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ABSTRACT 

 With the increasing popularity of multi-use performance halls, variable acoustic systems are 

in high demand. User interfaces with presets are often used to switch between various acoustical 

settings in which users select a preset suitable for a particular ensemble type/size before the start 

of a concert. Challenges are faced, however, as musical note rate often rapidly changes while 

reverberation time remains static in the performance space. When the note rate of the performance 

exceeds a certain tempo threshold, the decay of each note begins to blend with the onset of the 

following notes, causing a masking effect between notes. This masking effect has been shown to 

cause performers to adapt to the performance space but deviate from the score. In order to reduce 

the limits presented by static reverberation time and provide the musician with increased dynamic 

freedom, an adaptive system is presented which more thoroughly implements variable acoustic 

systems already at play. The system responds in real-time to these changing parameters during a 

performance, allowing this masking effect to be minimized. When tested on pianists, while no 

consistent performance trends were discovered, it was found that the adaptive setting was favored 

over the static wet and dry settings by over half of the subjects.   
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1. INTRODUCTION 

1.1 Musical Performance 

 Musicians, throughout their studies, typically practice on a particular musical instrument in a 

small to medium-sized space, and become familiar with how their instrument behaves when 

played, rather than how the space in which they are playing behaves. For example, consider a 

musician learning to play a cello. When the musician drags the bow across the metal strings, the 

vibrations travel through the bridge, soundboard, sound post, and finally into the body of the 

instrument. The vibrations continue for a certain period of time until the sound has completely 

decayed. The cellist must become familiar with the natural decay time of their instrument in order 

to better understand how to close the gap between musician and instrument and become one 

performing entity. Despite this merging of musician and instrument, there is an additional gap that 

musicians come across; a gap between performer and space. Professional musicians perform in 

numerous performance spaces throughout their careers, each of which vary greatly in acoustical 

attributes. Due to the acoustic coupling from the musical instrument’s body with the surrounding 

space, the instrument’s sound changes with each new performance space and forms a new version 

of their instrument, or “meta-instrument” (Blesser, 2007). Again, musicians must become familiar 

with each space’s acoustical tendencies, just as they did with their own instruments. This process 

of familiarization can be achieved by a rehearsal in the performance space prior to the actual 

performance, or through repeated performances in the space. During a rehearsal, musicians 

perform their repertoire in the space and listen to the changes that the hall makes to their 

instruments’ sound. Adjustments are made in many parameters, including tempo, dynamics, and 

articulations. For example, a musician might begin a section with the tempo that was previously 

practiced; however, if the hall has too long of a reverberation time, then the musician would likely 

choose to slow the tempo, as to avoid bleeding from one note into the next. Typically, there is a 

minimum amount of space between note onsets where masking can be prevented within a given 

performance hall. Once tempo increases and the space between notes becomes smaller than this 

limit, the decay of each note begins to mask the onset of the next note, as illustrated in Figure 1.1. 

This, in turn causes musicians to alter performance tempo to reduce this blending effect, as seen 

in the research undertaken by Bolzinger on the influence of room acoustics on piano performance. 

(Bolzinger, Warusfel, & Kahle, 1994). Additionally, in a recent study of musicians performing the 
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same piece in several synthesized halls, reverberation time was shown to have a significant 

influence on the tempo chosen by each musician, wherein musicians played at a slower tempo in 

the synthesized rooms that had longer reverberation times (Kalkandjiev and Weinzierl, 2015). It 

has also been previously shown that musicians tend to play louder when reverberation time is 

shorter (Meyer, 2009). Additionally, research has been conducted in recent years by Ueno, Kato, 

and Kawai, specifically with regards to pianist adaptation to performance environments through 

the use of a Yamaha Disklavier piano in several different environments. Changes in performance 

parameters were observed and found to be associated with the different reverberation times of the 

spaces (Ueno, Kato, & Kawai, 2011). These alterations that musicians make to performances are 

governed by the static acoustical qualities of the performance space, thus it is likely that musicians 

must often adapt to halls in order to ensure a high-quality performance. 

 A problem arises, however, as the space, the instrument, and the intent of the musical piece 

each have limits for which adapting cannot compensate. For example, tempo can be slowed to 

compensate for a long reverberation time in a space, but only to a point before the piece undergoes 

a noticeable change to the intent of its dynamics. Furthermore, it could be argued that while 

musicians spend their lifetimes perfecting their instruments’ sound, they spend a relatively small 

amount of time in comparison perfecting their instruments’ sound when coupled to the 

performance space. The space in theory should have as much attention payed to it as the instrument 

because of this inescapable coupling; however, due to the often brief amount of rehearsal time 

allowed in the space, this may not always be feasible. 

Figure 1.1: Illustration of masking effect caused by decays masking attacks (From Blesser, 
2006). 
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1.2 Variable Acoustic Systems 

Variable acoustics offer a different approach to the problem of having a static space and 

adaptive musician, by making the space variable and allowing the musician to be static in their 

musical ideas. Through the use of variable acoustic systems, musicians or directors can request 

changes to be made to the space’s acoustics and through the press of a button, the space’s acoustics 

can be altered to a variety of available options.  

 

1.2.1 Physical Systems 

The first type of variable acoustic systems is physical. In a general sense, these physical 

systems simply alter the acoustic treatments of a space in order to change the acoustics to better 

suit the performance at hand. These alterations can be done manually, such as repositioning an 

acoustic shell on stage; or they can be motorized, such as the movable acoustic reflectors at Hamer 

Hall in Melbourne, Australia. These motorized physical systems are generally programmed to 

move to preset positions. Some systems offer several settings to choose from in order to 

accommodate multiple genres of music, while other systems may simply allow the user to switch 

between two settings, such as curtains up or curtains down. These systems are typically quite noisy 

and slow; therefore they are usually changed prior to a performance or during intermission when 

noise level is not a concern.  

 

1.2.2 Digital Systems 

The second type of variable acoustic systems is digital. Digital systems use microphones and 

speakers positioned throughout the ceiling and walls of a performance space to alter the 

reverberation time or other acoustic parameters of the hall. The microphones record the sound 

filling the space, then artificial reverberation is added to the signal before it is sent through the 

speakers throughout the hall, all in real time. Like physical systems, digital systems offer different 

settings from which users can choose; however, there are generally many more options offered in 

digital systems largely due to the simplicity of adding a new setting. One example of digital 

variable acoustics is the Constellation system by Meyer Sound. One popular use of Constellation 

is currently installed at Jazz at Lincoln Center in New York, NY. Digital systems can change a 
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space’s acoustics almost instantaneously and silently, which of course rivals the physical systems. 

