, like all hyenas, specialised for crushing bones. Frequent in vivo
damage on the canine teeth of adult cave bears indicates their rough use. Measured forces from our
experiments with models of various carnivore dentitions reveal that piercing with canine teeth takes
one-time greater force than piercing with molars and two-times greater force if the tip of canine tooth is
blunt [20]. Such forces are on the verge of the capability of the largest carnivores [41,42]. The oval shape
of one of the holes and possible antagonist canine impression on the opposite, anterior side connected
to it are not in line with the grip and occlusion of canine teeth [10,24], contra [18]. Congruity with the
occlusion can be achieved only if the diaphysis is placed lengthwise to the teeth line in the sagittal
direction. Such a bite would be highly unlikely, if possible at all. Due to the different shape of teeth tips
and shape of the holes (Figure 3) and the unusual longitudinal femur grip considering the only possible
dent (pitting after d’Errico [18] (Figure 9 from Reference [18]) of the antagonist tooth [25], cave hyena
and the grip with so-called crushing teeth, which is referred to by C. Diedrich [16], is not an option.
As stated above, there is also no direct and indirect evidence of the presence of hyena at DB. The same
as for the bite of a hyena is true for the bite of a wolf, which is the second best represented carnivore
at the site, next to cave bear. The latter is represented with several thousand individuals. It is also
not possible to make a partial hole and a complete hole one beneath the other and simultaneously an
emphasised depression right by hole no. 3 (Figure 3f, Figure 5) with just any tooth [24], contra [16,18].

 

Figure 3. Experimental holes on juvenile femur diaphysis of brown bear made by: (a) a bear’s canine
tooth, hole size 8.2 × 8.2 mm; (b) a hyena’s lower canine tooth, hole size 6.5 × 8.3 mm; (c) a hyena’s
3rd upper premolar, hole size 6.5 × 9.0 mm; (d) a hole made by a pointed stone tool and bone punch,
size 6.0 × 7.4 mm (e,f) complete holes no. 2 (size 8.2 × 9.7 mm) and 3 (size 8.7 × 9.0 mm) on the femur
from DB no. 652 (ZRC SAZU, Archive of Institute of Archaeology).

8



Appl. Sci. 2020, 10, 1226

Many juvenile femur diaphyses, and other tubular bones of extremities in DB and elsewhere have
a bigger distal or proximal semi-circular notch, which is typical carnivore damage. Such a notch also
occurs on the distal metaphysis of femur no. 652 from DB (Figure 1). Considering the circumstances,
it can be attributed to a wolf, with which P.G. Chase and A. Nowel also agree [14]. Undisputable traces
of gnawing on both ends of the diaphysis cannot be linked with certainty to the occurrence of both
complete holes and at least one partial hole [10,24], contra [18]. Since it was possible for carnivores to
damage Palaeolithic osseous artefacts and leave traces of teeth on them, which is proven by some of
the gnawed osseous points [20] (Figure 20 from Reference [20]), ([43] p. 257, Photo 1), this could have
happened to femur diaphysis no. 652 at some later time. Most probably, it was at that time that both
V-fractures with the starting point in the hole, from which only a partial hole could have remained
both times, could have been made.

3. Anthropic Origin of the Holes

Due to the shortcomings the explanation of F. d’Errico and his colleagues regarding the carnivore
origin of the holes and damage on femur diaphysis no. 652, more attention is warranted to the
alternative explanation of the find and findings connected to it, which are based on the results of
appropriate experiments and on indirect evidence from archaeological finds in Mousterian levels of DB.

When piercing bones Neanderthals could imitate carnivores and use pointed tools and the
dynamic force of strikes, instead of the compression force of teeth. Holes can be carved into the
diaphysis with pointed stone tools [30] found in the Mousterian levels of DB [44]. The bone does not
crack during this procedure. The edge of such holes is irregular and serrated, just as with holes on
the specimen no. 652, while the edge of holes made by a tooth is generally smooth, depending on
the thickness of the cortical bone (Figure 3). Clearly recognisable tool marks are not always present
as was attested by F. d’Errico. Namely, six experimentally carved holes were put under microscopic
examination. Tool marks were detected on only half of them [19]. However, characteristic damage,
such as a broken tip and other fractures, does occur on the tools. Such damage is also present on some
of the Mousterian tools from DB [10,20,31] (Figure 4). Holes can also be made with a blunt ad hoc
bone punch, struck with a wooden hammer, if a dent has previously been carved into the cortical bone.
The holes produced by this technique are morphologically identical to the holes on the specimen no.
652 and completely lack the conventional manufacture marks [21].

Figure 4. Tools suitable for perforating cortical bone: Pointed stone tools (the first on the right has a
broken tip) and bone punches from the Mousterian layers of Divje babe I (photo Tomaž Lauko, NMS).
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Whether the bone will crack depends on the shape of the punch point (blunt or sharp). In Mousterian
levels of DB, beside rare undisputable fragments of bone and antler points, some ad hoc punches with
rounded tips were found [23,45] (Figure 4).

At first glance, such artificially made holes on the diaphysis resemble holes made with teeth.
The latter are almost always in the vicinity of the epiphyses and only exceptionally on juvenile
diaphyses of the approximately same size, such as specimen no. 652 [16]. This is conditioned with the
ability of large carnivores, i.e., physical restriction regarding the grip and muscle strength, and with
the thinner cortical bone near epiphyses. Unlike animals, man was able to pierce holes along the entire
femur diaphysis, regardless of the thickness of the cortical bone. While puncturing bones, people
could choose among significantly more methods than animals, which instinctively always do exactly
the same. Therefore, in the case of the artefact, it is easier to substantiate the problematic damage,
including the above-mentioned depression near hole no. 3 on the posterior side of the diaphysis.
Namely, in its vicinity, there are two parallel micro-scores on the abraded surface of the cortical bone
(Figure 5), which could be interpreted as cut marks made by stone tools. These micro-scores are never
mentioned by advocates of the carnivore origin of the holes. The possibility that people used a femur,
the distal end of which was previously damaged by carnivores, is not ruled out. Regarding the absence
of other microscopic traces related to manufacture, they could have been erased due to extremely
strong corrosion in the layer comprising the find. Only the more distinct scores were preserved, as well
as the dent(s) (pitting after F. d’Errico [18]) made by teeth, which, considering their position, cannot be
connected with certainty to the production of holes by compression and piercing with teeth. Due to
their orientation and shape, all scores and dents, recognized by d’Errico and colleagues, cannot be
attributed to carnivores. Carnivores make scores with their teeth that are perpendicular or slightly
oblique to the axis of the diaphysis. They are not able to make a score subparallel to the axis of the
diaphysis with their bites [10] (Figure 9 from Reference [10]). Some of the dents must have been made
by corrosion, which was not considered by d’Errico and colleagues [39]. At least one longitudinal score
could be a tool mark.

 

Figure 5. Depression near hole no. 3 on the posterior side of the diaphysis and location of two parallel
micro-scores on the abraded surface of cortical bone (marked with an arrow) (ZRC SAZU, Archive of
Institute of Archaeology).

The strongest argument for the thesis that, the DB perforated femur is indeed a deliberately
crafted musical instrument, comes from experimental musical research on a reconstructed find. It was
determined that the artificially transformed juvenile diaphysis is ideal in shape and length for the
performance of music using a special playing technique [36,37]. Following the directions of I. Turk [22],
in 2010, the missing parts, and both partial holes of the original, were reconstructed on the left cave
bear juvenile femur of the size of the original (Figure 6). Due to practical reasons, the mouthpiece of
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the reconstructed musical instrument was made on the straight edge of the widened part of medullary
cavity. This edge fits lips better than the edge of the narrowed part. Later, professional musician L.
Dimkaroski established that on the original, the remnant of the straight part of this edge is bevelled
on both sides of the cortical bone and could as such function as the perfected cutting edge of the
mouthpiece [37]. Considering the position of the edge of the mouthpiece and torsion of the diaphysis,
the diaphysis of the left femur is also handier for a right-handed musician, while a right femur diaphysis
would be more suitable for a left-handed player. All contemporary music genres can be played on
the thus reconstructed musical instrument. The comparative acoustic analysis and tests revealed its
great musical capability. With a musical capability of 3 1

2 octaves [37] (a CD in the appendix), the
reconstructed musical instrument from Divje babe I surpasses the musical capability of reconstructed
Aurignacian osseous wind instruments, made from the bones of large birds [38,46,47].

Figure 6. Reconstruction of the Neanderthal musical instrument from Divje babe I. The reconstructed
parts are in white plaster. The position of the bevelled cutting edge of the mouthpiece is marked by an
arrow (photo Tomaž Lauko, NMS).

4. Conclusions

If the holes on femur no. 652 are not equated with the obvious and frequent impressions of teeth,
i.e., punctures with the impressed cortical bone [16] (Figure 4: 9b–11b; Figure 7: 2b from Reference [16])
– on meta- and epi-physes from cave bear sites, as is done by d’Errico and some of his adherents,
the find does not have a suitable comparison in collections of pierced limb bones of cave bear [16,48].
The exception is the diaphysis of a juvenile femur with three holes from the Aurignacian cave site
Istállóskő in Hungary [6,49], which is currently not considered to be a potential musical instrument,
due to numerous more convincing new finds of Aurignacian wind instruments in cave sites of the
Swabian Jura [50] and the French Pyrenees [51].

Currently, this unique find fulfils all conditions on the basis that it can be defined as the oldest
known musical instrument. These are: clear archaeological and stratigraphic context [44], dating [8,9,11],
explanation of manufacturing [21], musical verification [36,37], ([47] (p. 458), contra [19] p. 55), and
good comparisons in later periods [52]. In a preserved state, the find is not suitable for playing music.
Playing was enabled by the reconstruction based on concrete data and the well-founded assumption
that the reconstructed parts were removed by a wolf, prior to cementation. Similarly damaged is the
Upper Palaeolithic musical instrument from the loess layer in the open-air site Grubgraben (Austria) [52]
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(Figures 2 and 3 form the Reference [52]). Due to the fine texture of the loess, the damage on the
Grubgraben flute could have occurred exclusively prior to its inclusion into the sediment. Presumably,
it was damaged by a wolf occasionally feeding on the remains of the prey of Palaeolithic hunters.

The find of the Mousterian musical instrument from DB has certain advantages in relation to
other, declaratively the oldest similar instruments from the sites in the Swabian Jura, in regards to
context, stratigraphy, reconstruction, and morphometric characteristics. The context and stratigraphy,
supported by indirect 14C AMS, U/TH, and ESR dates [8,9,11], are indisputable because the find,
firmly cemented into the breccia, could not move within the sediment or be mixed with older finds
due to detected gaps in sedimentation. One of them occurred above the cemented part of layer 8,
where the musical instrument was found [53].The leading Aurignacian artefact – the point with the split
base – found in the youngest Pleistocene combined layer 2–3, two metres higher, enables the cultural
paralleling of Aurignacian level with sites of the Swabian Jura and simultaneously indisputably proves
the greater relative age of specimen no. 652, in comparison to the finds of musical instruments in the
Swabian Jura and elsewhere [50].

The reconstruction of the DB musical instrument is more reliable than the reconstructions of Swabian
finds, in which either the length or the mouthpiece are not preserved [46,47,50,54]. The morphometric
characteristics of the DB musical instrument are such that, even on the basis of physical laws, despite
the smaller length, they enable a greater musical capability in comparison to Swabian finds. Excuses of
everything being dependent on the interpreter are only partly valid. This has also been confirmed by the
unpublished musical experiments of professional musician L. Dimkaroski (personal communication)
with the replica of Swabian wind instrument GK 1 and comparative acoustic calculations of F. Z.
Horusitzky [38] for Swabian instruments GK 1 and GK 3.

The musical instrument from Divje babe I, which predates 50 ka, firmly supported with a
Mousterian (Neanderthal) context and chronology, remains the strongest material evidence so far for
Neanderthal musical behaviour. According to the present knowledge and archaeological context of the
find, there are no obstacles for the find to be interpreted as a Neanderthal musical instrument.
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Abstract: Among the studies of musical instruments, one important, sometime underestimated
discipline, is represented by ethnomusicology. The acoustic analyses on ethnic musical instruments
(M.I.) are much more infrequent if compared to those on classical M.I. This article deals with the
vibro-acoustic analysis on one of the most unknown ethnic, Italian M.I., i.e., the carabattola (also called
battola), which used to be played in Italy until the late 1960s during the Holy Thursday before Easter.
The study includes modal analysis and Intensity of Acoustic Radiation measured on an original
carabattola, which was played in the Romagna area until the early twentieth century. After a brief
overview about the theory of acoustic and vibrational analysis on musical instruments, the Intensity
of acoustic radiation and its correlation with modal analysis are recalled, based on previous studies.
In the experimental part of the article, the measurements conducted on the carabattola are described.
Afterwards, the results obtained both from modal analysis and IAR measurements are analyzed
and compared with other measurements previously conducted on musical (particularly percussion)
instruments and commented.

Keywords: sound efficiency; intensity of acoustic radiation (IAR); Carabattola; modal analysis

1. Introduction

The physics of musical instruments represents one of the most intriguing field of acoustics,
especially for those scientists that are normally involved in the preservation of cultural heritage. There
are different techniques to study the vibro-acoustical behavior of musical instruments; between them,
modal analysis and acoustic radiation are usually used. However, some other techniques have been
developed starting from these fundamental methods.

The studies on the physics and acoustics of musical instrument that were carried out in the
last 30 years normally regarded classical musical instruments, especially violins [1], piano [2,3],
wind instrument [4], and other musical instruments. Only a few studies have analyzed other
musical instruments [5]. This was due to the request of knowledge of the sound characteristics of
those instruments from lutherie, industrial manufactory companies, researchers, curators, collectors,
museums, historians, musicians, theatre companies and all parties involved with preservation and
restoration of those important, valuable objects. One more reason for studying the sound characteristics
of musical instruments from the physical perspective is the emulation of their sound characteristics [6]
by means of measurements of impulse responses [7] and convolution with dry music, including
nonlinear properties [8,9].

Appl. Sci. 2020, 10, 641; doi:10.3390/app10020641 www.mdpi.com/journal/applsci17



Appl. Sci. 2020, 10, 641

On the other hand, other musical instruments have been developed or invented for several reasons,
sometimes very different from each other, but the scientific community did not pay proper attention to
them. The carabattola, sometime called battola, belongs to this category of musical instruments (M.I.).

In order to determine the acoustic characteristics of M.I., acoustic radiation (like acoustic impedance
or admittance) is one of the most important physical parameters utilized to characterize their properties.
Sound radiation is closely linked to modal patterns, and a connection should therefore have occurred
between resonance frequencies and sound production in vibration constructions. Evidence of the
negative correlation between acoustic radiation and Frequency Response Function (FRF) of membranes
or plates in instruments, such as piano and harpsichord, has been identified in earlier studies by
Suzuki [10] and Giordano [11]. The complexity of pianos and harpsichord was perhaps the reason for
the negative correlation, and their complex structure could have impeded their understanding of their
sound radiation.

Percussion instruments, on the other side, are comparatively straightforward, and frequency
response studies, modal analysis, acoustic radiation and the relationship between FRF and noise
radiation can be readily discovered [12]. The comparison between experimental modal patterns and
previously outcomes could suggest the most appropriate measurement technique for characterizing
vibro-acoustical properties of musical instruments. For tympani, where sound generation and modal
analysis are related, a vibro-acoustic parameter was needed, capable of correctly correlating noise
output with FRF. Applications of this extend beyond musical acoustics into the modeling of musical
instruments in auditoria. The search of the link between sound radiation and modal analysis in musical
instruments has been an issue for several years.

2. The Carabattola

In western music there are plenty of musical instruments normally played since the beginning of
prehistoric ages. Most of them were idiophonic M.I., in which the sound was obtained by hitting the
bore with wooden or (later) metallic elements. Moreover, there are several instruments which were
invented not for generating pitched music but rather for producing acoustic effects, mainly for specific
religious circumstances. Among them, in Mediterranean Europe, several ethnographic instruments
have been utilized since the early middle ages almost up to the present. The carabattola is one of
these M.I.

The carabattola, also known as battola, is an extremely uncommon idiophone instrument of
ethnographic music. Its name recalls the origin of sound (acoustic) emission, i.e., it must be hit by
some metallic components in order to produce acoustic effect. This instrument used to be performed
only during the Holy Week before Easter, and it may have Byzantine origins. With his handler, the
player retains the instrument and rapidly turns the carabattola right and left. In this way, the movement
causes a clapper to hit in rapid sequence alternatively two metallic little circles, inserted in the wood.
Thus, the clapper looks like a knocker and the acoustic effect appears.

The carabattola belongs to a series of musical instruments, all of them played during Holy Week
before Easter in Mediterranean Europe. Other similar musical instruments are the Cembalo or Crotalo as
Francesco Saverio Quadria, already reported in 1734 [13], normally made in oak or chestnut wood.
Some other similar musical instruments, like Matracula, (Figure 1) are still used, although seldomly, in
some parts of Italy such as the Sardinia region [14].
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Figure 1. Matracula, a percussion instrument still in use in Sardinia (Italy).

The Carabattola, as well as the other similar musical instruments specifically realized for Holy
Week, does not provide a specific pitched sound, but rather a particular acoustic effect, which increases
the particular religious atmosphere, together with the chanting and the incense. These specific
characteristics are the reasons for the decision to carry out vibrational and acoustic characterization of
the wooden element (the “soundboard”).

In this paper, an original example of Carabattola is analyzed. This instrument belongs to the
Madonna del Carmine Church in Bagnacavallo, Ravenna, Northern Italy. It was locally called Scarabàtla
and used to be played roughly until 1970. The chest (probably made by wood from fruit trees) is
approximately 25 cm width, 50 cm length, 2.2 cm thickness, whilst the metallic (perhaps iron) circles are
2.0 cm width. It should be emphasized that this tool provides a background noise, partly comparable
to the noise of a grater and not a real sound (as usually expected).

3. Material and Methods

3.1. Acoustic Radiation

The efficiency of acoustic radiation is a measure of the effectiveness of a vibrating surface in
generating sound power. It could be defined by the relationship:

σ =
W

ρ0cS
〈
v2

n

〉 (1)

in which W is the sound power radiated by a surface with area S, which could be obtained by integrating

the far-field intensity over a hemispherical surface centered on the panel, and
〈
v2

n

〉
is the space-averaged

value of the time-averaged normal distribution of velocity [15]. This parameter could be utilized for
searching a link between movement (vibration) and acoustic generation (sound).

Various measuring techniques that are helpful for noise emission analysis could be acquired
from this overall concept, ranging from frequent applications in noise emissions in machinery, to rare
examples on musical instruments. In musical acoustics, previous investigations have been carried out
on piano and harpsichord soundboards using different technique. Wogram used the parameter F/v,
defining F as the excitation force and v as the resulting velocity at the point of excitation [16]. In his
experiments, he found a maximum at a frequency that is close to or below 1 kHz and that falls sharply
below 100 Hz and above 1 kHz. He discovered that it falls typically by a factor of 10, as the frequency
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varies between 1 and 5 kHz. On the other hand, the “surface intensity method” was identified by
Suzuki [10] and defined by the equation:

I = Re[p(α/ jω∗)/2] (2)

where I represents the average intensity in time, perpendicular to the vibrating surface, measured
in near field (about 30 cm from the radiating surface); ω is the angular frequency; Re and * are the
real part and the complex conjugate of a complex number; p and a are the pressure and the normal
acceleration at the measuring point. Further, Giordano used the parameter p/v where p is the sound
pressure measured in near field, and v is the velocity of the soundboard [11]. At around 1 kHz in all
sampled frequencies p/v is larger and drops below a few hundred hertz and above 5 kHz.

It is essential to note that all these studies have one prevalent outcome: The frequencies of resonance
have not coincided with those of acoustic emission, but they often have an adverse correlation.

3.2. Intensity of Acoustic Radiation—IAR

From the experiment described above, the Intensity of Acoustic Radiation (IAR) parameter was
defined in 2005 as the space averaged amplitude of the cross-spectrum between the sound pressure
generated from the vibration of the surface and the velocity of the surface vibration [17]:

IAR(ω) :=
〈
P(ω)∗V(ω)

〉
(3)

For the measurement, an omnidirectional microphone is required. According to Suzuki, the
microphone must have been positioned in a specific point which corresponds to about one-quarter of
the wavelength of the frequency corresponding to the earliest mode. If tympani are involved, this
distance is approx. 25 cm over the membrane.

The measurements should be carried out in a slightly reverberating space where average radiation
induced by early modes is easily achieved via the reverberation time. The acoustics chamber has
no effect on the readings at higher frequencies. In addition, the measurements are enhanced by
space-averaging of information carried out by shifting transductors through the instruments. It should
be considered that other vibroacoustic parameters have been obtained starting from IAR, applied in
very different field of acoustics, as building acoustics [18].

3.3. I.A.R.: Previous Measurements

When IAR was defined, in order to verify the robustness of the parameter, two distinct percussion
instruments were used to measure IAR. These instruments were two kettledrums. The first was a
25-inch (approx. 65 cm) kettledrum plexiglass Adam with a Remo mylar skin and central reinforcement
tuned at about 166 Hz (corresponding to E), whilst the second one was a copper 25-inch Ludwig
kettledrum, which was tuned to roughly 145 Hz (D-corresponding) with a mylar skin without a
central reinforcer.

The tympani measurements were carried out in two different ways. A hammer with an
accelerometer was used in the first case, whilst the hammer was replaced by a shaker in the second case.
The microphone was in the same position in both cases. In order to verify the outcomes from previous
researches, up to 15 modes were obtained and compared with literature. This allowed verifying the
accuracy of the measurements. Figure 2 reports the results obtained in 2005 [17].
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(a) 

  
(b) 

Figure 2. Tympani: (a) FRF compared with p/v; (b) FRF compared with IAR.

4. Measurements on Carabattola

The measurements on the carabattola were carried out in a similar way as the tympani. In one of
two metal circles, the shaker excited the instrument, with the microphone positioned approximately 25
cm above. All measures were carried out in the same room of the tympani, with the same acoustic
boundary conditions as described in the article [17].

Modal analyzes were also performed in this case. The measurements were conducted positioning
the accelerometers on 24 positions and stored (Figure 3). In a further step, all the measurements were
post processed in order to obtain FRF and modal patterns. The findings are quite different from the
kettledrum, because the sound generation varies significantly from the tympani. The IAR is measured
by the proportion p/v and FRF as depicted in Figure 4. Due to the increase in modal density at higher
frequencies, the chart is restricted to 1 kHz. The modal patterns from 107 to 344 Hz, measured in the
instrument, are reported in Figure 5.
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Figure 3. The measurements on the carabattola.

 
Figure 4. Carabattola: FRF compared with p/v and IAR.

The match between IAR and FRF in carabattola is not as strong as in kettledrums. However, the
negative correlation is not so obvious from FRF to p/v. The unique properties of sound emission of
carabattola, which significantly differ from the tympanum, should explain this result.

 
Figure 5. Cont.
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Figure 5. Modal patterns for the carabattola (from top left to bottom right): 107 Hz, 150 Hz, 193 Hz,
247 Hz, 297 Hz, 322 Hz.

The IAR measurements on the carabattola were also carried out together with modal analysis
as previously made for the kettledrums. As mentioned earlier, the sound pressure p, as previously
reported from Suzuki, Giordano and Tronchin, was evaluated in the near field at 25 cm from the
instruments, maintaining the correct distance already proposed in early studies.

5. Results

Analysis of Measured Data

Comparing the results obtained on the carabattola with the results obtained on the kettledrums,
the following points could be underlined.

In the case of the tympani, the negative correlations between FRF and IAR are very high, and at
the same time, the two respective graphs are almost coincident. It should be noted that tympanum has
a clearly defined sound pitch, mainly due to the membrane motion.

On the other hand, different results were carried out in the case of carabattola, as the mechanism of
sound generation differs considerably from the tympanum. Figure 5 shows the first six modal carabattola
patterns. It is important to note that the metallic plate where the knocker strikes the instrument affects
the motion of the sound chest from the evaluation of these patterns. In view of the relationship between
FRF and p/v, only partly a negative connection is noted, particularly at medium-low frequencies. In
comparison, they are only partly linked, when comparing the two graphs FRF and IAR. The two charts
seem like they are shifted of a small frequency range, even if they are much more linked than FRF
and p/v.

The tympanum mainly produces sound from the membrane, which is a very straightforward
perception of the pitch caused by the membrane vibration. On the other hand, in the carabattola the
chest and metal knocker produce a sound that is not perceived as a particular pitch.

In the case of tympani, IAR, FRF and p/v are highly correlated each other, as almost all sound
generation comes from the membrane (where the sound velocity v is measured), whilst the correlation
in carabattolas is not as obvious as the sound generation comes from wood alone.
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6. Discussion

Two types of percussion instruments, two tympani and one carabattola, were carried out with
acoustic radiation measurements and modal analysis, as proposed by many authors in previous articles.
In both cases, the instruments were excited by means of a shaker, connected with a thin metallic bar. In
a previous paper, the shaker resulted better than the head impedance hummer, as the resonance of the
bar that connects the shaker with the instruments was discovered at approximately 3 kHz.

The mappings of individual vibration modes were very clear for all the instruments, and in the
case of tympani, the frequency ratios were approximately consistent with the theory. For circular and
mixed vibration modes, a high degree of correspondence was obtained, while the diametric modes
produced slightly less frequencies than the theoretical ones. Due to the typical noise generated in the
carabattola, modal pattern mapping was not so evident like in the tympanum.

The tympanum generates its sound mainly from the membrane and has a very little thickness
if compared with its surface and could be considered bi-dimensional. The membrane is elastically
deformable, and its vibration is only slightly damped. Conversely, the carabattola is made of a wooden
body having a relevant thickness of 2.2 cm, not elastically deformable and cannot be considered
bi-dimensional. The body is not elastically deformable, and its vibration is strongly damped.

Acoustic radiation has been evaluated in two different ways in all musical instruments. The first
step was to calculate the complex ratio (p/v) between sound pressure and vibration velocity of the
principal vibration components of the instrument. This is the method used by Giordano.

In the second step, an amplitude of a space-averaged of cross spectrum (p · v) between sound
pressure and the vibrational speed of the membranes or chest was calculated at a fixed point 25 cm
over the instruments. This is the parameter known as Intensity of Acoustic Radiation (IAR).

