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ABSTRACT 

An active acoustics system (AAS) based on the Eckhardt-Gramatté Hall was developed and implemented at the 

Telemedia Lab at the University of Calgary. The system utilized reflection emulation and reverb algorithms as well 

as convolution to recreate the natural reverberation of the hall via electronic means. In this paper, the development 

of the system and subjective evaluations are summarized. 

1. INTRODUCTION 

An AAS uses electronic means to modify the acoustic 

behavior of a room’s acoustic properties. This 

contrasts the need for physical changes required with 

the use of passive variable acoustics [1]. An AAS 

allows for greater acoustic variability than passive 

means. A number of such systems have been 

implemented in concert halls, recording studios, and 

practice spaces such as the Yamaha Active Field 

Control, Meyer Sound Constellation system, and the 

system implemented by John Crooks at John 

Powell’s studio.  

The basic concept of an AAS uses a series of 

microphones, speakers, and DSP to alter the sound 

decay characteristics of a room. The DSP involved 

generally includes equalization, delay, and 

reverberation [2]. The systems use these components 

to reradiate altered sound into the room. The majority 

of systems use a musician on stage as a source and 

focus on enhancing the listening experience of 

audience members. This AAS is not intended to have 

an audience present. It is used to modify a musician’s 

playing experience in a space such as a practice 

room.  While many AAS systems aim to enhance the 

existing reverberation characteristics of a room such 

as a concert hall [3], this system attempts to override 

the existing conditions and create a completely 

different sonic space.  

2. ROSZA SESSION 

The purpose of this AAS was to recreate the sound of 

the Eckhardt-Gramatté Hall in the Rosza Centre. A 

test session was carried out in the hall in order to 

gather data on the sonic characteristics of the hall 

from the perspective of a performer. Both sine 

sweeps and impulse responses were carried out. The 

sine sweeps were used to visualize the sonic 

characteristics while the impulse responses were used 

for convolution in the AAS. Cardioid microphones 

were placed at 8 positions around the speaker on 

stage with 2 additional microphone positions 

overhead. This recreates the speaker format of the 

AAS. All microphones were pointed away from the 

source in order to capture the sound that would be 

returning to the musician from the hall. The speaker 

used was rotated and made to face upwards in order 

to have data on the behaviour of the hall for sound 

radiating in multiple directions.  

 

 

Figure 1: Testing session in the Eckhardt-

Gramatté Hall 

Analysis of the data collected showed no discernible 

reflections with little variation between the various 

directions and positions which the sweeps were 

recorded at. The measurement data was not used 

extensively aside from noting the general decay time 

and characteristics of the hall.  
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Figure 2: Sample EDT (Early Decay Time) 

measurement 

When analyzing the collected data, the results of the 

various sweeps were compared visually. Figure 3 

shows the results of 2 sweeps. The blue line is from a 

microphone placed in front of the speaker and the red 

is from a microphone placed behind the speaker. In 

this case the speaker was aimed towards the ceiling in 

order of the directionality for the speaker to not skew 

the results. As can be seen in Figure 3, there is little 

variation between the 2 sweeps despite the large 

difference in the microphone position. All 

measurements taken showed only this small amount 

of variation.  

  

Figure 3: Frequency response measurements 

of 2 microphone positions 

Comparison of the waterfalls from the same positions 

as in Figure 3 similarly showed little variation. The 

impulse response from the various measurements 

likewise were all similar. Discrete early reflections 

were not visible in the impulse response graph. The 

impulse response data was, however, able to show the 

initial time delay of the reverb in the hall.  

 

Figure 4: Waterfall data of 2 microphone 

positions 

 

 Figure 5: Sample impulse response graph 
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3. SYSTEM DESIGN 

 

 

 Figure 6: Overall System Design 

 

 

Figure 7: Speaker and microphone setup. 

Orange speakers represent overhead 

locations. 

The AAS developed for this study used a 10x10 

system of speakers and microphones around a 

performer in the Telemedia Lab. 8 speakers were 

placed in a circle around the performer with 2 

additional speakers overhead. Each speaker position 

had a corresponding microphone. While a single 

microphone could be used, having multiple 

microphones allows for the dispersion characteristics 

of any instrument to be taken into account by the 

system.  

All speakers and microphones were connected to an 

iMac using a series of RME interfaces. All 

processing was done using a Max 7 patch.  

