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Summary

A method for recording symphonic music with acoustical instruments in an anechoic chamber is presented.
Excerpts of approximately 3 minutes were recorded from orchestral works representing different musical styles.
The parts were recorded separately one at a time in order to obtain perfect separation between instruments. The
challenge was to synchronize different takes and parts so that they could later be combined to an ensemble. The
common timing was established by using a video of a conductor conducting a pianist playing the score. The
musicians then played in an anechoic chamber by following the conductor video and by listening to the piano
with headphones. The recordings of each instrument were done with 22 microphones positioned evenly around
the player. The recordings, which are made freely available for academic use, can be used in research on acoustical
properties of instruments, and for studies on concert hall acoustics. This article covers the design, installation,
and technical specifications of the recording system. In addition, the post-processing, subjective comments of

musicians as well as potential applications are discussed.

PACS no. 43.75.-z, 43.55.Ka, 43.58.Ta

1. Introduction

In auralization process an anechoic stimulus is convolved
with a modeled or measured impulse response of a space
so that the listener can have a binaural listening experience
[1]. In general terms, auralization can be seen as a com-
munication process, which is often described as follows—
a content, emitted by a source is propagated through the
medium to the receiver. Thus, in auralization process an
anechoic stimulus signal is the content, a sound source is
the source, room acoustics is the medium, and a listener is
the receiver.

Of these three parts of auralization process, room acous-
tics modeling has been under active research for over 40
years [2] and there exist plenty of different modeling meth-
ods [3, 4, 5]. Also listener modeling, i.e., studies on human
binaural hearing and head-related transfer functions [6, 7],
has gained a lot of research interest. However, studies on
spatial properties of real sound sources and stimulus sig-
nals are seldom found.
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As a symphony orchestra is the most common sound
source in concert halls, it should also be used when au-
ralizing acoustical models of halls. In auralization, each
instrument should be simulated to different position on the
stage, and also the signal emitted by the instrument to dif-
ferent directions should be available. Thus, the need is to
record the orchestra in a way that the sound from each
instrument is captured to individual microphone channels,
preferably with many microphones around the source in 3-
D. In addition, each microphone should capture only one
instrument, which is generally not possible, if the instru-
ments are played simultaneously in the same space.

Only few recordings of anechoic orchestral music are
published [8], of which the most accessible is by Denon
[9, 10]. Unfortunately this recording is quite noisy and the
whole orchestra has been recorded at the same time with
close-up microphones inside a sound absorbing shell con-
structed on a concert hall stage. With this technique differ-
ent instruments are not perfectly separated in microphone
channels due to the crosstalk in the setup. In addition, floor
reflections occur in larger magnitude than in specific ane-
choic laboratory conditions. Some other recordings have
also been made for research purposes. A choral ensemble
has been recorded in an anechoic chamber [11]. Otondo

© S. Hirzel Verlag - EAA



Péatynen et al.: Anechoic symphonic music

Table I. List of the musical terms used in this paper.

crescendo gradual change of the volume to louder

divisi passage where an instrument section divides
to play multiple parts instead of a single one

fermata pause of longer duration than the written note
value

fortissimo as loudly as possible

mezzo-piano  moderately quiet

répétiteur a pianist replacing an orchestra, e.g., in opera
rehearsals

tempo overall speed of music

tremolo style of playing notes in rapid repetitive man-
ner

tutti passage where the whole orchestra is playing
at the same time

Unisono passage where multiple instruments are play-
ing exactly the same notes

and Rindel [12] have conducted investigations on solo
instrument directivities with 13 microphones. Recently,
Vigeant et al. [13] have applied recordings of an orches-
tra in multi-channel auralization, but besides the number
of used microphones, the recording process of anechoic
stimulus material has not been reported.

Information about directional characteristics of musical
instruments has been presented by Meyer [14, 15], and
some numerical data on these investigations is available
in the Internet [16]. In addition, Fletcher and Rossing [17]
discuss about directivity of instruments. However, a com-
plete data set of directivities of the instruments of a sym-
phony orchestra has not been presented with detailed doc-
umentation of the recording process.

The objective in this project was to record orchestral
music in an anechoic chamber one instrument at a time
in order to obtain symphony orchestra music with per-
fect channel separation. Another aim was to perform the
recordings with multiple microphones for later instrument
directivity analysis. In individual recording of instruments,
a major challenge was to provide information on synchro-
nization for musicians so that they could play as an en-
semble with common timing and tuning. In this paper a
method and implementation for such a recording system
is described. The recorded audio tracks are made available
free for academic use.