The IAR thus led to a parameter that was able to correctly associate the vibration of plate or
membranes with the sound production. This relationship is remarkable for tympani, while the
relationship is not so strong for carabattola. In the first situation, IAR and FRF are very correlated and
only partly linked in the second situation. We have not considered the effect of the metal knocker,
because our focus was in the vibroacoustic behavior of the soundboard.

Considering the modal patterns obtained from modal analysis and reported in Figure 5, it is
noticeable that there are no clear modal patterns obtained from the analysis. This result is coherent with
the sound behavior of the musical instrument, which is not characterized by a specific pitch but rather
produces a strong peculiar noise which recalls a grater. Since there is not any specific pitch in the sound
emission, there are no frequencies that emerged from the music spectrum. Moreover, the thickness of
the soundboard, which is considerably higher than that of other wooden musical instruments or even
plates, causes an early damping of the sound (or noise) emission that is compensated by the quick
movement of the metallic handle, which hits the soundboard with a very high frequency.

In other words, the sound analysis carried out on the carabattola does not give evidence of any
specific frequency but rather looks partially similar to a flatten spectrum without any decay, similarly
to percussion instruments like a wooden scraper. Consequently, the modal patterns which resulted
from the analysis resulted having an irregular shape, which is completely different from the membrane
of the tympanum.

7. Conclusions

The carabattola is an almost unknown idiophone musical instrument that used to be played only
during Holy Week in Mediterranean Europe. Few examples of this musical instrument are actually
conserved in Italy, and no acoustic analyses are available for it. This paper attempted to describe
its vibroacoustic behavior by means of some specific acoustic measurements: modal analysis and
intensity of acoustic radiation. These methods have been already utilized in other musical instruments,
as the kettledrum.
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In the carabattola, comparing the FRF graph and p/v, it can be noted how frequencies of resonance
often differ from those of acoustic emission. When IAR is applied, resonance frequencies completely
match those of noise emissions, and the forms of the two graphs are comparable.

In the case of tympani, this was particularly evident: The IAR parameter was well related to
the response function of frequencies, and therefore, it resulted preferable to p/v. IAR is a parameter
between acoustic intensity and acoustic radiation, so it is suitable to measure the sound generating
characteristics of musical instruments with vibrating soundboards (i.e., FRF). This parameter could also
be used to describe and identify the directivity of musical instruments, essential both for architectural
acoustics and for procedures of auralization.

In the case of the kettledrum, the links between FRF, IAR and modal analysis were very high,
because of the clear subjective pitch of the M.I. In the case of the carabattola, where no pitch is detected,
the correlations between FRF, IAR and modal patterns resulted very low. These results underline
the link existing between IAR, modal patterns and pitch of the vibrating surface: Where no pitch is
detected, low correlations occur between IAR and FRF, and modal analysis becomes less important.

The results obtained in the carabattola showed that modal patterns were not clearly identified as in
the violin or kettledrum, and its sound emission was characterized by an almost uniformed frequency
distribution, which typically characterizes idiophones.
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Abstract: The physics of musical instruments often uses modal analysis as one of the most important
methods for describing the behavior of sound chests and their acoustic radiation. However, some
studies conducted in Europe (Wogram), Japan (Suzuki) and the United States (Giordano) underlined
a very weak correlation between sound radiation and modal analysis. This mismatch required
further research. The acoustic parameter intensity of acoustic radiation (IAR) is highly related to
the mechanical vibration of the sound source. IAR was able to quantify the sound efficiency of
musical instruments, and to relate sound radiation with modal analysis. This paper investigates
IAR measured on three Persian stringed musical Instruments, namely the thar, si-thar and santoor.
The analysis contributes to the knowledge of stringed musical instruments and sound propagation,
since IAR is capable of linking the mechanical vibrations of soundboards with the sound generation
of the musical instruments. The IAR results coming from the modal analysis carried out during the
study of the instruments are reported herein.

Keywords: intensity of acoustic radiation; modal analysis; Persian musical instruments

1. Introduction

Several methods are available to describe and characterize the physics of musical instruments and
their sound radiation. Ernst Chladni (1756–1827) first discovered that rigid and thin structures (e.g.,
plates), most of them symmetric and very clear, could depict special and particular mode shapes when
they were bowed by a vibrating violin bow [1]. Chladni is therefore considered one of the pioneers
(together with Robert Hooke) of modern experimental modal analysis. Starting from Chladni’s studies,
modal analysis became quite important for studies on musical instruments. Frederick A. Saunders, in
his important works about stringed musical instruments’ acoustics, described experimental modal
analysis as one of the most important physical analyses of violins [2,3]. Carleen Hutchins, during
her long activity as a scientist and violinmaker, considered modal analysis the most important and
useful method for determining acoustic and sound quality in violin tops and backs [4,5]. However,
no information about modal patterns and their importance (and rank) in the definition of sound
characteristics was provided, although Hutchins stated that modes 2 and 5 were fundamental for the
sound characterization of violin plates. These results were confirmed by several other authors, such
as Erik V. Jannson [6,7]. Experimental modal analysis is based on the measurements of a frequency
response function (FRF), which is obtained by exciting the sound board with a shaker or an impact
hammer and capturing the vibration by means of accelerometers. Nevertheless, several authors such
as Wogram [8], Suzuki [9] and Giordano [10] have not discovered a robust correlation between FRF
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and modal analysis. Moreover, they have questioned whether there was a rank among all the modes,
and what the relationship is between modal analysis (i.e., mode shapes) and sound radiation. When
Hutchins stated that modes 2 and 5 in violins were fundamental, she did not provide any scientific
reason for not considering modes 1, 3 and 4; therefore, further research was required. Conversely, a
different acoustic parameter that has recently been introduced called intensity of acoustic radiation
(IAR) is well linked to the mechanical vibration of the sound source [11]. The IAR enables the sound
characterization of musical instruments, including wind instruments [12].

Even though several measurements could be utilized for characterizing musical instruments, they
do not enable the ranking of the different modal shapes or link modal shapes with sound radiation
(i.e., sound production of musical instruments).

In this paper, the intensity of acoustic radiation (IAR) is experimentally evaluated for three Persian
stringed musical instruments, namely the thar, si-thar and santoor. The IAR enables the determination
of the most important frequencies responsible for sound propagation of the musical instruments.
Furthermore, based on the results of the IAR, the modal patterns obtained from these frequencies are
calculated. The Persian musical instruments were made in an original workshop in Tehran, Iran, then
purchased and carried straight to Europe.

2. Materials and Methods

2.1. Acoustic Measurements on Musical Instruments

Apart from modal analysis, various other approaches have been introduced to study and
evaluate the physical characteristics of musical instruments. Among these, we can distinguish
physical and non-physical methods. Obviously, physical measurements can be of various kinds:
mechanical, fluid-dynamic, chemical, electronic, and so on, and each one can contain subcategories
(e.g., dendrochronology, mechanical resistance, C14, radiography, etc.). Acoustic measurements are
therefore a small part of physical measurements, and are based essentially on two main phenomena:
sound pressure (sound pressure, particle velocity, flow velocity) and mechanical vibration (acceleration,
velocity, displacement). Consequently, the other main physical and acoustic measurements that can be
identified are as follows:

• acoustic impedance (driving point mechanical impedance or admittance);
• directivity;
• sound intensity;
• damping (loss factor);
• acoustic radiation;
• finite element method (FEM);
• interferometry;
• frequency and impulse responses;

The last parameter allows the virtual emulation of the behavior of musical instruments by
measuring impulse responses [13,14] as well as considering non-linear characteristics [15,16].

2.2. Sound Radiation from Musical Instruments

In order to determine the efficiency of the acoustic emissions of a surface that is vibrating, Fahy
introduced the following relationship:

σ =
W

ρ0cS〈v2
n〉

(1)

where W represents the sound power radiated by a surface with area S, which could be obtained by

integrating the far-field intensity over a hemispherical surface centered on the panel; 〈v2
n〉 represents

the space-averaged value of the time-averaged normal distribution of velocity; and ρ0 represents the
air density and c the velocity of sound propagation (speed of sound).
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The method introduced by Fahy could be also applied also to musical instruments, and it has
been utilized by several researchers to the frame of musical instruments for calculating the possibilities
of a soundboard to produce sound emission.

In 1984, Wogram introduced the parameter F/v, identifying F as the excitation vector and v as the
corresponding velocity at the point of excitation (1984). Using the “surface-intensity” method (1986),
Suzuki identified

I = Re[p(α/ jω∗)/2] (2)

where I represents the time average intensity, measured in the near acoustic field (about 30 cm from
the radiating surface), perpendicular to the vibrating surface; and p and a represent the pressure
and acceleration at the measuring point, respectively. Giordano used the parameter p/v, where p
represents the sound pressure captured in the near field and v represents the velocity of the soundboard
(1998). It is worthwhile considering that a similar method has been recently developed for the acoustic
situation of sound insulation [17], far from musical instruments. Unfortunately, all these studies
have one prevalent outcome: the frequencies of resonance have not coincided with those of acoustic
emission, and they often have an adverse correlation.

2.3. Intensity of Acoustic Radiation—IAR

Starting from the studies described above, the intensity of acoustic radiation (IAR) parameter
was defined as the space-averaged amplitude of the cross-spectrum between the sound pressure
generated from the vibration of the surface and the velocity of the surface vibration. IAR is calculated
by the equation

IAR(ω) := < p(ω)·v(ω) (3)

where p(ω) represents the sound pressure measured in near field, and v(ω) represents the vibration
velocity of the vibrating surface (i.e., the soundboard). The measurements of IAR require an
omnidirectional microphone located in a fixed position in the near field, about 25–30 cm over
the instruments, which should correspond to about one-fourth of the principal dimension of the
instrument. Instead of a perfect anechoic room, the measurements should be carried out in a dry room
that is almost anechoic (i.e., less than 0.2 s at mid frequencies), where average radiation induced by
early modes (at low frequencies) is easily achieved via the reverberation time. The acoustics chamber
has no effect on the readings at higher frequencies. In addition, the measurements are enhanced
by the space-averaging of information carried out by shifting transductors through the instruments.
The previous measurements, conducted by one of the authors on a kettledrum, have demonstrated
the perfect matching between theoretical and experimental modal patterns. These results were also
obtained during measurements on other musical instruments, as in Carabattola [18].

2.4. Persian Musical Instruments

Persian music utilizes a wide variety of musical instruments that differ from classical European
ones in several aspects. Persian musical instruments could be regarded as similar to Indian instruments
rather than European ones due to their features: many of them consist of a sound chest made with
local wood, while the soundboard is often made from animal skin. In this paper, three distinct Persian
stringed musical instruments, namely the thar, si-thar and santoor, were made in an original shop in
Tehran, Iran, then purchased and carried straight to Europe. The scientific and historical literature
on Persian musical instruments is very limited [19]. Moreover, only a few papers are available that
discuss the acoustic behavior of them [20].

The thar (tār, tar, ����) is a Persian long-necked string instrument (Figure 1) that is commonly played
in many countries on the Caucasus region. This musical instrument could be considered to be the most
representative Persian musical instrument in view of its characteristic shape and sound. Often this
musical instrument is also called a čāhārtār or čārtār, which means “four string” in Farsi. This is a
common practice in Persian-speaking areas in which lutes are distinguished on the basis of the number
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of strings originally employed. Belonging to the lute family, the thar appeared in its present form in the
middle of the eighteenth century and has since become one of the most important musical instruments
in Iran and the Caucasus. The body is a double-bowl shape carved from mulberry wood, with a thin
membrane of stretched lambskin covering the top. The long and narrow neck has a flat fingerboard
with twenty-five to twenty-eight adjustable gut frets, and there are three double courses of strings. Its
range is about two and one-half octaves (C3-A6), and it is played with a small brass plectrum.

 

Figure 1. The Persian thar analyzed in this research in its original case.

The si-thar (setâr, ������) is another important Persian musical instrument (Figure 2). It is a
member of the lute family that is played with the index finger of the right hand. It has twenty-five to
twenty-eight moveable frets that are usually made of gut. The si-thar covers more than two and a half
scales (F4-G6). The ancestry of the si-thar can be traced to the ancient tanbur of Persia. As previously
explained, following the rules of Persian speech, si-thar is literally translated as “three strings”.

 

Figure 2. The Persian si-thar analyzed in this research in its original case.

The santoor (santur, ���	 
��) is a Persian three-octave (F3-G6) wooden-hammered dulcimer with
seventy-two strings that are arranged on adjustable tuning pegs in eighteen quadruple sets, with nine
(bronze) in the low register and nine (steel) in the middle register (Figure 3). The santoor can be made
from various kinds of wood depending on the desired sound quality. However, there is no scientific
information about which would be the preferable wood. The front and the back of the instrument are
connected by soundposts whose positions play an important role in determining the sound quality of
the instrument. Although the santoor is very old, it was neither depicted in miniatures, nor presented
in any other medium until the 19th century.
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Figure 3. The Persian santoor analyzed in this research.

To the authors knowledge, these three musical instruments have never been studied from an
acoustic perspective, and this paper aims to evaluate their quality by means of acoustic measurements
of IAR and modal analysis.

2.5. Acoustic Measurements

In order to characterize the sound and vibrational behaviors of these three Persian musical
instruments, a measurement campaign was conducted. The measurements were made in an almost
anechoic listening room (i.e., the Arlecchino room at University of Bologna, the same one in which the
first experiments on kettledrums were performed in 2005) [11]. The room has a reverberation time
lower than 0.2 s at 500 Hz, which helps to increase uniformity of sound radiation at low frequencies
(i.e., at the first modes). At higher frequencies, the room acoustics do not influence the measurements.
For all measurements, the equipment used was the following:

• Hammer Brüel & Kjær type 8203;
• Accelerometer Brüel & Kjær type 4374;
• two charge amplifiers Brüel & Kjær type 2635;
• PC equipped with 24 bit A/D converter soundcard and 8 channels with a 96 kHz sample rate;
• Soundfield MKV microphone;

Based on reciprocity theory, the accelerometer was located at the bridge in all of the instruments,
in a few fixed positions, whilst the soundboards were excited by the hammer in dozens of positions.

3. Results

During the measurements, both acoustic pressure and velocity vibrations were collected and
stored, as well as the excitation signal from the hammer. The modal analysis was undertaken for
resonant frequencies up to 1 kHz. In addition, as described in Equation (3), the IAR was calculated in a
second step for all three musical instruments.

3.1. Thar

Since the soundboard in the thar is produced of lamb skin, measuring vibrations became quite
difficult. The thar has a wooden sound chest built of double-heart string instruments. The following
impedance graph (Figure 4) displays an evaluation of the frequency response function along with
the IAR.
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Thar

Figure 4. Intensity of acoustic radiation (IAR) compared with the frequency response function (FRF)
for the Persian thar.

The following images (Figure 5) show the results of the modal analysis carried out during the
analysis of acoustical characteristics of the thar.

    
(a) (b) (c) (d) 

    
(e) (f) (g) (h) 

Figure 5. Results of modal analysis of the thar. Frequencies are (a) 32 Hz, (b) 269 Hz, (c) 322 Hz,
(d) 462 Hz, (e) 592 Hz, (f) 689 Hz, (g) 882 Hz and (h) 1012 Hz.

3.2. The Si-thar

Due to its narrower size and lamb-skin soundboard, the Persian si-thar differs from the Indian
one. As with the thar, the soundboard measurements required high precision and handling care.
The following impedance graph (Figure 6) displays an evaluation of the frequency response function
along with the IAR.
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Si-thar

Figure 6. IAR compared with the FRF for the Persian si-thar.

Figure 7 shows the results relative to the modal analysis carried out during the analysis of
acoustical characteristics of the si-thar.

   
(a) (b) (c) (d) 

   
(e) (f) (g) (h) 

Figure 7. Results of modal analysis of the si-thar. Frequencies are (a) 53 Hz, (b) 139 Hz, (c) 172 Hz, (d)
226 Hz, (e) 269 Hz, (f) 322 Hz, (g) 549 Hz and (h) 645 Hz.

3.3. The Santoor

The santoor resembles a xylophone or clavichord, and it simpler to move than the other instruments.
Although the soundboard is produced from wood and is resistant, it becomes almost impossible to
measure soundboard vibrations in the sound chest due to the complexity of the musical instrument,
which has a high number of strings and the feasibility of moving the bridge. Figure 8 show the
impedance graph, which displays an evaluation of the frequency response function along with the IAR.

The modal analysis results obtained during the measurements are shown below (Figure 9).
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Santoor

Figure 8. IAR compared with the FFR for the Persian santoor.

  
(a) (b) 

  
(c) (d) 

  
(e) (f) 

  
(g) (h) 

  
(i) (j) 

Figure 9. Results of modal analysis on the thar. Frequencies are (a) 269 Hz, (b) 387 Hz, (c) 516 Hz, (d)
538 Hz, (e) 624 Hz, (f) 785 Hz, (g) 839 Hz, (h) 958 Hz, (i) 1119 Hz and (j) 1378 Hz.
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4. Discussion

Measurements of the IAR were reported in combination with FRF charts for all three musical
instruments. In general, the low–mid IAR and FRF frequencies were near to each other in all cases, while
correlations at the higher frequencies were lower. This result was already found for the kettledrum,
and is a typical result of frequency analysis (with a narrow band of 10 Hz). Moreover, the thar and
si-thar had a comparable frequency response. Both had a resonant frequency at 322 Hz, although they
differed rather significantly at medium and high frequencies. Due to the large amount of cords and the
more complicated form of the sound chest, the santoor generated a more balanced sound spectrum,
which differentiated it from the other two string instruments.

By analyzing the results in more detail and comparing the IAR with modal analysis, we found
the following:

In case of the thar, the most significative modal patterns that resulted were those at 322 and 462 Hz
(i.e., a difference of 140 Hz). Moreover, if we consider the ratio between 322 and 140, it yields 2.3, whilst
the ratio between 462 and 140 yields 3.3. This means that the ratio between the mode at 462 Hz and the
mode at 322 Hz is 3:2 (i.e., a fifth), demonstrating that the dimensions of the two components of the
soundboard allow a proper tuning of the frequency response of the musical instrument. This is not
obvious, since the dimensions of the two components of the soundchest (i.e., the volume) are roughly
in a 1:4 ratio.

In case of si-thar, analysis of the IAR showed that the two most relevant frequencies (i.e., the two
main peaks) were 322 and 602 Hz, whereas for the FRF the most relevant frequencies among the 8
modal patterns reported here were 269, 322, 549 and 645 Hz. It could also be noted that 602 represents
an important frequency for IAR, as it almost corresponds to the 592 Hz frequency at which the FRF has
a minimum value and is between the two main values (549 and 645). Analyzing these frequencies, we
see that, starting from 269 Hz while considering the value of 602 Hz for the IAR, they are in ratios
of 6:5, 2:1, 18:8 and 12:5. This sequence represents almost a perfect minor natural (Zarlinian) scale,
with 269–549 and 322–645 almost in the ratio of 2:1. This could be a reason for the typical melodies
composed for this particular musical instrument.

The third musical instrument differed from the others for several reasons. For one thing, it is a
percussion instrument, with a higher number of strings. Furthermore, the resonant cavity is much
smaller and does not vibrate like the others, and the strings of the musical instrument are struck by
little wooden hammers (mezrabs).

The analysis of IAR and modal patterns underlines the strong differences with the previous
musical instruments. There was little evidence of specific resonant frequencies, even considering
the IAR and FRF. The modal patterns were not very clear, unlike the previous cases. However, we
could find a certain importance of the frequencies at 269 and 538 Hz (i.e., in the ratio 2:1), even if
the corresponding modal pattern did not seem to underline a specific or noticeable shape. The other
frequencies did not provide any specific evidence.

5. Conclusions

In this paper, the acoustic radiation and modal analysis of three Persian musical instruments
was undertaken. The space-averaged amplitude of the cross spectrum <p v> between sound
pressure—measured at a fixed point of 25 cm from the instruments—and vibration velocity of
the soundboard was calculated for several measuring points. This was the intensity of acoustic
radiation parameter (IAR). Comparing the two graphs (i.e., the IAR and the FRF), some modal patterns
for each musical instrument were obtained and reported. In the case of thar and si-thar, we found
significant values of resonant frequencies that were in a harmonic ratio (3:2 for the thar; 2:1, 6:5, 18:8
and 12:5 for the si-thar). For each frequency, a clear modal pattern was obtained. In the case of the
santoor, modal patterns were less evident than in the other musical instruments due to the complexity
of the instrument, and we only found a significant value of frequencies in the ratio of 2:1. These
results provide an initial description of the vibro-acoustic behavior of three important Persian musical
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instruments. Since the thar and si-thar have a similar vibroacoustic behavior, it is likely that other
similar Persian (or Caucasian) stringed musical instruments might have the same sound characteristics.
On the other hand, musical instruments like the santoor behave differently.
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Abstract: Composite materials are presented in a wide variety of industrial sectors as an alternative
to traditionally used materials. In recent years, a new sector has increasingly used these kinds of
materials: the manufacture of musical instruments. Resonances of different elements that make up
the geometries of musical instruments are commonly used with the aim of enhancing aspects of the
timbre. These are sensitive to the mechanical characteristics of the material, so it is important to
guarantee the properties of the composite. To do this, it is not uncommon to use pre-impregnated
fibers (prepregs) which allow fine control of final volumetric fractions of the composite. Autoclaving
is a high-quality process used to guarantee the desired mechanical properties in a composite, reducing
porosity and avoiding delamination, but significantly raising production costs. On the contrary,
manufacture without autoclaving increases competitiveness by eliminating the costs associated
with autoclave production. In this paper, differences in dynamic behavior are evaluated under free
conditions of different Carbon Fiber Reinforced Epoxy (CFRE) prepreg boards, processed by autoclave
and out-of-autoclave. The results of the complex module are presented according to the frequency,
quantifying the variations in the vibratory behavior of the material due to the change of processing.

Keywords: autoclave; out-of-autoclave; vacuum-bag-only; processing; CFRE; plates; modal; dynamic;
musical instruments

1. Introduction

Interest in characterizing the elastic and damping properties of composites is increasing as more
and more industrial sectors use these materials in very different applications. Among these, the most
established sectors include the automotive, aerospace, and renewable energy industries [1–5]. However,
in recent years, this has expanded to include other types of products, such as musical instruments.

In this expanding new sector, the modal and transient behavior of different structures has been
studied. Commonly, in musical instruments resonances are usually sought to enhance the sound
pressure levels obtained for different resonances, modifying the timbre and the qualitative aspects of
the resulting sound. Research is particularly extensive in the chordophone family, particularly in the
case of classical guitars [6–12], electric guitars [13,14], or the string family of instruments [15–19]. We
also find studies linked to percussive chordophones such as the piano [20–22] and, though scarcer,
those dedicated to membranophones [23–25]. Figure 1 shows some examples.
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Figure 1. Some musical instruments made of carbon fiber reinforced with epoxy (CFRE): (a) Luis and
Clark violoncello [26], (b) Rasch snare drum [27], (c) Boganyi piano [28], and (d) Klos carbon fiber
guitar [29].

Composite materials use polymer matrices in their manufacture, so they have viscoelastic behavior.
Viscoelasticity is the property of materials that exhibit both viscous and elastic characteristics when
undergoing deformation. For the study of this type of material, we express the module in its complex
form, as shown by Equation (1) [30]

E∗ = E′ + jE′′ (1)

where the real part (E′) is the storage modulus, and the imaginary part (E”) is the loss modulus.
The study of the storage module (E′) is a determining factor when characterizing the resonance

frequencies of a solid. E′ represents the elastic behavior of the material, which is directly linked to the
resonance frequencies of any type of solid. Also, for typical resonant elements of musical instruments,
such as membranes, plates or shells, we can express their resonances as [31]

f = α

√
E′
ρ

(2)

where the square root of the ratio between E′ and ρ is equivalent to the longitudinal speed of sound
in the solid, and α is a parameter defined by the modal and geometric characteristics of the solid.
Variations of E′ modify the value of each one of the natural frequencies of the system.

In turn, the modulus of losses E”, is related to the total damping of the system by means of
Equation (5) and defines the amount of energy dissipated in each oscillation. The non-elastic or viscous
behavior is related to the amount of sound pressure that a resonance will be able to accumulate and
the modal decay time. The decay time due to internal damping processes is defined by [32]:

τ =
1
π f

E′
E′′ (3)
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Because of their configurability, many manufacturers are investigating the use of composite
materials for the manufacture of these instruments. The most common are those using Carbon
Fiber Reinforced Epoxy (CFRE) [11,33,34], but others include those involving bio-composites [35,36].
These studies relate the mechanical characteristics of the composite to the sound behavior of different
musical instruments, but do not contemplate the direct influence of the processing on the elastic and
non-elastic behavior of the vibration.

Since the vibratory behavior and mechanical properties of the material are closely linked [32,37–39],
in many cases the processing of the composite offers greater guarantees, such as the laminate of prepregs
in an autoclave [40]. But due to the high associated cost, there are numerous studies that propose
vacuum bag-only (VBO) processing as an alternative. Previous work has focused on investigating the
effects that this can have on porosity, bubbles during curing, and different strategies for mitigating
the defects associated with VBO [41–44], while trying to retain the mechanical properties that the
autoclave offers.

It is known that defectology in processing affects the properties of the composite [45]. There are
studies linking the appearance of voids during the processing of the composite to the mechanical
characteristics of the composite [45,46], and others relating them to material failure [47]. Figure 2
shows the effects of defectology associated with VBO processing [48].

Figure 2. Micrographs of laminates: (a) autoclave processing, and (b) vacuum bag-only (VBO)
processing. Blue circles show voids in the VBO laminate.

Studies have also investigated dynamic behavior in composites based on various variables, such
as the addition of viscoelastic layers [49] or optimization of damping by characterizing laminate [50].
Since the vibrations of the material are of reduced amplitudes (<0.1 mm) in the musical instrument
manufacturing industry, we can focus the study of the material only on the type of resonances emitted,
without addressing aspects such as the failure of the material, either from fatigue or another mechanism.

Accordingly, it is essential to study the direct influence of processing on the modal behavior of the
CFRE in so far as different manufacturers can establish criteria for choosing the type of processing.
Therefore, this paper aims to evaluate the magnitude of the direct influence of processing by prepreg
CFRE, autoclave or vacuum bag-only, on the vibratory characteristics of the composite, considering its
sound speed, obtained by its modal behavior, as well as in the decay time result of the damping of
the laminate.