3.1  Early Reflections 

The early reflection component of the hall decay was 

emulated using a series of reflection modules each 

creating a single reflection. In order to find the 

distance, angle of departure from the musician, and 

angle of arrival to the musician for each reflection, 

ray tracing was carried out on a 3D model of the hall. 

Although an algorithm was developed to find the 

exact locations of each reflection point, the points 

were found by reflecting the diagram over the axis of 

the reflecting boundary and tracing to the reflection 

of the point of origin. It was found that the angling of 

the boundaries in the Eckhardt-Gramatté leads to few 

first and second specular reflections in the modelling. 

Because of this, rough reflection points were 

approximated in order to have a larger number of 

reflections to model. A total of 20 early reflections 

were used in this AAS. 

 

 

Figure 8: Model of Eckhardt-Gramatté used 

to trace reflections 

Each early reflection module includes a number of 

features to approximate a reflection in the hall. 

Processing includes time delay, level attenuation, an 

EQ to simulate reflection characteristics of room 

boundaries, and level attenuation due to the reflecting 

boundary. The input and output of each module 

allows for mixing of all microphone and speaker 

positions in order to create the correct angle of 

departure and angle of arrival for each reflection. All 

coefficients were generated using a spreadsheet based 

on the data of the hall model.  
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 3.2  Late Tail 

The late tail component of the system was generated 

using an already existing algorithm reverb plugin. 

This was done due to the complexity of designing an 

entire reverb algorithm with a natural sound. The 

Bricasti M7 fusion IR emulation, Seventh Heaven 

Pro, created by Liquidsonics was used. The large and 

dark hall preset was used with only the late tail 

component and the decay time adjusted to match the 

Eckhardt-Gramatté Hall. 5 stereo instances were 

used. Due to the diffuseness of the sound in the late 

tail, the front microphone pair was used to feed all 

instances.  

 3.3  Convolution System 

An alternative AAS was developed using convolution 

with the impulse responses generated in the 

Eckhardt-Gramatté Hall. 5 stereo instances of 

Altiverb were used for the convolution. Although 

more instances could be used to incorporate the 

impulse responses created having the testing speaker 

at different angles in order to more accurately 

recreate the sound in the hall, this could not be done 

due to processing power limitations. Incorporating all 

impulse responses taken would require upwards of 25 

stereo instances.  

4. CONFIGURATION 

Input and output stages of the AAC in the Max patch 

allowed for careful calibration of the system. All 

microphones and speakers were set to the same 

amplitude levels. As a result, if the system were to 

produce a reflection without any attenuation, the 

performer would hear the reflection at the same level 

as the level which their playing arrived at the 

microphone. Due to varying models of speakers and 

microphones used, EQs were used to roughly match 

their sound to one another.  

Due to the nature of having a network of speakers 

and microphones feeding back into the room and 

facing each other, issues with feedback and system 

stability had to be dealt with. EQs were used to 

control this until the system was up to the proper 

calibrated level. Despite the filtering used, the system 

was constantly on the verge of howling so the system 

level had to be carefully observed. In future 

implementations a system of modulation could be 

used to further alleviate system stability issues [4]. 

The AAS must compensate for system latency which 

was handled by a global latency coefficient used to 

offset all delay times. Fortunately, the Eckhardt-

Gramatté Hall has a large initial time gap in the decay 

of 20ms. The latency of the AAS was measured at 

25ms so the earliest reflections arrived at the 

performer only 5ms later than would naturally occur 

in the hall.  

 

 Figure 9: AAS set up in the Telemedia Lab 

5. Max Patch 

Figure 10 shows the highest layer of the Max patch 

developed. The main components of the system are 

housed in the Input, ReflectionControl, Reflection, 

LateTailControl, LateTail, and Output subpatches. 

Other components here include the ability to toggle 

multithreading for the processing, preset selection for 

each component, control of the global latency 

compensation coefficient, and a rudimentary panning 

calculator for constant power panning. 

  

 Figure 10: Highest layer of AAS Max patch 

The input subpatch uses an input module for each 

input channel. Each input can be activated separately 

in case some inputs are not being used. Each input is 

fed through 2 cascade filters with one being to match 
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microphone responses and the second for feedback 

control. Following this is volume attenuation for 

adjusting input levels and a VU meter used to 

calibrate each input level. Each input is subsequently 

sent out of the subpatch with a discrete outlet. 