The paper is organized as follows. The design and in-
stallation of the recording environment are explained first.
In Section 4, recorded music is described with the prepara-
tion of the conductor video. In Section 5 the actual record-
ings are described with comments of the musicians. The
post-processing of the recorded music is explained in Sec-
tion 6. Finally, applications for recorded sound tracks are
introduced before the conclusions. The musical terms used
in this paper are collected in TableI.

2. Recording technique

The instruments were recorded one by one in an anechoic
chamber. After discussions with a few professional con-
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Figure 1. The recording configuration in an anechoic chamber.
A musician followed the conductor through the monitor and
listened to the piano version of the whole score while playing
his/her own part.

ductors the following way was applied to enable the syn-
chronization. The musicians played their parts with the
help of a conductor video by watching a conductor in a
monitor and simultaneously by listening to a pianist play-
ing the whole score, see Figure 1. This way the musicians
were able to adapt their playing style and tempo, and the
synchronization between different players was possible.
Thus, providing the video and audio tracks to the musi-
cians had to be taken into account in the system design.

3. Design and recording equipment

3.1. Anechoic chamber

The anechoic chamber used for the recordings is cubical,
and the free measure between wedge tips in each dimen-
sion is 4.2 m. With the absorption wedge length of 80 cm,
the room is assumed to be anechoic at frequencies above
100 Hz.

Anechoic conditions are required for two reasons. First,
standing waves affect to the frequency response in differ-
ent microphones positions. Due to the room modes and
limits of anechoic conditions, the measurements below
125Hz are considered approximate. This issue is more
pronounced in investigations on instrument directivity.

Second, the recordings should be free of room response
i.e., reverberation. However, the recorded instruments pro-
ducing fundamental frequencies significantly below 100
Hz are timpani, tuba, contrabass, and cello. These instru-
ments have a noticeable decay time, thus reducing the im-
portance of anechoic conditions. Therefore the absence of
completely anechoic environment at low frequencies is not
considered as a major problem is this context.

3.2. Microphones

For recording sound in multiple directions, 22 Rgde NT1-
A-type large-diaphragm microphones were installed to the
anechoic chamber. According to the manufacturer data,
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Figure 2. Examples of microphone positions in the anechoic recording system.

Table II. Elevation and azimuth angles, distances and used num-
bering of microphones. Distances from the center of the room is
denoted with r. Note that microphone no. 14 was aligned off the
intended position due to the doorway.

Microphone Elevation [°] Azimuth [°] r [m]
1 52.6 0 2.43
2 52.6 72 2.24
3 52.6 144 2.46
4 52.6 216 2.49
5 52.6 288 2.49
6 10.8 0 2.30
7 10.8 72 1.94
8 10.8 144 1.92
9 10.8 216 2.14
10 10.8 288 2.25
11 -10.8 36 2.16
12 -10.8 108 2.03
13 -10.8 180 1.87
14 -10.8 249 1.81
15 -10.8 324 2.06
16 -52.6 36 2.05
17 -52.6 108 2.04
18 -52.6 180 2.00
19 -52.6 252 1.92
20 -52.6 324 2.08
21 0 0 2.21
22 90 0 2.06

NT1-A microphones feature a low self-noise (Lpoise. s =
5dB).

Twenty microphones were geometrically positioned to
form a shape of a dodecahedron. The shape was selected
due to the equal distances between adjacent vertices. In
addition, the microphones positioned at the vertices form
a rough representation of a spherical surface. The dodeca-
hedron was oriented to form four horizontal microphone
levels, each consisting of five microphones in a regular
pentagon. Besides the microphones in the dodecahedron
shape, two additional microphones of the same kind were
positioned to the front and above directions from the cen-
ter point. The numbering, angles and distances of micro-
phones are presented in Table II.

The center of the room was defined with an optical mea-
surement device. From this point, the microphone posi-
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tions were measured by using a laser pointer attached to a
theodolite. This procedure allowed the directions to be ad-
justed to =1 degree accuracy. As an exception, the micro-
phone no. 14 at the doorway had to be positioned slightly
off the correct position to ensure a more secure location.
The actual microphone mounting was accomplished with
telescope booms that were attached to the top frame (top
microphones circled in Figure 2a), the middle rim (Fig-
ure 2b) or suspended from the floor net (Figure 2¢). Note
that the loudspeakers seen in Figures 1-3 and 5 were not
used in the recording system, but they were in the room
for other purposes.