2. Materials and Methods

For this study two laminates were generated, one by autoclave (A) and the other by vacuum
bag-only (VBO) as shown in Figure 3.
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Figure 3. (a) Autoclave and (b) VBO CFRE plates.

Since each solid presents resonances that can be expressed as a direct proportion to the speed
of sound of the material that constitutes it, we can extrapolate from the study of the speed of sound
to a simple geometry that allows analysis of the material with precision. The geometry used is the
rectangular plate, since it allows for obtaining a great number of bending vibration modes.

One way to express the resonances of a rectangular plate is [32]

fn =
0.113h

L2

√
E
ρ
[2n + 1] (4)

where h is the thickness, L is the length of the plate, E is the Young modulus, ρ is the density, and n is
the number of nodes.

To be able to cover a range equivalent to three octaves above and below the A3 reference (440 Hz),
the frequency range of the study was focused such that 0 < f < 2000 Hz. For this, the plate dimensions
must be adjusted using Equation (4), which defines the resonances for plates.

The multipurpose CFRE system considered for this investigation was GG280T (Tenax
HTA-3k)-DT806R-42 Fabric Laminate manufactured by an external company, (Magma Composites S.L,
Alcañiz, Aragón, Spain) using prepreg plies supplied by Delta Preg Composites. DT806 is an epoxy
resin with a glass transition temperature (Tg) of approximately 135 ◦C. GG280T is a 4/4 twill carbon
fabric, 3K high strength (HS) carbon fiber reinforcement having a density of 198 g/cm2. Plates with
dimensions of 220 × 220 mm were manufactured by the vacuum bag-only and the autoclave method,
layering three collinear plies to an approximate total thickness of 1.03 mm. Plate A was cured in an
autoclave at 120 ◦C for 1 hour, without post-cure. The pressure was 4 atm for the autoclave plate (A),
and atmospheric pressure was used for the VBO plate. The manufactured plates were afterwards cut
down to 30 × 200 mm plates, as shown in Figure 4.

A total of five specimens (dimensions: 200 mm × 30 mm × 1.035 mm) were manufactured using
three collinear layers, considering that the fiber directions were parallel to the sides of the rectangles
that make up the specimen, as shown in the Figure 5.

Properties provided by the manufacturer are shown in Table 1.
In order to characterize the elastic and non-elastic properties of the specimens, a dynamic test

was carried out using the vibration procedure under free conditions stipulated in ISO 6721-3 [45], as
illustrated in Figure 6.
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Figure 4. Manufacturing process of CFRE specimens: (a) cutting of 30 × 200 mm specimens; (b) finished
specimens; and (c) detailed visual comparison of the surface of autoclave and VBO top surfaces.

 

Figure 5. Specimens (a) VBO and (b) autoclave.

Table 1. Static mechanical properties of carbon fiber reinforced epoxy prepreg.

Young Modulus (GPa) Poisson Ratio Shear Modulus (GPa)

Density (kg/m3) x y z Xy yz xz xy yz xz

1420 35.9 35.9 6.9 0.04 0.34 0.34 11.5 2.7 2.7

Figure 6. Experimental procedure for identifying resonance frequencies by external excitation [51].
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In order to obtain experimental resonances for each plate, a wave generator was used to generate
a frequency sweep for 0 < f < 2000 Hz. This sine wave was transferred to an amplifier, which sent
the signal to a coil exciting one end of the plate. On the opposite side of the plate, a flat-spectrum
microphone was used to capture the sound pressure levels that the plate emits at different frequencies,
identifying the resonances of each of the plates.

Once all the resonance frequencies were obtained, the signal decrement was captured. To do this,
the plate was subjected to resonance, and the external excitation was cut at the moment of greatest
amplitude to let the plate oscillate freely until the oscillation stops. With all captured data, the following
calculations were performed.

Vibration modes were obtained as Figure 7 shows, thus obtaining the values of the storage
modulus for each of the resonances E′ _f with Equation (5). Resonance frequencies for a total of five
vibration modes (at pure bending) shown in Figure 8.

 

Figure 7. Experimental test for the modal analysis of prepreg CFRE plates.

Figure 8. Modes obtained through experimentation, following the nomenclature (m,n) [32].

The storage modulus is defined as

E′ f =

⎡⎢⎢⎢⎢⎣4π(3ρ)1/2l2

h

⎤⎥⎥⎥⎥⎦
2⎛⎜⎜⎜⎜⎝ fri

k2
i

⎞⎟⎟⎟⎟⎠
2

(5)

where ρ is the density, l is the length of the specimen, h is the thickness of the plate, fri corresponds to
the resonance frequency of the i-th mode, and k2

i is a numerical factor dependent on the i-th vibrational
mode and the contour conditions of the plate [45].

E′ f allows the calculation of the speed of sound in the composite, by its relationship to density,
using the well-known Equation (6):

c =

√
E′
ρ

(6)
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In the second part of the study, the composite loss modulus E′′ f was obtained for each of the
vibrational modes.

To do this, the signal decrement of the oscillations in free conditions was analyzed for each of the
resonances obtained.

The logarithmic decrement is defined as

δ = ln
(A1

An

)
/N (7)

where A1 is the amplitude of the initial oscillation, and is the amplitude of the n-th oscillation after the
start of the decay.

The loss factor can be expressed as

E′′ f = E′ f tanφ f (8)

where φ f is the phase or loss angle.
There is a direct relationship between the phase and the loss factor [52]; for φ� 1 we can obtain

using the following equation:

tanφ f =
δ f

π
(9)

3. Results and Discussion

3.1. Dynamic Characterization

The results obtained for each of the processed specimens were then analyzed using the procedure
described above, as shown in Tables 2 and 3.

Table 2. Average values obtained for CFRE prepreg plates processed by autoclave.

ρ
(
Kg/m3

)
Mode f (Hz) E

′
(Pa) E

′
(Pa) η φ (Rad) δ c (m/s)

1.39 × 103 2.0 1.17 × 102 2.73 × 1010 6.12 × 107 2.24 × 10−3 2.24 × 10−3 7.05 × 10−3 4.44 × 103

3.0 3.52 × 102 3.19 × 1010 7.85 × 107 2.46 × 10−3 2.46 × 10−3 7.74 × 10−3 4.80 × 103

4.0 7.09 × 102 3.37 × 1010 9.18 × 107 2.73 × 10−3 2.73 × 10−3 8.57 × 10−3 4.93 × 103

5.0 1.17 × 103 3.36 × 1010 1.02 × 108 3.04 × 10−3 3.04 × 10−3 9.55 × 10−3 4.92 × 103

6.0 1.69 × 102 3.12 × 1010 1.28 × 108 4.10 × 10−3 4.10 × 10−3 1.29 × 10−2 4.74 × 103

Table 3. Average values obtained for CFRE prepreg plates processed by vacuum bag-only.

ρ
(
Kg/m3

)
Mode f (Hz) E

′
(Pa) E” (Pa) η φ (Rad) δ c (m/s)

1.16 × 103 2.0 1.15 × 102 2.00 × 1010 5.18 × 107 2.59 × 10−3 2.59 × 10−3 8.14 × 10−3 4.15 × 103

3.0 3.38 × 102 2.25 × 1010 5.60 × 107 2.49 × 10−3 2.49 × 10−3 7.81 × 10−3 4.40 × 103

4.0 6.78 × 102 2.37 × 1010 3.86 × 108 1.63 × 10−2 1.63 × 10−2 5.12 × 10−2 4.51 × 103

5.0 1.11 × 103 2.31 × 1010 3.93 × 108 6.60 × 10−2 6.59 × 10−2 2.07 × 10−1 4.46 × 103

6.0 1716.18 2.48 × 1010 3.91 × 108 1.58 × 10−2 1.58 × 10−2 4.95 × 10−2 4.62 × 103

We can see some notable differences between the two types of processing. As Figure 9 shows, the
processing change caused a 27% decrease in the real part of the E′ f module, which was practically
constant for all frequency values. We also observe in the results how the mean values of equivalent
density of the plate decrease markedly due to the effects of porosity; the test processed using VBO had
a density 16.2% lower than that processed by A.
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Figure 9. Loss and storage modulus results for CFRE prepregs: A (autoclave) and VBO
(vacuum bag-only).

Although both values decrease markedly, we see how the mean frequency values were less than
each for both processes, with variations of between 2%–6%.

This can be explained by the resulting sound speed of composite c defined by Equation (6) and
represented in Figure 10. It is defined as the square root of the ratio between the stiffness and the
density of the medium. Because both variables are diminished by porosity, the ratio between them is
maintained by mitigating the effect of processing losses, maintaining the wave rate and therefore the
values for the resonance frequencies that are proportional to their sound speed [30].
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Figure 10. Average sound speed (c) at different frequencies, for CFRE prepregs, processed by A
(autoclave) and VBO (vacuum bag-only).

The biggest changes are seen in the non-elastic behavior of the composite. As Figure 9 shows,
VBO processing generated a large increase in the loss modulus E′′ f especially in the range f > 400 Hz;
for example, 4.2 times higher for vibration mode (4.0) located around 700 Hz.

The increase of the loss modulus against the storage module generated an increase in damping, or
loss factor η, of the composite processed by VBO. As shown, this increase was maximized for 1100 Hz,
completely changing the behavior of the material that, in the case of the plate processed by autoclave,
exhibited a behavior almost proportional to the frequency.
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3.2. Effects on The Vibrational Behavior.

The effect of processing was clearly identifiable in transient analysis Figure 11. As Figure 12
shows, for vibration mode 2.0 with a frequency of f � 115 Hz the decay times are similar. However,
for vibration mode 5.0 with a frequency f � 1150 Hz, damping values were much higher for the plate
processed out-of-autoclave, so the duration of the vibration is much shorter.

Figure 11. Comparison of the loss factor for CFRE prepregs processed by autoclave and
vacuum bag-only.

 

Figure 12. Transient analysis of CFRE plates: (a) Autoclave 2.0 vibrational mode; (b) vacuum bag-only
2.0 vibrational mode; (c) autoclave 5.0 vibrational mode; and (d) vacuum bag-only 5.0 vibrational mode.

The musical instrument manufacturing industry is commonly based on the use of resonances of
secondary elements to boost the sound pressure levels of elements such as strings and membranes, but
also to emit sound when impacted, as is the case with idiophones.

In both cases, the frequency values for each of the resonances are important, in addition to the
damping values, since they define the amount of amplitude that each resonance can accumulate.
Higher damping values result in a dissipation of the vibration energy.

As shown in Figure 13, the effect of the different processes of the CFRE is noticeable in the vibratory
response of the composite.
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Figure 13. Maximum amplitudes recorded on the different CFRE plates by frequency sweep excitation
for 0 < f < 1400 Hz.

The values of the resonance frequencies were stable due to the similarity of the sound velocities in
both processes. The biggest differences were due to the non-elastic behavior of the plates. For low
frequency values, where the mechanical differences between the plates are minimal, the resonances
were practically equal in amplitude and frequency.

As the frequency increases, the effects of the damping on the VBO plate become more important.
This effect is critical near 1000 Hz, where some resonances disappear and their capacity to accumulate
amplitude decreases.

4. Conclusions

This paper performed a dynamic test to analyze the speed of sound of CFRE prepreg plates
processed by two different processes, autoclave and vacuum bag-only. In line with previous studies,
we find that processing is an important factor to consider when dynamically characterizing a CFRE
prepreg and is undoubtedly a new variable to be taken into account in material design applied to the
musical instrument manufacturing industry.

However, although mechanical and physical differences were quantified in the resulting material,
due to the stability of the sound speed in the composite, the vacuum bag-only method in CFRE
prepregs is shown to be a feasible process for all those applications which require characterizing the
elastic behavior and resonance frequencies of a product. Opting for an out-of-autoclave process is
guaranteed to be sufficient for the manufacture of musical instruments, if we attend to the values of
the resonance frequencies.

The biggest differences were generated at the non-elastic level; there were very significant increases
in composite damping, which is something to consider in the design and production process. High
damping values mean oscillation energy dissipation, so resonances accumulate less sound pressure.
This factor may represent an added difficulty in the musical instrument manufacturing industry, where
it is primarily of interest to the maximum accumulation of vibration energy to boost sound pressure
levels, and generally materials with low attenuation are suited to this purpose.

In both cases, the knowledge of the influence of processing on the CFRE prepreg allows a more
precise characterization of the material. While both processes can ensure stable resonances, due to
their similarly elastic behavior, autoclave processing offers composites with lower damping values,
improving maximum sound pressure levels. Thus, depending on the frequency range, the use of
autoclave processing remains interesting.
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Featured Application: The current study will be of interest to designers of professional audio

software and hardware devices as it will allow them to design their tools to increase or diminish

the sonic character discussed in the paper. In addition, it will benefit professional audio engineers

due to its potential to speed up their workflow.

Abstract: In popular music productions, the lead vocal is often the main focus of the mix and engineers
will work to impart creative colouration onto this source. This paper conducts listening experiments
to test if there is a correlation between perceived distortion and the descriptor “aggressive”, which
is often used to describe the sonic signature of Universal Audio 1176, a much-used dynamic range
compressor in professional music production. The results from this study show compression settings
that impart audible distortion are perceived as aggressive by the listener, and there is a strong
correlation between the subjective listener scores for distorted and aggressive. Additionally, it was
shown there is a strong correlation between compression settings rated with high aggressive scores
and the audio feature roughness.

Keywords: dynamic range compression; music production; semantic audio; audio mixing;
1176 compressor; FET compression; listening experiment

1. Introduction

1.1. Background

In addition to general dynamic range control, it is common for music producers to use dynamic
range compression (DRC) for colouration and non-linear signal processing techniques, specifically
to impart distortion onto program material. Scholarly work has researched DRC use and has shown
the industry has developed standard practices which mix engineers implement in their work [1,2].
One such standard is the use of Universal Audio 1176 (and, under its original name, Urei 1176) as
a vocal compressor, particularly when processing vocals in popular music mixes where a specific
character or distortion is desirable [3]. Users describe the sound quality of vocals processed in this
manner with a number of subjective descriptors. This article investigates one common descriptor,
“aggressive” to determine what it means at an objective level and answer empirically how an aggressive
sound quality can be achieved when using the Universal Audio 1176 (abbreviated to simply 1176) and,
more broadly, DRC in vocal productions. The findings will be of use to developers of software and
hardware compressors, intelligent mixing algorithms [4,5] and industry professionals, as the novel
results have the potential to change and speed up their workflow. More broadly, the work carried out
in this article fills a gap in the research, as little work has been done to get a better understanding of
the perceptual effects of dynamic range compression during the mixing stage of music production.
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Some findings reported in this article were originally presented at an Audio Engineering Society
conference [6].

The literature relating to compression in music production has focused mainly on the effects of
hyper-compression, often concentrating on whether its artefacts are detrimental to the perceived quality
of audio material [7–9]. Taylor and Martens [10] claim that achieving loudness is a significant motivation
for using compression, particularly in mastering, so one can argue that this is why hyper-compression
is well researched.

Ronan et al. [11] investigated the audibility of compression artefacts among professional mastering
engineers. For the study, twenty mastering engineers undertook an ABX listening experiment to
determine whether they could detect artefacts created by limiting. Two songs were processed using
the Massey L2007 digital limiter to achieve −4 dB, −8 dB and −12 dB of gain reduction. The masters
(including the uncompressed versions) were then presented to the listeners using the ABX method.
The results showed that the mastering engineers found it challenging to discern differences between
a number of the audio tracks, particularly those with −8 dB of gain reduction and the unprocessed
reference. The same experiment carried out by Ronan et al. [12] used untrained listeners and showed
that they were unable to detect up to 12 dB of limiting.

Campbell et al. [13] had participants rate mixes with compression, which had been introduced at
various points in the signal chain, namely on discrete tracks, subgroups and the master stereo buss.
Their results showed that listeners preferred mixes where compression had been applied to individual
tracks rather than to groups or on the stereo buss. However, their test used identical attack and release
settings on all stimuli and made use of the same compressor (Pro Tools Compressor/Limiter), which
may have played a role in the results. Adjusting the compressor settings so they were more appropriate
for mix buss processing, and using a compressor with a suitable character for buss processing could
have yielded a different outcome.

Wendl and Lee [14] looked into the effect of perceived loudness when using compression on pink
noise split into octave bands. For this study, the authors wanted to observe if playback level and
crest factor (a measurement of peak to RMS) affected perceived loudness after varying amounts of
limiting had been applied. The results showed that there was a non-linear relationship between the
octave bands and changes to the crest factor. Of interest to professionals is the result which shows that
modifications to the crest factor in a band centered around 125 Hz does not correlate with perceived
loudness at moderate playback levels. Moreover, the perceived loudness could be louder than one
might expect. The authors recommended that music engineers should be cautious of compression
activities that affect the low end.

Some noteworthy work was conducted by Ronan et al. [15] which sits outside of the hyper
compression studies reviewed so far. The authors of this paper investigated the lexicon of words
used to describe analogue compression. Ronan et al. conducted a discourse analysis on 51 reviews of
analogue mastering compressors to look for common terms used in the texts and created inductive
categories to group the words. The categories they created included signal distortion, transient shaping,
special dimensions and glue. A qualitative investigation of a similar nature was carried out for the
current study, and the results are presented in Chapter 3. Interestingly, a number of the descriptors
gathered by both studies are similar, but aggressive was not included in the work by Ronan et al.,
suggesting that this descriptor is not commonly used to describe the sound of mastering compression.

Other connected work has been carried out by scholars involved with the Semantic Audio Labs
and the Semantic Audio Feature Extraction (SAFE) project. SAFE aims to understand the audio features
associated with semantic descriptors, which can then be used to create intelligent mixing tools. Stables
et al. [16], investigated terms used to describe signal processing on the mix and conducted hierarchical
clustering to look for similarities in the terms. The authors presented dendrograms relating to the
signal processing techniques, compression, distortion, equalization and reverb. The word aggressive
was not included in any dendrogram and, surprisingly, not in the distortion group. The authors do not
stipulate which sources the signal processing techniques were applied to. So, the influence of source
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on the descriptor is not apparent, which is important to consider and will have played a role in the
results. Hence, the current study focuses solely on vocal compression.

Bromham et al. [17] looked into compression ballistics (attack and release settings) and how they
affected the perception of music mixes in four styles: Rock, Jazz, HipHop and Electronic Dance Music.
They asked participants to rate which ballistic setting was the most appropriate for a genre and to select
from a list of given words to describe the sound quality of their preferred setting. They discovered that
attack played a more significant role on appropriateness than release, with the result applying most
strongly to Jazz and Rock. It should be noted that this study made use of a Solid State Logic (SSL) bus
compression emulation, which has a much slower attack time than the 1176 compressor used in the
current study.

Not directly related to compression, but in the domain of semantic music production, is the work
by Fenton and Lee [18], which aims to develop a perceptual model to measure “punch” in music
productions. As noted by Fenton and Lee, punch is an attribute that is used by music listeners to
describe a sense of power and weight in audio material. Their work uncovered that punch is related to
“a short period of significant change in power in a piece of music or performance” as well as dynamic
changes to particular frequency bands in the program material. The authors of the work went on to
develop a perceptual model of punch for use in a real-time punch meter. The author of the current
study advocates the creation of similar meters to measure other perceptual attributes, such as the one
in this study, which can be integrated into modern digital audio workstations (DAWS) for use in music
production activities.

As can be seen, apart from a small body of work, that there is a gap in the literature relating
to the positive effects of compression, particularly during the mixing process. Work by Dewey and
Wakefield [19] has shown that compression is one of the most used mixing tools and the present
author’s experience as a music production academic and professional suggests that audio engineers
and scholars are interested in the character of compression. Therefore, the lack of work in this area
is surprising.

1.2. Research Aims

Thus, the work in the current study aims to address several pertinent research questions relating
to the use of compression during mixing and the semantic nature of its sonic signature. The following
research questions are addressed in this article. Firstly, how do professionals describe the sonic
signature of the 1176 compressor when processing a range of sources, but most specifically vocals?
Secondly, and derived from the results of the first question, what does the subjective descriptor
aggressive mean at an objective level?

To answer these questions, three studies were carried out. Initially, a qualitative study was
conducted that asked several experienced users to describe the sound quality of the 1176 when
compressing a range of audio sources. Based on their responses, they were then asked to rate the
appropriateness of commonly used descriptors in a similarity matrix. The results suggested the
descriptor aggressive was a synonym for distortion. Thus, the second stage of testing conducted a
subjective listening test using the Audio Perceptual Evaluation (APE) method from the Web Audio
Evaluation Tool (WAET) [20]. This tested whether listeners rated mixes with vocals compressed by 1176
hardware and using settings measured to have larger amounts of Total Harmonic Distortion (THD) as
the most aggressive. Finally, a subsequent listening test was carried out to ascertain whether distortion,
timing behaviour or a mixture of both were the most important factors in creating compressed audio
perceived to be aggressive. The reason for this test was due to the 1176′s reputation as a fast-acting
compressor (particularly when working with time constant settings, which will be addressed in
Section 4). Therefore, it could be that argued its fast timing creates the aggressive sonic signature,
rather than distortion. This was examined in the second listening experiment, which had vocals
processed with a clean software compressor (measured with 0% THD) and set to mimic the timing
behaviour of the 1176 as well as material compressed with 1176 hardware and measured to have
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1.58% THD. The Klanghelm DC8C software compressor [21] was used for this test as it allows user
control over a range of design traits that can be used to match the behaviour of several compressors.
Most importantly, when used in its clean mode, it does not generate any distortion, even at the fastest
time constants.

2. Qualitative Studies

2.1. Professional User Questionaire

An online questionnaire was created using the survey tool Qualtrics [22], which asked experts to
describe the sound quality of the 1176 when compressing vocals, drum shells (bass and snare drums),
room mics (ambient recordings of the drums in a room) and a bass guitar. Judgement sampling (as
opposed to random sampling) was used to select experienced engineers and academics to complete
the questionnaire. For an expert to be included they had to be knowledgeable in music production
and familiar with the 1176. Judgement sampling does, however, have its limitations and is prone to
bias [23]. Thirty-five respondents completed the questionnaire.

The results in Table 1 presents the ten most frequently used descriptors to describe the sound
quality of the 1176 compressor for all four sound sources. Aggressive is the most popular word and is
investigated in the current study. The other descriptors are likely to refer to amplitude modulation
effects (pumping), transient reshaping (punch), colouration (forward, full, midrange and presence)
and distortion (dirty and gritty). One would expect fast to be a description of the time constant speed,
and not necessarily a description of sound quality.

Table 1. The top ten most frequently used descriptors to describe the sound of the 1176 compression.

Descriptor Frequency of Occurrence

Aggressive 21
Pumping 11
Forward 10

Punch 8
Full 8

Midrange 8
Fast 7

Presence 7
Dirty 6
Gritty 6

Table 2 shows the most common words used to describe the sound quality of the 1176 when
compressing a vocal, which is the main focus of this article. To reduce the number of words in the table,
only those recorded more than once have been included. As can be seen, the descriptor aggressive
is, again, the most popular, followed by the word gritty, which, as stated previously, is arguably a
synonym for distorted. Other descriptors appear to refer to coluration (forward, midrange, presence,
full, upfront and sparkly), amplitude modulation (pumping) and potentially the perceptual effect of
the attack and release curve (smooth).
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Table 2. Descriptors used for 1176 vocal compression.

Descriptor Frequency of Occurrence

Aggressive 6
Gritty 5

Forward 4
Midrange 4
Presence 4

Full 3
Sparkly 2

Up Front 2
Pumping 2
Smooth 2

2.2. Similarity Matrix

To help clarify the meaning of the descriptors, a second stage asked respondents to rate the
appropriateness of the most popular descriptors in describing the sound quality of a given compression
technique. The compression techniques were: linear processing, colouration general, colouration
frequency related, distortion, modulation/altering rhythmic feel, general dynamic range control,
attenuating transient and accentuating transient. The author selected these techniques based on
prior research [24] which indicated these practices were commonly used by industry professionals
when applying dynamic range compression. Respondents completed the task online and recorded
their scores on a similarity matrix. This was conducted by creating an online spreadsheet that had
compression activities on the X-axis and descriptors on the Y-axis. Respondents then allocated each
descriptor a score between zero and four to rate its appropriateness (zero being totally inappropriate
and four being totally appropriate). As a descriptor could relate to more than one compression
technique, the respondents were instructed to rate the descriptor for as many techniques as they felt
appropriate. The use of similarity matrices to look for associations between audio descriptors has been
used in several previous studies [25–28].

The similarity matrix was completed by twelve experts, all of which had participated in the
previous stage. The results were averaged to take the mean score for each descriptor and clustering
was conducted using the Euclidean distance and Ward methods. The statistical software R was used
to generate the dendrogram shown in Figure 1. As shown in the dendrogram, there are several
subsets, illustrated in brown, green, blue and grey. Inspection of the grey subset highlights descriptors
which appear to fall into two main categories, one relating to dynamics and the other pertaining
to colouration and distortion (linear and non-linear distortion). Looking at a lower branch in the
dendrogram highlights that aggressive is grouped with, among other words, attitude, energy and
smashed. All of these words are subjective and have not been defined in any of the previous
literature. Moreover, one could argue these descriptors relate to the character of the compressor and are
potentially multi-dimensional attributes. Referring back to the descriptors used in Table 1, this shows
that contentions made previously regarding the meaning of these words are generally correct. As an
example, the terms dirt and gritty are connected to distortion in the brown subset. Pumping is
connected to ambience (which is understandable as compression-related amplitude modulation often
manifests as quick changes in the amplitude of the ambience present in the program material). Finally,
punch is connected to definition and also attack, which would support the notion that this descriptor
is related to the manipulation of transient shapes.
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Figure 1. Results of clustering using the Ward method. The descriptors are split into five subsets
(brown), four subsets (green), three subsets (blue) and two subsets (grey).