Due to this quick and quiet response of the digital systems, one could potentially change the 

acoustics between each piece, each movement, or even each measure of a piece of music; however, 

systems such as Constellation are not being used in this way. During a typical concert in Jazz at 

Lincoln Center, for example, the acoustics are usually varied only a few times throughout an entire 

performance (Ellison and Parker, 2017). Due to the fact that a typical music performance is 

frequently changing in parameters such as dynamics, tempo, and articulation, it would be 

seemingly advantageous to have the acoustic parameters of the space vary in parallel with the 

musical parameters, thus making every varying musical element of a piece sound equally 

satisfactory in a space.  

 

1.3 Recognition of Musical Performance 

There has been significant work done in the field of music recognition. One particular part 

of this research has focused primarily on onset detection with acoustic recognition using 

microphones (Bello, et al., 2005). Through onset detection of musical signals, one can find the 

tempo of a performance based on the onset rate of a simple instrument part, such as a bass drum 

(Davies & Plumbey, 2007). This technique is quite successful with highly percussive music, 

however classical music is not as trivial.  Once the recognition process is finely tuned, one can 

then potentially create a dynamic system that responds to these recognized parameters. There have 

been many efforts in the past century to create dynamic systems for musical performance. The 

earliest notable efforts are found in a patent filed by Alfred N. Goldsmith titled, “Automatic 

Reverberation Control” (Goldsmith, 1942). Goldsmith patented a system for sound recording, in 

which room acoustics are altered according to tempo or rhythm of recorded music or speech. The 

system was not used in real-time however; and created the acoustical changes only on a 

phonograph for playback purposes. Work by Griesinger focused on producing a time-variant 

synthetic reverberation system for music performance (Griesinger, 1991). In his paper he discussed 

the use of variable electro-acoustic systems, controlled by a MIDI controller. He proposed the 

possibility of including a detector that could automatically adjust the reverb level to match the type 

of music currently being performed. Recent research undertaken by Daniel Choi involved the 

design of a dynamic system in Max/MSP to analyze musical parameters such as tempo, loudness, 
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and tonality in real-time, and apply a satisfactory RT to fit these parameters. (Choi, 2013). For 

tempo, Choi assigned an RT of three to 0.5 seconds for 60 to 240 beats per minute respectively, 

scaling with each identified tempo within the analysis. While the system was indeed tested on 

musicians, the shortcoming of this study was the lack of psychophysical analysis of the system on 

the subjects. There has been very little work to find how real-time dynamic systems affect musician 

behavior. Choi spent the majority of his research on perfecting the recognition process for acoustic 

signals and did not focus on perception of such a system.  

For the purpose of this research, the system presented here focuses specifically on the 

recognition of piano performance, and thus uses some musical parameters specific to the piano. 

These musical parameters that are input into the system include key press rate (KPR) and sustain 

pedal rate (SPR). Through the use of tempo recognition for these two rates, the system alters the 

reverberation level according to how fast or slow the pianist is playing and pedaling. Through the 

analysis of these musical parameters, the adaptive system presented here creates a dynamic 

environment for pianists where almost any piece can be performed in a space without the need to 

stray from the intended tempo; as a result, musicians can simply play as they wish without 

worrying of the possible negative response of the hall to such musical choices.  
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2. SYSTEM DESIGN 

2.1 System Signal Flow 

 The overall signal flow of the system can be expressed simply in Figure 2.1. Essentially, the 

pianist plays a note on a MIDI keyboard, and the MIDI data is sent to a USB Interface connected 

to the computer. The data is then received by the Max/MSP patch and musical parameters 

including key press rate (KPR), sustain pedal rate (SPR), and sustain pedal use, are input. Next, a 

calculated reverberation level is output from Max/MSP, which is in the form of a number between 

zero and 127 (zero being the least amount of reverberation). This number is then sent to the variable 

acoustic system, which then changes the reverberation settings to match the desired reverberation 

level output from the Max/MSP patch. The variable acoustic system applies this chosen 

reverberation level to the signal from microphones placed within the piano. For this experiment, a 

Yamaha Disklavier Piano is used, which is a 7’6” grand piano that outputs MIDI data while the 

musician plays real strings. By using MIDI data, note onsets are much easier to detect than if 

recorded audio had been used. Additionally, the captured MIDI data can be used for analysis of 

pitch content, note velocity, sustain pedal use, and precise note length.  

 

 

 

Figure 2.1: Signal flow of experiment from piano to speaker output. 
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2.2 Max Patch 

In Figure 2.2, the entire process of recognition lies within a single Max/MSP patch, created for 

this study. To better understand the flow of data through this patch, the flowchart in Figure 2.3 

provides a more basic understanding. 

  Figure 2.2: Entire patch as seen in Max/MSP. Each object is connected with cables for data 
to flow. 
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2.2.1 Input of MIDI Data  

The first process that takes place in the patch is the input of MIDI data from the MIDI 

keyboard. Using the “notein” Max/MSP object, data is parsed into pitch, velocity, and channel 

information. Velocity is the only parameter taken from “notein” Max/MSP object, as it detects 

when a key is being pressed or lifted. Using the “ctlin” Max/MSP object, the system can detect 

when the musician presses or lifts the sustain pedal. The message “Set 64” is used to give the 

controller number 64 to the “ctlin” Max/MSP object, which is the sustain pedal input. When the 

sustain pedal is fully pressed, the output value is 127; otherwise it is zero when lifted. The 

Disklavier has continuous pedal output, rather than binary, causing the number to glide up to 127 

as the user presses the pedal.  

Figure 2.3: Flowchart of Max/MSP patch showing data input from the keyboard and 
sustain pedal. The rate is then found, converted to a reverb level, and smoothed. 

Figure 2.4: MIDI data input panels where data first enters Max/MSP. 



  9  

2.2.2 Musical Recognition  

2.2.2.1 Tempo 

In western music tradition, tempo refers to the number of beats per minute (BPM). A beat 

references a particular note length, such as a quarter note, and gives the tempo for that note. Hence, 

if the tempo is given as quarter note = 60 BPM, then there are 60 quarter note valued beats in one 

minute, as seen in Figure 2.5. For clarity purposes, each beat is highlighted in yellow in the figure. 

Note that only the first eighth note has the beat, while the second eighth note falls between two 

beats. In this system design, however, tempo is providing the relationship between each  

 

consecutive note onset, rather than beats. This relationship can be better understood using notes 

per second (NPS). Hence, if a musical phrase consists of three quarter notes and two eighth notes 

like the phrase in Figure 2.6, and the quarter note is played at 60 BPM, the tempo analyzed by the 

system would consist of three identical tempi, followed by a faster tempo between the eighth notes. 

Thus, any reference to “tempo” in this paper describes notes per second rather than beats per 

minute. The main reason for this distinction is because the rate of note onsets is much more 

important than the rate of beats when preventing masking due to reverberation. Through this 

recognition of notes per second, the system can select a suitable reverberation level for the rate of  

 

Figure 2.5: Tempo measured in beats per minute does not change with subdivisions of beats. 