The distances from the center of the room to each mi-
crophone were measured with a laser meter. They were
between 1.81 and 2.49 m, while the average distance was
2.13 m. Top level microphones were the furthest from the
center, the average distance was 2.42 m. The microphones
at the two middle elevation levels were positioned as far
from the center of the room as possible, still avoiding the
proximity of the tips of the absorption wedges to the mi-
crophones.

More accurate microphone positioning was hampered
by the fact that we refrained to position the microphones
close to the loudspeakers in order to prevent coloration
in recordings. The loudspeakers were at least at the same
radius from the center of the room as the microphones.
Hence the effect caused by the loudspeakers was pre-
dicted mostly as diffraction instead of reflections from
loudspeaker cabinets.

Besides the flexible steel net shown in Figure 2c, the
room featured an existing 1x1 m rigid steel grid as an
acoustically transparent floor. This material is similar to
the grid used in metal stairs. In order to accommodate
larger instruments, such as timpani, an additional 2 m?
steel grid visible in Figures 1, 2 and 3 was installed on
the top of rubber dampers to prevent any rattling between
the steel parts. Although the larger grid was predicted to
cause some scattering, it was needed to provide sufficient
support for the musicians.

The differences between responses of individual micro-
phones as well as the effect of the objects in the ane-
choic chamber were compensated with filters designed
with equalizing measurements. This process is discussed
in detail in later sections.
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The defined center position was selected as the posi-
tion of the head of the musician during recordings. An-
other possibility would have been the acoustical center po-
sition of each instrument. However, the acoustical center
for each instrument would be difficult or even impossible
to define. Exceptions from the head position were made
in three cases, where the instrument is commonly played
other than sitting: contrabass, percussions and singing. A
soprano singer performed in standing position like in a
real performance situation. Hence the head, now consid-
ered also as the main source of radiation, was 40 cm higher
than with other recorded instruments. In spite of this dif-
ference, both cases represent actual positions on a concert
hall stage. For the largest recorded instrument, timpani, the
measurement results are predicted to be only approximate
due to the close distance to the microphones, thus the re
cording is not performed in the far field. The recording sit-
uation for timpani is depicted in Figure 3.

3.3. Recording hardware and software

For the recording purposes an Apple Mac Pro compu-
ter was used running a single patch programmed within
Max/MSP environment. The patch was designed to play
the video from the beginning until the end, and record the
instrument on 22 microphone channels and piano track
on one channel during that time period. The piano track
was recorded to ensure perfect synchronization in post-
processing.

The computer was equipped with Motu 2408 mk3 au-
dio interface featuring both analog and ADAT optical I/O
connections. The microphones in the anechoic chamber
were routed through three 8-channel Presonus Digimax FS
pre-amplifiers to the Motu 2408. This part of the setup is
shown in Figure 4. Two remaining channels were used for
a talk-back microphone and a piano track loopback to the
recording patch.

Audio monitoring outside the anechoic chamber was or-
ganized by routing a signal selectable from any of the mi-
crophones to a monitoring mixing console along the piano
track of the conductor video. Thus, it was possible to mon-
itor the performance against the piano track while follow-
ing the score.

While playing in the anechoic chamber, the musician
wore open headphones (Sennheiser HD-590) for listening
to the piano track of the conductor video as well as for
communication. Instead of closed headphones, open ones
were used in order to help the players hear their playing
without additional monitoring. A potential problem with
open headphones is that they radiate sound also outwards.
However, despite this, the headphone signal did not leak
to the microphones audibly. In case a player would have
needed to hear more of his/her own playing, one selectable
microphone channel was routed optionally to the head-
phones. After all, nearly all players preferred to wear head-
phones over only one ear. Despite of the unnatural acoustic
conditions, self-monitoring was used only once. Similarly
to studio recording convention, providing monitoring sig-
nal to the musician with added reverberation was planned
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Figure 3. Positioning of the timpani in anechoic chamber. Micro-
phone no. 6 in forward direction is circled.
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Figure 4. From bottom to top: Presonus 8-channel microphone
pre-amplifiers; Motu 2408 mk3 audio interface; Soundcraft
mixer for monitoring.

prior to the recordings. However, this was seen as potential
source for inaccuracies in synchronization and it was not
implemented in the recording system.

Since the longest recording had the duration of 3 min
47 sec, recording 23 tracks at 16bit and 48 kHz sample
rate took more than 500 MB per take. Therefore, recording
several takes per part consumed unusually large amounts
of hard disk capacity. In total circa 70 Gbytes of data were
gathered.