To get a better understanding of the descriptor aggressive, the focus of this study, statistical analysis
was conducted on the mean scores allocated by the respondents to the compression techniques in relation
to the term aggressive. The results show that there was a statistically significant difference between
groups (compression techniques), as determined by one-way ANOVA (F (7,88) = 3.854, p = 0.001). A
Tukey post-hoc test revealed that the experts considered the descriptor aggressive was statistically
significantly lower for the compression techniques “general dynamic range control” (p = 0.027),
“modulation” (p = 0.002) and “linear processing” (p = 0.001) compared to the compression technique
“distortion”. There was no statistically significant difference between the descriptor aggressive score
for the compression techniques “colouration general” (p = 0.229), “colouration frequency related”
(p = 0.171), “attenuating transient” (p = 0.088) and “accentuating transient” (p = 0.124) compared to the
compression technique “distortion”. The reason for the lack of significance between these techniques is
thought to be as a result of distortion reshaping the transient portion of the audio material (particularly
true for attenuating the transient) and the introduction of harmonic components, which leads to
colouration. Therefore, it appears that, from this study, engineers consider the descriptor aggressive to
relate to compression techniques that distort and colour the audio and, to a lesser extent, reshape the
transient portion of the program material.

3. Preliminary Objective Tests

3.1. Choice of Compressor Time Constant Settings

In preparation for perceptual listening experiments, work was conducted to ascertain appropriate
time constant settings for use in the experiments. The 1176 has continuously variable attack and
release controls. Thus, a large amount of possible combinations are available. However, it would
not be practical to use all of these in listening experiments as a large number of stimuli is known
to cause listener fatigue [29]. Thus, content analysis [30] was conducted on 1176 vocal compression
settings, created by professional engineers for the 1176 UAD plugin. This work was conducted to
discover the most popular settings, which could then be used in the creation of stimuli for the listening
experiments. The results revealed that specific combinations of attack and release settings were
regularly used, with release positions between five and seven and attack positions between one and
three being most common. Additionally, it was noted that the 4:1 ratio was often implemented for
general vocal settings and the all-buttons mode (a popular “special mode” achieved by depressing
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all ratio buttons simultaneously) was employed for highly coloured processing. Table 3 shows how
frequently particular settings are used in the vocal presets. The bottom two rows of the table show that
positions between one and four are most common for attack and positions between five and seven
most common for release. Anecdotal evidence by the author supports this result as they have observed
many professional audio engineers setting the 1176 compressor with these time constant settings.

Table 3. Popularity of 1176 time constant settings. The table illustrates how often a setting was used
by professionals.

Setting Release Setting Used Attack Setting Used

1 0% 46.67%
2 0% 20%
3 0% 20%
4 18.18% 6.67%
5 18.18% 6.67%
6 63.64% 0%
7 0% 0%

1–4 0% 93.33%
5–7 100% 6.67%

Based on these findings, the following attack and release combinations were used in the following
listening experiment (attack is abbreviated to A and release is abbreviated to R): A3R7, A1R7, A3R5,
A1R5. The combinations were used in both the 4:1 and all-buttons ratio modes. More general research
of content on the 1176 [31] showed the A3R7 combination to be a popular setting for a range of
instrument sources. Therefore, the settings used in the experiment are considered by the author to be
representative of real working scenarios. It is also worth bearing in mind the attack control on the 1176
is quoted as ranging between 20–800 microseconds and critical listening by the author revealed very
little difference in sound quality between any attack time between positions one and four. Additionally,
the reader should consider that the attack and release controls on the 1176 work counterclockwise,
meaning attack and release position seven is the fastest and one the slowest.

3.2. Distortion Characteristics

A series of total harmonic distortion (THD) measurements were made on the 1176 at various attack
and release configurations to observe how time constant settings affected the distortion characteristics
of the compressor. The measurements for release were made by keeping the attack time fixed at its
fastest setting, seven, and making a measurement at each release position. The measurements for attack
were made by restricting the release time to its quickest setting, seven, and making measurements at
each attack position. During testing, the compressor was adjusted to achieve −10 dB of gain reduction
and a 1 kHz test tone was used as the input signal. The output of the compressor was recorded on a
Digital Audio Workstation (DAW) at 24 bit/44.1 kHz. The results showed distortion artefacts reduced
significantly when using release times slower than position five and that the attack control had a
smaller effect on the reduction of distortion. Furthermore, higher ratios had the effect of increasing
non-linearity, with the all-buttons mode increasing non-linearity significantly more than any other
ratio. Plot (a) in Figure 2 illustrates the effect of lengthening the attack and release time on THD. As can
be seen, there is a sharp drop off in THD up to release position five and a small reduction in THD with
attack times slower than position seven. Plot (b) in Figure 2 shows the same measurements made
in all-buttons, which is a so-called “special” ratio mode afforded by the 1176 compressor. Although
not originally intended for use, it was found by music producers that depressing all the ratio buttons
simultaneously produced intriguing sonic behaviour by the compressor. In actual terms, the FET’s
bias is set outside of calibration, resulting in a significant increase in distortion. Note the much
larger amount of THD in this setting, but similar drop off in amount as the release and attack speeds
are reduced.
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(a) (b) 

Figure 2. (a) Total Harmonic Distortion (THD) as a function of attack and release using a 4:1
compression ratio and a 1 kHz test tone; (b) THD as a function of attack and release using the
“all-buttons” compression ratio and a 1 kHz test tone.

Figure 3a,b are plots created using Matlab’s THD function. They represent an FFT display which
illustrates the nature of the harmonic distortion. To create the plots, a 1 kHz tone was input to
the compressor to achieve −10 dB of gain reduction, with the time constants set for attack at three
and release at seven. The output of the compressor using a 4:1 ratio and the all-buttons mode was
then recorded into a DAW at 22 bit/44.1 kHz. The figures make clear the differences in distortion
characteristics between the 4:1 ratio and the all-buttons mode. As one might expect, the distortion
components are integers of the 1 kHz test tone and consist of a mixture of odd and even order harmonics.
In Figure 3b, it is worth noting the significant increase in the amplitude of all components and also an
increase in higher-level harmonics. Critical listening to an audio example of the compressed test tone
reveals the all-buttons mode is highly distorted with increased brightness as a result of the additional
high-level and high-order distortion components.

 
(a) (b) 

Figure 3. (a) Distortion components created using a 4:1 ratio and attack at three and release at seven;
(b) distortion components created using the all-buttons ratio and attack at three and release at seven.

The attack and release settings, which were shown to be commonly used in Table 3, are the
settings that generate the most distortion. Thus, it appears that professional mix engineers are, perhaps
albeit unbeknown to themselves, actively seeking out distortion from the 1176 in their workflow.
Therefore, the aggressive sound quality once again appears to pertain to distortion. However, additional
perceptual testing was required to substantiate this hypothesis. THD measurements made on the
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settings used in Listening Experiment 1 can be seen in Table 4, where the effect that both the attack and
release and the all-buttons mode have on non-linearity can be observed.

Table 4. THD measurements made using a 1 kHz tone and the time constants and ratios used in
Listening Experiment 1.

Setting THD

A3R7 All 1.58%
A1R7 All 1.51%
A3R5 All 0.54%
A1R5 All 0.50%
A3R7 4:1 0.25%
A1R7 4:1 0.24%
A3R5 4:1 0.17%
A1R5 4:1 0.16%

4. Perceptual Listening Experiments

4.1. Listening Experiment 1 Method

To test the hypothesis, a subjective listening test was devised using the Web Audio Evaluation
Tool (WEAT), which made use of the Audio Perceptual Evaluation (APE) method. Stimuli were created
by processing the vocal from two separate rock songs with, 1176 hardware, using the attack/release
combinations mentioned previously. To restrict the number of stimuli, the amount of compression was
limited to one setting, which was −10 dB of gain reduction. Ciletti et al. note that to best assess the
sonic signature of a compressor, it is advisable to use the device in a heavy state of compression [32].
The amount of gain reduction was measured to show an average of −10 VU on the gain reduction
meter. The compressed vocals were then mixed back into the audio tracks, which were level matched
to −23 LUFS. In addition, a mix making use of the uncompressed vocal was used to create a total of
nine stimuli per song. All audio was recorded and processed at 24 bit/44.1 kHz.

Listeners were presented the stimuli on four separate screens of the listening test (two per song),
where they were asked to rate the amount of perceived distortion on two screens and the amount of
perceived aggression on the remainder. Scales on the interfaces were labelled from least distorted
to most distorted and least aggressive to most aggressive and were measured on a scale from zero
to one. Participants were not instructed explicitly what aggressive meant, as the author wished to
avoid training the listeners with their interpretation of the descriptor. The order of the audio and
screens were randomized to prevent bias, and the test was carried out by 17 expert listeners in a
university music laboratory environment using Sennhiesier HD650 headphones on iMac computers.
The sample size was considered to be appropriate for a test of this nature and is commensurate with
ITU recommendations [33].

4.1.1. Listening Experiment 1 Results and Discussion

The results from the listening test can be seen in Figure 4, where (a) shows the mean result for the
descriptor aggressive with a 95% confidence interval for both songs and all time constant settings tested.
As can be seen, there is little difference between the time constant settings for both the ratios tested,
but there is a difference between the uncompressed material, the 4:1 ratio and the all-buttons mode.
It is worth noting that the two all-buttons modes that measured highest for THD (see Table 3 for THD
results) are not rated any higher than the other two all-buttons settings. An inspection of the FFT plots
suggests this is a result of the even-order harmonics remaining at fairly consistent levels across the four
settings, while the odd-order harmonics are attenuated as attack and release are slowed. This results in
a lower THD measurement, which evidently does not result in a perceptually less aggressive sonic
signature. It should be noted that many of the participants reported that the difference between some
of the stimuli was small, and they found the test to be challenging. Therefore, the effect of listener
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fatigue should be kept in mind. The ratings for distortion are illustrated in Figure 4b where a similar
trend is visible. Once again, there is a difference between the ratios and the uncompressed material,
but no difference between the different time constant settings for the two ratio settings. Thus, it appears
that there is little perceptual difference between the time constant settings used in the current study,
but the additional harmonic distortion created in the all-buttons mode is noticeable to the participants
of the experiment.

 
(a) (b) 

Figure 4. (a) Results for the descriptor aggressive from listening experiment 1; (b) results for the
distortion from listening experiment 1. Note, no significance was found between time constant settings,
but significance was found between ratio settings.

Audio features pertaining to the noise-like properties of sound (Roughness and Zero Crossing
Rate) were extracted from the vocal tracks using MIRtoolbox for Matlab [34] and are presented in
Table 5. The results for roughness show that the feature increases in value between the uncompressed
audio and both ratio settings, and also between 4:1 and all-buttons mode. Within the time constant
settings for each ratio, the results with the release time set to seven are the highest and this is largely
comparable with the THD results shown in Table 4. However, the A1R7 combination for both ratio
settings has slightly larger roughness values than the A3R7 combination, while the THD results
highlight the A3R7 combination as having the largest amount of THD. The similarity in results within
the ratio settings for roughness may be another reason why listeners rated the time constant settings
comparably, despite the variation in THD. The values for zero crossing rate (ZCR) are less revealing,
with no clear pattern in the results emerging, apart from an increase in ZCR when using compression.

Table 5. Roughness and zero crossing rate (ZCR) features extracted from the vocal material used in
test one.

Roughness Zero Crossing Rate

Setting Song 1 Song 2 Song 1 Song 2

No Comp 33.73 26.84 1887.92 1676.40
A1R5 4:1 99.12 105.58 2909.15 2155.41
A1R7 4:1 129.12 130.46 2915.28 2123.67
A3R5 4:1 98.97 102.17 2579.37 2166.41
A3R7 4:1 128.7 130.65 2484.85 2125.73
A1R5All 202.85 236.18 2966.41 2053.57
A1R7All 212.88 241.84 2850.03 2055.71
A3R5All 199.26 232.14 2881.21 2083.53
A3R7All 209.87 247.17 2953.82 2067.16
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4.1.2. Statistical Analysis of Experiment 1 Results

A two-way repeated measures ANOVA was run to determine the effect of compression settings
and the interaction effect and compression settings of the two songs on perceived distortion. Mauchly’s
test of sphericity indicated that the assumptions of sphericity had been violated for the two-way
interaction between the song and settings χ2(2) = 73.13, p = 0.001. Therefore, a Greenhouse–Geisser
correction was applied (ε = 0.580). Mauchly’s test of sphericity indicated that the assumptions of
sphericity had not been violated for the effect of the settings χ2(2) = 48.45, p = 0.081.

Simple main effects were run and showed that there was no statistically significant two-way
interaction between the songs and settings on perceived distortion., F (8,128) = 0.648, p = 0.653. There
was, however, a statistically significant effect of the settings on perceived distortion, F (8,128) = 50.97,
p < 0.001. Post-hoc analysis with a Bonferroni adjustment showed the mean distortion scores for the
4:1 and all-buttons settings were statistically significantly higher than the scores for no compression
(p < 0.001). In addition, the mean distortion scores for the all-buttons settings were statistically
significantly higher than the scores for the 4:1 ratio settings (p < 0.001). Within the four different time
constant settings used for both 4:1 and all-buttons, there was no statistical significance.

A second two-way repeated measures ANOVA was run to determine the effect of the compression
settings and the interaction and compression settings of the two songs on perceived aggression. Again,
Mauchly’s test of sphericity indicated that the assumptions of sphericity had been violated for the
two-way interaction between the song and settings χ2(2) = 53.99, p = 0.028; thus, a Greenhouse–Geisser
correction was applied (ε = 0.531). Mauchly’s test of sphericity indicated that the assumptions of
sphericity had not been violated for the effect of settings χ2(2) = 27.98, p = 0.081.

Simple main effects were run and showed that there was no statistically significant two-way
interaction between the songs and settings on aggressive sound quality, F (8,128) = 0.301, p = 0.886.
There was, however, a statistically significant effect of settings on aggressive sound quality, F (8,128)
= 69.26, p < 0.001, suggesting that settings have a statistically significant effect on aggressive sound
quality. Post-hoc analysis with a Bonferroni adjustment showed the same statistical significance
between no compression and the two ratio settings as reported previously for distortion. Again, there
was no statistical significance within the four different time constant settings used for either 4:1 or
all-buttons, meaning that, in the current study, different time constant settings have no significant
effect on the perception of distortion or an aggressive sound quality.

The mean scores for aggressive and distortion were analyzed to assess if there was a statistically
significant correlation between the scores. Both variables (aggressive and distortion) for both songs were
normally distributed, as assessed by a Shapiro–Wilk test (p > 0.05); thus, the variables were investigated
for correlation. Pearson’s product–moment correlation was run to determine the relationship between
perceived aggressive and distortion scores and the results show that there is a strong correlation
between the mean scores for aggressive and distortion, which is statistically significant for song one
(r = 0.960, n = 9, p = 0.001) and song two (r = 0.983, n = 9, p = 0.001). A scatter plot of the mean scores
for aggressive and distortion for both songs is illustrated in Figure 5, where the correlation between
the two can be clearly observed.

Correlation between the aggressive scores and the roughness features extracted from the vocal
files was investigated by running Pearson’s product–moment correlation. The results show a strong
correlation between roughness and aggressive, which is statistically significant for song one (r = 0.968,
n = 9, p = 0.001) and song two (r = 0.962, n = 9, p = 0.001).
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Figure 5. Scatter plot for aggression and distortion mean scores.

4.2. Listening Experiment 2 Method

The previous test demonstrated that vocals compressed with settings measured to have greater
than or equal to 0.5% THD were rated as being the most aggressive. However, it could be argued
the timing behavior of the 1176, particularly when working in all-buttons mode, plays a role in the
result. Therefore, a second test was devised, which aimed to decouple distortion and timing behavior
and answer whether distortion, timing behavior or a mixture of both were the key components in the
creation of an aggressive sound quality. The experiment made use of the APE listening test interface
and had participants rate the vocal tracks of three separate songs on the aggressive quality of the vocals.
The two songs used in the previous experiment were utilized again, as well as a third new rock song,
which was added to give the results more validity over a wider range of test scenarios. Participants
were also asked to comment on the audio they were hearing using up to three descriptors.

During the previous experiment, it was found the time constant settings had no significant effect
on an aggressive sound quality; therefore, the vocal tracks were compressed with the hardware 1176
using only the A3R7 time constant (which measured highest for THD) and in 4:1 and all-buttons ratio
modes. In addition, the vocals were compressed with the Klanghelm DC8C software compressor, using
settings that emulated the timing behaviour of the 1176 in both ratios, and set to measure 0% THD.
The timing behaviour was emulated by feeding the hardware 1176 and the software compressor a tone
burst and adjusting the parameters of the software compressor until the software closely resembled
the timing curve of the 1176 in both settings (see previous work by the author where the tone burst
method is used and discussed in detail [31]). While this method did not allow for the exact matching
of the 1176′s timing curve, it did create very similar results. A more robust method could make use of
a specifically designed software compressor algorithm that allows the experimenter to simply turn
distortion on and off, but this would require close modelling of the 1176, which was beyond the
scope of the current study. Finally, all audio used in Experiment 2 was recorded and processed at
24 bit/44.1 kHz.

4.2.1. Listening Experiment 2 Results and Discussion

The results from the second listening experiment are depicted in Figure 6, which represents the
mean result for the descriptor aggressive with a 95% confidence interval for all three songs and all time
constant settings tested.
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Figure 6. Aggressive results from the second listening experiment.

Looking at the plot, there is an overlap between the scores for SW 4:1 and SW All for songs one
and three and an overlap between SW All and 1176 4:1 for song two. However, it is apparent the 1176
all-buttons setting has been rated as the most aggressive for all three songs and the clean software
emulation measured to have 0% THD does not score as high as the 1176 all-buttons mode. Thus,
the results suggest compression activities that generate audible distortion are needed for the most
aggressive vocal sonic signatures.

4.2.2. Statistical Analysis of Experiment 2 Results

A two-way repeated measures ANOVA was run to determine the effect of compression settings
measured to have or not have distortion and the interaction effect of the three songs and compression
settings on an aggressive sound quality. Mauchly’s test of sphericity indicated that the assumptions of
sphericity had been violated for the two-way interaction between the song and settings χ2(2) = 71.82,
p = 0.001. Therefore, a Greenhouse–Geisser correction was applied (ε = 0.578). Mauchly’s test of
sphericity indicated that the assumptions of sphericity had not been violated for the effect of the
settings χ2(2) = 7.45, p = 0.593.

Simple main effects were run and showed, again, that there was no statistically significant
two-way interaction between the songs and settings on aggressive sound quality F (8,136) = 0.208,
p = 0.081. There was, however, a statistically significant effect of settings on an aggressive sound quality,
F (4,68) = 181.722, p < 0.001, suggesting that the settings used have a statistically significant effect.
Post-hoc analysis with a Bonferroni adjustment showed the mean aggressive scores for all compressed
settings were statistically significantly higher than the scores for no compression (p < 0.001). The scores
for both the 1176 settings were statistically different from one another (p < 0.001), but the scores for
both the software settings were not statistically different (p = 0.57). This indicates that the faster timing
behaviour of the SW All setting, which was emulating the timing curve of the 1176 in all-buttons,
has little additional effect over the SW 4:1 setting in the creation of an aggressive vocal sonic signature.
The scores for both the 1176 settings were statistically higher than the scores for both the software
settings (p < 0.001). This indicates that while a clean, fast-acting compressor can give a vocal a more
aggressive sound quality than the uncompressed audio, compression settings that impart audible
distortion are required for the most significant effect.
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4.2.3. Textural Analysis of Descriptors Used by the Participants

Participants of the second listening experiment were encouraged to write descriptors to describe
the sound of the vocal in the stimuli they had heard. WAET allows the test designer to include text
boxes in the listening test’s interface. Thus, participants recorded descriptors into these boxes during
listening. A total of 88% of the participants noted descriptors and Figure 7 shows word frequency
plots of the twenty most frequently used descriptors for each compressor.

 
(a) (b) 

Figure 7. (a) Descriptors used for the Universal Audio 1176 (1176) compressor; (b) descriptors used for
the clean software compressor measured to have 0% THD. Descriptors for both ratios and all three
songs have been combined for both compressors.

The word distorted is the most frequently used descriptor for the 1176 compressor. Moreover,
descriptors which were shown to relate to distortion in Figure 1, namely gritty, crunchy and dirty also
appear often for the 1176. Harsh is also a popular term for this compressor and may be related to
distortion. However, one could argue it is a hedonic judgement of preference. Present and bright are
two prevalent terms for the 1176, and this is commensurate with the long-term average spectrum (LTAS)
plot shown in Figure 8. The LTAS measurements were plotted with a Matlab function [35] using 1/16th
octave smoothing. Only one of the songs used in the listening experiments is presented in Figure 8.
However, all songs show a similar result, which is that the 1176 has more energy in the high end of the
frequency spectrum compared with the uncompressed material and the clean software compressor
output. In Figure 8, the increased energy occurs from 4 kHz onwards. Furthermore, the brightness,
presence and harshness noted by the participants when listening to 1176 audio, may be related to the
descriptor sibilance. Further work should investigate the association between these descriptors by
conducting perceptual listening experiments in which the researcher controls these attributes.

Figure 7b illustrates the descriptors used to elucidate the sound quality of the clean software
compressor. The most common term is soft, and one can argue that this word is being used as an
antonym for aggressive. Natural, smooth, compressed, round, weak and bright are also used by
the participants to describe this compressor. Except for bright, they also appear to be terms used to
describe the antithesis of an aggressive sound quality. A study carried out by Bernays and Traube [36],
which investigated descriptors used to describe piano timbre, found the terms soft, velvety, round and
full-bodied were connected. It is worth noting that rounded and smooth are also connected terms
in Figure 1. However, further work by the author aims to obtain a better understanding of the most
popular descriptors shown in Figure 7 and how they relate to the timbre of DRC.
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Figure 8. Long-term average spectrum (LTAS) measurement from the uncompressed audio (green), the
clean software compressor (blue) and the 1176 compressor in all-buttons mode (red).

5. Conclusions

This paper has shown that professional engineers use the descriptor “aggressive” when describing
the sound quality of compression techniques that distort the signal. The first listening experiment
demonstrated that there is a strong positive correlation between the listeners’ scores for distorted
and aggressive when rating the same audio stimuli in a controlled listening experiment. It was also
shown that compression settings measured to have 0.5% THD and above were rated as both the most
distorted and the most aggressive, but there was no significant difference between settings measured
to have more than 0.5% THD. Meaning, in this current study, that listeners could not discern any
noticeable difference in perceived distortion or aggression amongst audio measured between 0.5%
and 1.58% THD. The various time constant settings used in the experiment, which were gleaned from
common settings used in the industry, had no significant effect on the perception of distortion or
aggressive sonic signatures. Finally, the experiment revealed a strong correlation between settings
rated as aggressive and the audio feature roughness, suggesting that this plays a role in the perception
of aggressive sounding audio.

The second listening experiment revealed that compression, which imparts distortion onto the
program material, is needed to achieve the most aggressive sound qualities. It appears that fast
compression with no distortion (as emulated with the clean software compressor) can affect aggressive
sound qualities. Still, the effect is not nearly as significant as using fast-acting compression and
distorted artefacts. Both experiments indicated there was no interaction effect between the songs used
and the compression settings. Thus, it appears that the songs had little bearing on the results, and the
findings from these two experiments should translate to other songs in similar genres.

Finally, a textual analysis conducted on descriptors gathered during the second experiment
highlighted the use of descriptors which relate to distortion. The author plans to carry out a new
study which will investigate the lexicon of distortion, looking for the similarities between these
terms. The results of this study will afford the academic and professional community with a better
understanding of how music producers describe and implement distortion in music production.
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Abstract: A library of piano samples composed of binaural recordings and keyboard vibrations has
been built, with the aim of sharing accurate data that in recent years have successfully advanced
the knowledge on several aspects about the musical keyboard and its multimodal feedback to the
performer. All samples were recorded using calibrated measurement equipment on two Yamaha
Disklavier pianos, one grand and one upright model. This paper documents the sample acquisition
procedure, with related calibration data. Then, for sound and vibration analysis, it is shown how
physical quantities such as sound intensity and vibration acceleration can be inferred from the
recorded samples. Finally, the paper describes how the samples can be used to correctly reproduce
binaural sound and keyboard vibrations. The library has potential to support experimental research
about the psycho-physical, cognitive and experiential effects caused by the keyboard’s multimodal
feedback in musicians and other users, or, outside the laboratory, to enable an immersive personal
piano performance.

Keywords: musical haptics; piano; auditory feedback; tactile feedback; binaural audio; keyboard
vibrations; measurement; recording

1. Introduction

During instrumental performance musicians are exposed to auditory, visual and also
somatosensory cues. This multisensory experience has been studied since long [1–5], however the
specific interaction between sound and vibrations has been object of systematic research since the
1980’s [6–12], when tactile and force feedback cues started to be recognized to have a prominent role in
the complex perception-action mechanisms occurring during musical instrument playing [13]. More
recently, research on the somatosensory perception of musical instruments has been consolidated,
as testified by the emerging “musical haptics” topic [14].

This increased interest is partly due to the increased availability of accurate yet affordable sensors
and actuators, capable of recording touch gestures and rendering vibrations and force, respectively.
Using these devices, complex experimental settings can be realized to measure and deliver multisensory
information in a musical instrument, often as a result of a real-time analysis and synthesis process
taking place during the performance [15–17]. Once integrated with traditional audio microphone and
loudspeaker systems, touch sensors and actuators can be employed first to investigate the joint role
of the auditory and somatosensory modality in the perception of a musical instrument, and then to
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realize novel musical interfaces and instruments building on the lessons of the previous investigation.
Through this process, richer or even unconventional feedback cues can be conveyed to the performer,
with the aim of increasing engagement, and hence the initial acceptability and subsequent playability
of the new instrument [18–21].

In this scenario, the availability of multimodal databases combining and synchronizing different
streams of information (audio, video, kinematic data of the instrument and performer in action,
physiological signals, interactions among musicians etc.) is increasingly recognized as an essential
asset for studying music performance. Recent examples include the “multimodal string quartet
performance dataset” (QUARTET) [22], the “University of Rochester multimodal music performance
dataset” (URMP) [23], the “database for emotion analysis using physiological signals” (DEAP) [24],
the “TU-Note violin sample library” [25]. Furthermore, initiatives aiming at systematizing the creation
of these databases have recently appeared, such as RepoVizz [26], a framework for storing, browsing,
and visualizing synchronous multimodal data. Overall, this scenario suggests an increasing attention
to the design of musical instrument sound databases, motivated by the concrete possibility for their
content to be reproduced in instrumental settings including not only loudspeakers and headphones,
but also haptic and robotic devices.