Figure 2.6: Tempo measured in notes per second does not change with subdivisions of beats. 
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note onsets and thus allow the pianist to play at any desired speed without any potential masking 

due to an improper reverberation level. In order to accomplish this, the system must decrease the 

reverberation level as notes per second increases and vice versa.  

There are times, however, when notes per second are high and reverberation level should not 

be lower, typically when what is called “harmonic rhythm” is slow, as seen in the excerpt in Figure 

2.7 from Prelude no. 1 in C major (BWV 846) by J.S. Bach. In this Prelude, the chords are changing 

only once per measure, therefore the harmonic rhythm is quite slow despite the fast sixteenth note 

rhythms in the right-hand part. Thus, when harmonic rhythm is slow, the system should use SPR 

for tempo, rather than the KPR. 

2.2.2.1.1 Keys 

The first tempo being analyzed in the system is the KPR. This method of tracking tempo is 

commonly referred to as “tap tempo”. Firstly, each key press is separated from the key lift, which 

then sends a bang message to a “button” Max/MSP object. This button then starts a timer which 

reports the amount of time elapsed between each bang. This number is then divided by 60,000 to 

get the rate per minute and divided again by 60 to get the rate per second. Initially, when this 

method was in place, there was an irregularity when two keys were played together. The pianist 

was not pressing the keys exactly at the same time, so they were registering as separate note onsets 

at a very quick rate. To prevent this issue, a threshold was put in place to ignore any values larger 

than 1000 note onsets per minute, which is where these irregularities tend to lie. The values are 

Figure 2.7: Slow harmonic rhythm in Bach’s Prelude no. 1 despite fast moving sixteenth-
notes. 
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then rounded to integer form followed by an average of every three values in order to smooth the 

data stream.  

 

2.2.2.1.2 Sustain Pedal  

When training the system to differentiate between harmonic rhythm and note rhythm for this 

tempo information, initially the idea was for analysis of pitch content and segregation based on 

whether musical material was melodic or harmonic. In the case of the piano, however, it was found 

that this differentiating process is already being done through a musician’s use of the sustain pedal. 

In western classical music, the rate of sustain pedal usage is generally correlated to harmonic 

rhythm, as can be seen in the excerpt from Für Elise by Ludwig Van Beethoven in Figure 2.9.  

 

 

 

 

 

Figure 2.8: Tempo tracker which measures key press rate per second. 



  12  

 

 The notation “Ped.” instructs the pianist to press the sustain pedal down, which lifts the 

dampers off the strings, so they can continue to resonate even after the pianist stops playing, not 

dissimilar from reverberation in a hall. Pianists use the sustain pedal to overlay pitches that are 

played at separate times, or that may be too far apart in range to play together. If a pianist is using 

the pedal to create this blending effect, it is likely that the system should also provide adequate 

reverberation to aid in this blending, hence, the system should respond not to KPR during these 

parts of the piece, but instead the rate of sustain pedal presses, SPR. Tracking the rate of SPR is 

accomplished similarly to the previous tempo tracking method for KPR. Pedaling is primarily used 

to sustain chords or to intentionally overlay notes that are played at separate times. Notes are 

typically harmonically related during this type of pedal use, and thus blending is likely desired by 

the pianist. The particular level of reverberation is determined by the rate of pedal presses, which 

creates a reverb level suitable for the current harmonic rhythm. With a slower rate of pedal presses, 

the harmonic rhythm is slower, and thus the reverberation level can be increased in the system and 

vice versa. 

2.2.3 Switching Between Sources 

As previously explained, tempo information is needed from both the keys and the pedal. Both 

streams of data are not being used simultaneously, however, as there are specific rules which tell 

the system when each source should be used. The rules are largely based on pedaling usage, or 

lack thereof. For instance, if the pedal is pressed for 500 ms or more, the system sends a bang 

message to the switch that instructs it to use the pedal tempo as a source of data. If the pedal is 

lifted for two seconds or more, the switch receives a signal that the pianist is done using the pedal 

Figure 2.9: Example of pedal notation aligning with chord changes. The box colors 
designate chord types, with red being the tonic and blue being the dominant chord. 
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and should use the keys as a tempo source. This method of source switching can be understood in 

Figure 2.11. Essentially, the system is not allowed to send a switch message until it is confident 

that the pedal is going to stay pressed or lifted for a long duration. This “confidence” is adjusted 

by manually setting a time duration that must be met before the system sends a message to the 

switch. Unfortunately, there is a slight compromise that must take place when choosing a window 

length for this confidence portion; the longer the window, the more delay there is before the system 

switches sources. When a window length of 2000 ms was chosen for the pedal lift, there were 

several errors that occurred, where the system thought the pianist was finished with the pedal but 

was incorrect when the pedal suddenly was pressed again. This meant that the window length was 

too short and needed to be increased. When increased slightly more the problem was averted for 

that part of the music however the same problem occurred later in the performance. This method 

of fine-tuning the window length was obviously not desirable, as this tuning would need to take 

place for every new performance. It was then decided that the system should have an error 

detection method that replicates this tuning method automatically upon the first play-through. 

2.2.3.1 Switch Error Correction 

In order for the system to automatically adjust its settings for each new piece of music, the 

system must utilize some method of error correction. Error correction is simply achieved by 

instructing the system what constitutes an error and how to fix said error. As described in the 

previous section, this error is due to the sensor window length being too short which causes the 

occurrence of a jitter effect. In Max/MSP, an error correction tool was created that initiates a 

clocker if the system switches from using the pedal source to the keys source. Once the system 

Figure 2.10: Undesirable jitter effect from quickly switching sources. 
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switches back to using the pedal as a source, the clocker is stopped. At this point, the tool is simply 

reporting the length of time spent using the keys source. Following this part, the tool then utilizes 

a threshold, which only labels switches less then 700 ms as errors. The use of a threshold was 

decided on because not all switch durations are errors. This is not to say that the window length 

could simply be set at 3500 ms, because it should be as small as required for each piece. Once a 

switch error is received, it is then compared to the current window length and weighted 

accordingly. If the error duration is significantly longer than the current window length, then only 

a small percentage of the error then added to the window length. If the error is only slightly larger 

than the current window length, then a larger percentage of the error is added to the window. This 

allows the window length to be progressively increased throughout a piece until no more errors 

are present. This error correction tool works quite well for minimizing jitter during the first play-

through; however, it works best when the piece is performed again, as it holds the corrections from 

the previous play-through and makes the next performance almost error-free, providing the 

performance is similarly executed. This process is illustrated using an alteration to Figure 2.10, as 

seen in Figure 2.11. The error occurs once, then does not appear again despite the same pedal lift 

duration. 

