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An Acoustical Study on 190 ESB 

Introduction 

  Room acoustics is an important factor of consideration when it comes to designing a 

room. The sounds that one hears can either make an experience very memorable and exciting, or 

very horrendous and painful to listen to. I made my research topic focused on room acoustics 

because I wish to build concert halls and auditoriums in the future. The beautiful music and 

sounds that enthrall us has made me interested in building places where others can experience 

the same fascinating experiences I have one day. 

 

Acoustical Elements of 190ESB 

 Initially, I had desired to do a study of a facility with great acoustical properties, like the 

Foellinger Great Hall or the Wesley Foundation chapel, places that are great for musical 

properties. However, access to these places proved difficult, and thus the lecture auditorium 

190ESB was chosen instead for study. 

 The auditorium room 190 Engineering Sciences Building was designed to be a 

conference / lecture room, intended for public use. Because its purpose is intended for speakers 

and presentations, a “dead” sound is more desired, as opposed to a “lively” one, the reason being 

that speech intelligibility is more important than musical harmonics and echoes.  

 The room 190ESB is a lecture hall that is rounded, with rows of seats in middle, left, and 

right section. The rows of seats consist of several levels that slope downwards from the back of 

the room towards the front, to the lecture floor. The side walls are angled inwards towards the 

front, making the front more tapered than the back. Because of the side walls being angled in, the 

walls are “winged” off.  



 
Figure 1 Blueprint layout of 190ESB 

 The front walls are consisted of concrete masonry covered with paint, with wooden 

panels attached on the lower half, while the middle is covered by whiteboards for lecturing 

purposes, and the top is also covered with wooden panels. The purpose for this design is to help 

absorb sound and to dampen whatever sound waves are trapped between the front and back 

walls.  

 
Figure 2 Wooden panels are placed along the front wall of 190ESB 



 
Figure 3 A close-up of a wooden panel. 

 The side walls are covered with long, wooden boards attached vertically on both side 

walls, which are built of brick masonry. The wooden boards make a rectangular profile along the 

walls, so that the sound can be diffused or trapped.  

 



 
Figure 4 The wooden boards attached vertically to the walls to entrap and/or diffuse sound 

 The majority of the auditorium floor is covered in carpet, with the exception of the floor 

path leading from the back to the front, as well as the floor by the back entranceway, which are 

composed of tile. The carpet helps to muffle the sound of footsteps, as well as to absorb sound 

that propagates into the floor.  

 
Figure 5 The floor is carpeted with exception to the tile paths 

 



 The ceiling of the auditorium is made of a shell-like, reflective hard surface, with a saw-

tooth-shaped profile. The ceiling is angled toward the front, where light fixtures and sound is 

directed toward the speaker. 

 

 

 
Figure 6 The ceiling has a saw-tooth profile, angled to reflect towards the speaker 

 

 On the back side of the auditorium, panels are attached to the brick masonry. These 

acoustical panels are made of tightly-woven hardened fabric, in order to absorb sound along the 

back wall. 



 
Figure 7 Acoustical panel along back walls for sound absorption 

 

 The seats of the auditorium are made of hard plastic, and there are around 200 seats in the 

auditorium. 

 
Figure 8 One of the many, hard plastic seats of the auditorium 



 

 

Experiment: Sound Recording  

 The analysis performed of the room consists of recording the sound that dissipates when 

a sound source is abruptly turned off after the room is filled with noise. Measurements were 

taken by recording the sound at the center of the room, and as well as recordings taken at the 

middle of the house right section of the seats. 

 
Figure 9 The ovals are where the microphones were placed for recording purposes. The rectangle is where 

the speaker and amplifier were positioned. 

To take sound recordings of the auditorium 190, a microphone (consisting of 

microphones that measure both pressure and particle velocity) was set up, at first in the middle 

and the second time at the house right seats. A large speaker was set up in the middle of the 

“stage”, pointed directly towards the center of the middle auditorium seats. The speaker was 

hooked up to an Agilent 33220A function generator and a Marantz Model 510 power amplifier 

to generate very loud noise. Loud noise was generated until it filled up the whole entire room, 

then the sound was turned off by reducing the volume very quickly. Three sound recordings were 

taken for each microphone position, so three recordings for the microphone placed in the center, 

and another three recordings for the microphone placed in the middle of the stage left side. 

 



 
Figure 10 The speaker is pointed toward the middle and the back. The microphones are faced directly 

perpendicular from the speaker 

 

 
Figure 11 The microphones were also placed in the house right middle section of the seats, pointed toward 

the speaker. 