3.4. System equalization

The accurate analysis of the directivity of the instruments
requires that the responses of the microphone channels
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have to be equal. Therefore the sensitivity and magnitude
response of each microphone had to be measured in their
final positions due to the acoustical differences between
individual microphones, amplifier channels and positions
in the room. Specific filters could then be designed to
equalize the responses of the recording channels for post-
processing phase.

Suitable recording levels were sought by hitting a snare
drum and cymbals in the recording room. Sound levels
from such percussion instruments were regarded to rep-
resent the maximum recorded levels. The gain control but-
tons on the microphone amplifiers were fixed to the same
position for the duration of the whole recording project. As
a downside, the dynamic range could not be fully utilized,
since many instruments were considerably quieter than the
loudest ones.

The actual calibration and equalization process of the
recording system is described in the following.

First, the Genelec 1032A [18] loudspeaker used for the
calibration process was measured in an empty, large ane-
choic chamber with one Briiel & Kjer 4191 measurement
microphone and with a few Rgde microphones. Being con-
siderably larger than the instrument recording chamber,
this anechoic chamber has been measured to be anechoic
at frequencies above 80 Hz. The B&K response is consid-
ered ideal. The measured microphones were aligned with
a laser meter attached on top of the loudspeaker cabinet
(see Figure 5). The laser beam was then pointed to the
band next to the microphone grill. In the large anechoic
chamber the measuring distance from the loudspeaker was
2.13 m, which is the same as the average distance of the
microphones from the center of the recording room (see
section 3.2). A sine sweep [19] was used to measure im-
pulse and frequency responses.

The measurement results obtained in large anechoic
chamber are depicted in Figure 6, where the response of
the B&K is with dashed line and the response of one Rgde
with solid line. The peak visible at 60 Hz is a previously
known feature in the large anechoic chamber. The boost at
1-3kHz in B&K response results from the crossover fre-
quency of 1.8 kHz of the reference loudspeaker, since the
microphone was not on axis between the elements of the
loudspeaker, as shown in Figure 5. The most apparent fea-
ture in the Rgde microphones is the pronounced response
at high frequencies.

Second, the responses of the 22 Rgde microphones in
their final positions in the recording room were measured.
For this purpose we used the same Genelec 1032A loud-
speaker, which was mounted on a tiltable and rotatable
stand at the center of the room. Again, the attached laser
meter was utilized to align the speaker towards the micro-
phone during the response measurements and to measure
the distance. The frequency responses from these measure-
ments are shown in Figure 7 (B&K response in the large
anechoic chamber plotted with dashed line). The response
of the loudspeaker is present in all responses, showing
similar overall behavior as in Figure 6.

The objective in the equalization was to compensate the
differences in sensitivity and frequency response of the
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Figure 5. Illustration of the microphone measurement. The loud-
speaker is targeted towards a microphone for a response mea-
surement. The bright red dot at the center of the drawn circle is
from the laser distance meter attached on top of the measurement
loudspeaker.

Magnitude (dB)
=

2 3 4

Frequency (Hz)

Figure 6. Comparison of B&K (reference) and Rgde (recording)
microphone responses with measurement loudspeaker response.
Responses are smoothed to 1/3-octave resolution.

Rgde microphones compared to the B&K response. Based
on the measurements, it was possible to compute equal-
ization filters for each of the 22 Rgde microphones. For
the filter design, specific target responses were required.
This was accomplished by deconvolving the Rgde mea-
surements in the recording room with the B&K measure-
ment. These target responses were then utilized in design-
ing the actual equalization filters for the recording micro-
phones. This process is described in the following.

As seen in Figure 7, the B&K response (dashed) has
prominently higher level at low frequencies. The compen-
sation of this large difference was not seen reasonable,
since it would have increased the level of microphone self-
noise significantly. Thus, the low frequency boosts in tar-
get responses were first flattened by applying a shelving
filter [20]. Then the target responses were smoothed to



Péatynen et al.: Anechoic symphonic music

Magnitude (dB)
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Figure 7. Original measured magnitude responses of each of the
22 microphone channels in their final positions. The dashed line
is the response of the B&K microphone in the large anechoic
room.
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Figure 8. System corrected magnitude responses of all 22 micro-
phone channels. Note that responses are not totally flat, since the
loudspeaker response is included.