 

 

2.2.4 Data Smoothing 

When the patch was tested in its current state by playing a MIDI file instead of a live 

performance, it was found that the reverberation level was changing very abruptly from one value 

to another, which is not desirable. If left in this condition, the musician performing in the space 

Figure 2.11: Visualization of error correction. Detected error length is added to the current 
window length. 
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would hear very noticeable switches between each new level of reverberation sent, which could 

distract them from their performance. After some time spent on the Cycling ’74 forums searching 

for ways to smooth out a stream of data, a post was found recommending the patch, “smooth-line” 

by Karlheinz Essl. This patch simply transitions between consecutive values by sliding linearly 

over a desired amount of time. The user inputs the time value in milliseconds which thus alters the 

degree of smoothing that occurs. Implementation of this patch as well as Essl’s patch is seen in 

Figure 2.12. Before data is sent to this patch, however, it is grouped and averaged once again, this 

time in a group of six values for an additional amount of smoothness.   

 

 

 

 

 

 

 

 

 

 

2.2.5 Export to Logic Pro X 

 Once the data has been smoothed, the desired reverberation levels are sent to a DAW, 

Logic Pro X, via the “ctlout” Max/MSP object.  Within Logic Pro X, the controller assignments 

window is used to allow the Max/MSP data stream to control the master fader of the artificial 

acoustic environment. LiquidSonics Reverberate was used as a real-time convolution tool to 

produce the artificial environments, as seen in Figure 2.13. 

Figure 2.12: Data smoothing which decreases unwanted jitter in data stream, as previously 
accomplished by Essl’s Patch. 



  16  

  

Figure 2.13: LiquidSonics Reverberate plugin used within Logic Pro X to produce real-
time convolution from a generated impulse response. 
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3. SYSTEM TESTING 

3.1 Methods  

 In order to test the adaptive system’s effect on piano performance, five expert level pianists 

performed the same piece, Sommarsång by composer Wilhelm Peterson Berger in three different 

acoustic environments. Subject 1, 3, and 4 are instructors of piano performance at universities in 

the New York area, and Subject 2 and 5 were college level pianists at the time. Subject 2 and 3 are 

female, while the rest are male. All subjects claimed to have normal hearing and vision. Subject 2 

and 4 are experienced in acoustics. Subject 1 and 5 have average experience in acoustics. Subject 

3 was unexperienced in acoustics.  

 All three environments were created in the same space, a stage area of a theater, which was 

first made acoustically dry through the use of curtains on all four walls, as well as a large area of 

carpet on the floor. This was done in order to remove the majority of the acoustic characteristics 

of the space, thus allowing a new RT to be artificially generated by the system. Eight D&B Q10 

loudspeakers were used, with four on the floor and four on the ceiling hung above each floor 

speaker, as seen on the plan in Figure 3.1. Two DPA 4061 microphones were placed in the piano, 

which were then input into Logic Pro X. The two channels were duplicated eight times, producing 

16 individual mono tracks. A decorrelated reverb tail was added to each of the 16 mono tracks, 

Figure 3.1: Floor plan of testing space showing piano, curtains, and eight speakers. 
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after which the tracks were converted into eight mono tracks. Finally, the eight tracks were output 

to the eight surrounding speakers, producing a spatial environment for the performers. The three 

tested acoustic environments were as follows:  

• Dry Space: No added reverberation to space 

- Reverberation time (broadband) < one second 

• Reverberant Space: Static reverberation level added to space. 

- Reverberation time (broadband) = two seconds 

• Adaptive Space: Dynamic reverberation level changed according to performance.  

3.1.1 Procedure  

 

Each subject was assigned a pseudo-random order of the three environments, ensuring the 

minimum amount of repetition between subjects. Prior to their performances, each subject was 

given a practice period for each of the three environments. Additionally, after each performance, 

the subjects were asked to take a break outside of the room while the settings were changed. This 

allowed the subjects to experience each of the environments with a fresh perspective, as opposed 

to changing the acoustics suddenly with the subject still in the room. The subjects were not told 

which particular environment was in place, nor were they told at any time what the three possible 

Figure 3.2:  Testing environment showing Yamaha Disklavier piano and computer. 
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environments were. Following the three performances, a brief questionnaire was completed by 

each subject. 

 For the second experiment, the subjects were given the opportunity to test the adaptive system 

on a musical piece of their own choosing. This would allow the subjects to give subjective opinions 

about the system sensitivity while performing a piece with which they felt comfortable and 

familiar. First, the details of the adaptive system were explained and demonstrated on the piano. 

Next, a controller with adjusting knobs was placed on the piano, allowing the subjects to adjust 

the system to their liking. The controller adjustments were then demonstrated to the subjects, and 

once they understood the basics of the adaptive system, they were given five minutes to find what 

they preferred as best settings for the system using three adjustment knobs, as seen in Figure 3.5. 

Each knob controlled a different parameter of the adaptive system. The sensitivity knob affected 

the range of note and pedal rates two which the system responded. For example, a high sensitivity 

would assign a note rate of three notes per second for the quietest reverberation level, and a note 

rate of one note per second for the loudest reverberation level. This would make the changes in 

acoustics very apparent within a given performance. If the user turned the sensitivity knob down 

to the minimum level, the system would assign a note rate of ten nps for the quietest reverberation 

level, and a note rate of 0.2 notes per second for the loudest reverberation level. This setting would 

of course cause the changes in acoustics subtler and the user would likely never reach the least or 

greatest reverb levels due to the wide range. The second knob on the controller adjusted the 

maximum reverb level. At its minimum setting, the master fader for the system’s reverb output 

was set to -14 dBu, and -1.6 dBu at its maximum setting. It is important to know that this chosen 

maximum reverb level could only be achieved if the user played with a note rate slow enough to 

reach it. The last of the adjustment knobs were assigned to response time control. This knob 

directly controlled the ramp time of the smooth-line patch in the system. At the minimum setting, 

50 ms, the ramp time would be very short and thus very sudden in its acoustic changes. At the 

maximum setting, 2000 ms, the ramp time would longer which resulting in smoother transitions 

but greater latency. The controller hardware included an Arduino Uno and three linear 10K 

potentiometers as seen in Figure 3.4. Each of these potentiometers sent MIDI data to the laptop 

computer, which was then received by Max/MSP. The panel seen in Figure 3.6 shows how the 

incoming data from the controller was used within the patch. Each potentiometer was received via 

the “ctlin” Max/MSP object, along with the proper channel number as defined in the potentiometer 
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Arduino code. Each potentiometer was constantly sending data at its current rotational position.  