The piano represents an especially relevant case study not only for its importance in the history
of Western musical tradition, but also for its potential in the musical instruments market due to the
universality of the keyboard interface, a feature that has traditionally induced novel musical instrument
makers to propose conservative instances of the standard piano keyboard whenever this interface
made possible to control even revolutionary sound synthesis methods [27]. It is no accident that, also
in recent years, sales of digital pianos and keyboard synthesizers have shown a growing trend as
opposed to other instrument sales (https://www.namm.org/membership/global-report). For the
same reason, researchers on new musical instruments have steadily elected the piano keyboard as
the platform of choice for designing expansions of the traditional paradigm, affording a performer to
accurately play two local selections of 88 available tones with the desired amplitude and temporal
development [28,29].

When playing an acoustic piano, the performer is exposed to a variety of auditory,
visual, somatosensory, and vibrotactile cues that combine and integrate to shape the pianist’s
perception–action loop. The present authors are involved in a long-term research collaboration
around this topic, with a focus on two main aspects. The first one is the tactile feedback produced by
keyboard vibrations that reach the pianist’s fingers after keystrokes and remains active until key release.
The second one is the auditory spatial information in the sound field radiated by the instrument at
the performer’s head position. Binaural piano tones are offered by a few audio plugin developers
(e.g., Modartt Pianoteq (https://www.pianoteq.com/)) and digital piano manufacturers (e.g., Yamaha
Clavinova (https://europe.yamaha.com/en/products/musical_instruments/pianos/clavinova/)),
but they have limited flexibility of use. Free binaural piano samples can be found, too, such as the
“binaural upright piano” library, (https://www.michaelpichermusic.com/binaural-upright-piano)
which however offers only three dynamic levels (as opposed to the ten levels provided by the present
dataset). More generally concerning the presentation of audio-tactile piano tones, the existing literature
is scarce and provides mixed if not contradictory results about the actual perceptibility and possible
relevance of this multisensory information [8]. Specific discussions of these aspects have been provided
in previously published studies, regarding both sound localization [30] and vibration perception [12]
on the acoustic piano. As a notable result of these studies, a digital piano prototype was developed
that reproduces various types of vibrations [20] including those generated by acoustic pianos as an
unavoidable by-product of their sound production.

Across the years, this research has resulted in the production of an extensive amount of
experimental data, most of which resulting from highly accurate measurements with calibrated
devices. In an effort to provide public access to such data, the authors of this paper present a
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dataset of audio-tactile piano samples organized as libraries of synchronized binaural sound and
vibration signals.

The dataset contains samples relative to all 88 tones, played at different dynamics on two
instruments: a grand and an upright piano. A preliminary version was presented at a recent
conference [31], and has now been updated by a new release containing additional upright piano
sounds along with the binaural impulse responses of the room in which the same piano was recorded.
In order to use this dataset, it is necessary to take into account the recording conditions and, on the user
side, to take control of the rendering system in an effort to match the reproduction to the characteristics
of the original recorded signals. For this reason, Section 2 describes the hardware/software recording
setup and the organization of samples into libraries for the free version of a popular music software
sampler. An explanation about how to reproduce the database is provided in Section 3. Section 4
suggests some applications of this library, based on the authors’ past design experiences with
multimodal piano samples, and on more experiences that are foreseen for future research.

Among past experiences, the most prominent have consisted of studies on the role of
haptic feedback during the performance, both vibratory and somatosensory: the former concerns
the perception of keyboard vibrations, their accurate reproduction and their effects on the
performance [12,20]; the latter concerns the influence of actively playing on the keyboard in the
auditory localization process of piano tones [30,32]. Such experiences let to the decision of sharing the
dataset with the scientific community, with the goal of fostering the research on the role of vibrations
and tone localization in the pianist’s perceived instrument quality (both not completely understood
yet), as well as adding knowledge about the importance at cognitive level of multisensory feedback for
its use in the design of novel keyboard interfaces.

2. Creation of the BiVib library

The BiVib (binaural and vibratory) sample library is a collection of high-resolution audio files (.wav
format, 24-bit @ 96 kHz) containing binaural piano sounds and keyboard vibrations, coming along with
documentation and project files for its reproduction through a free music software sampler. The dataset,
whose core structure is illustrated in Table 1, is made available through an open-access data repository
(https://zenodo.org/record/2573232) and released under a Creative Commons (CC BY-NC-SA 4.0)
license.

Table 1. Binaural and vibratory (BiVib) core structure. Piano lid configurations are given in square
brackets.

Disklavier Grand Disklavier Upright

Sample sets
(.wav files)

Binaural (closed)
Binaural (open)
Binaural (removed)
Keyboard vibration

Binaural (closed)
Binaural (semi-open)
Binaural (open)
Keyboard vibration

Sampler projects
(Kontakt multis)

Binaural (closed) + vibration
Binaural (open) + vibration
Binaural (removed) + vibration

Binaural (closed) + vibration
Binaural (semi-open) + vibration
Binaural (open) + vibration

2.1. Recording Hardware

The samples were recorded from two Yamaha Disklavier pianos—a grand model DC3 M4
located in Padova (PD), Italy, and an upright model DU1A with control unit DKC-850 located in
Zurich (ZH), Switzerland. Disklaviers are Musical Instrument Digital Interface (MIDI from here
on)-compliant acoustic pianos equipped with sensors for recording keystrokes and pedaling, and
operating electromechanical motors for playback. The grand piano is located in a large laboratory
space (approximately 6 × 4 m), while the upright piano is in an acoustically treated small room
(approximately 4 × 2 m).
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Binaural audio recordings made use of dummy heads for acoustic measurements, with slightly
different setups in PD and ZH: the grand piano was recorded with a KEMAR 45BM (GRAS Sound &
Vibration A/S, Holte, Denmark), whereas the upright piano with a Neumann KU 100 (Georg Neumann
GmbH, Berlin, Germany). Both mannequins were placed in front of the pianos, approximately where
the pianist’s head is located on average (see Figure 1).

Figure 1. Binaural audio recording setup in Zurich (ZH). Piano lid in ‘semi-open’ position.

The dummy heads were connected to the microphone inputs of two professional audio interfaces,
a RME Fireface 800 (PD, gain set to +40 dB) (Audio AG, Haimhausen, Germany) and a RME UCX
(ZH, gain set to +20 dB) (Audio AG, Haimhausen, Germany). The pair of condenser microphones
inside the dummy heads were respectively driven by two 26CB preamplifiers supplied by a 12AL
power module (PD), and by 48V phantom power provided by the audio interface (ZH).

Three configurations of the keyboard lid were selected for each piano. The grand piano (PD)
was measured with the lid closed, fully open, and removed (i.e., detached from the instrument).
The upright piano was recorded with the lid closed, in semi-open position (see Figure 1), and fully
open. Different lid configurations in fact add insight on the role of the mechanical noise coming
from the moving keys to the creation of transient cues of lateralization in the sound field reaching the
performer’s ears [30]. As a result, three sets of binaural samples were recorded for both pianos—one
set for each lid position.

Vibration recordings were acquired with a Wilcoxon Research 736 (Wilcoxon Sensing Technologies
Inc., Amphenol, MD, USA) piezoelectric accelerometer connected to a Wilcoxon Research iT100M
(Wilcoxon Sensing Technologies Inc., Amphenol, MD, USA) intelligent transmitter, whose AC-coupled
output fed one line input of the audio interface. The accelerometer was manually attached with
double-sided adhesive tape to each key in sequence, as shown in Figure 2. Its center was positioned
2 cm far from the key edge, where most vibration modes are radiated efficiently, and where pianists
typically put their fingertip.
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Figure 2. Vibration recording setup. A Wilcoxon Research 736 accelerometer is attached with adhesive
tape to a key that is being played remotely via MIDI control.

2.2. Recording Software

Ten values of dynamics were chosen between MIDI key velocity 12 and 111 by evenly splitting
this range into eleven intervals. This choice was motivated by a previous study by the present authors,
which reported that both Disklaviers produced inconsistent dynamics outside this velocity range [12].
In general, the servo-mechanics of computer-controlled pianos fall short (to an extent that depends on
the model) of providing a reliable response at extreme dynamic values [33]. Holding this assumption,
two different software setups were used respectively for sampling sounds and vibrations.

Binaural samples were recorded via an automatic procedure programmed in SuperCollider.
(A programming environment for sound processing and algorithmic composition: http://supercollider.
github.io/.) The recording sessions took place at night time, thus minimizing unwanted noise coming
from human activity in the building. On the grand piano, note lengths were determined algorithmically
depending on their dynamics and pitch, ranging from 30 s when A0 was played at key velocity 111,
to 10 s when C8 was played at key velocity 12. In fact, notes of increasing pitch and/or decreasing
dynamics have shorter decay times. These durations allow each note to fade out completely, while
minimizing silent recordings and the overall duration of the recording sessions—still, each session
lasted approximately six hours.

On the contrary, an undocumented protection mechanism on the upright piano prevents its
electromechanical system from holding down the keys for more than about 17 s, thus making a
complete decay impossible for some notes, especially at low pitches and high dynamics. In this case,
for the sake of simplicity all tones were recorded for just as long as possible.

Vibration samples were recorded through a less sophisticated procedure. A digital audio
workstation (DAW) software was used to play back all notes in sequence at the same ten MIDI
velocity values as those used for the binaural audio recordings, using a constant duration of 16 s.
This duration in fact is certainly greater than the time taken by any key vibration to decay below
sensitivity thresholds [12,34].

2.3. Sample Pre-Processing

Because of the mechanics of piano keyboards and the intrinsic limitations of computer-controlled
electro-mechanical actuation, a systematic delay is introduced while reproducing MIDI note ON
messages, which mainly varies with key dynamics. For this reason, all recorded samples started with
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silence of varying durations, which had to be removed in view of their use in a sampler (see Section 2.4).
Given the number of files that had to be pre-processed (880 for each set), an automated procedure was
implemented in SuperCollider to cut the initial silence of each audio sample. The procedure analyzed
the amplitude envelope, detected the position of the largest peak, and finally applied a short fade-in
starting a few milliseconds before the peak.

Additionally, vibration signals presented abrupt onsets in the first 200–250 ms right after the
starting silence, as a consequence of the initial fly of the key and of the following impact against the
piano keybed (see Figure 3). These onsets are not related to keyboard vibrations, and therefore they
had to be removed.

Figure 3. Vibration signal recorded on the grand Disklavier by playing the note A2 at MIDI velocity 12.
Picture from [12].

As such onset profiles showed large variability, in spite of several tests made in MATLAB,
no reliable automated procedure could be realized for editing the vibration samples. A manual
approach was employed instead: files were imported in a sound editor, their waveform was zoomed
in and played back, and the onset was cut off.

2.4. Sample Library Organization

The sample library was organized for playback with the ‘Kontakt Player’ software—a free
version of Native Instruments’ Kontakt sampler, (https://www.native-instruments.com/en/products/
komplete/samplers/kontakt-5-player/) available for Windows and Mac OS systems. The full version
of Kontakt 5 was instead used to develop Kontakt project files as described below. The resulting library
is organized into several folders, named ‘Instruments’, ‘Multis’, ‘Resources’, and ‘Samples’.

The ‘Samples’ folder—whose total size amounts to about 65 GB—held separate subfolders for the
binaural and vibration samples, respectively, which contain further subfolders for each sample set (see
Table 1), for example ‘grand-open’ under the ‘binaural’ folder.

Independent of their type, sample files were named according to the following mask:

[note][octave #]_[lower MIDI velocity]_[upper MIDI velocity].wav,

where [note] follows the English note-naming convention, [octave #] ranges from 0 to 8,
[lower MIDI velocity] equals the MIDI velocity (range 12–111) used during recording and is the
smallest velocity value mapped to that sample in Kontakt (see below), [upper MIDI velocity] is the
largest velocity value mapped to that sample in Kontakt. As an example, the file A4_100_110.wav
corresponds to the note A from the 4th octave (fundamental frequency 440 Hz) recorded at MIDI

76



Appl. Sci. 2019, 9, 914

velocity 100, and mapped to the velocity range 100–110 in Kontakt. Since the lowest recorded velocity
value was 12, for consistency no samples were mapped to the velocity range 1–11 in Kontakt.

Following the terminology used in Kontakt, each instrument reproduces a sample set
(e.g., binaural recording of the grand piano with lid open), while each multi combines two instruments
respectively reproducing one binaural and one vibration sample set belonging to the same piano. The
two instruments in each multi are configured so as to receive MIDI input data on channel 1, thus
playing back at once, while their respective outputs are routed to different virtual channels in Kontakt:
binaural samples are routed to a pair of stereo channels (numbered 1–2), while vibration samples
are played through a mono channel (numbered 3). In this way, when using audio interfaces offering
more than two physical outputs, it is possible to render synchronized binaural and vibrotactile cues at
the same time by routing the audio signal to headphones and, in parallel, the vibration signal to an
amplifier driving one or more actuators.

In each instrument, sample mapping was implemented relying on the ‘auto-map’ feature found
in the full version of Kontakt: this parses file names and uses the recognized tokens for assigning
samples to e.g., a pitch and velocity range. The chosen file naming template made it straightforward to
batch-import the samples.

The amplitude of the recorded signals was not altered, that is, no dynamic processing or amplitude
normalization was applied. The volume of all Kontakt instruments was set to 0 dB. Because of this
setting and of the adopted velocity mapping strategy, sample playback was kept as transparent as
possible for simplifying the setup of acoustic and vibratory analysis procedures, experiments and
interactive applications (see Sections 3 and 4).

3. Application of the BiVib Library

Binaural piano tones such as those offered by Yamaha digital pianos or the Modartt Pianoteq
software synthesizer are not fully suitable for research purposes due to being undocumented, hence
non reproducible, acquisition procedures and/or post-processing of the sound signals. Moreover, the
present authors have no evidence of public samples including piano keyboard vibrations. Thus, BiVib
fills two gaps found in the datasets currently available for the reproduction of piano feedback.

3.1. Sample Reproduction

Experiments and applications requiring the use of calibrated data need exact reconstruction of
the measured signals at the reproduction side: acoustic pressure for binaural sounds, and acceleration
for keyboard vibrations. Obviously the reproduction must take place on a set-up in which neither
autonomous sounds nor vibrations are present. For instance, the reproduction of vibrations could take
place on a weighted MIDI keyboard (such as those found in digital pianos), while binaural sounds
may be rendered through headphones. Figure 4 (left) shows one such setting, in which a commercial
digital piano is augmented through the setup schematized as in Figure 4 (right). Note that the bottom
of the digital piano has been reinforced by substituting the keybed with a thicker wooden panel, to
form what we will call a haptic digital piano from here.
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Figure 4. Left: haptic digital piano customization for use with binaural and vibratory (BiVib). Right:
schematic of a possible reproduction setting. Pictures from [20].

Knowledge of the recording equipment’s nominal specifications enable this reconstruction. Such
specifications are summarized in a companion document in the ‘Documentation’ folder. Two examples
are listed below:

• Vibration accelerations in m/s2 are calculated from the vibration samples by making use of
the nominal sensitivity values of the audio interface and accelerometer: voltage values are
reconstructed from the recorded digital signals (represented by values between −1 and 1) by
means of the line input sensitivity of the audio interface, whose full scale level (0 dBFS) was set to
+19 dBu (reference voltage 0.775 V) for recording. Finally, voltage values are transformed into
proportional acceleration values through the sensitivity constant of the accelerometer, equal to
10.2 mV/m/s2 at 25 ◦C, with a flat (±5%) frequency response in the range 10–15,000 Hz.

As an example, the digital value 0.001 is equivalent to:

20 × log10(|0.001|) = −60 dBFS (1)

and the corresponding voltage value is calculated based on the 0 dBFS level (+19 dBu, with
0.775 V reference) as follows:

0.775 × 10((19−60)/20) = 6.9 mV. (2)

Finally, the matching acceleration value is obtained as:

6.9 mV
10.2 mV/m/s2 = 0.677 m/s2. (3)

• Analogously, acoustic pressure values in Pa are obtained from the binaural samples by making
use of the relevant nominal specification values of the microphone input chain (microphone,
pre-amplifier if present, audio interface input). For the upright piano: microphone sensitivity of
20 mV/Pa, audio interface input gain set to +26 dB for an equivalent 0 dBFS level of −16 dBu
(reference 0.775 V). For the grand piano: microphone sensitivity 50 mV/Pa, preamplifier gain
−0.35 dB, and audio interface input gain set to +40 dB for an equivalent 0 dBFS level of −19 dBu
(reference 0.775 V).

As an example, the digital value 0.001, equivalent to −60 dBFS as seen in Equation (1), translates
to the following voltages:

0.775 × 10((−16−60)/20) = 0.12 mV (4)
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for the upright piano, or
0.775 × 10((−19−60+0.35)/20) = 0.09 mV (5)

for the grand piano. The equivalent acoustic pressures are then computed as:

0.12 mV
20 mV/Pa

= 0.006 Pa (about 49.5 dB SPL) (6)

for the upright piano, or

0.09 mV
50 mV/Pa

= 0.0018 Pa (about 39 dB SPL) (7)

for the grand piano.

Once the original measurements have been reconstructed, physical quantities are, in principle,
ready for presentation of sounds through headphones and vibrations through tactile actuators, holding
the issues and limitations that are listed in the next section.

3.2. Sample Equalization and Limitations

BiVib users should hear the same sounds as the binaural pressure signals measured by the dummy
head microphones, and should receive vibrations at the fingers which are identical to the acceleration
signals measured by the accelerometer.

The audio reproduction condition can be satisfied by using headphones or earphones that bypass
the outer ear and provide a frequency response that is as flat as possible. In this way, the performer
would listen to stereo sounds that contain the binaural information created by the dummy head. Note
that these sounds also contain the contribution of room reverberation, as the pianos could not be
located inside anechoic rooms during the recording sessions: especially the laboratory hosting the
grand piano was moderately reverberant, and no reverberation data could be collected for this room at
the time of the acquisition of samples. Conversely, the upright piano (ZH) benefited of a silent studio
room whose impulse responses have been measured and recently included in BiVib (folder ‘IR’). More
precisely, responses from two source points generated by a pair of Genelec 8040A loudspeakers were
taken in correspondence of the two ear canal entrances of the Neumann KU 100 dummy head with
both outer ears removed: As shown in Figure 5, the loudspeakers were placed symmetrically at both
sides of the upright piano, 80 cm above the floor, pointing toward the dummy head (angle with the
vertical plane parallel to the piano equal to 47◦) which was positioned 55 cm far from the upright panel
of the piano. Logarithmic sweeps were synthesized in the Audacity audio editor using the Aurora
modules [35], then reproduced using the loudspeakers, and finally deconvolved again with Aurora to
find four room transfer functions forming the source-ear transfer matrix. Such transfer functions were
included in the dataset and can be used to remove the echoes of the recording room through inversion
of the transfer matrix, using standard deconvolution techniques [36]. Also, because of the low energy
of these echoes, binaural recordings were intentionally left unprocessed, thus allowing musicians
and performers to use them as they are, while leaving any decision on their possible manipulation to
advanced users.
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Figure 5. Upright piano recording setup.

The vibration reproduction condition may be ideally satisfied by implementing a weighted
MIDI keyboard (such as those found on digital pianos) where each key is provided with an actuator,
similar to the prototype technology described in [37]. Even in the unlikely case that such actuators
would offer a flat frequency response over the range of interest for tactile sensation [38], vibration
reproduction would be altered by the shape, material and construction of the keyboard. That requires
the implementation of a compensation procedure—similar to that described in the previous paragraph
to remove room acoustic components—that would enable the accurate reproduction of the vibrations
recorded by the accelerometer on each key. Unfortunately, on such a keyboard there would be 88 touch
points requiring deconvolution. In alternative, two arrays of 88 transfer characteristics can be formed
each by measuring vibrations on the same touch points, after exciting the digital piano body with a
corresponding pair of tactile transducers.

Figure 6 (left) [12] shows a detail of the haptic digital piano that the authors realized according to
the latter solution, where two transducers were mounted below the keybed, one mid-way the keyboard
length and another approximately at one quarter way the same length—see also Figure 4 (right).

Figure 6. Left: tactile transducer mounted below the haptic digital piano keybed. Right: average
spectral flattening curve. Pictures from [20].

By playing an impulse simultaneously on both of them, advanced BiVib users should accurately
measure on each key the corresponding impulse response, and then (with Aurora or similar tools)
design an equalizer which on average flattens the “coloured” response affecting the vibrations due to
their path from the audio interface to the keyboard. Since such measures depend on the user’s musical
keyboard, they could not be included in BiVib as the binaural room transfer functions were instead.
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However, in the aforementioned digital piano customization it was experimentally observed by the
authors that the tactile transducers shown in Figure 6 (left) were mostly responsible for the inclusion
of distinct spectral peaks affecting all the key responses. Hence, the average equalization curve shown
in Figure 6 (right) was estimated, and proved to be effective for flattening the peaks measured on an
evenly-spaced subset of the keys. A similar curve can be approximated by BiVib users by designing
an equalizer that flattens the frequency response of the tactile transducers equipping the setup. This
response is normally reported in a good quality transducer’s data sheet.

4. Experiments, Applications and Future Work

BiVib has been originally created to support multisensory experiments in which precise control
had to be maintained over the simultaneous auditory and vibrotactile stimuli reaching a performing
pianist, particularly when judging the perceived quality of an instrument. In a recent paper, the authors
were able to confirm subjective vibrotactile frequency thresholds of active touch [34] by conducting tests
with pianists who were asked to detect vibrations at the piano keyboard [12]. A comparison between
such thresholds and the spectrum of a lower fortissimo A0 tone is shown in Figure 7. This demonstrates
a previously unreported results: during active playing, pianists are able to integrate tactile sensation
that would be imperceptible in passive touch conditions [38].

Figure 7. Magnitude spectrum of the vibration signal at the A0 key, recorded on the upright Disklavier
playing at MIDI velocity 111. The dash-dotted curve depicts the reference vibrotactile threshold for
passive touch [38], while the two horizontal dashed lines represent the minimum and maximum
thresholds recently measured under active touch conditions [34]. Picture adapted from [12].

A precise manipulation of the intensity relations between piano sound and vibrations may be
used to investigate the existence of cross-modal effects occurring during piano playing. Such effects
have been discovered as part of a more general multisensory integration mechanism [39] that under
certain conditions can increase the perceived intensity of auditory signals [40], or conversely enhance
touch perception [41]. Aiming to understand whether piano keyboard vibrations impact the perceived
quality of the instrument and, as a secondary effect, the quality of a performance, the authors have first
observed significant differences in the perceived quality of vibrating vs. silently playing Disklavier
pianos. This observation marks a point in favor of the former, especially since that pianists involved
in the experiment reported to be unaware of the existence of vibratory feedback [12]. In other words,
while most pianists preferred the vibrating instrument, they did not consciously realize that their
decision was caused by the vibrations produced (or not produced) by the instrument during the
performance. Based on this result, a further experiment was designed for the haptic digital piano using
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diverse types of tactile feedback, synthesized by manipulating the BiVib samples. The test aimed at
investigating possible consequences of the vibrotactile feedback on the pianist’s playing experience
(qualitative effect) and on the performance in terms of timing and dynamics accuracy (quantitative
effect). Cross-modal effects resulting from varying the tactile feedback of the keyboard were observed,
still these preliminary results are far from giving a systematic view about the impact of the different
sensory channels on the pianist’s playing experience, and especially on the accuracy of execution [20].

Another potential use of BiVib is in the investigation of binaural spatial cues for the acoustic piano.
Using the recommendations given in the previous section, single tones of the upright piano can in fact
be accurately cleared of the room echoes, and then be reproduced in the position of the ear entrance.
The existence of localization cues in piano sounds has not been completely understood yet. Even in
pianos where these cues are reported to be audible by listeners, their exact acoustic origin is still an
open question [42]. Moreover, visual cues of self-moving keys (a condition possible on Disklavier
pianos) producing the corresponding tones, as well as somatosensory cues occurring during active
piano playing, may have an influence on localization judgments [30,32].

One further direction which may take advantage of BiVib deals with research in cognitive
neuroscience: recently, pianists and their instrument served as key subjects for understanding diverse
aspects of brain and motor development [43,44]. In this context, the contribution of the auditory, visual
and tactile sensory modalities to this development have not been ascertained yet. Such knowledge
could be of help not only to capture more general aspects of the development of human senses, but also
to guide a perceptually and cognitively informed design of novel keyboard interfaces.

In summary, future research that can be conducted in the laboratory using BiVib includes tests
aiming at conclusively understanding whether (i) vibrations affect the performance on the keyboard,
and whether (ii) auditory lateralization is able to guide piano tone localization. If so, such multisensory
cues may substantially contribute to the sense of engagement and, hence, improve the quality of the
performance and make the learning curve of a keyboard interface more acceptable.

Outside the laboratory, the library can reward musicians who simply wish to use its sounds.
On the one hand, the grand piano recordings contain echoes that bring distinct cues of the room where
they have been recorded. In this sense they are ready for use, although labeled by a precise acoustic
footprint. On the other hand, the upright piano recordings are much more anechoic and, hence, far
less difficult to spatialize than piano recordings taken outside an acoustically controlled room [45].
Consequently, they can be easily imported and conveniently personalized by users through artificial
reverberation.

5. Conclusions

BiVib provides a unique set of multimodal piano data recorded using high-quality equipment
in controlled conditions through reproducible computer-controlled procedures. Since its original
release, the library has been enriched with binaural responses of the room where the upright piano was
recorded. We hope that a successful use of the BiVib dataset, in conjunction with this documentation
and through publicly available projects for the Kontakt software sampler, will facilitate further research
in piano acoustics, performance, and new musical interface design also for educational purposes.
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Abstract: A novel technique is proposed for the analysis and modeling of timbre perception features,
including a new terminology system for evaluating timbre in musical instruments. This database
consists of 16 expert and novice evaluation terms, including five pairs with opposite polarity.
In addition, a material library containing 72 samples (including 37 Chinese orchestral instruments, 11
Chinese minority instruments, and 24 Western orchestral instruments) and a 54-sample objective
acoustic parameter set were developed as part of the study. The method of successive categories
was applied to each term for subjective assessment. A mathematical model of timbre perception
features (i.e., bright or dark, raspy or mellow, sharp or vigorous, coarse or pure, and hoarse or
consonant) was then developed for the first time using linear regression, support vector regression, a
neural network, and random forest algorithms. Experimental results showed the proposed model
accurately predicted these attributes. Finally, an improved technique for 3D timbre space construction
is proposed. Auditory perception attributes for this 3D timbre space were determined by analyzing
the correlation between each spatial dimension and the 16 timbre evaluation terms.