a 1/3 octave resolution. To give more weight to low fre-
quencies in filter design, samples from target responses
were chosen according to the ERB resolution [21]. Finally,
IIR filters of order 50 were fitted to sampled targets with
the yulewalk.m function in the Matlab environment. De-
spite the low frequency weighting, the designed filters did
not perfectly match the targets at low frequencies. There-
fore, another manually-tuned shelving filter was applied to
each response in order to raise the low frequency response
back to suitable level. As a result, the equalization of each
microphone signal was performed with one IIR and one
shelving filter. The corrected system responses are shown
in Figure 8 where it can be seen that the responses are
now within 1dB range between 500 and 10000 Hz and
within 2 dB range from 60 to 20 000 Hz. It is notable that
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in these microphone responses the loudspeaker response is
still present.

Possible sources for error in the measurements can be
caused by the additional equipment present in the record-
ing chamber. In spite of the apparent proximity of the ex-
tra loudspeakers (see Figures 3 and 5), the probability of
sound energy reflecting to the microphones from the loud-
speakers is diminutive. All rigid structures in the room
supporting the equipment are padded with absorptive ma-
terial. On the other hand, the absorbing wedges in the room
can cause slight deviation between the microphone posi-
tions. Since the wall reflections are different depending on
the amount of the wedge material in certain position, this
can cause variation in microphone responses. However,
the microphones were not moved from their final measure-
ment positions.

4. Music material

Since the size of a typical orchestra and the complex-
ity of the music texture varies between periods, record-
ings of different music styles can provide more informa-
tion about the acoustics in auralization. Different acoustics
are also often preferred in performance of different works.
To have a selection of anechoic music excerpts suitable
for room acoustical studies, passages representing Classi-
cal and Romantic styles were chosen for the recordings.
While Baroque or Modern works have their own typical
tone, works of these styles were not seen to offer consider-
ably new information in acoustical sense. Modern and con-
temporary compositions have also copyright protections,
which would prevent distributing the recordings freely.
Additionally, Baroque orchestral works often include parts
written for cembalo, which would have introduced further
challenges considering the recording environment. In the
following each recorded music excerpt is described briefly.

A soprano aria of Donna Elvira from the opera Don
Giovanni by W. A. Mozart (1756-1791) was selected to
represent typical music of the Classical period. This is the
only recorded passage here which includes a soloist. On
the other hand, the small orchestra characteristic to this era
is the smallest of the recorded works. Besides the string in-
struments, parts are written for a flute, a clarinet, a bassoon
and two French horns. The number of first and second vi-
olins in orchestra is typically around 10 players each. As
this is the only piece recorded in whole length, it has a
duration of 3 min47 sec, thus being the longest of all four
passages.

L. van Beethoven’s (1770-1827) Symphony no. 7 was
chosen due to the big chords and string crescendos in the
introductory part. In auralization, the chords and pauses
make the reverberation tail of a concert hall clearly audi-
ble, which was one of the reasons for selecting this work.
For the musical style, it represents the late Classical pe-
riod. The score includes parts for two flutes, oboes, clar-
inets, bassoons, French horns and trumpets in addition to
the strings and timpani. The size of the string sections is
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slightly larger than in Mozart’s music, as 12 first and sec-
ond violins is a typical number. Bars 1-53 from I move-
ment were recorded and the duration is 3 min 11 sec.

A. Bruckner’s (1824-1896) Symphony no. 8 in turn rep-
resents the late Romantic period, and the overall dynamics
of the music as well as the size of the orchestra are large.
The score is written for a full symphony orchestra, con-
taining parts for trombones as well as a tuba. Long pas-
sages for strings are written in tremolo, which is typical to
all Bruckner’s symphonies. While the texture is still quite
conventional, it is noticeably dense, and many sections are
played in tutti and fortissimo. The recorded section con-
tains bars 1-61 from the I movement, thus being the short-
est passage with duration of 1 min 27 sec.

G. Mahler’s (1860-1911) Symphony no. 1 was selected
as another late Romantic composition. As the music is
composed in the same period as Bruckner’s symphony,
they are both great examples of works which require large
orchestras. However, compared to Bruckner’s music, the
texture in Mahler’s symphony is considerably more com-
plex. Bars 1-85 from the IV movement were recorded. The
recorded excerpt has a duration of 2 min 12 sec.

4.1. Conductor video

A video of a conductor was recorded with a digital video
camera with external microphones. Only the conductor
was included in the picture.