If the knob was turned completely counterclockwise, then the number zero was sent.  If it was 

turned clockwise completely, then the number 127 was sent.  This range of numbers was then 

scaled accordingly for each knob in order to control the necessary parameters. For sensitivity, once 

the number had been scaled, it was then routed to the scale object converting rate to reverb level. 

Here, it replaced the low and the high input scale values in order to broaden or narrow the scale 

input range.  For max reverb level, the scaled number was simply replacing the low output scale 

value in the same scale object that converting rate to reverb level. For response time, the scaled 

value directly changed the ramp time in the “smooth-line” Max/MSP object. 

Figure 3.4:  Final controller design. 

 

Figure 3.3:  Controller during construction. 
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3.2 Results 

For the first study, in each subject’s three performances, several parameters were captured over 

time, including key press rate (KPR), sustain pedal rate (SPR), and note velocity.  Averages of 

these parameters are shown in Figures 3.7 through 3.9. For key press rate, only three out of five 

subjects decreased the rate of playing when the reverberation level was increased, as seen in Figure 

3.7. The other two subjects played with a slightly faster note rate on average.  

Figure 3.5:  Max/MSP input for user adjustments. 
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When examining the average pedal rate among all subjects, there were no noticeable trends, 

however it is evident that if KPR for the adaptive performance was higher/lower than the adaptive 

setting, then the same change occurred in SPR as well. 
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Figure 3.7:  Average SPR for each subject. 
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Figure 3.6:  Average key press rate for each subject. 
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In the analysis of average note onset velocity, it was found that four out of five subjects played 

with slightly less velocity with the wet environment compared to the dry environment. This could 

have been an attempt to produce more clarity between notes. Both Subject 2 and Subject 5 reported 

in their questionnaires that they felt they had played louder during the wet performance; however, 

as previously discussed, only the data from Subject 5 demonstrated this behavior and it is only a 

very slight increase in level, which is not significant. 

 

After each subject completed the three performances, a questionnaire was completed in which 

the subjects could remark about their experiences with the three different settings. When asked 

with which acoustic setting was the most pleasing to perform, the adaptive setting was selected by 

three out of five subjects and the wet setting was selected by the other two. The subjects were also 

asked with which setting was the most displeasing to perform. As seen in Figure 3.10, the wet 

setting was disliked by three out of five subjects, and the dry setting was disliked by two out of 

five. Thus, the adaptive setting was the most liked and least disliked. Based on the short answers 

given by subjects explaining these choices, the adaptive environment was preferred primarily 

because of increased subjective clarity, expression, phrase definition, and timbre control. For those 

who preferred the wet environment, one actually found the blending enjoyable because of the 

“color” produced. The other subject who favorited the performance with this setting only liked it 

because it was his/hers first environment. This subject actually preferred the acoustics of the 

adaptive space over the wet setting, however the subject preferred his/her performance with the 

wet setting over the other two. Those who disliked their performances with the wet setting tended 

Fig. XX:  Average Note Velocity for each 
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Figure 3.8:  Average note velocity for each subject. 



  24  

to find the reverberance excessive. One subject claimed that the reverberation occluded the 

phrasing, another subject claimed that he/she had to compensate for this excess by playing louder. 

Finally, of the subjects who disliked the performance with the dry setting, one found it 

unresponsive and the other found it caused a loss of interest in the piece.  

 

 

As previously discussed, for the second study, each subject performed a piece from his/her 

own repertoire after being informed that the adaptive system would be in place during the 

performance. The subjects chose an ideal setting using the three controller knobs, then performed 

their pieces with the chosen setting in place. As seen in Figure 3.10, the maximum reverb level 

was found to be slightly similar among performers, despite each subject playing a different piece. 

The reverb levels available to the subjects ranged from -1.6 dB to -14 dB. This suggests that there 

may be an optimal max reverb level that could be implemented into a system without the user 

having to define it. The sensitivity level chosen by each subject is seen in Figure 3.12. Because 

sensitivity does not have a unit in this context, the chosen sensitivity level ranges from zero to one, 

with one having the most apparent changes in acoustics based on performance. It is clear that 

Subjects 2, 3, 4, and 5 chose relatively similar sensitivity levels, while Subject 1 chose a slightly 

less sensitive setting. The last parameter, response time, seems to be the most varying parameter 

among the subjects, though it is not clear what is the cause of this variance. Perhaps the adjustments 

were too subtle for the subjects to find the optimal setting.  
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Figure 3.9:  Most and least favorite performances rated by subjects. 
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Figure 3.10:  Max reverb level chosen by each subject. 
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Figure 3.11:  Sensitivity level chosen by each subject.  
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 For each of the five subjects, six parameters were captured during the performance and 

imported into Microsoft Excel for analysis. In Figures 3.14 through 3.18 on the following pages, 

these six parameters are plotted for each subject for the adaptive setting performance. This serves 

to show the similarities of the recognition process for each of the five subjects. 

 

 

Figure 3.13:  Subject 1 time-aligned recognition. 
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Figure 3.14:  Subject 2 time-aligned recognition. 
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Figure 3.15:  Subject 3 time-aligned recognition. 
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Figure 3.16:  Subject 4 time-aligned recognition. 
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As can be seen by each of the time-aligned recognition plots, there are some notable similarities 

in data between subjects. It is perhaps most noticeable that each subject has quite similar piano 

roll plots, this is of course due to the pitches of the composition remaining constant between each 

performance. In these plots, one can easily see that the structure of this composition is ABABA, 

with the two B sections having the quickest note rates among all subjects. This simply shows that 

all five subjects followed the rhythmic notation of the piece correctly. The waveform plot is 

included to show the recorded audio’s alignment to the piano roll and other plots. Unlike the piano 

Figure 3.17:  Subject 5 time-aligned recognition. 
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roll plot, it provides amplitude rather than pitch on the y-axis. As previously discussed, the 

system’s chosen reverberation level was determined either by the pedal rate or the note rate and 

was negatively correlated with the chosen rate source. This relationship is visually evident in all 

subjects’ reverb levels. Throughout the composition, the pedal was used quite extensively, thus 

the system was primarily using the pedal rate to define the reverberation level, which is highlighted 

in yellow in Figures 3.6 through 3.10. When the pedal was not used in the piece, the system 

switched to the note rate to define the reverberation level, which is highlighted in blue. During 

these blue sections, the reverb level was no longer is affected by pedal rate and began to be 

negatively correlated with the note rate. It is notable that subjects one through three had very 

similar source switching behavior during their performances, when the pedal was lifted, and the 

note rate was used as a source. Subject 4 had much more frequent but shorter source switches 

throughout the piece. Subject 5 did not have any notable source switching occur, which implies 

that the sustain pedal was used throughout the entire piece, and any pedal lifts were short in 

duration.  