Keywords: feature extraction; timbre modeling; auditory perception; timbre space

1. Introduction

The subjective perception of sound originates from three auditory attributes: loudness, pitch,
and timbre [1]. In recent years, researchers have established relatively mature evaluation models for
loudness and pitch [2,3], but a quantitative calculation and assessment of timbre is far more complicated.
Studies have shown that timbre is a critical acoustic cue for conveying musical emotion. It also provides
an important basis for human recognition and classification of music, voice, and ambient sounds [4].
Therefore, the quantitative analysis of timbre and the establishment of a parameterized model are of
significant interest in the fields of audio-visual information processing, music retrieval, and emotion
recognition. The subjective nature of timbre complicates the evaluation process, which typically relies
on subjective evaluations, signal processing, and statistical analysis. The American National Standards
Institute (ANSI) defines timbre as an attribute of auditory sensation in terms of which a listener can
judge that two sounds similarly presented and having the same loudness and pitch are dissimilar [5],
making it an important factor for distinguishing musical tones [6].

Timbre evaluation terms (i.e., timbre adjectives) are an important metric for describing timbre
perception features. As such, a comprehensive and representative terminology system is critical for
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ensuring the reliability of experimental auditory perception data. Conventionally, timbre evaluation
research has focused on the fields of music and language sound quality, traffic road noise control,
automobile or aircraft engine noise evaluation, audio equipment sound quality design, and soundscape
evaluation. Among these, research in English-speaking countries is relatively mature, as shown in
Table 1. However, differences in nationality, cultural background, customs, language, and environment
inevitably affect the cognition of timbre evaluation terms [7–11]. In addition, Chinese instruments
differ significantly from Western instruments in terms of their structure, production material, and
sound production mechanisms. The timbre of Chinese instruments is also more diverse than that of
Western instruments and existing English timbre evaluation terms may not be sufficient for describing
these nuances. As such, the construction of musical timbre evaluation terms is of great significance to
the study of Chinese instruments.

Table 1. Previous studies on timbre evaluation terms.

Author Year Objects of Evaluation Evaluation Terms

Solomon [12] 1958 20 different passive sonar sound 50 pairs

von Bismarck [13] 1974 35 voiced and unvoiced speech sounds,
musical sounds 30 pairs

Pratt and Doak [14] 1976 Orchestral instrument (including string,
woodwind, and brass) 19

Namba et al. [15] 1991 4 performances of the Promenades in
“Pictures at an Exhibition” 60

Ethington and Punch [16] 1994 Sound generated by an
electronic synthesizer 124

Faure et al. [17] 1996 12 synthetic Western traditional
instrument sounds 23

Iwamiya and Zhan [9] 1997 24 music excerpts from CDs on the market 18 pairs

Howard and Tyrrell [18] 1997 Western orchestral instruments, tuning fork,
organ, and softly sung sounds. 21

Shibuya et al. [19] 1999
“A” major scale playing on the violin

(including 3 bow force, 3 bow speed, and 3
sounding point)

20

Kuwano et al. [20] 2000 48 systematically controlled synthetic
auditory warning sounds 16 pairs

Disley and Howard [21] 2003 4 recordings of different organs 7

Moravec and Štepánek [22] 2003 Orchestra instrument (including bow, wind,
and keyboard) 30

Collier [23] 2004
170 sonar sounds (including 23 different

generating source types, 9 man-made, and
14 biological)

148

Martens and Marui [24] 2005 9 distorted guitar sound (including three
nominal distortion types) 11 pairs

Disley et al. [25] 2006

12 instrument samples from the McGill
university master samples (MUMS) library

(including woodwind, brass, string,
and percussion)

15

Stepánek [26] 2006 Violin sounds of tones B3, #F4, C5, G5, and
D6 played using the same technique 25

Katz and Katz [27] 2007 Music recording work 27
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Table 1. Cont.

Author Year Objects of Evaluation Evaluation Terms

Howard et al. [28] 2007

12 acoustic instrument samples from the
MUMS library, 3 from each of the 4
categories (including string, brass,

woodwind, and percussion).

15

Barbot et al. [29] 2008 14 aircraft sounds (including departure
and arrival) 90

Pedersen [30] 2008

Stimuli may be anything that evokes a
response; such stimuli may stimulate one or

many of the senses (e.g., hearing, vision,
touch, olfaction, or taste)

631

Alluri and Toiviainen [31] 2010

One hundred musical excerpts (each with a
duration of 1.5 s) of Indian popular music,
including a wide range of genres such as

pop, rock, disco, and electronic, containing
various instrument combinations.

36 pairs

Fritz et al. [32] 2012 Violin sound 61

Altinsoy and Jekosch [33] 2012
Sounds of 24 cars in 8 driving conditions

from different brands with different
motorization to the participants

36

Elliott et al. [34] 2013

42 recordings representing the variety of
instruments and include muted and vibrato

versions where possible (included
sustained tones at E-flat in octave 4)

16 pairs

Zacharakis et al. [35] 2014

23 sounds drawn from commonly used
acoustic instruments, electric instruments,

and synthesizers, with fundamental
frequencies varying across three octaves

30

Skovenborg [36] 2016

70 recordings or mixes ranging from
project-studio demos to commercial

pre-masters, plus some live recordings, all
from rhythmic music genres, such as

pop and rock

30

Wallmark [37] 2019
Orchestral instruments

(including woodwind, brass, string,
and percussion)

50

Timbre contains complex information concerning the source of a sound. Humans can perform a
series of tasks to recognize objects by listening to these sounds [38]. As such, the quantitative analysis and
description of timbre perception characteristics has broad implications in military and civil fields, such
as instrument recognition [39], music emotion recognition [40], singing quality evaluation [41], active
sonar echo detection [42], and underwater target recognition [43]. Developing a mathematical model
of timbre perception features is vital to achieving a quantitative description of timbre. Two primary
methods have conventionally been used to quantify timbre perception features. The first is the concept
of psychoacoustic parameters [6]. That is, by analyzing the auditory characteristics of the human ear, a
mathematical model can be established to represent subjective feelings, such as sharpness, roughness,
and fluctuation strength [44]. Since most of the experimental stimulus signals in these experiments
were noise, the calculated value for the musical signal differed from the subjective feeling, which is both
limited and one-sided. Another technique combines subjective evaluation experiments with statistical
analysis. In other words, the experiment is designed according to differences in perceived features from
sound signals, from which objective parameters can be extracted. The correlation between objective
parameters and perceived features is established through statistical analysis or machine learning, which
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is then used to develop a mathematical model of the perceived features. This approach has been
widely used in the fields of timbre modeling [45,46], music information retrieval [47], instrument
classification [48], instrument consonance evaluation [49], interior car sound evaluation [50], and
underwater target recognition [42]. However, the experimental materials in these studies were Western
instruments or noise. Chinese instruments are unique in their mechanisms of sound production and
playing techniques, producing a rich timbre variety. As such, it is necessary to use Chinese instruments
as a stimulus to establish a more complete timbre perception model.

Timbre is an auditory attribute with multiple dimensions, which can be represented by a continuous
timbre space. This structure is of great importance to the quantitative analysis and classification of
sound properties. The semantic differential method was used in early timbre space research [12,13].
Recently, multidimensional scaling (MDS) based on dissimilarity has been used to construct these
spaces. For example, Grey used 16 Western instrument sound samples to create a three-dimensional
(3D) timbre space [51]. McAdams et al. studied the common dimensions of timbre spaces with
synthetic sounds used as experimental materials, establishing a relationship between the dimensions
of a space and the corresponding acoustic parameters [52]. Martens et al. used guitar timbre to study
the differences in timbre spaces constructed under different language backgrounds [53,54]. Zacharakis
and Pastiadis conducted a subjective evaluation and analysis using 16 Western musical instruments,
proposing a luminance–texture–mass (LTM) model for semantic evaluation. In this process, six semantic
scales were analyzed using principal component analysis (PCA) and multidimensional scaling (MDS)
to produce two different timbre spaces [55]. Simurra and Queiroz used a set of 33 orchestral music
excerpts that were subjectively rated using quantitative scales based on 13 pairs of opposing verbal
attributes. Factor analysis was included to identify major perceptual categories associated with tactile
and visual properties, such as mass, brightness, color, and scattering [56]. Multidimensional scaling
requires the acquisition of a dissimilarity matrix between each sample. However, existing methods
use a paired comparison technique for the subjective evaluation experiment. This approach not only
involves a large experimental workload, it also imposes a higher professional requirement, making
the evaluation scale difficult to control. This paper proposes a new indirect model for constructing
timbre spaces based on the method of successive categories. In this system, the dissimilarity matrix is
calculated based on experimental data from the method of successive categories. This reduces the
workload and increases the stability and reliability of the data.

The remainder of this paper is organized as follows. Section 2 introduces the timbre library
construction process and Section 3 develops the timbre evaluation terminology. Section 4 introduces
the perception feature model, and the timbre space is constructed in Section 5. Section 6 concludes the
paper. The research methodology for the study is presented in Figure 1.
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Figure 1. The proposed methodology.
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2. Timbre Database Construction

2.1. Timbre Material Collection

A high-quality database of timbre materials was constructed by recording all materials required
for the experiment in a full anechoic chamber, with a background noise level of −2 dBA. The equipment
included a BK 4190 free-field microphone and a BK LAN-XI3560 AD converter. The performers were
teachers and graduate students from the College of Music. Recordings consisted of musical scales
and individual pieces of music. The Avid Pro Tools HD software was used to edit the audio material.
The length of each clip was between 6–10 s, the sampling rate was 44,100 Hz, the quantization accuracy
was 16 bits, and all audio was saved in the wav format. Previous studies on timbre used Western
instruments as stimulus materials. However, the variety of timbre samples needed to be as rich as
possible to increase the accuracy of timbre perception features. The timbre variety was enriched by
using a collection of 72 different musical instruments, including 36 Chinese orchestral instruments, 12
Chinese minority instruments, and 24 Western orchestral instruments. The names and categories of
the 72 instruments are listed in Appendix A. A timbre library containing 72 audio files was constructed
from the data.

2.2. Loudness Normalization

In accordance with the definition of timbre, the influence of pitch and loudness are often excluded
from timbre studies. However, previous research has shown that timbre and pitch are not independent
in certain cases [57]. As such, timbre perception features presented in this paper include pitch as a
factor. In order to eliminate the influence of loudness, a balance experiment was used to normalize the
loudness of the timbre materials based on experimental results [58].

3. Construction of the Timbre Subjective Evaluation Term System

A timbre evaluation glossary including 32 evaluation terms was constructed and a subjective
timbre evaluation experiment was conducted, based on a forced selection methodology (experiment A).
Sixteen representative timbre evaluation terms were selected by combining the results of a clustering
analysis. Finally, correlation analysis was used to calculate the correlation of these 16 evaluation terms.
Six terms with a coefficient larger than 0.85 were removed. The remaining 10 terms were paired into
five groups with opposite polarity (the absolute value of the correlation coefficient was greater than
0.81). These five pairs were used for timbre evaluation experiments based on the method of successive
categories (experiment B), as well as the parametric modeling of timbre perception features.

3.1. Construction of the Thesaurus for Timbre Evaluation Terms

A thorough investigation of timbre evaluation terms was conducted under conditions of equivalent
sound. A total of 329 terms were collected from the literature and a survey. Five people with a
professional music background then deleted 155 of these terms (e.g., polysemy, ambiguous meaning,
compound terms, etc.) that were, in their opinion, not suitable for a subjective experiment. A group of
21 music professionals listened to audio clips of the remaining 174 terms and judged whether they
were suitable for describing the sound. The 32 most frequent evaluation terms were selected and a
lexicon containing 32 timbre metrics was produced (Table 2). These terms completely describe all
aspects of timbre dynamics, but they do include some redundant information, which needed to be
assessed further using statistical analysis.
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Table 2. A lexicon of 32 timbre evaluation terms in their original language (Chinese), with an accompanying
English translation.

暗淡 (Dark) 饱满 (Plump) 纯净 (Pure) 粗糙 (Coarse)

丰满 (Full) 干瘪 (Raspy) 干涩 (Dry) 厚实 (Thick)

尖锐 (Sharp) 紧张 (Intense) 空洞 (Hollow) 明亮 (Bright)

生硬 (Rigid) 嘶哑 (Hoarse) 透亮 (Clear) 透明 (Transparent)

粗涩 (Rough) 单薄 (Thin) 低沉 (Deep) 丰厚 (Rich)

厚重 (Heavy) 浑厚 (Vigorous) 混浊 (Muddy) 尖利 (Shrill)

清脆 (Silvery) 柔和 (Mellow) 柔软 (Soft) 沙哑 (Raucous)

温暖 (Warm) 纤细 (Slim) 协和 (Consonant) 圆润 (Fruity)

3.2. Experiment A: A Subjective Evaluation Experiment Based on a Forced Selection Methodology

A subjective evaluation experiment was conducted in a standard listening room with a reverberation
time of 0.3 s, which conforms to listening standards [59]. A total of 41 music professionals (21 males)
participated in the experiment. Their ages ranged between 18 and 35 and they had no history of
hearing loss. A forced selection methodology was employed in which audio clips from the material
library were played in turn and subjects determined whether a given evaluation term was suitable
for describing the audio clip. Clustering analysis and correlation analysis were then used to assess
the experimental data (as discussed below), producing a music expert timbre evaluation term system
(including 16 evaluation terms) and an ordinary timbre evaluation term system (including 5 pairs of
evaluation terms with opposite polarity).

3.3. Data Analysis and Conclusion of Experiment A

A multidimensional scale was used to analyze the distance relationships for 32 evaluation terms
in the two-dimensional space. The distance relationship between the 32 terms is shown in Figure 2.
It is evident from Figure 2 that the distance between terms was small in some regions, indicating a
high degree of correlation. In order to reduce the workload of subsequent timbre perception feature
modeling, cluster analysis was used to further reduce the dimensionality of the evaluation terms.
Figure 3 shows a cluster pedigree diagram calculated using a system clustering method. Using this
diagram and the selection frequency obtained previously, the 32 terms were combined to produce 16
timbre evaluation terms (see Table 3). These 16 terms constituted the music expert timbre evaluation
system used in the modeling of timbre spaces (experiment C).

Table 3. A musical expert timbre evaluation term system, including 16 timbre evaluation terms in their
original language (Chinese) and the corresponding English translations.

暗淡 (Dark) 尖锐 (Sharp) 协和 (Consonant) 纯净 (Pure)

粗糙 (Coarse) 清脆 (Silvery) 纤细 (Slim) 单薄 (Thin)

丰满 (Full) 混浊 (Muddy) 柔和 (Mellow) 干瘪 (Raspy)

厚实 (Thick) 明亮 (Bright) 嘶哑 (Hoarse) 浑厚 (Vigorous)

A common timbre evaluation terminology system was then developed by calculating the Pearson
correlation coefficient (PCC) for these 16 terms. The 6 terms with the highest correlation (PCC > 0.85)
were excluded, resulting in a correlation matrix for the remaining 10 terms (Table 4). Terms with
negative PCCs or large absolute values were selected from this matrix to form evaluation pairs with
opposite meanings. These 10 terms were then combined to form five pairs (Table 5), constituting
an ordinary timbre evaluation system. These pairs were used for the timbre evaluation experiment
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based on the method of successive categories (experiment B) and the parametric modeling of timbre
perception features.

 
Figure 2. The distance relationship between the 32 evaluation terms.

 
Figure 3. A cluster diagram of 32 timbre evaluation terms.
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Table 4. A correlation matrix for 10 timbre evaluation terms.

Bright Dark Sharp Vigorous Raspy Coarse Hoarse Consonant Mellow Pure

Bright 1.00 −0.99 0.90 −0.93 0.24 −0.48 −0.31 0.13 −0.27 0.47
Dark −0.99 1.00 −0.89 0.93 −0.20 0.49 0.33 −0.17 0.26 −0.48
Sharp 0.90 −0.89 1.00 −0.93 0.58 −0.14 0.06 −0.24 −0.57 0.17

Vigorous −0.93 0.93 −0.93 1.00 −0.43 0.31 0.09 0.06 0.37 −0.28
Raspy 0.24 −0.20 0.58 −0.43 1.00 0.61 0.74 −0.83 −0.82 −0.51
Coarse −0.48 0.49 −0.14 0.31 0.61 1.00 0.89 −0.82 −0.55 −0.92
Hoarse −0.31 0.33 0.06 0.09 0.74 0.89 1.00 −0.86 −0.62 −0.83

Consonant 0.13 −0.17 −0.24 0.06 −0.83 −0.82 −0.86 1.00 0.79 0.75
Mellow −0.27 0.26 −0.57 0.37 −0.82 −0.55 −0.62 0.79 1.00 0.51

Pure 0.47 −0.48 0.17 −0.28 −0.51 −0.92 −0.83 0.75 0.51 1.00

Table 5. An ordinary timbre evaluation term system including five pairs of evaluation terms in their
original language (Chinese) and the associated English translations.

Name Correlation Coefficient

明亮–暗淡 (Bright–Dark) −0.99
干瘪–柔和 (Raspy–Mellow) −0.82
尖锐–浑厚 (Sharp–Vigorous) −0.93
粗糙–纯净 (Coarse–Pure) −0.92

嘶哑–协和 (Hoarse–Consonant) −0.86

4. Construction of a Timbre Perception Feature Model

Objective acoustic parameters were extracted from audio samples in 166 dimensions. The method
of successive categories was then used to conduct a timbre perception evaluation experiment
(experiment B), as well as reliability and validity analysis for the resulting data. Linear regression,
support vector regression, a neural network, and a random forest algorithm were used to construct a
timbre perception feature model. The accuracy of this model was then evaluated and it was used to
predict timbre perception features for new audio materials.

4.1. Construction of the Objective Acoustic Parameter Set

Timbre is a multidimensional perception attribute that is closely related to the time-domain
waveform and spectral structure of sound [60]. In order to establish a timbre perception feature model,
an objective acoustic parameter set was constructed using 54 parameters extracted from the timbre
database. Objective acoustic parameters refer to any values acquired using a mathematical model
representing a normal sound signal in the time and frequency domains. These 54 parameters can be
divided into 6 categories [61]:

(1) Temporal shape features: calculated from the waveform or the signal energy envelope (e.g., attack-
time, temporal increase or decrease, and effective duration).

(2) Temporal features: auto-correlation coefficients with a zero-crossing rate.
(3) Energy features: referring to various energy content in the signal (i.e., global energy, harmonic

energy, or noise energy).
(4) Spectral shape features: calculated from the short-time Fourier transform (STFT) of the signal

(e.g., centroid, spread, skewness, kurtosis, slope, roll-off frequency, or Mel-frequency cepstral
coefficients).

(5) Harmonic features: calculated using sinusoidal harmonic modeling of the signal (e.g., harmonic/
noise ratio, odd-to-even and tristimulus harmonic energy ratio, and harmonic deviation).

(6) Perceptual features: calculated using a model of human hearing (i.e., relative specific loudness,
sharpness, and spread).
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4.2. Calculation Method

The acoustic parameters were calculated as follows. The spectral centroid for the magnitude
spectrum of the STFT [60] is given by:

Ct =

N∑
n=1

Mt[n] × n

N∑
n=1

Mt[n]
, (1)

where Mt[n] is the magnitude of the Fourier transform at frame t and frequency n. This centroid is
a measure of the spectral shape, where higher centroid values indicate “brighter” sounds. Spectral
slope was calculated using a linear regression over spectral amplitude values. It should be noted that
spectral slope is linearly dependent on the spectral centroid as follows [62]:

slope(tm) =
1

K∑
k=1

ak(tm)

×
K

K∑
k=1

fk · ak(tm) −
K∑

k=1
fk ·

K∑
k=1

ak(tm)

K
K∑

k=1
f 2
k − (

K∑
k=1

fk)
2 , (2)

where slope(tm) is the spectral slope at time tm, ak is the spectral amplitude at k, and fk is the frequency
at k. Tristimulus values were introduced by Pollard and Jansson as a timbral equivalent to color
attributes in vision. The tristimulus comprises three different energy ratios, providing a description of
the first harmonics in a spectrum [63]:

T1(tm) =
a1(tm)

H∑
h=1

ah(tm)

,

T2(tm) =
a2(tm)+a3(tm)+a4(tm)

H∑
h=1

ah(tm)

,

T3(tm) =

H∑
h=5

ah(tm)

H∑
h=1

ah(tm)

,

(3)

where H is the total number of partials and ah is the amplitude of partial h.
Spectral flux is a time-varying descriptor calculated using STFT magnitudes. It represents the

degree of variation in a spectrum over time, defined as unity minus the normalized correlation between
successive ak terms [64]:

spectral flux = 1−

K∑
k=1

ak(tm−1)ak(tm)√
K∑

k=1
ak(tm−1)

2

√
K∑

k=1
ak(tm)

2

. (4)

Inharmonicity measures the departure of partial frequencies fh from purely harmonic frequencies
hf 0. It is calculated as a weighted sum of deviations from harmonicity for each individual partial [62]:

inharmo(tm) =
2

f0(tm)

H∑
h=1

( fh(tm) − h f0(tm))a2
h(tm)

H∑
h=1

a2
h(tm)

, (5)
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where f 0 is the fundamental frequency and fh is the frequency of partial h.
Spectral roll-off was proposed by Scheirer and Slaney [65]. It is defined as the frequency fc(tm)

below which 95% of the signal energy is contained:

fc(tm)∑
f=0

a2
f (tm) = 0.95

sr/2∑
f=0

a2
f (tm), (6)

where sr/2 is the Nyquist frequency and af is the spectral amplitude at frequency f. In the case of
harmonic sounds, it can be shown experimentally that spectral roll-off is related to the harmonic or
noise cutoff frequency. The spectral roll-off also reveals an aspect of spectral shape as it is related to the
brightness of a sound.

The odd-to-even harmonic energy ratio distinguishes sounds with a predominant energy at odd
harmonics (such as the Guan) from other sounds with smoother spectral envelopes (such as the Suona).
It is defined as:

OER(tm) =

H/2∑
h=1

a2
2h−1(tm)

H/2∑
h=1

a2
2h(tm)

. (7)

Twelve time-varying statistics were calculated for the 54 parameters, including the maximum,
minimum, mean, variance, standard deviation, interquartile range, skewness coefficient, and kurtosis
coefficient, producing an objective acoustic parameter set containing 166 dimensions (see Table 6). In this
paper, Timbre Toolbox [62] and MIRtoolbox [66] were used for feature extraction. The corresponding
acoustic parameters were extracted from materials in the timbre database and the acquired data were
used to construct a timbre perception feature model.

4.3. Experiment B: A Timbre Evaluation Experiment Based on the Method of Successive Categories

A subjective evaluation experiment was conducted in a standard listening room with a reverberation
time of 0.3 s, which conforms to listening standards [59]. A total of 34 subjects (16 males) with a
professional music background participated in the experiment. Their ages ranged from 18 to 35 and
they had no history of hearing loss. The experimental subjective evaluation process was conducted
as follows. Material fragments were played, and the subjects judged the psychological scale of the
piece for each timbre perception feature (evaluation term) in sequence, scoring it on a nine-level scale.
All experimental materials were played prior to the formal experiment to familiarize subjects with
the samples in advance. This was done to assist each subject in mastering the evaluation criteria and
scoring scale, reducing the discretization of evaluation data for the same sample. Each piece was played
twice with an interval of 5 s and a sample length of 6–10 s. Each evaluation term was tested for 10 min,
with a 15-min break every half hour.

The validity and reliability of data from these 34 samples were analyzed to calculate a correlation
coefficient between the scores for each subject. The Euclidean distance between the evaluation terms was
calculated using cluster analysis to identify the two subjects with the largest difference in each group.
Some subjects may not have had a sufficient understanding of the purpose of the experiment. Data
from these subjects were excluded and not used for subsequent timbre perception feature modeling.
The method of successive categories was used to conduct a statistical analysis of the experimental data [67].
The theoretical basis for this approach assumes the psychological scale to be a random variable, subject
to a normal distribution. The boundary of each category was not a predetermined value, but a random
variable identified from the experimental data. The Thurstone scale was then used to process the data and
produce a psychological scale for all timbre materials and each perception feature for modeling purposes.
Figure 4 shows the resulting scale for 72 musical instruments in 5 timbre evaluation dimensions. In each
image, the dotted line represents the average value of each instrument in the corresponding dimension.
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Table 6. Acoustic parameters.

Feature Name Quantity Feature Name Quantity

Temporal Features Harmonic Spectral Shape

Log Attack Time 1 Harmonic Spectral Centroid 6

Temporal Increase 1 Harmonic Spectral Spread 6

Temporal Decrease 1 Harmonic Spectral Skewness 6

Temporal Centroid 1 Harmonic Spectral Kurtosis 6

Effective Duration 1 Harmonic Spectral Slope 6

Signal Auto-Correlation Function 12 Harmonic Spectral Decrease 1

Zero-Crossing Rate 1 Harmonic Spectral Roll-off 1

Energy Features Harmonic Spectral Variation 3

Total Energy 1 Perceptual Features

Total Energy Modulation 2 Loudness 1

Total Harmonic Energy 1 Relative Specific Loudness 24

Total Noise Energy 1 Sharpness 1

Spectral Features Spread 1

Spectral Centroid 6 Perceptual Spectral Envelope Shape

Spectral Spread 6 Perceptual Spectral Centroid 6

Spectral Skewness 6 Perceptual Spectral Spread 6

Spectral Kurtosis 6 Perceptual Spectral Skewness 6

Spectral Slope 6 Perceptual Spectral Kurtosis 6

Spectral Decrease 1 Perceptual Spectral Slope 6

Spectral Roll-off 1 Perceptual Spectral Decrease 1

Spectral Variation 3 Perceptual Spectral Roll-off 1

MFCC 12 Perceptual Spectral Variation 3

Delta MFCC 12 Odd-to-Even Band Ratio 3

Delta Delta MFCC 12 Band Spectral Deviation 3

Harmonic Features Band Tristimulus 9

Fundamental Frequency 1 Various Features

Fundamental Frequency Modulation 2 Spectral Flatness 4

Noisiness 1 Spectral Crest 4

Inharmonicity 1 Total Number of Features 166

Harmonic Spectral Deviation 3

Odd-to-Even Harmonic Ratio 3

Harmonic Tristimulus 9

It is evident from Figure 4 that the distribution of timbre values for Chinese instruments differed
significantly from Western instruments. For example, raspy/mellow and hoarse/consonant exhibited
drastically different scales. This suggested the timbre database containing Chinese instruments had a richer
variety of timbre types than a conventional Western instrument database. In addition, the distribution
of timbre samples in the five timbre evaluation scale pairs was relatively balanced. This suggested
the proposed evaluation terminology was representative of multiple timbre types and could better
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distinguish the attributes of different instruments. These factors could help to improve the accuracy of
timbre perception feature models.
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Figure 4. A psychological scale of 72 musical instruments, including (a) bright/dark, (b) raspy/mellow,
(c) sharp/vigorous, (d) coarse/pure, and (e) hoarse/consonant. The blue squares represent Western
orchestral instruments, the yellow triangles represent Chinese minority instruments, and the red circles
represent Chinese orchestral instruments. The dotted blue line represents the mean value of the Western
orchestral instruments, the dotted yellow line represents the mean value of the Chinese minority
instruments, and the dotted red line represents the mean value of the Chinese orchestral instruments.