The pianist who played on the conductor video was
a professional répétiteur but also a conductor as well.
The piano track was played from the conductor’s scores.
Despite the complexity of the full score, particularly in
Mabhler’s symphony, the pianist managed to play all es-
sential details and followed the conductor well.

Mozart’s aria was recorded with a soprano soloist in
order to provide more predictable reference for the mu-
sicians playing along the video in recording situation. Fi-
nally, the four selected passages were edited to separate
Quicktime movies.

5. Recordings

5.1. Musicians

Professional musicians were collected from the Finnish
National Opera, the Finnish Radio Symphony Orchestra,
the Helsinki Philharmonic Orchestra, and Tapiola Sinfoni-
etta. The conductor on the video was not from any of
these orchestras. Only one musician per instrument played
all parts one after another. In total, 14 musicians were
recorded, each session lasting from 1.5 to 6 hours. The
largest number of different instruments recorded was 19
in Mahler’s symphony. This number includes individual
percussion instruments, a piccolo as well as two different
clarinets and trombones. For Beethoven and Bruckner, 11
and 15 instruments were recorded, respectively. The low-
est number of 9 instruments was required in Mozart’s aria.

As large orchestras have up to 16 players per a vi-
olin part, a single violinist alone cannot produce simi-
lar breadth in the sound as several musicians playing in
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unisono. However, based on our previous studies [22] it
should be enough for auralization purposes to record only
one of each string instrument. Furthermore, several takes
for each part were recorded. Therefore multiple different
takes with only a little faults were used after all to produce
the impression of several musicians.

One problem was predicted relating to the anechoic
recording environment. Because the room did not provide
any acoustic support, especially the string players were ex-
pected to push their playing in order to produce louder
sound, which would be easily audible as bad sound qual-
ity. Therefore, each musician was specifically instructed
not to use any excess force but instead to play similarly as
in a performance situation.

Every musician was first introduced to the anechoic
room and the recording system when arriving to the
recording session and instructions on the correct position-
ing and playing style were given. Each instrument was
tuned with an “a” note recorded from the same piano as
in the conductor video (a =442 Hz), although some musi-
cians also used a tuning meter.

Actual recordings were usually commenced with Mo-
zart or Beethoven, as these passages were the most con-
ventional and gave a good opportunity to get familiar with
the recording procedure. As expected, these excerpts were
completed with least takes or challenges. On the other
hand, they both contain very delicate sections requiring
accurate and consistent timing.

Mahler’s and Bruckner’s symphonies required record-
ing parts in shorter sections. Most of the brass instrument
parts in Mahler’s symphony were recorded in multiple seg-
ments, since many of the parts included sections where it
seemed to be particularly easy to accidentally hit a wrong
tone.

Recording some instruments in Bruckner’s symphony
was approached rather differently than written in the
score. With violin parts, keeping in tune in long, high
notes proved out to be very difficult but also exhausting
while playing tremolo in fortissimo. Therefore an alternate
method was applied. First acceptable takes of all divisi in
the whole passage were played in steady sixteenth notes
with correct dynamics. Thus, it was possible to play the
excerpt entirely without fatigue and still keeping in tune.
After that second versions were recorded in tremolo but
this time softly in mezzo-piano, mostly disregarding the
dynamic indications. Thus, we obtained separate takes for
different playing techniques that were utilized in the post-
processing later on. As viola parts were recorded shortly
after violins, the method described above was utilized
from the beginning with success.

Of all recorded instruments only one, tuba, succeeded in
producing sound level that exceeded the maximum level in
one microphone channel. During the recording of Bruck-
ner’s symphony, the signal of the microphone just above
the bell was distorted. Fortunately, this was noticed imme-
diately after the take, and a new one was recorded with
slightly softer tone to prevent clipping.

Each player were given opportunities to listen to their
recorded parts once in a while during breaks. For instance,
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the best takes from all French horn parts were combined
so that any need for performing another take would have
been immediately recognized.

After all other instruments, the soprano soloist was
recorded. Because the original conductor video of Mo-
zart’s aria included the soprano, a second version of the
video was constructed before the actual recording. Here
the audio track was changed to the ensemble of instrument
recordings that were already completed at that time.

5.2. Comments from musicians

All musicians were enthusiastic about this project and they
were curious to hear the final results. Some of the players
were interested in the directivity of their own instrument,
although only preliminary results were visible by compar-
ing the recorded signals from different microphones.

Some musicians were slightly wary of the recording en-
vironment, as this was their first visit to an anechoic cham-
ber. Despite the unnatural environment, all musicians eas-
ily adapted to the situation and were able to play with good
intonation and high quality.