Because these parameters have been captured for each of the three performances by each 

subject, it is beneficial to overlay them so that the trends can be compared. This demonstrates any 

changes that may have occurred in performance behavior between settings for any of the 

parameters. Due to the small sample size and variance in the parameters, each subject is discussed 

independently below.  

 

Subject 1:  

Musical experience: Advance trained, professional 

Experience in acoustics: Average 

 

Which of your three performances did you most enjoy? Performance three [wet]. “I found the 

really reverberant space fun to play with. It smears events together and gives a [sic] more ‘color’.” 

 

Which of your three performances did you least enjoy? Performance two [dry]. “Not sure why 

not. ‘dry’, unresponsive space, I think.” 
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Did you notice any changes in your performance behavior between each performance? If 

yes, what specific changes did you notice? “I was more accurate during the first take [adaptive]. 

I wasn’t thinking about the space much. The second [dry] & third [wet] I was more aware and 

listening to the space.” 

 

 

 

 

 

 

 

 

 

In Figure 3.19, it is clear that Subject 1 had a faster KPR for the dry performance than he/she 

did for the other two performances during the slow parts of the piece. During the fast parts of the 

piece, all three performances had very similar KPR.  

In Figure 3.20, SPR seems have a peak rate in the wet performance. The reason for this could 

have been an attempt to produce more subjective clarity in the piece by pedaling more frequently 

than the other two performances. When playing in a very dry environment, the pedal is likely lifted 

less frequently in order to compensate for the lack of sustain in the performance space. During the 

performance with the adaptive system, there is more fluctuation in SPR than the other two 

performances.  
 

 

 

 

Figure 3.18:  Subject 1 key press rate. 
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For note onset velocity, as seen in Figure 3.21, Subject 1 had a slightly lower velocity for the 

wet performance and a slightly higher velocity for the dry performance. This agrees with the results 

mentioned by Meyer that show decreased soundboard vibration in more reverberant spaces. 

(Meyer, 2010) The performance with the adaptive setting in place appears to remain mostly in the 

midpoint between these other two lines. 

 

Figure 3.20:  Subject 1 note onset velocity. 

 
 

Figure 3.19:  Subject 1 sustain pedal rate. 
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Subject 2:  

Musical experience: Advanced trained, higher degree 

Experience in acoustics: Experienced 

 

Which of your three performances did you most enjoy? Performance three [adaptive]. “I felt 

the clarity was better and I could be more expressive. Clarity was good on performance 1 [dry] but 

I wasn’t hearing much sound from the room making the performance feel somewhat small and 

boring.” 

 

Which of your three performances did you least enjoy? Performance two [wet]. “While it was 

fun to experience the loudness, the notes seem to become muddled. I thought about whether I 

should try to change the way I was playing but felt unable to correct for it.” 

 

Did you notice any changes in your performance behavior between each performance? If 

yes, what specific changes did you notice? “Performance two [wet] I felt free to play louder.” 

 

 

Figure 3.21:  Subject 2 key press rate. 
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For Subject 2, the change in KPR between performances shows a much different behavior than 

that of Subject 1. The KPR from the performance with the wet setting by Subject 2 averages lower 

than the other two performances, particularly during the middle section of the piece. The adaptive 

performance KPR is slightly higher than the other two performances during most portions of the 

piece. 

The SPR for Subject 2 as seen in Figure 3.23, does not show significant fluctuation between 

performances, aside from the wet setting having slightly less variation during the mid-portion of 

the piece.  
The note onset velocity for Subject 2 as seen in Figure 3.24 moves mostly in parallel for all 

three performances. There is a notable split at the end of the piece, where the velocity of the wet 

performance falls below the other two, and the velocity of the adaptive performance does not fall. 

 

 

 

Figure 3.22:  Subject 2 sustain pedal rate. 
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Subject 3:  

Musical experience: Advanced trained, professional 

Experience in acoustics: Unexperienced 

 

Which of your three performances did you most enjoy? Performance 1 [wet]. “I had nothing 

to compare it to. I liked the acoustic[s] of the room better the second time [adaptive]” 

 

Which of your three performances did you least enjoy? Performance three [dry]. “I was getting 

less interested in the piece.” 

 

Did you notice any changes in your performance behavior between each performance? If 

yes, what specific changes did you notice? “With each performance there is a greater degree of 

accountability and for me it is more enjoyable to see what happens rather than try to play more 

accurately.” 

Figure 3.23:  Subject 2 note onset velocity. 
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Subject 3 KPR is not indicative of any noticeable trends, however the wet and adaptive 

performances KPR falls below the dry performance during the two fastest sections of the piece. 

This behavior is likely due to the subject wanting to play slightly slower during the fast section in 

order to avoid any blending between notes. It was originally expected that the adaptive KPR would 

not drop in this way and maintain the same rate as the dry performance. Perhaps if the subject were 

aware that the adaptive setting was in place, then the behavior would be similar to the expected 

trend.  

Subject 3 SPR is quite different between each performance, with dry SPR rising above the 

other two performances during both of the fast sections as well as the slow end section. This 

behavior is contrary to the SPR trends of Subject 1 where dry SPR was on average less than wet 

SPR. A notable factor of this figure is the low SPR of the adaptive performance, though this trend 

does not seem to occur in the other subjects.  

Figure 3.24:  Subject 3 key press rate. 

 
 



  38  

The note onset velocity of Subject 3 seen in Figure 3.27 offers slightly more notable changes 

than the other subjects. The adaptive note onset velocity remains below the other two 

performances. During the two fast sections, all three velocity plots are quite close in level, 

particularly the second iteration of the fast section. During the slow sections, the velocities of each 

performance seem to deviate more from one another than during the fast sections. 

 
 

Figure 3.25:  Subject 3 sustain pedal rate. 

 

Figure 3.26:  Subject 2 note onset velocity. 

 
 



  39  

Subject 4:  

Musical experience: Advanced trained, professional 

Experience in acoustics: Experienced 

 

Which of your three performances did you most enjoy? Performance 1 [adaptive]. “Medium 

resonant spaces allow more phrase definition and timbre control, both in terms of support and with 

enough digress to allow for different attacks” 

 

Which of your three performances did you least enjoy? Performance two [wet]. “The dense 

response to the transients occluded phrasing and the length of decay allowed the brightness of the 

transients to occlude the warmth of the sustain.” 

 

Did you notice any changes in your performance behavior between each performance? If 

yes, what specific changes did you notice? “Performance always adjusts to acoustics – 

particularly in relation to articulations and pedal use, (e.g. less pedal in wet environments 

(particularly on attack)) vs. dry environments. Also, less connected legato and longer staccato in 

wet versus dry.”   