4.4. Construction of a Prediction Model

In this study, multiple linear regression, support vector regression, a neural network, and a random
forest algorithm were used to correlate objective parameters and subjective evaluation experimental
data to construct a mathematical model of timbre perception features. Stepwise techniques were
used for variable entry and removal in the multiple linear regression algorithm [68], and radial basis
functions were selected as kernels for support vector regression [69]. A multi-layer perceptron was
adopted in the neural network, which included a hidden layer [70]. Random forest is a common
ensemble model consisting of multiple CART-like trees, each of which grows on a bootstrap object
acquired by sampling the original data cases with replacements [71].

Before modeling, feature selection was conducted for the target attribute to be predicted. This process
consisted of three steps:

(1) Screening: removes unimportant or problematic predictors and cases.
(2) Ranking: sorts remaining predictors and assigns ranks; this step considers one predictor at a time

to determine how well it predicts the target variable.
(3) Selecting: identifies the important subset of features to use in subsequent models.

During the modeling phase, 80% of the data were used for training and the remaining 20% were
used for validation. The input to the model was a 166-dimensional objective parameter set and the
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output was the value of the five perception dimensions (bright/dark, raspy/mellow, sharp/vigorous,
coarse/pure, and hoarse/consonant). Correlation coefficients were used to evaluate the accuracy of the
model and represented the results of the correlation analysis between the model prediction data and
subjective evaluation data, with higher coefficients representing a more accurate model.

The accuracy of prediction results for the four algorithms across the five perception dimensions
are shown in Table 7. Figure 5 provides a histogram of the prediction accuracy in different dimensions.
These experimental results suggested that the proposed technique provided valid predictions in each
of the five dimensions. The algorithm exhibiting the best performance exceeded 0.9 for bright/dark,
sharp/vigorous, coarse/pure, and hoarse/consonant sound types. The averaged results indicated that
the neural network (0.915) and random forest (0.864) outperformed multiple linear regression (0.665)
and support vector regression (0.670). The neural network was particularly accurate in its predictions
of the five perception dimensions.

Table 7. A comparison of the accuracies achieved by four algorithms.

Multiple Linear Regression Support Vector Regression Neural Network Random Forest

Bright/Dark 0.706 0.696 0.913 0.856
Raspy/Mellow 0.573 0.571 0.858 0.813
Sharp/Vigorous 0.859 0.852 0.952 0.945

Coarse/Pure 0.481 0.518 0.928 0.827
Hoarse/Consonant 0.705 0.711 0.922 0.877

Average 0.665 0.670 0.915 0.864
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Figure 5. A prediction accuracy histogram for the five perception attributes.

5. The Construction of Timbre Space

Multidimensional scaling (MDS) was used to construct a 3D timbre perception space to represent
the distribution of 37 Chinese instruments more intuitively. Unlike many common analysis methods,
MDS is heuristic and does not require assumptions about spatial dimensionality [72]. It also offers
the advantages of visualization and helps to identify potential factors affecting the similarity between
terms. The construction of a timbre space includes three steps:

(1) Subjective evaluation experiment based on sample dissimilarity: where a dissimilarity matrix between
samples was obtained using a subjective evaluation experiment. Existing research has conventionally
paired up samples in the material database to score the dissimilarity. The process was simplified in
this study, which reduced the workload.
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(2) Dimension reduction of distance matrix based on MDS: where the MDS algorithm was used to
calculate the dissimilarity matrix such that sample distances in high-dimensional spaces can be
represented in low-dimensional spaces (usually two or three dimensions).

(3) Attribute interpretation of each dimension of timbre space: where the correlation between each dimension
and the timbre perception features was analyzed using a statistical method. Interpretable attributes
for each dimension were then acquired from this space.

The performance of multidimensional scaling algorithms depends on the sample dissimilarity
matrix. In previous studies [51,52], this matrix was acquired using a subjective evaluation experiment
that compared and scored the dissimilarity of any two samples. A total of n2/2 experiments must
be conducted for n samples. This quadratic relationship significantly increases the computational
complexity and runtime, which makes quantifying the dissimilarity more difficult. This paper presents
an improved methodology in which a set of evaluation indicators were selected (as complete as
possible) and all samples were successively scored with each indicator. These results constituted the
feature vector for the sample and the distance to each vector was calculated to obtain the dissimilarity
of all samples. The 16 timbre evaluation terms shown in Table 3 were used to assess the attributes of
each dimension during the analysis phase.

The method of successive categories was then used to conduct a subjective evaluation experiment on
timbre materials for 37 Chinese instruments (experiment C). Grade 9 was performed on 16 perception
dimensions in Table 3 and the reliability and validity of the experimental data were analyzed. The Euclidean
distance of the feature vectors was calculated, producing a dissimilarity matrix for 37 Chinese instruments.
The MDS algorithm was used to process the timbre dissimilarity matrix and construct a 3D timbre
perception space.

5.1. Experiment C: Subjective Evaluation Experiment Based on Sample Dissimilarity

Three factors were considered during sample selection to prepare the sound data needed in the
subjective evaluation experiment [73]:

(1) The appropriate number of samples: The number of samples must be sufficiently large to ensure
the accuracy of the MDS algorithm and impose sufficient constraints on the model. In practice,
however, it is difficult to establish precise rules for determining these data. However, empirical
solutions do exist. In most MDS-based timbre studies, at least 10 sound samples are required
for two-dimensional spaces and at least 15 sound samples are needed for three-dimensional
spaces [51,74,75]. In this paper, 37 kinds of Chinese instruments were used as experimental
materials, which ensured that sufficient constraints were provided to the MDS model.

(2) The range of timbre variation: The range of timbre varies depending on the subject of the study, with
larger instrumental variety (i.e., orchestral music) providing better data [34]. Models constructed
in this way can be applied more broadly to new timbre samples. In this study, 37 kinds of Chinese
instruments were selected. As can be seen from Figure 4, compared with Western instruments,
Chinese instruments had a wider distribution range in terms of their timbre evaluation scale.
As such, the Chinese instrument samples selected in this paper ensured a diverse range of
timbre samples.

(3) The uniformity of timbre sample distributions: The distribution of sound samples in each timbre
perception attribute should be as uniform as possible. Timbre spaces are continuous perceptual
spaces and a uniform distribution sample set is beneficial to the construction of continuous
timbre spaces. Non-uniform sample distributions can degrade solutions to the MDS equations,
preventing the structures between classes from being fully displayed [76]. As seen in Figure 4,
the samples selected in this study covered a broad range of timbre attributes and they were
distributed at varying psychological scales, providing a uniform distribution.

Subjective evaluation of the experimental environment and the subjects was conducted as in
experiment B. The process was as follows: while playing each experimental sample, the subjects judged
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the psychological scale of the sample on 16 timbre perception features (timbre evaluation terms) in
turn, scoring each on a 9-point scale.

5.2. The Construction of the 3D Timbre Space Using MDS

The reliability and validity processing method applied to the experimental data was the same
as in experiment B. The processed data were averaged and the mean score for all subjects on each
evaluation term was calculated for each sample. These data were then used to calculate the timbre
dissimilarity, expressed in the form of a distance matrix. The MDS algorithm was adopted in this
paper [77], which considers individual differences between subjects and assigns a corresponding
weight to each score. This approach considers terms in every dimension and more fully utilizes the
experimental data. Multidimensional scaling is based on dissimilarity analysis for two samples in a
timbre attribute space, which can be expressed using a distance matrix as follows:

di
jk =

√√√ R∑
r=1

wir · (xjr − xkr)
2, (8)

where di
jk represents the dissimilarity evaluation score for subject i assessing sounds j and k, wir

represents the weight of subject i in the rth dimension, and xkr represents the coordinates of sample k
in the rth dimension.

Equation (8) was used to calculate the distance for 37 timbre feature vectors and the dissimilarity
distance matrix for 37 samples. This matrix was used as input into the MDS algorithm. The number
of timbre space dimensions was determined by referring to previous research results [51,52].
The timbre space dimension was determined in three dimensions using Kruskal’s stress function [78].
The coordinates of each sound sample in 3D timbre space were acquired by using MDS to reduce the
dimensionality of the dissimilarity distance matrix (Figure 6).

Figure 6. A 3D timbre space for 37 Chinese instruments.
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5.3. Perception Attribute Analysis of the Timbre Space Dimension

The correlation between 16 timbre perception attributes was calculated to analyze the auditory
attributes of each dimension in the timbre space. The coordinates of the samples were projected into
three dimensions to obtain the spatial distribution of the data. Pearson correlation coefficients were
calculated between each dimension and the 16 timbre perception attributes (Table 8). Further analysis
suggested dimension 1 was positively correlated with the “bright” perception attribute and negatively
correlated with “vigorous.” As such, dimension 1 could be defined as “bright/vigorous.” Dimension 2
was positively correlated with “hoarse” and negatively correlated with “consonant.” However, the
correlation of dimension 3 was not as obvious, as it was only slightly correlated with “full/mellow.”
Figure 6 suggests that different types of instruments were distributed at different positions in the
timbre space, which could be used to categorize individual timbres.

Table 8. The results of correlation analysis in 3D timbre space.

Attribute Dimension 1 Dimension 2 Dimension 3

纤细 (Slim) 0.97 −0.13 −0.11
明亮 (Bright) 0.97 −0.17 0.15
暗淡 (Dark) −0.96 0.19 −0.14
尖锐 (Sharp) 0.95 0.23 0.14
浑厚 (Vigorous) −0.99 −0.05 0.11
单薄 (Thin) 0.94 0.26 −0.10
厚实 (Thick) −0.97 0.00 0.22
清脆 (Silvery) 0.96 −0.22 0.04
干瘪 (Raspy) 0.39 0.87 0.02
丰满 (Full) −0.83 −0.38 0.33
粗糙 (Coarse) −0.35 0.89 −0.06
纯净 (Pure) 0.34 −0.82 0.11
嘶哑 (Hoarse) −0.15 0.93 −0.13
协和 (Consonant) −0.02 −0.96 0.00
柔和 (Mellow) −0.38 −0.80 −0.37
混浊 (Muddy) −0.91 0.26 −0.16

6. Conclusions

This study presented a novel methodology for the analysis and modeling of timbre perception
features in musical sounds. The primary contributions can be summarized as follows:

(1) A novel method was proposed for constructing two sets of timbre evaluation terminology systems
in a Chinese context. Experimental results from a subjective evaluation showed that these terms
could successfully distinguish timbre from different instruments.

(2) A timbre material library containing 72 musical instruments was constructed according to relevant
standards. A subjective evaluation experiment was conducted using the method of successive
categories. The psychological scales of the subjects were acquired using five pairs of perceptual
dimensions. A mathematical model of timbre perception features was then developed using
multiple linear regression, support vector regression, a neural network, and the random forest
algorithm. Experimental results showed that this constructed model could predict perceptual
features for new samples.

(3) An improved method for constructing 3D timbre space was proposed and demonstrated using
the MDS algorithm applied to 37 Chinese instruments. Auditory perceptual attributes were
determined by analyzing the correlation between the 3 dimensions of the timbre space and 16
perceptual attributes.

In future research, we will focus on the following three aspects of this study. First, supplemental
sample materials will be acquired based on the existing timbre database. We will attempt to expand
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the variety and quantity of the data to improve the consistency and robustness of the model. Second,
a subjective evaluation experiment, statistical analysis, and other techniques will be used to select
timbre evaluation terms that accurately reflect the essential attributes of timbre to provide support
for the construction of simple and effective timbre spaces. Third, the machine learning algorithm
will be improved by including more subjective evaluation data. Additional correlation algorithms
will also be tested to improve the accuracy of the model predictions. Finally, mathematical modeling
will be implemented for each dimension in the timbre space. The distribution of other (i.e., Western)
instruments will be compared to that of Chinese instruments to identify common patterns.
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Appendix A

The timbre materials mentioned in Section 2.1 contains 72 instruments, including 37 Chinese
orchestral instruments, 11 Chinese minority instruments, and 24 Western orchestral instruments
(Table A1). The names of the Chinese orchestral instruments and Chinese minority instruments are
given in their original languages (Chinese), with an accompanying English translation.

Table A1. Instrument list.

Category Type Name of the Instrument

Chinese Orchestral
Instruments (37)

Bowed
Instrument (7)

高胡
(Gaohu)

二胡
(Erhu)

中胡
(Zhonghu)

革胡
(Gehu)

低音革胡
(Bass Gehu)

京胡
(Jinghu)

板胡
(Banhu)

Wind
Instrument (17)

梆笛
(Bangdi)

曲笛
(Qudi)

新笛
(Xindi)

高音笙
(Soprano Sheng)

中音笙
(Tenor Sheng)

低音笙
(Bass Sheng)

高音唢呐
(Soprano Suona)

中音唢呐
(Alto Suona)

次中音唢呐
(Tenor Suona)

低音唢呐
(Bass Suona)

高音管
(Soprano Guan)

中音管
(Alto Guan)

低音管
(Bass Guan)

倍低音管
(Doublebass Guan)

埙
(Xun)

箫
(Xiao)

巴乌
(Bawu)

Plucked
Instrument (10)

小阮
(Soprano Ruan)

中阮
(Alto Ruan)

大阮
(Bass Ruan)

柳琴
(Liuqin)

琵琶
(Pipa)

扬琴
(Yangqin)

古筝
(Guzheng)

古琴
(Guqin)

箜篌
(Konghou)

三弦
(Sanxian)

Percussion
Instrument (3)

编钟
(Bell chimes)

编磬
(Bianqing)

云锣
(Yunluo)

Chinese Minority
Instruments (11)

Bowed
Instrument (4)

艾捷克
(Ejieke)

四胡
(Sihu)

马头琴
(Matouqin)

潮尔
(Chaoer)

Wind
Instrument (4)

朝鲜唢呐
(Chaoxian Suona)

葫芦笙
(Hulusheng)

葫芦丝
(Hulusi)

大岑
(Dacen)

Plucked
Instrument (3)

热瓦普
(Rewapu)

都塔尔
(Dutaer)

伽琴
(Gayageum)

105



Appl. Sci. 2020, 10, 789

Table A1. Cont.

Category Type Name of the Instrument

Western Orchestral
Instruments (24)

Bowed
Instrument (4) Violin Viola Cello Double bass

Woodwind
Instrument (6)

Piccolo Flute Oboe Clarinet

Bassoon Saxophone

Brass
Instrument (4) Trumpet Trombone French horn Tuba

Keyboard
Instrument (4) Piano Harpsichord Organ Accordion

Plucked
Instrument (1) Harp

Percussion
Instrument (5)

Celesta Vibraphone Chimes Xylophone

Marimba
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Abstract: To date electric pianos and samplers tend to concentrate on authenticity in terms of
temporal and spectral aspects of sound. However, they barely recreate the original sound radiation
characteristics, which contribute to the perception of width and depth, vividness and voice separation,
especially for instrumentalists, who are located near the instrument. To achieve this, a number of
sound field measurement and synthesis techniques need to be applied and adequately combined.
In this paper we present the theoretic foundation to combine so far isolated and fragmented sound
field analysis and synthesis methods to realize a radiation keyboard, an electric harpsichord that
approximates the sound of a real harpsichord precisely in time, frequency, and space domain.
Potential applications for such a radiation keyboard are conservation of historic musical instruments,
music performance, and psychoacoustic measurements for instrument and synthesizer building and
for studies of music perception, cognition, and embodiment.
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1. Introduction

Synthesizers tend to focus on timbral aspects of sound, which contains temporal and spectral
features [1,2]. This is even true for modern synthesizers that imitate musical instruments by means
of physical modeling [3,4]. Many samplers and electric pianos on the market use stereo recordings,
or pseudostereo techniques [5,6] to create some perceived spaciousness in terms of apparent source width
or perceived source extent, so that the sound appears more natural and vivid. However, such techniques
do not capture the sound radiation characteristics of musical instruments, which may be essential for
an authentic experience in music listening and musician-instrument-interaction.

Most sound field synthesis approaches synthesize virtual monopole sources or plane waves by
means of loudspeaker arrays [7,8]. Methods to incorporate the sound radiation characteristics of
musical instruments are based on sparse recordings of the sound radiation characteristics [5], like far
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field recordings from circular [9,10] or spherical [11] microphone arrays with 24 to 128 microphones.
In these studies, a nearfield mono recording is extrapolated from a virtual source point. However,
instead of a monopole point source, the measured radiation characteristic is included in the
extrapolation function, yielding a so-called complex point source [9,12,13]. Complex point sources
are a drastic simplification of the actual physics of musical instruments. However, complex point
sources were demonstrated to create plausible physical and perceptual fields [5,14]. These sound
natural in terms of source localization, perceived source extent and timbre, especially when listeners
and/or sources move during the performance [5,15–20].

To date, sound field synthesis methods to reconstruct the sound radiation characteristics of
musical instruments do not incorporate exact nearfield microphone array measurements of musical
instruments, as described in [21–25]. This is most likely because the measurement setup and the digital
signal processing for high-precision microphone array measurements are very complex on their own.
The methods include optimization algorithms and solutions to inverse problems. The same is true for
sound field synthesis approaches that incorporate complex source radiation patterns.

In this paper we introduce the theoretic concept of a radiation keyboard. We describe on a theoretical
basis, and with some practical considerations, which sound field measurement and synthesis methods
should be combined, and how to combine them utilizing their individual strengths. All presented
results are preparatory for the realization. In contrast to conventional samplers, electric pianos, etc.,
a radiation keyboard recreates not only the temporal and spectral aspects of the original instrument,
but also its spatial attributes. The final radiation keyboard is basically a MIDI keyboard whose keys
trigger different driving signals of a loudspeaker array in real-time. When playing the radiation
keyboard, the superposition of the propagated loudspeaker driving signals should create the same
sound field as the original harpsichord would do. Thus, the radiation keyboard will create a more
realistic sound impression than conventional, stereophonic samplers. This is especially true for
musical performance, where the instrumentalists moves their heads. The radiation keyboard can serve,
for example,

• as a means to produce authentic sounding replicas of historic musical instruments in the context
of cultural heritage preservation [26,27],

• as an authentic and immersive alternative to physical modeling synthesizers, conventional
samplers, electrical pianos (or harpsichords, respectively) [3,4,28],

• as a research tool for instrument building [29], interactive psychoacoustics [30], and embodied
music interaction [31].

The remainder of the paper is organized as follows. Section 2 describes all the steps that are carried
out to measure and synthesize the sound radiation characteristics of a harpsichord. In Section 2.1,
we describe the setup to measure impulse responses of the harpsichord and the radiation keyboard
loudspeakers. These are needed to calculate impulse responses that serve as raw loudspeaker driving
signals. For three different frequency regions, f1 to f3, different methods are ideal to calculate.
In Sections 2.2–2.4, we describe how to derive the loudspeaker impulse responses for frequency
regions f1, f2 and f3. In Section 3, we describe how to combine the three frequency regions, and how to
create loudspeaker driving signals that synthesize the original harpsichord sound field during music
performance. After a summary and conclusion in Section 4, we discuss potential applications of the
radiation keyboard in the outlook Section 5.

2. Method

The concept and design of the proposed radiation keyboard are illustrated in Figure 1. The sound
field radiated by a harpsichord is analyzed by technical means. Then, this sound field is synthesized
by the radiation keyboard. The radiation keyboard consists of a loudspeaker array whose driving
signals are triggered by a MIDI keyboard. The superposition of the propagated loudspeaker driving
signals creates the same sound field as a real harpsichord. To date, no sound field synthesis method
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is able to radiate all frequencies in the exact same way the harpsichord does. Therefore, we combine
different sound field analysis and synthesis methods. This combination offers an optimal compromise:
low frequencies f1 < 1500 Hz are synthesized with high precision in the complete half-space above
the sound board, mid frequencies 1500 ≤ f2 ≤ 4000 Hz are synthesized with high precision within an
extended listening region, and higher frequencies f3 > 4000 Hz are synthesized with high precision at
discrete listening points within the listening region.

Figure 1. Design and concept of the radiation keyboard (right). A MIDI keyboard triggers individual
signals for 128 loudspeakers, which are arranged like a harpsichord. Replacing the real harpsichord
(left) by the radiation keyboard creates only subtle audible differences. Unfortunately, the radiation
keyboard cannot synthesizes the harpsichord sound in the complete space. Low frequencies f1 are
synthesized with high precision in the complete half-space above the loudspeaker array (light blue
zone). Mid frequencies are synthesized with high precision in the listening region (green zone) in
which the instrumentalist is located. The sound field of very high frequencies is synthesized with a
high precision at discrete listening points within the listening region (red dots).

To implement a radiation keyboard, four main steps are carried out. Figure 2 shows a flow
diagram of the main steps: firstly, the sound radiation characteristics of the harpsichord are measured
by means of microphone arrays. Secondly, an optimal constellation of loudspeaker placement and
sound field sampling is derived from impulse these measurements. As the third step the impulse
responses for the loudspeaker array are calculated. These serve as raw loudspeaker driving signals.
Finally, loudspeaker driving signals are calculated by a convolution of harpsichord source signals
with the array impulse responses. These driving signals are triggered by a MIDI keyboard and play in
real-time. The superposition of the propagated driving signals synthesizes the complex harpsichord
sound field.

harpsichord
IR measurement

source/receiver
optimization

loudspeaker
IR calculation

loudspeaker driving
signal calculation

Figure 2. Flow diagram of the proposed method. First, harpsichord Impulse Responses (IR) are
measured, then the distribution of loudspeakers and listening points is optimized, and finally,
loudspeaker driving signals are calculated.

To synthesize the sound field, it is meaningful to divide the harpsichord signal into three frequency
regions: frequency region f1 lies below 1.5 kHz, the Nyquist frequency of the proposed loudspeaker
array. Frequency region f2 ranges from 1.5 kHz to 4 kHz, the Nyquist frequency of the microphone array.
Frequency region f3 lies above these Nyquist frequencies. Different sound field measurement and
synthesis methods are optimal for each region. They are treated separately in the following sections.
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2.1. Setup

The setup for the impulse response measurements is illustrated in Figure 3 for a piano under
construction. In the presented approach the piano is replaced by a harpsichord. An acoustic vibrator
excites the instrument at the termination point between the bridge and a string for each key. Successive
microphone array recordings are carried out in the near field to sample the sound field at M = 1500
points parallel to the sound board.

Figure 3. Measurement setup including a movable microphone array (in the front) above a soundboard,
and an acoustic vibrator (in the rear) installed in an anechoic chamber. After the nearfield recordings
parallel to the sound board, the microphone array samples the listening region of the instrumentalist in
playing position.

In addition to the near field recordings, the microphone array samples the listening region. The head
of the instrumentalist will be located in this region during the performance (ear channel distance to
keyboard y ≈ 0.37 m, ear channel distance to ground z ≈ 1.31 m for a grown person). The location is
indicated by black dots in Figure 4.

Figure 4. Depiction of the radiation keyboard. A regular grid of loudspeakers is installed on a board.
The board has the shape of the harpsichord sound board. Microphones (black dots) sample the listening
region in front of the keyboard.

A lightweight piezoelectric accelerometer measures the vertical polarization of the transverse
string acceleration h(κa, t) at the intersection point between string and bridge for each of the
A = 62 keys. This is not illustrated in Figure 3 but indicated as brown dots in Figure 5. The acceleration
measured by the sensor is proportional to the force acting on the bridge. Details on the setup can
be found in [32,33]. Alternatively, h(κa, t) can be recorded optically, using a high speed camera and
the setup described in [34,35], or it can be synthesized from a physical plectrum-string model [36].
The string recording represents the source signal that excites the harpsichord.
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Figure 5. Procedure to derive the impulse response R f 1(Θl , κa, t) for each loudspeaker and pressed key
in the radiation keyboard. The brown curve represents the bridge, the brown dots depict exemplary
excitation points. The black dots represent microphones near the soundboard, the light gray dots
represent equivalent sources on the soundboard. The gray dots represent a regular subset of equivalent
sources, which are replaced by loudspeakers (circles) in the radiation keyboard.

Measuring string vibrations isolated from the impulse response measurements of the sound board
adds a lot of flexibility to the radiation keyboard. We derive impulse responses for the loudspeaker
array of the radiation keyboard. This radiates all frequencies the same way the harpsichord would
do. Consequently, any arbitrary source signal can serve as an input for the radiation keyboard.
In addition to the measured harpsichord string acceleration h(κa, t), the radiation keyboard can
load any sound sample, such as alternative harpsichord tunings, alternative instrument recordings,
or arbitrary test signals.

Figure 4 illustrates the radiation keyboard. A rigid board in the shape of the harpsichord sound
board serves as a loudspeaker chassis. A regular grid of loudspeakers is arranged on this chassis.
The radiated sound field created by each single loudspeaker is recorded in the listening region.

2.2. Low Frequency Region f1

The procedure to calculate the loudspeaker impulse responses for frequency region f1 is
illustrated in Figure 5. Firstly, impulse responses of the harpsichord are recorded in the near field.
Next, the recorded sound field is propagated back to M = 1500 points on the harpsichord sound
board. Then, an optimal subset of these points is identified. This subset determines the loudspeaker
distribution of the radiation keyboard.