Some comments were received concerning the style of
the conductor. Since the musicians were from different or-
chestras, each player interpreted the conducting beat on
the video by the tradition of the orchestra of the particular
musician. However, the piano track helped to quickly find
a similar interpretation.

6. Post-processing

To gather takes from all recorded instruments and to form
an ensemble playing together, editing was required. After
recording all the planned material, the prospective takes
for each part were selected by listening carefully to all the
accepted takes for finding missed notes or off-tempo pas-
sages.

In the first editing stage, one complete take was joined
from several clips, if necessary. A common task was to
replace accidental wrong notes on wind instruments in an
otherwise good take. All editing was performed in sample-
accurate manner, thus the length of resulting files were
kept unchanged. At this stage any further editing was not
performed.

Second editing stage comprised importing a whole in-
strument part to REAPER audio editing software. This
software allowed the simultaneous editing of all 22 micro-
phone tracks as this feature is very important for maintain-
ing synchronization in all channels. This editing stage was
essential for correcting any timing inaccuracy between the
instruments. As a sophisticated feature in the multi-track
software, crossfades were automatically created for all edit
points, which provided satisfying results rather easily.

The editing process in the latter software was per-
formed as follows. First imported parts in each passage
were edited by using the piano track as a timing refer-
ence. These parts included usually some string instrument
parts and a wind instrument. Timing inaccuracies were
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corrected, and finished stacks of 22 microphone tracks
were rendered into individual files. After the first com-
pleted parts, the piano track was muted and the actual in-
strument recordings were used as timing reference from
this point forward. One microphone channel for each of
the completed parts was then left to represent the part in
question for the editing of next imported parts. This cycle
of importing, editing and rendering was repeated until all
parts were completed.

Finally, separate files were processed in Matlab environ-
ment with the equalizing filters described in Section 3.4.

The goal in editing was not to create an unnaturally ac-
curate synchronization. Therefore slight timing discrep-
ancies were left unchanged. However, all the corrections
were attempted to accomplish in a delicate manner so that
the edits would not be easily perceived even by listening
individual tracks.

Of the four recorded music examples, Mozart’s aria was
considered to require least editing as it had the smallest
number of instruments. However, as the soloist was in the
lead with the conductor on the reference track, the pianist
had to adapt to the tempo more than in other pieces. This
caused some irregularities in the rhythm and ultimately led
to some passages being slightly out of tempo. The aria also
featured a fermata pause in the middle. Synchronizing the
tempo right after this pause required minor adjustments in
all parts. Thus, it is noticeable that musical works allowing
a soloist more freedom are very sensitive to the reference
track.

On the other hand, Beethoven’s Symphony no. 7 was
regarded the most challenging from the synchronization
point of view. This was noticed during editing, as more de-
viations concerning the rhythm had to be corrected in long
sixteenth note scales and delicate segments requiring accu-
rate articulation. Parts played by the same musician were
better in time with each other than with other instrument
parts. This indicates that a professional player can main-
tain similar interpretation through a recording session. The
first chord did not require as much editing as anticipated,
although minor adjustments were necessary.

Recording of Bruckner’s symphony was not presenting
any serious problems in editing. While it resulted in the
largest number of tracks and parts, the thythm in the tex-
ture is straightforward, thus being easier for the players
to follow in tempo. Most editing work was caused by the
inaccuracies between instrument groups.

Of the larger number of complete takes of violin and
viola parts, more than just one usable take could be con-
structed. In Bruckner’s symphony, a total of 20 string in-
strument tracks were edited. This is expected to be benefi-
cial in the future applications by providing a richer sound,
as consecutive takes are always a little different. Even
more convincing imitation for an instrument section could
have been achieved by recording multiple musicians with
multiple instruments.

The parts in Mahler’s symphony with more complex
rhythms were comparably well in tempo. The introductory
part presented some inaccuracies in the beginnings of long
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notes in unisono after rapid quintuplets and sixteenth note
passages. Towards the end of the excerpt, the piano track
had sudden changes in tempo. This was reflected to the
violin part recordings and is noticeable even after editing
attempts.

The number of performed edits was approximately 2-
3 on average in each accepted take. The piano track on
the conductor video was regarded very helpful in main-
taining synchronization and keeping in tune. Fortunately,
any major audible problems with playing in tune were not
experienced, as corrections would be nearly impossible in
the post-processing stage. The need for editing would have
most certainly been enormous without the piano track.