 

 Figure 11: Max input module 

The ReflectionControl subpatch contains a control 

module for each reflection. The module allows the 

control of which inputs are fed to each reflection and 

the control of which outputs the reflection is sent to. 

Each module also includes control of the delay, 

attenuation and EQ for each reflection. A jpatcher is 

used to encapsulate the joining and packing of the 

various coefficients sent out of this subpatch. 

 

 Figure 12: Max ReflectionControl module 

The Reflection components created by the poly~ 

object each create a single reflection. The processing 

done by these components correspond to the controls 

in the ReflectionControl subpatch.  

 

 Figure 13: Max reflection component 

The LateTailControl subpatch is used to control the 

signal sent to the plugins for the generation of the late 

tail. Similar to the ReflectionControl, this allows for 

the balancing of the inputs which will be sent to the 

plugin and the outputs to which the plugin will be 

sent to. Also included is a gain adjustment for each 

plugin instance and the ability to open the plugin 

window.  

 

 Figure 14: Max LateTailControl module 

The LateTail components created by the poly~ object 

house the plugins for the late tail. The processing in 

this component corresponds to the controls in the 

LateTailControl subpatch.  

 

 Figure 15: Max late tail component 

The Output subpatch allows for a level adjustment of 

all early reflections and the late tail. Following this 

are peak limiters for protection in the case of 

feedback in the system. Output modules are used for 

each output. Each output can be individually toggled. 

An EQ is used to roughly match the frequency 

responses of the speakers being used. A gain 

adjustment is available for matching the levels of the 

speakers. Each output is subsequently sent to the 

corresponding dac~ channel.  

 

 Figure 16: Max output subpatch 
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6. SUBJECTIVE EVALUTIONS 

Subjective evaluations of the system were carried out 

by the author, students of the University of Calgary, 

and faculty members. The majority of the testing was 

carried out using spoken voice and percussion 

instruments.  

Having only the early reflection module activated 

resulted in a sound which subjectively resembled the 

Eckhardt-Gramatté hall. The sense of distance to the 

boundaries surrounding the stage were accurately 

recreated. This improved the performing experience 

in the room compared to having the system turned 

off. The issue with the early reflection module was 

the audibility of echoes. This was primarily from the 

reflections off of the back of the hall modelled which 

had a large time gap from the reflections produced 

around the stage area. Incorporating a larger number 

of reflections would likely result in a smoother 

sounding decay with no audible echoes [5]. 

Adding the late tail module greatly increased the 

likeness of the system to the natural sound of the hall. 

Evaluators agreed that this provided a pleasant 

experience which could be beneficial to a performer, 

however, the AAS did not create a fully realistic 

experience which could deceive a listener. This is 

partially due to the audibility of the acoustic 

conditions of the physical room which the AAS was 

in. In other active acoustics systems, it is possible to 

overload the initial reflections of the physical room 

with the system in order for them to be masked [J. 

Crooks, email correspondence, October 2017]. This 

was not possible with this AAS due to the latency in 

the system and the initial time gap in the natural hall 

being recreated.  In order to overload the reflections 

of the physical room, the AAS would have to start 

generating material with less than 10ms of delay.  

The alternative AAS using convolution created the 

most realistic emulation of the natural hall. The 

spatial characteristics of the decay were accurately 

recreated. This suggests that the 10x10 system 

provided a sufficient number of speakers to produce 

an accurate representation. No discrete reflections 

were audible in this system although the acoustic 

characteristics of the physical room were still audible. 

Evaluators agreed that this system using convolution 

sounded more natural and pleasing than the system 

synthesizing reflections and decay.  

 

7. CONCLUSIONS 

The development of this AAS improved the acoustic 

characteristics of the sound in the Telemedia Lab for 

a performer. Although not a perfectly realistic 

recreation, the system created a sense of being in the 

Eckhardt-Gramatté hall. It was agreed by evaluators 

that such systems could be helpful and enjoyable for 

enhancing the playing experience of a performer in a 

small room. Next generations of this AAS can 

include improvements to the early reflection and late 

tail module to approach the quality of the system 

using convolution, improved feedback suppression, 

and an automatic calibration system to allow 

performers to easily set the system up on their own. 
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