2.2.1. Nearfield Recording

The setup for the near field recordings is illustrated in Figure 3. A microphone array Xnear,m

with equidistant microphone spacing of 40 mm is installed at a distance of 5 cm parallel to the
harpsichord soundboard surface. The index m = 1, . . . , 1500 describes a microphone position above
the harpsichord.

An acoustic vibrator excites the instrument at the intersection point of string and bridge; the string
termination point [32] κa. Here, the index a = 1, . . . , A describes the pressed key. For a harpsichord with
5 octaves, A = 62 keys exist.

To obtain impulse responses from the recorded data the so-called exponential sine sweep (ESS)
technique is utilized [37]. The method has originally been proposed for measurements of weakly
non-linear systems in room acoustics (e.g., loudspeaker excitation in a concert hall) but can also be
adapted to structure-borne sound [38]. For the excitation an exponential sine sweep

s(t) = sin(ω(t)) (1)
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is used, where

ω(t) = ω1e

(
t ln( ω2

ω1 )
T

)
. (2)

Here, ω1 = 2π rad s−1 is the starting frequency, ω2 = 2π× 24,000 rad s−1 is the maximum
frequency and T = 25 s is the signal duration. The vibrator excites the sound board with this signal.
Figure 6 shows the spectrogram of an exemplary microphone recording p(X1, t). Since the frequency
axis has logarithmic scaling, the sweep appears as a straight line. Due to non-linearity in the shaker
excitation the recording shows harmonic distortions parallel to the sinusoidal sweep.

Figure 6. Spectrogram of an exemplary output of one of the array microphones. Harmonic distortions
of several orders are observable.

A deconvolution process eliminates these distortions. The deconvolution is realized by a linear
convolution of the measured output p(Xm, t) with the function

u(t) = s−1(t)b(t) . (3)

Here, s−1(t) is the temporal reverse of the excitation sweep signal (2) and b(t) is an amplitude
modulation that compensate the energy generated per frequency, reducing the level by 6 dB/octave,
starting with 0 dB at t = 0 s and ending with −6 log2(ω2/ω1) dB at t = T, expressed as

b(t) = 1/e
t ln

ω2
ω1

T . (4)

This linear deconvolution delays s(t) of an amount of time varying with frequency. The delay
is proportional to the logarithm of frequency. Therefore, s−1(t) stretches the signal with a constant
slope, and compresses the linear part to a time delay corresponding to the filter length. The harmonic
distortions have the same slope as the linear part and are, therefore, also packed to very precise times.
If T is large enough, the linear part of an impulse response is temporally clearly separated from the
non-linear pseudo IR.

This deconvolution process yields one signal

q
′
(Xm, t) = p(Xm, t) ∗ u(t). (5)

This signal q
′
(Xm, t) is the linear impulse response q(Xm, t) preceded by the nonlinear distortion

products, i.e., the pseudo-IRs. An example of q
′
(X1, t) and q(X1, t) is illustrated in Figure 7. The linear

impulse response part can be obtained by a peak detection searching for the last peak in the time series.
In the figure the final, linear impulse response q(X1, t) is highlighted in red.

The driving signal and the convolution are reproducible. Repeated measurements are
carried out to sample the radiated sound field. To cover each key and sample point, this yields
N × A = 93,000 recordings.
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Figure 7. Obtained impulse response q
′
(Xm, t) of the signal in Figure 6 after deconvolution.

The harmonic distortions are separated in time and precede the linear part q(Xm, t) (red), which starts
at t ≈ 3.5 s.

2.2.2. Back Propagation

The harpsichord soundboard is a continuous radiator of sound, but can be simplified as a discrete
distribution of N = 1500 radiating points Yn, referred to as equivalent sources [23]. These equivalent
sources sample the vibrating sound board. The validity of this simplification is restricted by the
Nyquist-Shannon theorem, i.e., two equivalent sources per wave length are necessary. The following
steps are frequency-dependent. Therefore, we transfer functions of time into frequency domain using
the discrete Fourier transform. Terms in frequency domain are indicated by capital letters and the ω in
the argument. For example Q(ω) represents the frequency spectrum of q(t).

The relationship between the radiating soundboard Q(Yn, ω) and the spectra of the aligned,
linearized microphone recordings Q(Xm, ω) is described by a linear equation system

Q(Xm, ω) =
N

∑
n=1

G(r, ω)Q(Yn, ω), (6)

where

G(r, ω) =
ei(kr)

r
(7)

is the Free field Greens’ function. It is a complex transfer function that describes the sound propagation
of the equivalent sources as monopole radiators. Here, the term r = ||Xm − Yn||2 is the Euclidean
distance between equivalent sources and microphones, k is the wave number and i, the imaginary
unit. Equation (6) is closely related to the Rayleigh Integral which is applied in acoustical holography
and sound field synthesis approaches, like wave field synthesis and ambisonics [39]. One problem
with Equation (6) is that the linear equation system is ill-posed. The radiated sound Q(Xm, ω) is
recorded but the source sound Q(Yn, ω), which created the recorded sound pressure distribution,
is sought. When solving the linear equation system, e.g., by means of Gaussian elimination or an
inverse matrix of G(r, ω) [40], the resulting sound pressure levels tend to be huge due to small
numerical errors, measurement and equipment noise. This can be explained by the propagation matrix
being ill-conditioned when microphone positions are close to one another compared to the considered
wavelength. In this case the propagation matrix condition number is high. A regularization method
relaxes the matrix and yields lower amplitudes. An overview about regularization methods can be
found in [21,23,40]. For musical instruments, the Minimum Energy Method (MEM) [23,41] is very
powerful. The MEM is an iterative approach, gradually reshaping the radiation characteristic of G(r, ω)

from monopole at Ω = 0 to a ray at Ω = ∞ using the formulation

Ψ (α, ω, Ω) = 1 + Ω × (1 − α) , (8)
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where Ψ (α, ω, Ω) is multiplied by G(r, ω) in Equation (6) to reshaped the complex transfer
function, like

Q(Xm, ω) = G(r, ω)× Ψ (α, ω, Ω)× Q(Yn, ω). (9)

In Equations (8) and (9), α describes the angle between equivalent sources Yn and loudspeakers
Xm as inner product of both position vectors

αm,n =

∣∣∣∣ YnXm

|Xm| |Yn|n
∣∣∣∣ . (10)

The angle α is given by the constellation of source- and receiver positions and is 1 in normal
direction n of the considered equivalent source position and 0 in the orthogonal direction. The ideal
value for Ω minimizes the reconstruction energy

Ωopt = minΩ{EΩ} (11)

where

EΩ ∝
N

∑
n

∣∣∣∣∂P(Yn, ω)

∂n

∣∣∣∣
2

. (12)

The energy E is proportional to the sum of the squared pressure amplitudes on the considered
structure. In a first step, the linear equation system is solved for integers from Ω = 0 to Ω = 10 and
the reconstruction energy is plotted over Ω. Around the local minimum, the linear equation system is
again solved, this time in steps of 0.1. Typically, the iteration is truncated after the first decimal place.
An example of reconstruction energy over Ω is illustrated in Figure 8 together with the condition
number of G × Ψ in Equation (9). Near Ωopt, both the signal energy and the matrix condition number
tend to be low.

2 4 6 8 10

log

Figure 8. Exemplary plot of reconstruction energy (black) and condition number (gray) over Ω.
The ordinate is logarithmic and aligned at the minimum at Ωopt = 3.6.

Alternatively, the parameter Ω can be tuned manually to find the best reconstruction visually;
the correct solution tends to create the sharpest edges at the instrument boundaries, with pressure
amplitudes near 0. This is a typical result of the truncation effect: the finite extent of the source causes
an acoustic short-circuit. At the boundary, even strong elongations of the sound board create hardly
any pressure fluctuations, since air flows around the sound board. The effect can be observed in
Figure 9.

The result of the MEM is one source term Q(Yn, ω) for each equivalent source on the harpsichord
sound board. Below the Nyquist frequency, these 1500 equivalent sources approximate the sound field
of a real harpsichord. This is true for the complete half-space above the sound board.

The radiation of numerous musical instruments has been measured using the described
microphone array setup and the MEM, like grand piano [35,42], vihuela [23,43], guitars [43,44],
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drums [23,41,45], flutes [41,45], and the New Ireland kulepa-ganeg [46]. The method is so robust that
the geometry of the instruments becomes visible, as depicted in Figure 9.

Figure 9. Sound field recorded 50 mm above a grand piano sound board (left) and back-propagated
sound board vibration according to the MEM (right). The black dot marks the input location of the
acoustic vibrator.

2.2.3. Optimal Loudspeaker Placement

The back-propagation method described in Section 2.2.2 yields one source term for each of the
N = 1500 equivalent sources and A = 62 keys. Together, the equivalent sources sample the harpsichord
sound field in the region of the sound board. Forward propagation of the source terms approximates the
harpsichord sound field in the whole half-space above the sound board. This has been demonstrated,
e.g., in [47]. Replacing each equivalent source by one loudspeaker is referred to as acoustic curtain,
which is the origin of wave field synthesis [39,48]. In physical terms, this situation is a spatially
truncated discrete Rayleigh integral, which is the mathematical core of wave field synthesis [7,8,39,49].
A prerequisite is that all equivalent sources are homogeneous radiators in the half-space above the
soundboard. This is the case for the proposed radiation keyboard. For low frequencies, loudspeakers
without a cabinet approximate dipoles fairly well. Naturally, single loudspeakers with a diameter in the
order of 10 cm are inefficient radiators of low frequencies [50]. However, this situation improves when
a dense array of loudspeakers is moving in phase. This is typically happening in the given scenario;
when excited with low frequencies, the sound board vibrates as a whole [51], so the loudspeaker
signals for the wave field synthesis will be in phase. While truncation creates artifacts in most wave
field synthesis setups, referred to as truncation error [8,39,48], no artifacts are expected in the described
setup due to natural tapering: at the boundaries of the loudspeaker array, an acoustic short-circuit will
occur. However, the acoustic short-circuit also occurs in real musical instruments, as demonstrated
in Figure 9. This is because compressed air in the front flows around the sound board towards the
rear, instead of propagating as a wave. The acoustic short-circuit of the outermost loudspeakers acts
like a natural tapering window. In wave field synthesis installations artificial tapering is applied to
compensate the truncation error.

The MEM describes the sound board vibration by N = 1500 equivalent source terms. Replacing
all equivalent sources by an individual loudspeaker is not ideal, because the spacing is too dense
for broadband loudspeakers, and it is challenging to synchronize 1500 channels for real-time audio
processing. Audio interfaces including D/A-converters for L = 128 synchronized channels in audio-cd
quality are commercially available, using, for example, MADI or Dante protocol. In wave field
synthesis systems, regular loudspeaker distributions have been reported to deliver the best synthesis
results [52]. Covering the complete soundboard of a harpsichord with a regular grid consisting of
128 grid points, yields about one loudspeaker every 12 cm. This is a typical loudspeaker density in
wave field synthesis systems and yields a Nyquist frequency of about 1.5 kHz for waves in air [7].
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Three exemplary loudspeaker arrays are illustrated in Figure 10.
Every third equivalent source can be replaced by a loudspeaker with little effect on the sound

field synthesis precision below 1.5 kHz. This yields W = 11 possible loudspeaker grid positions Θ
′
w,l .

1

...

4

...

11

Figure 10. Three regular loudspeaker grids Θ
′
w,l . A subset of the 1500 equivalent sources is replaced by

128 loudspeakers. In the given setup W = 11 loudspeaker grids are possible.

At the ideal location of the loudspeaker grid, all loudspeakers lie near antinodes of all
frequencies of all keys. In contrast to regions near the nodes, sound field calculations near the
antinodes do not suffer from equipment noise, numerical noise, and small microphone misplacements.
Instead, all loudspeakers contribute efficiently to the wave field synthesis. Therefore, the optimal grid
location Θl has the largest signal energy

Θl = maxw

{ A

∑
a=1

∫ ∞

t=0

(
R

′
f1(Θ

′
w,l , κa, t) ∗ h(κa, t)

)2
dt
}

. (13)

Equation (13) is solved for each of the w = 1, . . . , 11 possible loudspeaker grid positions. The grid
with the maximum signal energy is replaced by loudspeakers as indicated in Figure 5. This ideal grid
is the optimal loudspeaker distribution Θl .

The Nyquist frequency of the loudspeaker array lies around 1.5 kHz. For reproduction of higher
frequencies, other methods are necessary, as described in the following sections.

2.3. Higher Frequency Region f2

The procedure to calculate the loudspeaker impulse responses for frequency region f2 is illustrated
in Figure 11. First, impulse responses of the harpsichord are recorded in the listening region.
Next, impulse responses of the final loudspeaker grid Θl are recorded in the listening region. These are
transformed such that the loudspeaker array creates the harpsichord sound field in the listening region.
Then, the optimal position of listening points is determined. These listening points are a subset of the
microphone locations that sample the listening region.
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Figure 11. Procedure to derive the impulse response R
′
f 2(Θl , κa, v, t) for each loudspeaker Θl and

pressed key κa in the radiation keyboard. The wooden plate represents the harpsichord sound board.
The white plate represents the loudspeaker grid. The black dots represent microphones microphones
in the listening region. At first, harpsichord and loudspeaker array create different sound fields in the
listening region. Then, the loudspeaker signals are modified as to synthesize the harpsichord sound
field at regular subset v of listening points that sample the listening region.

2.3.1. Far Field Recording

In addition to the near field recordings, the radiated sound is also recorded with a microphone
array Xfar,v,j that samples the region in which the instrumentalist’s head may be located during playing.
We refer to this region as the listening region and to the discrete sample points as listening points.
The distance between equivalent sources on the sound board and the listening points lies in the order
of decimeters to meters. For frequencies above 1.5 kHz, this means that the listening region lies in the
far field.

In the near field measurement, Section 2.2.1, one microphone array samples a planar region
parallel to the sound board. In the far field measurement the microphone array samples a rectangular
cuboid. The setup for the far field recordings is illustrated in Figures 4 and 11. As described in
Sections 2.1 and 2.2.1, the sound board is excited with an exponential sweep. An array of J = 128
microphones samples the listening region. The microphones are arranged as a regular grid with a
spacing of 4 cm. The array samples the complete sound field in the listening region for all wave lengths
above 0.08 m, i.e., frequencies below 4 kHz. About V = 11 repeated measurements are carried out
with a slightly shifted microphone array. Equations (1)–(5) describe how to excite the sound board and
derive impulse responses for the A × J × V = 87,296 different source-receiver constellations.

These far field impulse responses provide a sample of the desired sound field Qdes(X, κa, ω) in the
region in which the instrumentalist is moving her head. In frequency domain, it can be described as
the relationship between source signal S(ω), complex transfer function G(r, ω) and microphone array
recordings Pdes(X, κa, ω)

S(ω)× G(r, t) = Pdes(Xv,j, κa, ω) (14)

where the recording of the sweep is aligned to receive the impulse response

Qdes(Xv,j, κa, ω) = Pdes(Xv,j, κa, t)× U(ω). (15)
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The terms S(ω) and G(r, t) in Equation (14) are known. So instead of microphone array
measurements, Pdes(X, κa, ω) can be calculated by this forward-propagation formula. In [47] it was
demonstrated that the forward-propagation equals the measurements.

2.3.2. Radiation Method

To synthesize the desired sound field Qdes(X, κa, ω) with the given loudspeaker array Θl , L = 128
loudspeaker signals R

′
f2(Θl , ω) need to be calculated. This is done in two steps. First, the swept

sine, Equation (1), is played trough each individual loudspeaker Θl and recorded in the listening
region. Here,

S(ω)×Ϙ(α, ω) = PΘ(Xv,j, ω)

⇐⇒ Ϙ(α, ω) =
PΘ(Xv,j, ω)

S(ω)

(16)

and

QΘ(Xv,j, ω) = PΘ(Xv,j, ω)× U(ω) (17)

describe the relationship between the source signal, the raw microphone recordings and the
final impulse response. Here, the unknown propagation term Ϙ(α, ω) is the ratio of the source signal
and the recordings. In contrast to a real harpsichord source signal H(κa, ω) we know that S(ω) 
 0
for all audible frequencies. Thus, the complex transfer function Ϙ(α, ω) between each loudspeaker
of the array Θl and each listening point Xfar,v,j is determined by simply recording the propagated
swept sine, Equation (16), of each loudspeaker at each listening point, followed by the deconvolution,
Equation (17).

This complex transfer function is neither the idealized monopole source radiation G(r, ω), nor the
energy-optimized radiation function Ψ(α, ω)G(r, ω). Instead, Ϙ(α, ω) is the actual transfer function as
measured physically. It includes the frequency and phase response of the loudspeakers, the amplitude
decay and the phase-shift from each loudspeaker to each receiver. It can thus be considered the true
transfer function. It includes the sound radiation characteristics of the loudspeakers, which tend to
deviate from G and Ψ. Solving the linear equation system

Qdes(Xv,j, κa, ω) = R
′
f2(Θl , Xv,j, κa, ω)×Ϙ(α, ω) (18)

for all V = 11 microphone array positions yields the impulse response for the loudspeakers
R

′
f2(Θl , Xv,j, κa, ω). This procedure is referred to as radiation method as it synthesizes a desired sound

field by including the measured sound radiation characteristics of the loudspeakers. Accounting for
the actual transfer function from each loudspeaker to each listening point has the advantage that
the rows in the linear equation system described by Equation (18) tend to deviate stronger in reality
compared to idealized monopole radiators. This has been demonstrated in [20,49]. The radiation
method is a robust regularization method that has been demonstrated to relax the linear equation
system [9,20,39,49]. It leads to (a) low amplitudes and (b) solutions that vary only slightly, when the
source-receiver constellation or the source signal is varied slightly. The method synthesizes a desired
sound field as long as (a) the sound field lies in the far field and (b) at least two listening points per
wavelength exist. The method is only ideal for frequency region f2, as it does not account for nearfield
effects and spatial aliasing [9,20,49].

2.3.3. Optimal Listening Points

So far, Equation (18) delivers V = 11 sets of L = 128 impulse responses for each key. The solutions
only vary slightly, due to microphone misplacements, equipment and background noise, numerical
errors and the spatial variations of the loudspeaker sound radiation characteristics. The solutions
are valid inside the listening region. Outside the listening region synthesis errors occur, because
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loudspeaker signals interfere in an arbitrary manner. Outside an anechoic chamber, this will lead to
unnatural reflections. Consequently, the ideal impulse response minimizes synthesis errors outside the
listening region. This is achieved by selecting the impulse responses with the lowest signal energy

Rf2(Θl , κa, ω) = minv,κa{R
′
f2(Θl , κa, ω)}, (19)

where

R
′
f2(Θ, κa, ω) ∝

L

∑
l=1

∫ ∞

t=0
R

′
f2(Θl , Xv,jκa, t)2dt. (20)

The signal energy is the sum of all L = 128 loudspeaker impulse responses. In Equation (20) the
signal energy of each key κa is calculated for each of the v = 1, . . . , 11 microphone array positions.
As defined in Equation (19), the final impulse response Rf2(Θ, κa, ω) for each specific key is the one
where v creates minimal signal energy. This solution exhibits the most constructive interference inside
the listening region. The solution is valid for the considered frequency region f2, i.e., between 1.5 and
4 kHz. For higher frequencies, a third method is ideal, as discussed in the following section.

2.4. Highest Frequency Region

In principle, the method to calculate the impulse response for frequency region f3 equals the
method described in Section 2.3. For frequencies over 4 kHz the radiation method only synthesizes the
desired sound field at the discrete listening points, but not in between [49]. For human listeners, neither
the exact frequency nor the phase are represented in the auditory pathway ([39] Chapter 3). Amplitude
of such high frequencies mainly contributes to the perception of brightness and the phase contributes
to the impulsiveness of attack transients. Both are important aspects of timbre perception ([53] Chapter
11), ([39] Chapter 2).

Therefore, it is adequate to approximate the desired amplitudes and phases at discrete listening
points by solving Equation (18). The difference between frequency regions f2 and f3 is the selection
of optimal listening points. Instead of choosing the impulse response with minimum signal energy,
Equation (20), the ideal impulse response for f3 is the shortest, because it exhibits the highest impulse
fidelity. When convolved with a short impulse response, the frequencies of source signals stay in
phase. Quite contrary, long impulse responses indicate out of phase relationships. Phase is mostly
audible during transients. Consequently, the shortest impulse response is ideal, because it maintains
the characteristic, steep attack transient of harpsichord notes.

Impulse responses for one loudspeaker and three different microphone array locations v is
illustrated in Figure 12. The shortest impulse response can be identified visually.
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Figure 12. Three exemplary impulse responses R
′
f3,v. Here, t is the time in seconds and u is the voltage

to drive the loudspeaker. The shortest out of V = 11 impulse responses is ideal, as it exhibits the best
impulse fidelity. It can be identified visually.
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3. Calculation of Loudspeaker Driving Signals

Each method described above result in one truncated impulse response per loudspeaker and
pressed key Rf(Θ, κa, t). Here, each impulse response is truncated in frequency. To combine them,
the three truncated impulse responses per loudspeaker and pressed key are simply added, i.e.,

R(Θl , κa, t) = Rf1(Θl , κa, t) + Rf1(Θl , κa, t) + Rf1(Θl , κa, t). (21)

The result of Equation (21) is a broadband impulse response R(Θl , κa, t) that covers the complete
audible frequency range. An example is illustrated in Figure 13.
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Figure 13. Impulse responses Rf truncated to frequency regions f1 (blue), f2 (green) and f3 (red).
Adding up the time series yields a broadband impulse response R(Θl , κa, t) (black). Here, t is the time
in seconds and u is a normalized voltage to drive the loudspeaker.

Summing the truncated impulse responses yields one broadband impulse response for each
loudspeaker and pressed key, i.e., B = L × A = 7936 broadband impulse responses RΘl ,κa ,t.
These impulse responses describe how any frequency is radiated by the loudspeaker array to
approximate the sound field that the harpsichord would create, if excited by a broadband impulse.

Naturally, a played harpsichord is not excited by an impulse. Instead, pressing a key creates
a driving signal that travels through the string and transfers to the soundboard via the bridge.
In Section 2.1 we provide literature that suggests three different ways to record or model this driving
signal h(κa, t). In order to finally use the radiation keyboard as a harpsichord sampler, the loudspeaker
driving signals d(Θl , κa, t) are calculated by a convolution of the impulse response with the source
signal, i.e.,

d(Θl , κa, t) = h(κa, t) ∗ R(Θl , κa, t). (22)

This yields B = 7936 sound files. These are imported to multiple instances of a software sampler in
a digital audio workstation (DAW). Typically, one instance of a software sampler can address between
16 and 64 output channels. Consequently, between 2 and 8 sampler instances need to be initialized.
Technologies like VST and Direct-X are able to handle this parallelism, and several multi-channel
DAWs (like Steinberg Cubase, Ableton Live and Magix Samplitude) can handle the high number of
output channels. Finally, the original keyboard of the harpsichord is replaced by a MIDI-Keyboard,
whose note-on command triggers the 128 samples for the corresponding note.

As the effect of key velocity on the created level and timbre is negligibly, the harpsichord is the
ideal instrument to start with; only one sample per note and loudspeaker is necessary. For more
expressive instruments, such as the piano, the attack velocity affects the produced level and timbre.
Here, several samples per note, or one attack-velocity controlled filter would have to be applied.
This implies the need for much higher data rates and specific signal processing, which is out of scope
of this paper.

4. Conclusions

In this paper the theoretic foundation of a radiation keyboard has been presented. It includes
the complete chain from recording the source sound and the radiated sound of a harpsichord to
synthesizing its temporal, spectral and spatial sound within an extended listening region, controlled
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in real-time. To achieve this, we choose the optimal method for each frequency region and inverse
problem, and describe a way to combine so far isolated and fragmented sound field analysis and
synthesis approaches.

For the low frequency region f1, a combination of nearfield recordings, the minimum energy
method, an energy-efficient loudspeaker grid selection, and wave field synthesis is ideal. It synthesizes
the desired sound field in the complete half-space above the sound board.

For the higher-frequency region f2, a combination of far field recordings, the radiation method,
and energy efficient listening point selection is ideal. This combination synthesizes the desired sound
field in the listening region with a high precision.

For the highest frequency region f3, far field recordings and an in-phase impulse response creation
are ideal. It approximates the correct signal amplitudes in the listening region, while supporting the
transient behavior of the source sound. The initial outcome of such a radiation keyboard is a sampler
that mimics not only the temporal and spectral aspects of the original musical instrument, but also its
spatial aspects.

5. Outlook

This paper presented the theoretic framework of our current research project. The effort to
implement a radiation keyboard is very high and a number of sound field measurement and synthesis
methods need to be combined, leveraging their individual strengths. We have not implemented the
radiation keyboard yet; this paper rather describes the necessary means to realize it.

The implemented radiation keyboard is supposed to serve as a research tool to carry out interactive
listening experiments that are more ecological than passive listening tests with artificial sounds in
a laboratory environment. Note that the radiation keyboard is not restricted to harpsichord sounds.
In principle, any arbitrary sound file can act as source signal and be radiated like a harpsichord.
This enables us to manipulate the temporal and spectral aspects of the sound, while keeping the
sound radiation constant. Loading different source sounds while keeping the sound radiation fixed,
could reveal which temporal and spectral parameters affect the perception of source extent and
naturalness in the direct sound of musical instruments. The radiation keyboard could answer the
question, whether a saxophone sound with the radiation characteristics of a harpsichord sound larger
than a real saxophone. Using the radiation keyboard, we can investigate apparent source width and
immersion of direct sound both in presence and absence of room acoustics. To date, physical predictors
of apparent source with originate in room acoustical investigations [15,16,39]. Findings disagree,
which frequency region is of major importance for these listening impression. Different predictors and
the discourse are examined in [5].

The strength of a real-time capable radiation keyboard is the interactivity: musicians can actively
play the instrument instead of carrying out passive listening tests. Interactivity creates a dynamic sound
and allows for a natural interaction in an authentic musical performance scenario. This is a necessity
in the field of performance, gesture, and human-machine-interaction studies and a prerequisite for
ecological psychoacoustics [30,31].
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