Interestingly, hearing the piano while playing had a
strong influence on the rhythm of actual playing. This was
noticeable in some passages in which the piano was not
exactly in tempo. As a result most players followed the pi-
ano instead of the conductor. However, individual timing
mistakes in the piano track did not affect to the playing in
tempo.

Another result was noticed while editing different parts.
In some passages, all parts performed by a single musi-
cian featured a common dissimilarity compared to parts on
other instruments. Therefore a few notes needing editing
on one part often indicated an upcoming need for editing
on other parts as well.

6.1. Noise analysis

Noise levels were not accurately measured during the sys-
tem set-up, although some test recordings were made with
a clarinet to assess the overall sound quality. Spectral anal-
ysis of recorded sections with silence reveal that most of
the noise is at very low frequencies.

Noise in a single channel is not noticeable, but with mul-
tiple parts mixed together the noise level becomes higher.
As an example we measured A- and linear-weighted noise
levels in 47 combined instrument tracks of Bruckner’s
symphony. The measured levels are shown in Table III.
For a reference, peak level of the combined tracks was at
-6.3 dB resulting in a dynamic range of 44.5 dB.

During pauses instrument channels contain only noise.
To reduce overall noise in mixed recordings the use of
noise gate function built-in to the editing software was in-
vestigated. This functions as an automated attenuator to
mute a channel if the signal level remains under certain
threshold. Adjusting the sensitivity is important in two
matters. First, the gate have to open well before the ac-
tual instrument sound is present. Second, the gate has also
to close slowly enough to prevent audible change in over-
all noise level. However, very moderate noise levels of
approximately -70 dB do not present problems in finding
suitable parameters. Values presented in Table III are ob-
tained with discrete gate parameters. As the gated noise
values are much better allowing 57.2 dB signal to noise ra-
tio in Bruckner’s symphony, this method can be potentially
used in future studies.

Only a limited number of takes were recorded of the
string parts. To reach correct balance between the instru-
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Table III. Measured noise levels with and without A-weighting
in recordings of Bruckner’s symphony. Flute track is from the
microphone in front direction. I: 1 track (Flute 1); II: 47 tracks
mixed.

original gated
Lnoise,A Lnoise Lnoise,A Lnoise
I -77.9dB -71.2dB - -
1I -57.3dB -50.8dB -70.0dB -63.5dB

ment groups, these tracks have to be amplified and multi-
plied, which increases the signal as well as noise level in
strings recordings. Hence, the noise analysis and gating is
important for increasing the quality in auralization.

7. Future work

The motivation for the presented recordings was twofold,
to produce high quality stimulus for auralization studies
and to gather directivity data of musical instruments.

In auralization studies the performed recordings can be
applied at least in two ways. First one is to take one single
microphone recordings of all instruments and apply these
in multiple point sources in a concert hall model. The di-
rectivity of the instruments can be taken into account by
filtering this single signal according to the directivity of
the particular instrument, as presented by Savioja et al.
[23]. Another way to represent a sound source in aural-
ization is so called multi-channel auralization, in which a
point source emits different anechoic signals to different
directions [12].

Another usage of the anechoic symphonic recordings
would be in evaluations of concert hall acoustics. The indi-
vidual instrument recordings can be played from dozens of
loudspeakers distributed on the stage of an existing concert
hall. This “loudspeaker orchestra” can be listened in-situ
in the hall, but it can also be recorded, e.g., with a binaural
artificial head. When the whole reproduction and record-
ing system is calibrated carefully, such a loudspeaker or-
chestra enables an A/B test of different concert halls in the
laboratory environment. Although the directivities of the
loudspeakers are not exactly the same as directivities of
musical instruments, this method looks very promising in
the future studies of concert hall acoustics.

8. External resources

Two-channel downmixes of anechoic music and example
concert hall auralizations are available in the Internet. In
addition, all the individual audio tracks are freely avail-
able for academic use on request. See more information at
http://auralization.tkk.fi.

9. Conclusions

The anechoic recording of symphony orchestra instrument
by instrument was implemented with a dodecahedral mi-
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crophone setup. As a result, multichannel anechoic sym-
phony orchestra recordings were obtained from four dif-
ferent musical styles ranging from Mozart to Mahler. Ex-
periences of the recordings and post-processing are dis-
cussed from different point of views. Recorded material
are planned to be used in concert hall auralization studies
as well as in investigating existing halls with repeatable
excitation signals. The result of the project, four passages
of symphonic music are provided to be used freely for aca-
demic research.
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