 
Figure 12 Agilent 33220A Wavefunction generator and a Marantz Model 510 power amplifier used to generate 

very loud noise. 

 

 
Figure 13 Speaker is placed in middle, facing towards back wall. Digital Sound Recorder is on the floor on 

bottom right 



 
Figure 14 The pressure and particle velocity microphone is placed together, facing towards the speaker in 

front 

 

Results 

 From the sound recordings, a Matlab program was used to analyze the decaying sounds. 

Four cases were studied for the sound analysis: pressure at the center, pressure at the house right 

area, particle velocity at the center, and particle velocity at house right. Three recordings were 

ran for each position (center and house right), and for all the data the third recording of each case 

was analyzed. A separate Matlab code was adjusted for just the pressure microphone and just the 

particle velocity microphone.  For each case, a 3D graph was produced, showing the relationship 

of how the amplitude of each frequency decays with time. The 2D graph that follows shows the 

relation between sigma values and time, its purpose being to convert the exponential decay of the 

signal into a linear fit so that a decay rate can be shown and compared. 



Pressure at Center

 



Pressure Right 

 

 



Particle Velocity Center 

 

 



Particle Velocity Right 

 

 



 In addition to amplitudes and frequencies being graphed, the time constant 𝜏, T30 and 

T60 times were generated. The T60 time is defined as the time required for sound intensity to 

decrease 60dB, or decreasing by a factor of 1 million. The T30 times are just half of the T60 

times, as it is the time required for sound intensity to decrease 30dB. The following charts are the 

reverberation time data that was taken. Time constants, T30 and T60 times were recorded for 

each frequency octave band. 

  

 
Figure 15 Pressure Center Reverberation Time Data 

 
Figure 16 Pressure Right Reverberation Time Data 

 



Figure 17 Particle Velocity Center Reverberation Time Data 

 
Figure 18 Particle Velocity Right Reverberation Time Data 

 
 

For analysis, the T60 times are used as reverberation times. On the following graphs, the 

T60 times are plotted against the octave band center frequencies. For all four T60 graphs for 

each case, the general shows that the T60 times decrease as frequency increases, meaning that 

higher frequencies dissipate faster. In the graphs, the blue squares are the data that should be 

considered; the pink parallelograms show data that are outliers and contribute to error. 

 

 

 

 



Pressure at Center 

 The T60 range varies from about 0.2 – 6 seconds, and the average reverberation time is at 

about 1.5 seconds. 

 
Pressure at Right 

 The T60 times ranged from about 0.6 – 6 seconds, averaging to around 0.9 seconds. 

Compared to the pressure at the center, these reverberation times are more condensed than those 

at the center.  

 



Particle Velocity at Center 

 The T60 times go from 0.18 – 8.5 seconds, the average being around 1.2 seconds of 

reverberation time. 

 
Particle Velocity at Right 

 The T60 times range from 0.55 – 6 seconds, averaging around 1.5 seconds. The 

frequencies below 1000 Hz are more scattered than linear than that of the T60 trend of the 

particle velocity at center. However, the reverberation times are within a smaller range than that 

at the center for particle velocity. 

 



 

From comparing the T60 graphs, the time measurements taken at the right side of the 

auditorium are more precise than those taken at the center. 

Estimating the auditorium to be around 20,000 cubic feet, the average reverberation times 

were compared to a graph that compares optimum reverberation times for auditoriums of various 

sizes, listing their intended use. 

 



 
 From the data above, the reverberation times obtained from the right side result in a more 

precise reverberation time than the middle. Thus, people who sit at the sides would experience a 

smaller range of fluctuation between sound dissipation than it would for those who sit in the 

middle.  

 

Conclusion 

 From the results of the reverberation times, 190ESB is found to be unsuitable for its 

purpose as a lecture room. The reverberation times are too long to be fitting for speech 

intelligibility, and thus the room is more suitable for listening to music instead. However, the 

reverberation times should be lower when the auditorium is filled with people, as opposed to the 

empty environment in which these measurements were taken. A more extensive analysis should 

be performed to find the issues that make this room undesirable for lecturing purposes, and the 

room should be corrected acoustically so that it may be more ideal for speech intelligibility. 

  In order to reduce reverberation time, more absorption is needed in the auditorium; this 

can be solved by using more carpeting, using seats that are cushioned, or adding more acoustical 

panels to increase absorption of sound and prevent prolonged reverberation. 

 

U-Right = 1.5 sec 

U-Center = 1.2 sec P-Center = 1.5 sec 

P-Right = 0.9 sec 

Ideal reverberation times 
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