 

Figure 3.27:  Subject 4 sustain pedal rate. 
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The SPR for Subject 4 as seen in Figure 3.28 shows that there is a higher rate in the adaptive 

environment compared to the other two environments for Subject 4, particularly in the two fast 

sections of the piece. This may indicate that within the adaptive environment the subject felt 

comfortable to separate chords frequently with the pedal without worry of excess dryness in the 

space. 

 

The note onset velocities plotted in Figure 3.29 show that the performance in the wet 

environment has slightly less velocity than the other two environments for Subject 4. This is likely 

a response to the increased blending from the wet setting, and an attempt to produce more clarity 

in the performance. This trend is not seen in all other subjects, which indicates that each subject 

handles the issue of blending differently. Some subjects seem to attempt to play with a softer 

attack, in an attempt have less sound reverberating in the room. Other subjects attempt to cut 

through the reverb by playing with harder attacks, however this would only cause the reverb to 

increase linearly in level with the performer. 

 

Subject 5:  

Musical experience: Advanced trained, higher degree 

Experience in acoustics: Average 

 

Which of your three performances did you most enjoy? Performance two [adaptive]. “It sounds 

clear, with a good amount of reverberation. It doesn’t sound overly warm and muffled like the one 

Figure 3.28:  Subject 4 note onset velocities. 
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after [wet], and it doesn’t sound overly dry and artificial like normally heard in an automatic piano. 

The second setting [adaptive] also sounds brighter, and not as warm.” 

 

Which of your three performances did you least enjoy? Performance three [wet]. “The 

envelopment is excessive and the reverberance is too strong to experience…I found myself 

‘wrapped’ by the playing and having to somehow compensate with it by playing louder. I had to 

do the same for the first setting [dry], but not as much. And in the second setting I don’t find a lot 

of need to do so. 

 

Did you notice any changes in your performance behavior between each performance? If 

yes, what specific changes did you notice? “There’s no change in performance behavior in 

general. Although in performance three [wet] I found myself being ‘wrapped’ by my own playing. 

I had to play slightly louder to adjust to the clarity of each note I heard. 

 

In Figure 3.30, the claim of Subject 5 that he/she played louder in the wet environment is 

investigated. The velocity during the wet performance is slightly higher than the other two 

performances during the first slow section of the piece. This behavior is not found in the other 

portions of the piece, suggesting that perhaps the subject’s adaptation to acoustics was greatest in 

the beginning section. 

 
 

 
 

 

 

 

 

 

 

 Figure 3.29:  Subject 5 note onset velocities. 
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The key press rate plot in Figure 3.31 shows perhaps the least variation between performances 

among all the subjects. While the dry performances occasionally rise above the other velocity 

plots, this is not statistically significant. Once again, the greatest amount of variation is in the first 

section of the piece for this subject. Perhaps the subject was critically listening to the space during 

the first section of the piece, then once he/she became comfortable, the subject became less aware 

of the space. 

In the analysis of SPR for Subject 5, there is a significant difference in the adaptive 

performance versus the wet and dry performances. The SPR for the adaptive performance is much 

slower than the other two performances, but once again this only occurs during the first slow 

section of the piece, similar to the adaptation behavior found in KPR and note onset velocities for 

this subject. 

 

  

 

Figure 3.30:  Subject 5 key press rate. 
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In the second study for which the subjects performed their own chosen piece using the adaptive 

system with their ideal settings in place, the following questions were answered by the subjects 

following their performances.  

 

Subject 1: 

Piece Performed: Intermezzo in A major. Andante teneramente by Johannes Brahms 

 

Do you feel that the system responded correctly to your overall performance? If not, what 

parts did it fail to respond to? “I did not find much response, but that is probably because the 

Brahms intermezzo didn’t demand much contrast.” 

 

If you could change one part of the adaptive system, what would it be?  N/A 

 

Is this system something you would like to use in a concert environment? “Yes, but I don’t 

feel I have enough time yet to know to exploit the features.” 

 

 

 

Figure 3.31:  Subject 5 sustain pedal rate. 
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Subject 2: 

Piece Performed: Suite in D minor, Lento: Allegro moderato by Sergei Rachmaninoff 

 

Do you feel that the system responded correctly to your overall performance? If not, what 

parts did it fail to respond to? “Yes, I thought it responded correctly.” 

 

If you could change one part of the adaptive system, what would it be? “Some parts of the 

piece I wanted to blend notes but even with the system they sounded muddled. There are parts of 

the piece that I’m not satisfied with even in a completely dry room.” 

 

Is this system something you would like to use in a concert environment? “Yes, it was not as 

noticeable as I thought it would be, but in a good way. I just noticed that the fast notes in the piece 

had much better clarity, but it still felt as though I was in a large reverberant space. It felt like the 

acoustics of the space were trailing after the cues in my playing as though the room was following 

along with me.” 

 

 

 

Subject 3: 

Piece Performed: Bel Piacere by George Frideric Handel 

 

Do you feel that the system responded correctly to your overall performance? If not, what 

parts did it fail to respond to? “Yes.” 

 

If you could change one part of the adaptive system, what would it be? “My response to it.”  

 

Is this system something you would like to use in a concert environment? “Yes.” 
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Subject 4: 

Piece Performed: Improvisational piece 

 

Do you feel that the system responded correctly to your overall performance? If not, what 

parts did it fail to respond to? “Since the improvisation is also adaptable, it took a bit to find a 

dialogue with the system. But once I could feel how it changes – it was like working with another 

performer.” 

 

If you could change one part of the adaptive system, what would it be? “Additional controls 

that would allow easy changes in settings or presets in performance.” 

 

Is this system something you would like to use in a concert environment? “Yes, in an 

improvised setting. Not with fixed music, unless it was designed for the system.” 

 

Subject 5: 

Piece Performed: Prelude in C# minor Op. 3 No. 2 by Sergei Rachmaninoff 

 

Do you feel that the system responded correctly to your overall performance? If not, what 

parts did it fail to respond to? “With the piece of my choice, which has a [sic] plenty of shifts in 

dynamic and tempo, the system sometimes does not respond to the effect I want. For example, in 

the decline of [the] B section, especially the last two measures, even with a long response time, 

the notes still don’t mesh quite well. But overall it’s responsive” 

 

If you could change one part of the adaptive system, what would it be? “Probably response 

time. The response time does very little in terms of managing the overall richness of playing. 

Maybe narrowing the range of it to a lower response time would help.” 

 

Is this system something you would like to use in a concert environment? “It would be 

something I’d like to use to experience what it’s like to be in the listener position (because that 

does matter), or to simulate room acoustics with me as a player of an acoustic environment (e.g. 
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concert halls). But for actual performance, I might prefer to let room acoustics of the environment 

speak for itself.” 

 

Based on the answers given above, four out of five subjects felt that the system responded 

correctly overall to their performances. Subject 1, however, felt that the piece he/she performed 

was not appropriate for the system because of a lack of contrast. This is true; if a piece lacks 

contrast in tempo, then the system will not fluctuate the reverberation in a noticeable way. The 

Brahms piece performed by this subject contains mostly pedaled legato notes played at a slow 

tempo, which did not result in a wide range of level changes due to the pedal rate remaining quite 

steady throughout the performance. This is not necessarily a flaw in the system, however, as it 

should only vary the reverb level when the KPR or SPR varies as well. Four out of five performers 

agreed that they would like to use the system in a concert environment, after having more time to 

learn the characteristics of the system. Subject 4 mentions that the system is similar to playing with 

another performer, which is an interesting statement. The system was designed to facilitate 

communication between hall and performer, which can certainly be thought of as a duet between 

two individuals. In addition to the short answers, the subjects were also asked to rate a series of 

statements regarding aspects of the system. These ratings are shown in Figure 3.32.  
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Figure 3.32:  Questionnaire 2 results. 
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4. DISCUSSION 

4.1 Discussion 

 The study presented here has explored the effect of an adaptive system on five expert 

pianists. A blind study was performed to test whether performance behavior would change when 

the virtual acoustics were changed. A representation of three separate spaces were created for the 

three performances, and the subjects left the room while the space was changed to the next setting. 

At the time of writing, the author has not found any significant performance trends when the 

adaptive system is in use, and the adjustments made by the performers are highly individualistic. 

Because of the small sample size, there are not any statistical assumptions that can be stated about 

the population; therefore, this study serves as an individual insight into the five subjects’ 

performances and their professional opinions about the system. In similar studies, such as the work 

by Kalkandjiev and Weinzierl, performance tempo was found to be negatively correlated with 

reverberation time (Kalkandjiev & Weinzierl, 2015). Additionally, they found a negative 

correlation between average velocity of note onsets with the reverberation time. These correlations 

were not evident in this study, which again may be an issue of sample size, or possibly a sampling 

error. It is notable that Kalkandjiev found that the adjustments to performance were less 

pronounced when the performers played unfamiliar pieces.  Since this study required all subjects 

to learn a new piece, perhaps this was the cause of the individualistic adjustments to performance. 

Another issue with experiments of this type is that an artificial acoustic environment is not aurally 

identical to its real counterpart. Visual cues from the unchanging room size also likely hinder the 

pianist’s ability to connect with the simulated space. Repeating this experiment with real spaces 

without any artificial reverberation would be beneficial, as done in the study by Kawai, however 

there are many difficulties associated with this setup including the transport and tuning of the piano 

for each space making this option less than ideal. What is clear from the study in this thesis is that 

over half of the subjects preferred the adaptive system over the other two simulated spaces. 

Additionally, four out of five subjects would like to use such a system in a concert environment if 

given a longer period to learn the behavior of the system. It is clear that with or without an adaptive 

system in place, musicians will need time to understand the performance space and how it changes 

the sound of their instrument. With an adaptive system, however, this familiarization process is 

more similar to practicing a duet with another musician as opposed to practicing in a static 
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environment which is a less personal experience.  Thus, if a performance space were to install such 

a system, the adaptive nature would need to be explained to the performers before having them 

perform with it. It is possible that such a performance space with real-time dynamic acoustics 

could attract contemporary composers to write pieces specifically for the space, or even attract 

improvisatory musicians. Based on the improvisatory performance given by Subject 4, this type 

of music may be the most benefited by such a system, as it requires the most listening and the least 

amount of reading.  
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5. CONCLUSIONS 

5.1 Drawbacks 

 As discussed in section 2.2.3, one of the main sources of errors in the recognition process is 

found within the source switching algorithm. The system does not utilize both sustain pedal rate 

(SPR) and key press rate (KPR) simultaneously, and thus must choose one as a source for finding 

the proper reverberation level. This method assumes that if the user is using the pedal, then the 

rate of key presses should be ignored. Thus, if there are any fast notes that the pianist desires to be 

clear and without blending, then he/she must play without pedal. If the pedal is used, then the fast 

notes would likely be blended. Subject 2 noted that there were parts of the music that were blended 

too much, while Subject 5 found that the notes didn’t blend enough at times. These problems are 

likely the result of this method of source switching. If the system were able to listen to both SPR 

and KPR at the same time, then perhaps the recognition would improve. Throughout the design of 

the adaptive system, most of the work was spent on using KPR as the source for reverberation 

level. During the experiment, however, for the majority of the piece, the system was using SPR as 

the primary source. This source was not as finely tuned as the KPR part of the system; thus, the 

tuning may have had issues during the test. One of the largest drawbacks of this experiment is the 

lack of any behavioral trends between performances. This may be the result of the small sample 

size or perhaps a sampling error. A similar study of pianist behavior has found noticeable 

behavioral trends among subject performances (Ueno, Kato, & Kawai, 2011). This study had a 

sample size that was larger than and consisted of only professional pianists. A larger sample size 

was not possible for this study, given the short amount of time to perform the experiments in the 

testing space. Based on the results from this study, it is difficult to know if the system is something 

that affects musician behavior subconsciously or if it must be something for which the user is 

aware. It is clear that once the subjects were taught the behavior of the adaptive system, then the 

subjects had an easier time performing with it.  
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5.2 Future Work 

 There are many areas upon which this thesis could be improved. Firstly, more methods of 

recognition, other than just pedal and key press rate, could drastically increase the system’s 

adaptability. These areas could include recognition of dynamics, note length, and soft pedal usage, 

all of which could affect reverberation level. 
 Second, as previously discussed, the system currently uses MIDI data from the Disklavier 

piano for the recognition process. Since it is unlikely that most concert halls would have this 

advanced type of digital grand piano, it would be beneficial to develop the system’s response to 

audio signals coming from microphones instead. Non-audible parameters such as pedal rate, 

however, would likely need some type of sensor in the pedal in order for the system to know when 

the pedal is pressed.  

 Additional work could also be done in creating various levels of adaptation in the system. The 

user could essentially choose whether the system responds to every beat of the piece, every few 

measures, or simply finds an optimal static setting for the piece. This would likely be dependent 

on the genre of music being performed as well as the personal preference of the musician 

performing the piece.  

 Further investigations into how the system affects performance are still needed. As previously 

mentioned, a larger sample size could help with continued research. It is clear that while there are 

not any consistent trends in the data outlined in this thesis, the majority of the subjects preferred 

the adaptive system over the static dry and wet settings. Thus, it is important to find any changes 

in performance behavior that could be correlated to those who show a preference towards the 

adaptive setting. If one were to execute this experiment again, one should utilize the critiques given 

by the subjects to improve upon the system.  Additionally, the data gathered from the user 

controller can be averaged and used as a default setting for the experiment. 
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